
[bookmark: Achaiah]Comparison Between Outcomes Using Preferred Gain and Prescribed Gain Formulae in Experienced Adult Hearing Aid Users
1Achaiah M.A. & 2Vijayakumar Narne
Abstract
Prescriptive formulae prescribe gains based on different formulae that in turn are based on different rationales. But it has been noted by several authors that the gains prescribed by the prescriptive formulae may be different from the preferred gain settings. This study was done with the aim to compare the gain provided using the two most commonly used prescriptive formulae, NAL NL-1 and DSL[i/o] and compare this with the preferred gain settings. Ten subjects, in the age range of 30 to 75 years, who were regular users of hearing aids since more than twelve months were taken up for the study. The measures used for comparison were overall aided gain, gain at various input levels (45 dB, 65 dB & 89 dB), Real Ear Insertion Gain, and Speech Identification Scores for all the conditions. Results revealed that majority of the participants needed a gain of about 10 dB higher than NAL-NL1 and about 5 dB higher than DSL [i/o] and for Indian population, higher gain is required at mid to higher frequencies. Comparison of SIS revealed that the speech perception at the preferred condition was the best followed by NAL-NL1 and DSL [i/o]. From the results, it can be noted that there is a difference between the prescribed gain settings and preferred gain settings and this might have to be done on a larger population to arrive at a more concrete findings.
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Introduction
Cochlear hearing loss in adult subjects can vary  in terms of degree and configuration which creates a necessity for tailor made fitting of the hearing aid for every client. Most common practice in the clinics is to use a prescriptive procedure that takes care of approximate target amplification required for every individual. That is in prescriptive approaches amplification characteristics required were calculated based on hearing characteristics of the hearing- impaired individuals. In general prescriptive procedures were deceived from hearing characteristics and properties speech spectrum. The prescriptive methods were changed over the years due to advancement in technology, better understanding of hearing characteristics and other factors affecting hearing aid performance.

Prescriptive procedures for nonlinear hearing aids are based upon different underlying rationales. The idea behind these procedures is either to normalize loudness so that loudness recruitment can be compensated or to maximize speech intelligibility at various input levels (Dillon, 2001). Some of these fitting procedures use threshold and some others use supra threshold measurements as input data (Dillon, 2001). Threshold based procedures are mainly NAL-NL1 (Dillon, 1999), FIG6 (Killion & Fikret-Pasa, 1993), and partly DSL
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[i/o] (Cornelisse, Seewald & Jamieson, 1995). Supra threshold procedures are LGOB (Allen, Hall & Jeng, 1990), IHAFF (Cox, 1995) and partly DSL [i/o] (Cornelisse, Seewald & Jamieson, 1995). Among the procedures described above, most commonly used procedure for prescribing hearing aids  is  NAL-NL1 and DSL [i/o] (Dillon, 2001).

The prescriptive formulae, be it threshold based or supra threshold based, give the first approximation of gain required. Practical clinical experiences with prescriptive methods show that the methods cannot eliminate the need for individual allowances and adjustments i.e., fine tuning of hearing aid (Dillon, 2001). However, one should bear in that fine tuning of gain settings in the hearing aids is performed on prescribed gain. The prescribed gain should be a good approximation to preferred gain, which reduces  the trial and error done by the clinician and also saves time (Dillon, 2001). Keisder et al., (Keidser & Grant, 2001; Keidser, Brew, Brewer, Dillon, Storey & Grant, 2005; Keidser & Dillon, 2006; Keidser, Dillon, Dyrlund, Carter & Hartley, 2007; Keidser, O’Brien, Carter, McLelland & Yeend, 2008) did a series of studies to compare the gain prescribed by NAL-NL1 prescriptive formula and that preferred by listeners with different degrees of hearing loss. They reported that, gain preferred by the adult experienced hearing aid users is lower by 6 dB on average in comparison to that prescribe by NAL-NL1. These studies suggest that prescriptive procedure has to be a good approximation to preferred gain on which fine tuning of the device




according to individual needs will be performed. Similar results were also reported by Ching, Scollie, Dillon and Seewald, (2010) in children and Zakis, McDermott and Dillon, (2007) in  adult participants. All the above studies comparing preferred and prescribed gain were performed on western population. Little or no data is available on comparing preferred gain and prescriptive gain settings in experienced hearing impaired adults in Indian context. Although, long-term average speech spectrum (LTASS) may be similar across languages but frequency importance function (Studebaker & Sherbecoe, 1993) may be quite different for Indian languages which suggests different gain settings than that of western population. Further, general opinion among the clinicians in India is that, majority of the clients prefer different  gain  settings than that prescribed by NAL-NL1 and DSL [i/o]. Hence, it becomes all the more important to compare the prescribed and preferred gain settings in experienced hearing aid listeners.


Method
Participants

Ten participants (10 ears), having sensory-neural hearing loss, who had been clinically diagnosed as having cochlear hearing loss at Department of Audiology, All India Institute of Speech and Hearing, Mysore participated in the present study. All the participants were regular hearing aid users; the minimum duration of hearing aid use being more than one year. The age of the participants ranged from 30 to 75 years with the mean age of 64 years. All listeners were   native   speakers   of   Kannada   (A   Dravidian

language spoken in a southern state of India). Pure tone average ranged from 30 to 91.6 dB HL. It was ascertained from a structured interview that none of these participants had any history of neurologic or otologic disorders. The demographic and audiological data of the participants, which includes degree of hearing loss, speech identification scores, hearing aid being used and the duration of hearing aid use, is provided in Table 1. The pure-tone thresholds at octave frequencies of each participant have been provided in Figure 1 from 30 to 75 years with the mean age of 64 years.

Procedure

Pre-testing procedure
On otoscopic examination, all participants had ear canals that were free from cerumen, debris or foreign body. This was followed by estimating audiometric thresholds for air conduction at 250 Hz, 500 Hz, 1000 Hz, 2000 Hz, 4000 Hz and 8000 Hz and Bone Conduction at 250 Hz, 500 Hz, 1000 Hz, 2000 Hz and 4000 Hz using Modified Hughson and Westlake procedure (Carhart & Jerger, 1959). The thresholds obtained were compared with pure-tone thresholds obtained during initial hearing aid fitting. None of the participants had a shift greater than 10 dB at any of the frequencies for both air and bone conduction. A calibrated (ISO, 389) Orbiter OB-922 diagnostic audiometer with TDH 39 supra aural head phones and Radio ear B-71 bone vibrator were the  instruments used for pure tone and speech audiometry. All the subjects had normal middle ear functioning and the same was confirmed by testing with GSI-Tympstar Immittance meter.
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Figure 1: Pure-tone thresholds of each participant at octave frequencies.



Table 1: Demographic and Audiological data of the participants with cochlear hearing loss Speech Identification Scores

Sl.
No.

Age/
Gender	Ear

Pure Tone Average

Speech Identification Score

Hearing aid Model

Duration of HA use


1 59/M	Right	75	72%	Figaro 2P	24 months
2 59/M	Left	56.6	92%	Figaro 2P	22 months
3 69/M	Left	65	76%	Figaro 2P	19 months
4 71/M	Left	35	84%	Figaro 2P	14 months
5 63/M	Left	56.6	76%	Figaro 4P	16 months
6 71/M	Right	56.6	68%	Figaro 4P	19 months
7 73/M	Right	83.3	60%	Eclipse 2SP	21  months
8 71/M	Right	51.6	72%	Eclipse 2SP	17 months
9 75/M	Right	30	88%	Eclipse 2SP	21 months
10 32/M	Right	91.6	Nil	Eclipse 2SP	22 months
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Figure 2: Overall gain at three input levels 65 dB (Panel 1), 45 dB (Panel 2) and 80 dB (Panel 3).



Speech Identification Scores

Speech Identification scores were assessed in Kannada language. This was assessed using live voice presentation. Stimuli used were Yathiraj and Vijayalakshmi (2005) word list and it was scored out of 25 words and by finding out the percentage for the correct responses. This test material consists of 4 word lists of 25 words each. This test material was used in 4 different conditions, which will be explained in detail in the next section and for each of these conditions, different word list was used. Stimuli were presented through the loud speakers placed at 0° azimuth at a distance of 1 meter.

Real Ear Measurements

Real ear unaided response (REUR): This was measured for the subjects without wearing the hearing aid using FONIX 7000 hearing aid analyzer by using Digispeech as the stimuli at 65 dBSPL as the input.


The loudspeaker was kept at a distance of 12 inches and at 45 degree to the pinna (as specified in the FONIX 7000 user manual). A probe microphone was placed inside the subject’s ear at a distance equal to the length of ear mould plus 5 mm. Before the stimulus was presented, leveling of the stimulus was done. The stimulus was presented and the output was represented in the form of a graph on screen and once the graph onscreen was stabilized for more than 10 seconds, the input was stopped. Then, the graph was converted to real ear unaided scores and the values were noted down.

Real ear aided response (REAR): The subject’s hearing aid was connected to the HIPRO using  the programming cable and the HIPRO was connected to the computer. Once connected, the gain and program settings in the hearing aid, under all 3 conditions, i.e., subject’s preferred settings, NAL-NL 1, DSL [i/o] (version 4.1) were noted.




Real measures were performed for preferred, NAL-NL 1 and DSL[i/o] gain settings in all the subjects using the FONIX 7000 hearing aid analyzer by using digispeech as the stimuli at 65 dB SPL as the input. The loudspeaker was kept at a distance of 12 inches and at 45 degree to the pinna (as specified in the FONIX 7000 user manual). A probe microphone was placed inside the subject’s ear at a distance equal to the length of ear mould plus 5 mm. Before the stimulus was presented, leveling of the stimulus was done. The stimulus was presented and the output was represented in the form of a graph on screen and once the graph onscreen was stabilized for more than 10 seconds, the input was stopped. Then, the graph was converted to real ear aided scores and the values were noted down. The gain at three input levels (45 dB, 65 dB & 80 dB) was noted from the software program and REAG was obtained from real ear measures across all the aided conditions were tabulated and subjected to analysis and the results obtained have been discussed in the next section.

Results and Discussion
Comparison of Gain at three input levels

Figure 2 shows the overall gain at three input levels i.e., 45 dB (soft sound input), 65 dB (overall gain), 80 dB (loud sound input) for three conditions. For 45 dB and 80 dB input levels data was available for only 6 subjects. As it can be noted from the Figure 2.1, the gain, overall is higher for preferred condition compared to NAL-NL1 and DSL[i/o] at all input levels. The difference is higher at 65 dB and 80 dB input level compared to 45 dB input level. In addition, DSL[i/o] provides slightly higher gain at all the input levels compared to NAL-NL1.

Friedman’s ANOVA was carried out to find out if the mean difference is significant in the three conditions at all the three input levels separately. For all the Friedman’s ANOVA analysis a Bonferroni correction was applied and so all the effects are reported at 0.016 level. At 65 dB input level,  analysis  revealed  that mean difference is significant across three conditions for overall gain (χ2 (2)=12.1, p<0.001). This is followed by Wilcoxon signed rank test to compare across conditions. Results revealed that there was a significant difference between preferred and NAL-NL1 (Z=2.6, p< 0.01), DSL[i/o] and NAL-NL1 (Z=2.56, p<
 (
(2)
)0.01), whereas, there was no significant difference between preferred and DSL[i/o] (Z=1.5, p=0.144). Similar analysis was carried out for 45 dB input (χ2    =

please note that after applying the Bonferroni correction, p=0.017 was not significant as significant value was more than 0.016.

Results of present study clearly show that majority of the participants needed a gain of about 10 dB higher than NAL-NL1 and about 5 dB higher than DSL [i/o]. These results clearly demonstrates that gain needed in the Indian subjects is higher than that prescribed by NAL-NL1 and DSL[i/o] for 65 dB input level. These results are in agreement with clinical observation made by majority of the clinicians. The precise reason for needing a higher gain is not known. Probable reasons for higher gain requirement in the present study is as follows; first, for the western population, Keidser et al. reported that preferred gain is lesser by 6 dB than that prescribed by NAL-NL1 in 46% of subjects, gain prescribed and preferred was similar in 49% of subjects and a only 5% of subjects need more than NAL-NL1, this amounts to 3 to 8 dB. Probably, the subjects taken in the present study fall in the 5% range. Another reason could be that, as Studebaker and Sherbecoe (1993) reported that frequency importance functions vary widely across the languages and hearing aid prescriptive formulae were derived from the frequency importance function. Probably, the frequency importance functions for Indian languages are different which would have led to this difference.

Comparison of REIG

Using the REUR data and REAR data, the REIG (Real Ear Insertion Gain) data was calculated for each subject at each frequency for all the three conditions. This was calculated using the formula [Real Ear Insertion gain (REIG)=REAG–REUG; REAG=Real ear aided gain, REUG = Real ear unaided gain] described by Dillon (2001). REIG values were calculated only at octave and mid octave frequencies. The individual REUR, REAR scores for all the subjects at each frequency in all three conditions has been given in the appendix.

Figure 3 represents the mean values of the REIG scores across frequencies for all the three conditions at 65 dB SPL input signal. As it can be seen from the figure, there is a difference in the mean values across frequencies in the three conditions. At the low frequency region, till about 800 Hz, REIG values of DSL [i/o] condition are greater than preferred condition and NAL-NL1. In the same region, NAL-NL1 is slightly higher than preferred condition. At mid and high   frequencies,   REIG   scores   for   the   preferred

 (
(2)
)5.3,  p=0.069)  and  80  dB  input  condition  (χ2

=8.2,

condition were greater than NAL-NL1 and DSL [i/o]

p=0.017*)  and  results  revealed  that  there  was  no significant difference across conditions.  Readers may

condition. At the high frequency region, DSL is also
higher than NAL-NL1 condition. At the extreme high




frequency region, the mean scores have dipped in all the three conditions because the frequency response of the hearing aid is limited up to 4000 Hz to 5000 Hz.

Repeated Measures ANOVA revealed a significant main effect of the condition (F(2,18)=5.8, p<0.05) and frequency (F(9,8)=4.5, p<0.01). No  significant interaction was found (F(18,162)=1.5, p=0.1). Further, One-way ANOVA was carried out to find out if the mean difference of REIG scores was significant in the three conditions at different frequencies. The data of 8 kHz was not considered in the analysis. The analysis revealed that there was a significant difference between the conditions at 3000Hz (F(2,490) = 5.75, p<0.05), 4000 Hz  (F(2,810)=12.20,  p<0.05),  6000  Hz  (F(2,862)=5.53,
p<0.05) input frequency. Post-hoc Bonferroni analysis showed that there was a significant difference between
preferred and NAL-NL1 at 3000 Hz, 4000 Hz, and 6000 Hz and significant difference between preferred and DSL at 3000 Hz, 4000 Hz and 6000 Hz input frequency.

Results of the REIG clearly demonstrate that for the Indian population, higher gain is required at mid to higher frequencies. Although, the mean data is different, it did not reach significance at mid frequencies (1 kHz & 2 kHz); this is may be due to more variation noted in the data. Studebaker and Sherbecoe (1993) reported that frequency importance functions vary widely across the languages and hearing aid gain prescriptions were derived from the frequency importance function. Probably, the band importance function was different for mid and high frequency, which is why they needed a higher gain at mid and high frequency and not at low frequency. One more reason could be that the differences may be because of the fine-tuning changes. As the subjects selected had undergone fine-tuning at regular intervals, it may be

possible that the changes were mostly required at high frequencies in these populations. Similar results have been reported by Aazh and Moore, 2007.

Comparison of Aided Speech Identification scores

Comparison of speech identification scores across the three different conditions was performed. The mean scores were 75.5% (6.46), 64% (11.31) and 61.33% (11.45) for preferred, NAL-NL1 and DSL respectively. By this analysis, we can infer that the  speech perception at the preferred condition was the best followed by NAL-NL1 and DSL [i/o]. Repeated measures ANOVA was carried out to check if there was any significance across the three conditions. The results revealed that there was a statistically significant main effect of conditions (F(2,16)=23.7, p<0.05). Bonferroni pair wise analysis showed that the preferred condition was significantly different from both NAL and DSL. The difference between NAL and DSL was not statistically significant. Mean scores did not reach significance between NAL-NL1 and preferred due to large SD (i.e., 11.5) noticed in the NAL-NL1 scores. The speech perception scores further confirm that gain settings in the preferred gain condition are quite different from the gain settings prescribed by NAL- NL1 and DSL [i/o].

Overall, the results demonstrate that the subjects participated in the present study needed a higher gain than NAL-NL1 and DSL[i/o] by at least 10 dB at 65 dB input. In addition, more gain is required at higher frequencies than at lower frequencies. However, these results have to be interpreted with caution because, the present study did not control for gender, degree of hearing loss, age and the number of subjects taken up for the study were less. Hence, further studies are needed in this direction to cross-verify the results of the present study.
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Figure 3: REIG values across Frequency for all three conditions.




Conclusions
Finally, it can be inferred from the results of the present study that for the Indian population, higher gain is required at mid to higher frequencies, compared to western population. This study supports the notion that better speech perception scores are achieved in conditions which have favorable gain settings. This study also reflects on the importance of fine-tuning of hearing aids based on participant’s preference because the results of this present study was based on the fine tuning changes made based on subjective preference and it was mostly in the mid to high frequencies which was consistent across all the participants.
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Abstract
The objective was to see the age related changes in the Acoustic Change Complex (ACC). A total of 45 participants in the age range of 7 to 15 years were taken. These participants were divided into three groups according to the age: 7 to 9; 11 years, 10 to 12; 11 years, and 13 to 15; 11 years. Fifteen participants were taken in each sub-group. Naturally spoken speech stimuli /sa/ and /si/ were recorded using Adobe Audition software (version 2) and were used to record the ACC by using Evoked Potential System (Bio-logic Navigator Pro).Different positive-negative components for ACC responses were marked as P1, N1, P2, N2 and P3. Latencies for these components were measured in ms while the peak to peak amplitude of N1P2 and N2P3 complexes were measured in µV. The latencies and amplitudes were calculated across the ages by different statistical analysis by using SPSS version (10, 17) software. The results revealed that there were effects of age on the latencies and amplitudes of different ACC component, evidencing maturational changes in ACC.

Key Words: Acoustic change complex (ACC), amplitude, latency, maturation
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Introduction
Acoustic Change Complex (ACC) is a negative- positive complex that is elicited by a change that occurs during an ongoing acoustic stimulus (Martin & Boothroyd, 1999). In appearance and timing, the ACC is similar to the N1-P2 complex that occurs in response to stimulus onset (Onishi & Davis, 1968; Hillyard & Picton, 1978; Naatanen & Picton, 1987; Naatanen, 1992; Pantev, Euliz, Hampton, Ross, & Roberts, 1996). Both amplitude and frequency modulation during an ongoing sound can evoke an N1-P2 complex (Clynes, 1969; Spoor, Timmer & Odenthal, 1969; McCanless & Rose, 1970; Yingling & Nethercut, 1983), as can an acoustic change during a sustained speech sound (Kaukornata, Hari & Lonasma, 1987). In sustained speech sound (syllables), it occurs in response to transition from consonantal segment to vocalic segment (Hari, 1991; Imaizumi, Mori, & Kiritani et al, 1996; Ostroff, Martin & Boothroyd, 1998). In the multiple responses evoked by the speech stimuli /shee/, in normal hearing listeners, the first N1 response signals the change in acoustic energy (from silence to sound) coinciding with the onset of consonant. The second N1 reflect a change in acoustic energy corresponding to the onset of the vowel (Tremblay, Friesen, Martin & Wright, 2003).

The ACC has been used to study the neural detection of consonant vowel (CV) transitions (Kaukornata, Hari
& Lonasma, 1987; Ostroff, Martin & Boothroyd, 1999),
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periodicity changes (Martin & Boothroyd, 1998), amplitude envelope and speech spectral content variation (Martin & Boothroyd, 2000). It can be recorded reliably in individuals by two variants of stop consonants and fricatives, and results are  consistent with the reliability of CAEP’s in response to tones (Pekkonen, Rinne & Naatanen, 1995; Vitanen, Ahveninen, Ilmoniemi, Naantanen & Pekkonen, 1998), and synthetic speech stimuli (Tremblay, Friesen & Martin et al., 2003). ACC can be used as an electrophysiological tool for the encoding of speech changes in adults and children if LLR is present (Karthik, 2005). ACC provides important insight into the brain’s capacity to discriminate the  acoustic features of speech present in the signal. First, the ACC has been recorded in response to consonant-vowel syllables, in which the acoustic change include frequency, amplitude, and periodicity cues similar to those found in normal conversational speech (Kaukornata, Hari & Lonasma, 1987; Ostroff, Martin
& Boothroyd, 1998). The ACC has also been seen in response to isolated acoustic cues that often differentiate speech sounds as well as to combinations of these acoustic cues. For example, it had been recorded to a change from a harmonic tonal complex to a noise-band stimulus with the same spectral envelope (Martin & Boothroyd, 1999), and amplitude and formant frequency changes within a vowel (Martin & Boothroyd, 2000). Martin and Boothroyd (2000) demonstrated that the ACC was present in response to
+2 or -3 dB of intensity change, which dovetails nicely with the behavioral intensity discrimination literature.

According to Martin and Boothroyd (1999) N1-P2 complex in response to periodic and aperiodic stimuli has been studied. The response of the noise-only and




tone-only stimuli showed a clear N1-P2 complex to the onset of stimulation followed by  sustained  potential that continued until the offset of stimulation. The noise-tone and tone-noise stimuli elicited an additional N1-P2 acoustic change complex in response to the change in periodicity occurring in the middle. The acoustic change complex was larger for tone-noise than for noise-tone stimulus. Tremblay, Friesen, Martin and Wright (2003) reported that ACC has been recorded in normal hearing individuals and also checked for test- retest reliability within an eight-day period. Results showed that ACC by naturally produced speech sounds were reliably recorded in individuals. Also, naturally produced speech tokens, representing different acoustic cues, evoked distinct neural response pattern.

A thorough characterization of the AEP changes that continue into adolescence is a first step in establishing whether a relationship exists between physiological maturation and the prolonged development of some psychophysical abilities (Litovsky, 1997; Schneider & Trehub, 1992; Marshall, Brandt & Marston et al., 1979; Elliott, 1979; Palva & Jokinen, 1975). Maturation of the CAEPs is an extended process with profound effects on the appearance and disappearance of some components, and on the amplitude and latency of other components (Ponton, Eggermont, & Kwong et al., 2000). ACC could possibly help us to quantify the neuromaturation for complex speech signals. ACC are to hold promise as a clinical tool for assessing  the neural detection of time varying cues contained in speech, as well as longitudinal changes in neural activity (Tremblay, Friesen & Martin et al., 2003).

A comprehensive description of age-related ACC changes in neurologically intact and normal-hearing children will provide a useful reference for assessing suspected neuromaturational deficits or central auditory processing disorders in children. These reference data may also be useful in evaluating children with hearing disorders (e.g. unilateral deafness) or profoundly deaf children fitted with cochlear implants (Ponton & Don, 1995). So the present study was carried out to get the reference in diagnosing normal from disordered population. ACC responses can provide a non behavioral means of investigating the processing of speech sound. These changing complexes can be used in individuals who neither comprehend nor participate in a behavioral task. Wunderlich and Cone-Wesson (2006) reports that examining childhood development of the CAEP has mostly included children aged from 4 years through to adolescence and early adulthood. The span of years examined varies from study to study but there is considerable overlap from the later years of childhood (7 years onwards) up to early adolescence (about 15 years) so that this period is relatively well

understood. By comparison, there is a dearth of literature on the developmental patterns of ACC in age range of 7 to 15 years. A study of the same might lead to a better understanding of the neuromaturation of the auditory system to complex signals in this age group.

Hence the objective of the current study was to study the variations of Acoustic Change Complex (ACC) in children between 7 to 15 years of age for /sa/ and /si/ stimuli.

Method
Forty-five participants were taken who were further divided into three groups (fifteen participants in each group) based on their age. The three groups were Group A: 7 to 9; 11 years of age (26 ears), Group B: 10
to 12; 11 years of age (29 ears), and Group C: 13 to 15; 11 years of age (30 ears). All participants had normal hearing sensitivity as revealed by pure tone audiometry with air conduction (250-8000 Hz) and bone conduction (250-4000 Hz) thresholds within 15 dBHL. They had Speech Identification Scores of 90% and above, normal middle ear function as revealed on Tympanometry. They had ‘A’ type Tympanogram and reflexes present at 500, 1 kHz and 2 kHz both ipsi and contralaterally. All participants passed in Screening Checklist for Central Auditory Processing (SCAP), developed by Yathiraj and Mascarenhas (2003). They had no relevant Otological or neurological history and illness on the day of testing. They were native speakers of Kannada. For all participants, informed consent of parents/caregiver was obtained.

A calibrated diagnostic audiometer (OB-922) was used for pure tone and speech audiometry with signal matched headphones, TDH 39 and Radio ear B71 bone vibrator for measurement of the bone conduction thresholds. GSI Tympstar was used to carry out the tympanometry and acoustic reflexes. A unidirectional microphone connected to the computer, and Adobe Audition (version 3.0) software was used to record the speech stimuli. A Sound Level Meter SLM 824 LND was used to calibrate the stimulus output. An evoked potential system (Bio-logic Navigator Pro) was used to record cortical evoked auditory responses, ACC using
/sa/ and /si/ stimuli. All the audiological evaluation and recording was carried out in a sound treated room (ANSI 1991; S3.1). Written consent from the parents was taken for their children to participate in the study, and SCAP was administered with the help of teacher or parents. The health conditions of the children were asked from the teacher and parents. The behavioral thresholds in octave frequencies from 250 Hz to 8 kHz for air conduction and 250 Hz to 4 kHz for bone conduction were obtained. The thresholds were traced




using modified Hughson and Westlake method (Carhart & Jerger, 1959).Speech recognition thresholds were found using spondees and speech identification scores was obtained at MCL using test material developed by Mayadevi (1974). Tympanometry and acoustic reflexes were carried out to rule out any possibility of middle ear pathology using 226 Hz probe tone, and reflexes at 500, 1 kHz and 2 kHz both ipsi and contralaterally.

Speech stimuli /sa/ & /si/ were used to record ACC. These syllables were spoken by an adult  male, Kannada speaker with normal vocal effort, and were recorded by a unidirectional microphone, kept at distance of approximately 10 cm from the speaker, connected to the computer. The recording was done using Adobe Audition software (version 2), with a sampling rate of 48000 Hz and 16 bit resolution. The stimuli duration was 248 ms for syllables /sa/ and /si/. The best recorded signals were given to ten listeners and asked to rank them for the clarity, stimuli marked as best in the clarity were taken as the test signals. Pitch and formant frequency of the signal taken were;
106.1 Hz, F1-573.6 Hz, F2-1479 Hz for stimulus /sa/; and 120.4 Hz, F1- 388.3 Hz, F2- 2647 Hz for stimulus
/si/ at vowel midpoint. When analyzed, speech stimulus
/sa/ found to have 133 ms portion of /s/ and 115 ms portion of vowel /a/, and stimulus /si/ found to have 147 ms portion of /s/ and 101 ms portion of vowel /i/.

Further the files were loaded in Biologic system for ACC recording. Intensity calibration was done with SLM 824 LND for the stimulus to be equivalent to 80 dBSPL. Value obtained was 75 dBnHL for /sa/ and /si/ stimulus for both the ears.

Electrode sites were cleaned by using abrasive gel. AgCl electrodes were used and placed on different sites by applying conduction gel. Different sites for electrode placements were; inverting electrode on the test ear, non-inverting on the vertex and common on the contra-lateral mastoid. Intra electrode impedance was maintained <5 kOhms, and <2 kOhms inter electrode impedance. Subjects were instructed to be awake and not to move while testing is carried out, as well as a mute cartoon video was played.

Both N1-P2 complexes were identified and analyzed with respect to latency and peak to peak amplitude. Latencies and amplitude were marked visually by two experienced audiologists. First positive peak as P1 latency, first negative peak as N1 latency, second positive peak as P2 latency, second negative peak as N2 latency, third positive peak as P3 latency. All the latencies were calculated in ms. Peak to peak amplitude of N1P2 and N2P3 complexes were calculated in µV. Latencies and amplitudes of P1, N1, P2, N2 , P3 and N1P2, N2P3 were analyzed for Group A (7-9;  11 years), group B (10-12; 11 years), and group C (13-15; 11 years).
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Figure 1: waveform of stimulus /sa/ used for recording of ACC.
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Figure 2: waveform of stimulus /si/ used for the recording of ACC.



Table 1: Stimulus and acquisition parameters used for the recording of ACC



Stimulus parameter


Stimulus	/sa/
/si/
Duration	248 ms
for stimulus /sa/ and /si/
Number of sweeps	200
Stimulus rate	1.1/s
Intensity	75 dBnHL
Polarity	Alternating



Results and Discussion
The latencies P1, N1, P2, N2, P3 and amplitudes N1P2 and N2P3 of different ACC components were analyzed with SPSS version (10 and 17) software, within and across the age groups. Mean latencies in ms and standard deviation for P1, N1, P2, N2, and P3 were calculated; mean amplitude in µV and standard deviation for N1P2 and N2P3 complexes were calculated. Descriptive statistical analysis was used to calculate the mean latency and mean amplitude values along with the standard deviation for each ACC component. Mixed ANOVA was done for both the stimuli to see the interaction between stimuli, group and stimuli, and group for each ACC components. If interaction was seen in Mixed ANOVA; Duncan’s Post Hoc test was administered to see the significant difference among any two groups for each ACC component. Multiple Analyses of Variance was done to find out for which of the stimulus  the groups were



Acquisition parameters Mode of stimulation	Ipsi
Electrode montage	Cz, M1, M2
Filter setting	1-30 Hz.
Transducer	ER-3A
Analysis window	799.5 ms Notch filter		On
No. of channels	Single
Amplification	50,000
No. of repetitions	2



showing the difference. If difference was seen for the stimulus across age group, Duncan’s Post Hoc Analysis was done and significant difference among any two groups was checked for particular stimulus for each ACC component. Paired t-test was administered to see the significant difference between the stimuli /sa/ and /si/ with-in the group for each ACC component.

ACC recorded on fifteen subjects (26 ears) for stimuli
/sa/ and /si/ for Group A (7 to 9; 11 years) has been shown in Figure 3.

ACC recorded on fifteen subjects (29 ears) for both the stimuli /sa/ and /si/ for Group B (10 to 12; 11 years) has been shown in Figure 4.

ACC recorded on fifteen subjects (30 ears) for both the stimuli /sa/ and /si/ for Group C (13 to 15; 11 years) has been shown in Figure 5.
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Figure 3: ACC recording for Group A (7 to 9; 11 years) for /sa/ and /si/ stimuli.
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)Figure 4: ACC recording for Group B (10 to 12; 11 years) for /sa/ and /si/ stimuli.
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Figure 5: ACC recording for Group C (13 to 15; 11 years) for /sa/ and /si/ stimuli.

Table 2: Mean and standard deviation of P1 latency observed at 75 dBnHL for both syllable /sa/ and /si/ across the groups
Stimulus		Group	Mean latency (ms)	 Standard deviation 7-9;11		122.72		16.98

 (
12
)
 (
11
)
P1 (Sa)
P1 (Si)

10-12;11	105.55	9.67
13-15;11	94.35	12.16
7-9;11	126.05	18.74
10-12;11	109.71	9.15

 	13-15;11	95.41	10.94 	



The age related changes for ACC obtained for different stimuli /sa/ and /si/ are discussed under each component P1, N1, P2, N2, P3 in terms of latency and N1P2, N2P3 in terms of amplitude separately.

P1 component

The latency for P1 component of ACC was measured across age groups for both the stimuli. The mean and standard deviation were calculated by descriptive analysis.

Table 2 shows that as the age increases the latency of P1 reduces for both the stimuli. Group A (7-9;  11 years) has longer latency compared to group B (10-12; 11 years), and group C (13-15; 11 years) has shortest latencies across the three age groups.

Mixed ANOVA was done to see the interaction for the stimuli and the groups. Mixed ANOVA did not reveal any interaction for the stimulus [F(1, 83)=4.34, p>0.05]; stimuli and group [F(2, 83)=0.46, p>0.05]. Mixed ANOVA showed a significant interaction for the groups [F(2, 83)=45.32, p<0.05]. As the mixed ANOVA showed a significant interaction for the groups, Duncan’s Post Hoc analysis was done to see which of the groups had significant difference. Duncan’s post Hoc analysis revealed a significant difference between the Group A (7-9; 11 years) and Group B (10-12; 11 years) (p<0.05), Group A (7-9; 11 years) and Group C (13-15; 11 years) (p<0.05), group B (10-12; 11 years) and Group C (13-15; 11 years) (p<0.05). So, all the  groups  were  significantly different  from one  another. In order to find out for


which of the stimulus, the groups were different, MANOVA was done.

MANOVA revealed a significant difference for the /sa/ stimulus [F(2, 83) =33.44, p<0.05] and /si/ stimulus [F(2, 83)=37.07, p<0.05]. So, the groups were different for both the stimuli. To understand, the significant difference for each of the stimulus across the groups Duncan’s post Hoc was done. Post Hoc analysis revealed a significant difference between group A (7-9;
11 years) and Group B (10-12; 11 years) (p<0.05), group A (7-9; 11 years) and group C (13-15; 11 years) (p<0.05), Group B (10-12; 11 years) and Group C (13- 15; 11 years) (p<0.05) for stimulus /sa/ and  /si/.  It could be due to maturational changes which makes one group significantly different from the other. Also similar results were seen for speech-evoked cortical potentials in children (Kraus, McGee, Carrell, Sharma, Micco & Nicol, 1993).  Significant difference between
/sa/ and /si/ stimuli for P1 component was noticed only in the Group B (10-12; 11 years) [t(27)=2.82, p<0.05].

N1 component

The latency for N1 component of ACC was measured across age group and the mean and standard deviation were calculated by descriptive analysis.

Table 3 shows that as the age increases the latency of N1 reduces for both the stimuli for both the ears. Group A (7-9; 11 years) has longer latency, Group B (10-12; 11 years) has shorter latencies compared to Group A (7-9; 11 years), and Group C (13-15; 11 years) has the shortest latencies across the groups.




Mixed ANOVA was done to see the interaction for the stimuli and the groups. Mixed ANOVA did not reveal any interaction for the stimulus [F(1, 76)=11, p>0.05]; stimuli and group [F(2, 76)=1.13, p>0.05]. Mixed ANOVA showed a significant interaction for the groups [F(2, 76)=42.05, p<0.05]. As the mixed ANOVA showed a significant interaction for the groups, Duncan’s Post Hoc analysis was done to see which of the group had significant difference. Duncan’s post Hoc analysis revealed a significant difference between the Group A (7-9; 11 years) and Group B (10-12; 11 years) (p<0.05), Group A (7-9; 11 years) and Group C (13-15; 11 years) (p<0.05), Group B (10-12; 11 years) and group C (13-15; 11 years) (p<0.05). So, all the  groups  were  significantly different from one another. In order to find out for which of the stimulus, the groups were different, Multiple Analysis of Variance (MANOVA) was done. MANOVA revealed a significant difference for the /sa/ stimulus [F (2, 76)=34.28, p<0.05 and /si/  stimulus [F(2, 76)=39.39, p<0.05]. So, the groups were different for both the stimuli. To understand, the significant difference for each of the stimulus across the groups Duncan’s post Hoc was done. Post Hoc analysis revealed a significant difference between Group A (7- 9;11 years) and Group B (10-12; 11 years) (p<0.05), Group A (7-9; 11 years) and Group C (13-15;11 years) (p<0.05) for stimulus /sa/ and /si/, perhaps for group B (10-12;11 years) and Group C (13-15; 11 years) there was a significant difference for stimulus /si/ (p<0.05) but no significant difference for stimulus /sa/ (p>0.05). There was no significant difference between /sa/ and
/si/ stimuli for N1 component for any of the age group.

P2 component

The latency for P2 component of ACC was measured across age group for both the stimuli and the mean and standard deviation were calculated by descriptive analysis.

Table 4 shows that as the age increases the latency of P2 reduces for both the stimuli in both the ears. Group A (7-9; 11 years) has longer latency compared to Group B (10-12; 11 years), and group C (13-15; 11 years) has shortest latencies across the three age groups.

Mixed ANOVA was done to see the interaction for the stimuli and the groups. Mixed ANOVA did not reveal any interaction for the stimulus [F(1, 75)=.43, p>0.05]; stimuli and group [F(2, 75)=1.45, p>0.05]. Mixed ANOVA showed a significant interaction for the groups [F(2, 75)=54.49, p<0.05]. As the mixed ANOVA showed a significant interaction for the groups, Duncan’s Post Hoc analysis was done to see which of the group had significant difference. Duncan’s post Hoc analysis revealed a significant difference between the Group A (7-9; 11 years) and Group B (10-12; 11 years) (p<0.05), Group A (7-9; 11 years) and group C (13-15; 11 years) (p<0.05), and for Group B (10-12; 11 years) and Group C (13-15; 11 years) (p<0.05). In order to find out for which of the stimulus, the Post Hoc analysis revealed a significant difference between Group A (7-9; 11 years) and Group B (10-12; 11 years) (p<0.05), Group A (7-9; 11 years) and group C (13-15; 11 years) (p<0.05) for stimulus
/sa/ and /si/, perhaps for  group B (10-12;11 years) and


Table 3: Mean and standard deviation of N1 latency observed at 75 dBnHL for both syllable /sa/ and /si/ across the groups

 (
Group
Mean
 
latency
 (ms)
Standard deviation
7-9;11
186.11
32.49
10-12;11
147.63
12.90
13-15;11
138.25
16.47
7-9;11
188.42
38.27
10-12;11
150.00
10.56
)Stimulus N1 (Sa)


N1 (Si)
 	13-15;11	135.33	8.66 	


Table 4: Mean and standard deviation of P2 latency observed at 75 dBnHL for both syllable /sa/ and /si/ across the groups

 (
Group
Mean
 
latency
 (ms)
Standard deviation
7-9;11
246.68
46.54
10-12;11
197.64
17.55
13-15;11
181.95
14.19
7-9;11
259.56
63.26
10-12;11
196.74
11.76
)Stimulus P2 (Sa)


P2 (Si)
 	13-15;11	177.95	13.07 	




group C (13-15; 11 years) stimulus /sa/ showed a significant difference (p<.005) but no significant difference between /sa/ and /si/ stimuli for P2 component for any of the age group

N2 component

The latency for N2 component of ACC was measured across age group and the mean and standard deviation were calculated by descriptive analysis.

Table 5 shows that as the age increases the latency of peak N2 reduces for both the stimuli. Group A (7-9; 11 years) has longer latency, Group B (10-12; 11 years) has shorter latencies compared to Group A (7-9; 11 years), and Group C (13-15; 11 years) has shorter latencies even from Group B (10-12; 11 years).

Mixed ANOVA was done to see the interaction for the stimuli and groups. Mixed ANOVA showed interaction for the stimulus [F(1, 84)=4.83, p<0.05]; but no significant interaction between stimuli and group [F(2, 84)=2.04, p>0.05]. Mixed ANOVA showed significant interaction for the groups [F(2, 84)=9.58, p<0.05]. As the mixed ANOVA showed a significant interaction for the groups, Duncan’s Post Hoc analysis was done to see which of the group had significant difference. Duncan’s post Hoc analysis revealed a significant difference between the Group A (7-9; 11 years) and Group B (10-12; 11 years) (p<0.05), Group A (7-9; 11 years) and Group C (13-15; 11 years) (p<0.05), but no significant difference for Group B (10-12; 11 years) and Group C (13-15; 11 years) (p>0.05). In order to find out for which of the stimulus, the groups were different, Multiple Analysis of Variance (MANOVA) was done. MANOVA revealed significant difference for the /sa/ stimulus [F(2, 84)=5.45, p<0.05] and for /si/ stimulus [F(2, 84)=13.5, p<0.05]. To understand, the significant difference for each of the stimulus across the groups Duncan’s post Hoc was done. Post Hoc analysis revealed a significant difference between Group A (7-9; 11 years) and Group B (10-12;11 years) (p<0.05), Group A (7-9; 11 years) and Group C (13-15;
11 years) (p<0.05), but no significant difference between group B (10-12; 11 years) and Group C (13- 15; 11 years) (p>0.05) for stimuli /sa/ and /si/. The possible reason could be the onset response elicited by vowel portion matures by age of 10 years. So there might be no significant difference in the N2 responses beyond 10 years of age. Also supported by other studies in which it has been seen that significant negativity could be traced back to the youngest age group of 10 years (Kummer, Burger, Schuster, Rosanowoski, Eysholdt & Hoppe, 2007). Significant difference between /sa/ and /si/ stimuli  was  noticed only in the Group C (13-15; 11 years) [t (29)=3.03,

p<0.05]. It could be because of the maturational changes, seen in the group age of 10 years and above, as they can detect the different stimulus onset with different latencies as the duration of consonant and vowel changes for both the stimuli are different even though the overall duration is same for both the stimulus.

P3 component

The latency for P3 component of ACC was measured across age group and the mean and standard deviation were calculated by descriptive analysis. Table 6 shows that as the age increases the latency of P3 reduces for both the stimuli. Group A (7-9;11 years) has longer latency compared to Group B (10-12; 11 years), and Group C (13-15;11 years) has shortest latencies across the three age groups taken for stimulus /si/ but for the stimulus /sa/ Group B (10-12;11 years) and group C (13-15;11 years) showed similar latencies.

Mixed ANOVA was done to see the interaction for the stimuli and groups. Mixed ANOVA revealed interaction for the stimulus [F(1, 84)=14.95, p<0.05]; stimuli and group [F(2, 84)=7.00, p<0.05]. Mixed ANOVA showed significant interaction for the groups [F(2,   84)=8.07,   p<0.05].   As   the   mixed   ANOVA
showed a significant interaction for the groups, Duncan’s Post Hoc analysis was done to see which of the group had significant difference. Duncan’s  post Hoc analysis revealed a significant difference between the Group A (7-9; 11 years) and Group B (10-12; 11 years) (p<0.05), Group A (7-9; 11 years) and Group C (13-15; 1 years) (p<0.05), but no significant difference for Group B (10-12; 11 years) and Group C (13-15; 11 years) (p>0.05). In order to find out for which of the stimulus, the groups were different, Multiple Analysis of Variance (MANOVA) was done. MANOVA revealed a significant difference for stimulus /sa/ [F (2, 84)=3.73, p<0.05] and /si/ [F(2, 84)=12.15, p<0.05)].
To understand, the significant difference for each of the stimulus across the groups Duncan’s post Hoc was done. Post Hoc analysis revealed a significant difference between Group A (7-9; 11 years) and Group B (10-12; 11 years) (p <0.05), Group A (7-9;11 years) and Group C (13-15;11 years) (p<0.05), but no significant difference between group B (10-12; 11 years) and Group C (13-15;11 years) (p>0.05) for stimulus /sa/ and /si/. The possible reason could be no more maturational changes for the onset responses to ongoing stimuli for more than 10 years of age. Significant difference between /sa/ and /si/ stimuli was noticed in the Group C (13-15; 11 years) [t (29)=4.03, p<0.05] and Group B (10-12; 11 years) [t (28)=2.47, p<0.05].



Table 5: Mean and standard deviation of N2 latency observed at 75 dBnHL for both syllable /sa/ and /si/ across the groups
	Stimulus
	Group
	Mean latency (ms)
	Standard deviation

	
	7-9;11
	306.37
	61.10

	N2 (Sa)
	10-12;11
	283.77
	15.86

	
	13-15;11
	275.18
	15.37

	
	7-9;11
	306.45
	52.73

	N2 (Si)
	10-12;11
	279.59
	12.63


 	13-15;11	263.93	10.54 	


Table 6: Mean and standard deviation of P3 latency observed at 75 dBnHL for both syllable /sa/ and /si/ across the groups

	Stimulus
	Group
	Mean latency (ms)
	Standard deviation

	
	7-9;11
	372.87
	51.32

	P3 (Sa)
	10-12;11
	352.15
	18.95

	
	13-15;11
	352.23
	18.76

	
	7-9;11
	374.39
	50.71

	P3 (Si)
	10-12;11
	343.54
	21.94

	
	13-15;11
	332.78
	18.14
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Figure 6: Mean latencies of P1, N1, P2, N2, and P3 for stimulus /sa/.

Figure 7: Mean latencies of P1, N1, P2, N2, and P3 for stimulus /si/.


Table 7: Mean and standard deviation of N1P2 amplitude observed at 75 dBnHL for both syllable /sa/ and /si/ across the groups
Stimulus		Group	Mean amplitude (µV)	Standard deviation 7-9;11		1.44		0.78

N1P2 (Sa)
N1P2 (Si)

10-12;11	1.92	0.73
13-15;11	1.90	0.79
7-9;11	1.83	0.89
10-12;11	1.88	0.62

 	13-15;11	1.80	0.69 	




Figure 6 and Figure 7 show the mean latencies of ACC components across the age groups for stimuli /sa/ and
/si/ respectively.

N1P2 Amplitude

The amplitude of N1P2 component of ACC was measured peak to peak across age groups and the mean and standard deviation were calculated by descriptive analysis.

As shown in the Table 7, the amplitude of N1P2 peak increases with age for stimuli /sa/ and /si/. But for Group B (10-12; 11 years) and Group C (13-15; 11 years) amplitudes were similar.

Mixed ANOVA was done to see the interaction for the stimuli and groups. Mixed ANOVA did not reveal any interaction for the stimulus [F(1, 76)=0.63, p>0.05]; stimuli and group [F(2, 76) =1.93, p>0.05]. Mixed ANOVA also showed no significant interaction for the groups [F(2, 76)=1.34, p>0.05]. As N1P2 complex is the first complex to appear it might be possible that it gets mature by 7 or 8 years of age so no significant changes are taking place in terms of amplitude but it shall be further investigated with more number of subjects.

N2P3 Amplitude

The amplitude of N2P3 component of ACC was measured peak to peak across age group and the mean and standard deviation were calculated by descriptive analysis.

From Table 8, it can be seen that amplitude of N2P3 increases with age for both the stimuli /sa/ and /si/.

Mixed ANOVA was done to see the interaction for the stimuli and groups. Mixed ANOVA did not reveal any interaction for the stimulus [F(1, 84)=1.23, p>0.05]; stimuli and group [F (2, 84) =0.04, p>0.05]. Mixed ANOVA showed significant interaction for the groups [F(2, 84)=5.92, p<0.05].As the mixed ANOVA showed

a significant interaction for the groups, Duncan’s Post Hoc analysis was done to see which of the group had significant difference. Duncan’s post Hoc analysis revealed a significant difference between the Group A (7-9; 11 years) and group C (13-15; 11 years) (p<0.05), but no significant difference for Group B (10-12; 11 years) and Group C (13-15; 11 years) (p>0.05), and Group B (10-12; 11 years) and Group A (7-9; 11 years) (p>0.05). In order to find out for which of the stimulus, the groups were different, Multiple Analyses of Variance (MANOVA) was done. MANOVA revealed a significant difference for the /sa/ stimulus [F(2, 84)=4.24, p<0.05] and /si/ stimulus [F(2, 84)=4.26, p<0.05]. To understand, the significant difference for each of the stimulus across the groups Duncan’s post Hoc was done. Post Hoc analysis revealed a significant difference between Group A (7- 9; 11 years) & Group C (13-15; 11 years) (p<0.05), but no significant difference between group B (10-12; 11 years) & Group A (13-15;11 years) (p>0.05); and Group B (10-12; 11 years) & Group C (13-15;  11 years) (p>0.05) for stimulus /sa/ and /si/. It could be possible due to maturation changes which effects the amplitude of the second complex of ACC. The second complex keeps changing in amplitude till 15 years of age, and is significantly different from what is seen till 8-9 years of age. It shall be investigated further to see when it becomes adult like in amplitude. There was no significant difference between /sa/ and /si/ stimuli for N2P3 amplitude for any of the age group.

Figure 8 and Figure 9 show the mean amplitude of ACC components across the age groups for the stimuli
/sa/ and /si/ respectively. Similar results as noticed in the study are also seen in other studies, the younger group of children showed longer latencies than older group children and morphology was also better in older group. These findings are consistent with findings in CAEP that the latency decreased with increasing age (Kurtzberg, Hilpert, Kreuzer & Vaughan, 1984; Little, Thomas & Letterman, 1999; Sharma, Kraus, McGee & Nicol, 1997; Shucard, Shucard & Thomas, 1987); and the positive negative peak component of the CAEP


Table 8: Mean and standard deviation of N2P3 amplitude observed at 75 dBnHL for both syllable /sa/ and /si/ across the groups

	Stimulus
	Group
	Mean amplitude (µV)
	Standard deviation

	N2P3  (Sa)
	7-9;11
	3.94
	1.78

	
	10-12;11
	4.69
	1.46

	
	13-15;11
	5.16
	1.56

	N2P3 (Si)
	7-9;11
	3.73
	1.85

	
	10-12;11
	4.42
	1.77


 	13-15;11	5.02	1.39 	




becomes more clearly defined with age (Ponton, Eggermont, & Kwong et al., 2000). The waveform for speech stimuli for 14 years of age showed adult-like complexes. With decreasing age, P1 and N1 latencies distinctly increased and their amplitudes appeared to decrease (Kummer, Burger, Schuster, Rosanowski et al., 2007).



 (
Figure 8:
 
Mean amplitudes of N1P2 and
 
N2P3
)
complexes for stimulus /sa/.

[image: ]
Figure 9: Mean amplitudes of N1P2 and N2P3 complexes for stimulus /si/.

Conclusions
ACC could possibly help us to quantify the neuromaturation for complex speech signals. ACC can be promising as a clinical tool for assessing the neural detection of time varying cues contained in speech, as well as longitudinal changes in neural activity.
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Abstract
Direct remedial training has been considered a feasible way to bring about improvement in the perception of acoustic signals in children with central auditory processing disorders [(C)APD]. The present study aimed to test the effect of temporal pattern training on different central auditory processes in children with (C)APD.  Ten children, aged 8 to 13 years, who had poor temporal patterning skills, were recruited for the study. Five of the children, who formed the experimental group, underwent temporal pattern training with material that was developed. Five children, who did not receive training, served as the control group. Baseline responses, obtained on all the children for five processes (temporal patterning, temporal resolution, auditory separation, binaural integration and auditory memory and sequencing) were compared with the response obtained after 19 – 25 sessions of the training in the experimental group. In the control group it was obtained 3 – 4 weeks after the baseline evaluation. Following training, Wilcoxon signed rank test revealed a significant difference in scores in the experimental group on the tests that tapped temporal patterning and auditory memory and sequencing. No such difference was seen in the control group. In addition, Mann Whitney U test showed a significant difference in the scores on these two processes between the two groups in the second evaluation but not in the first evaluation. Thus, the study highlighted that temporal pattern training not only resulted in an improvement in process that was directly targeted (temporal patterning) but also in a process that was not directly targeted (auditory memory & sequencing).
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Introduction
Bellis (2003) suggested that intervention for (C)APD should arise logically from the nature of an individual’s auditory deficit, besides dealing with functional difficulties. Such training has been termed as deficit- specific intervention. Several authors (English, Martonik & Moir, 2003; Maggu & Yathiraj, 2011; Priya & Yathiraj, 2007; Putter-Katz et al., 2002) have noted improvement in individuals with (C)APD with the use of deficit specific intervention. The improvement was confirmed using imaging (Temple et al., 2003), electrophysiological (Jirsa, 1992) and behavioural   measures   (Maggu   &   Yathiraj,   2011;
Musiek, 1999; Musiek & Schochat, 1998; Priya & Yathiraj, 2007; Yathiraj & Mascarenhas, 2003).1

According to Rupp and Stockdell (1978), between 15% to 20% of school-age children have some type of language/learning disorder, 70% of these had some form of auditory impairment. Further, Chermak and Musiek (1997) estimated that as many as 2% to 5% of the school-age population exhibit (C)APD. A temporal processing disorder has been observed to be one of the most frequently occurring subtype of  (C)APD (Chermak & Musiek, 1997; Musiek, Geurkink, Kietel
& Hanover 1982; Musiek, Geurkink, Kietel & Hanover
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1982; Muthuselvi    & Yathiraj, 2009).  Muthuselvi and Yathiraj (2009), who studied 3120 school-going children, observed that 6.9% of them were at-risk for (C)APD. They further found that in the 42 at-risk children evaluated on diagnostic tests, binaural integration was most affected (38%), followed by auditory memory (35%), temporal processing (14.2%-
16.2%),   auditory   closure   (14-19%)   and   binaural
interaction (2.3%).

Musiek, et al. (1982) found that 72.7% of their clients with (C)APD had temporal processing deficit. According to Bellis (2003), children with temporal processing disorders have been shown to have deficits in acoustic contour recognition and thus difficulty recognizing and using prosodic aspects of speech.

Several training procedures have been carried out in the past to improve temporal processing abilities (Alexander & Frost, 1982; Bellis & Anzalone, 2008; Ferre, 1997; Merzenich et al., 1996; Tallal et al., 1996; Temple et al., 2003; Turner & Pearson, 1999; Vanaja
& Sandeep, 2004; Yathiraj & Mascarenhas, 2003). Some studies have used speech based training programmes (Ferre, 1997; Tallal et al., 1996; Temple et al., 2003; Turner & Pearson, 1999) while others have used a combination of speech and tone (Merzenich et al., 1996; Yathiraj & Mascarenhas, 2003). However, there are relatively few studies that have used only tone based material for training (Bellis & Anzalone, 2008; Vanaja & Sandeep, 2004).




Activities such as two-tone ordering and consonant- vowel sequencing have shown improvement in the temporal aspects (Merzenich et al., 1996). Vanaja and Sandeep (2004) studied the impact of discrimination training using pairs of tones differing in durations on long latency response and mismatch negativity responses. However, they did not study the impact of the training on other central auditory processes. Evidence of a speech based training activity improving other processes has been shown by Battin, Young and Burns (2000). They found that the Fast ForWord (FFW) (Scientific Learning Corporation,  1999) resulted in improvement in the temporal aspects as well as the other central auditory processes such as auditory figure ground and binaural separation. Likewise, there is a need to check the impact of a non-speech based temporal processing training programme on temporal processing as well as other auditory processes. Thus, the present study aimed at testing the efficacy of temporal pattern training directly on  temporal processes in children with (C)APD. This study also aimed at testing its impact on other central auditory processes (temporal patterning, auditory separation, binaural integration, temporal resolution and auditory memory and sequencing).

Method
The present study was carried out in three stages. In the first stage, participant selection and baseline evaluation (evaluation-I) were carried out. In the second stage, the participants in the experimental group were provided training while those in the control group were not given any training. In the third stage, tests were administered to evaluate the effect of training.

Participants

Two groups of participants, an experimental and a control group, were studied. Each group had five participants whose age ranged from 8 to 13 years. The participants were randomly assigned to the above two groups. The participants included those who did not pass the ‘Screening checklist for auditory processing’, (SCAP) developed by Yathiraj and Mascarenhas (2002, 2004) and had poor scores on the duration pattern test (DPT) developed by Gauri and Manjula (2003). All the participants studied in schools where the medium of instruction was English; had pure-tone air conduction and bone conduction thresholds within 15 dB HL from 250 Hz to 8000 Hz and 250 Hz to 4000 Hz, respectively; had Type A tympanograms and acoustic reflexes present between 90 and 100 dB HL; had speech identification scores above 90% on ‘Speech test  material  in  English  for  Indians’,  developed  by

Chandrashekhar (1972); had no report of any speech and language problems; and had Intelligence Quotients between 90 and 110 on the Raven’s coloured progressive matrices (Raven, 1956).

The experimental group was provided with the temporal pattern training while the control group was not given any training. A written consent was taken from the caregivers prior to the evaluation.

Material

The training material included non-speech stimuli i.e. tones of 250 Hz, 1 kHz and 4 kHz, representing low, mid and high frequency signals. The tones were of different durations with a constant inter-tone interval of 250 ms. A hierarchy of training material developed, consisting of 2-tone, 3-tone and 4-tone activities. The tones were generated using Adobe audition version 3.0 software. The intensity of the signals was maintained at 60 dB SPL. The duration of the tones ranged from 250 ms to 500 ms. The lower limit of 250 ms was selected based on the duration used in the DPT (Gauri & Manjula, 2003). Details of the training material are provided in Appendix I.

To determine the minimum temporal difference required by a person for the perception of temporal order among tones, a pilot study was conducted. This was carried out on 5 normal hearing adults and 5 normal hearing children in the age range of 18 to 25 years and 8 to 13 years, respectively. The tones having frequencies of 250 Hz, 1 kHz and 4 kHz at 60 dB SPL were generated and presented through Adobe audition version 3.0 software. The participants had to identify the temporal order of the tones. It was found that both groups required at least 75 ms. difference between the two tones for perception of temporal order.

Instrumentation

A calibrated dual channel diagnostic audiometer, OB 922 (version 2) with air conduction (TDH-39)  and bone conduction (B-71) transducers was used to carry out pure-tone audiometry, speech audiometry and the (C)APD tests. A calibrated immittance meter (GSI Tympstar) was used to ensure the presence of normal middle ear function. The CD version of the test material was played through a Dell Vostro laptop with Intel Celeron processor. Adobe audition 3.0 was used for the presentation of the training material monaurally using headphones. The output level from the headphones was measured using a ‘Larson Davis systems 824’ sound level meter equipped with a ½” free-field 2540 microphone. The volume control of the software and that of the computer were manipulated so




that output from the headphone was approximately 60 dB SPL.

Environment

All the evaluations were carried out in an acoustically treated two-room situation which met the specifications of ANSI S3.1 (1999). The training was given in a quiet, distraction free environment.

Procedure

Stage I

Procedure for selection of participants: Screening for the presence of (C) APD was carried out on school- going children aged 8 to 13 years. Teachers who had taught the children for at least one year were asked to identify those with a suspected (C)APD using the SCAP. The checklist was scored on a two point rating scale. Each answer marked ‘Yes’ was scored ‘1’ and each ‘No’ was scored ‘0’.

Those children who obtained less than 50% scores on the SCAP, the cut-off value that indicates the suspicion of (C)APD, were tested for their temporal patterning skills, using DPT. Their responses were compared with the norms developed by Gauri and Manjula (2003). Those who got scores lower than the normative were included in the study.  Baseline evaluation (Evaluation-
I) was carried out on these children on 4 additional (C)APD tests to assess different central auditory processes. The tests included Speech perception in noise (SPIN) test developed by Yathiraj, Vanaja and Muthuselvi (2010) which evaluated auditory separation; Dichotic CV test developed by Yathiraj (1999) to determine auditory integration;  Gap Detection Test (GDT) developed by Shivaprakash and Manjula (2003), to obtain the information on temporal processing abilities; and Revised Auditory  Memory and Sequencing Test (R-AMST) developed by Yathiraj, Vanaja and Muthuselvi (2010) to determine auditory memory skills.

The SPIN, Dichotic CV, GDT and R-AMST tests were administered using the CD version of the tests which were played on a computer. The output from the computer was routed through the audiometer. The outputs of the all tests were presented through the headphones, except R-AMST which was presented through sound-field speakers.

The SPIN test was presented monaurally at 0 dB SNR at 40 dB SL (ref. Speech Recognition Threshold). Verbal responses of the participants were noted. A correct response was given a score of ‘1’ and an incorrect  response  a  score  of  ‘0’.  Similarly,  in  the

GDT, the signals were presented monaurally at 40 dB SL (ref. Pure tone average). The participants were required to indicate as to which set of noise bursts in a triad contained a gap. The minimum gap  duration which the participants were able to detect was compared with norms given by Chermak and Lee (2005). For both these tests (SPIN & GDT), half the participants were initially tested in the right ear while the other half were tested in the left ear, to avoid any ear order effect.

For the Dichotic CV test, the stimuli were presented at 40 dB SL (ref. SRT) and the participants were asked to repeat the syllables which were heard through headphones. Their oral responses were noted by the experimenter. Their right ear, left ear and double correct responses were scored and compared with the norms given by Krishna and Yathiraj (2001).

Stimuli for the R-AMST were presented through a loudspeaker in a sound-field condition at 40 SL (ref. SRT).  The loudspeaker was placed at a 450 azimuth at a distance of one meter from the head of each participant. The participants were asked to repeat the words heard by them. Their oral responses were later scored by the experimenter. A score of ‘1’ was given for each correctly repeated word to calculate the auditory memory score. Also, sequencing score was calculated by awarding an additional score of ‘1’ when an item was in the correct order. The responses were compared with age appropriate norms developed by Devi, Sujitha and Yathiraj (2008).

Stage II

The children in the experimental group were trained using the hierarchical material that was developed. The training started with easy tasks (level 1a) and gradually proceeded to more difficult tasks (level 3e) (Appendix I). The material was played through a computer loaded with Adobe audition (Version 3.0) software. The participants heard the stimuli through headphones, in a monaural condition at approximately 60 dB SPL. In half the participants, the training commenced in the right ear, while for the other half it was commenced in the left ear. This was done to avoid any  ear  order effect. Only after the completion of training in both the ears at a particular level of difficulty, was the next level of difficulty commenced.

The participants were trained initially using a discrimination task followed by an identification task. This was done at each level of difficulty. In the discrimination tasks, the children had to say whether the tones were same or different while in the identification task they were expected to repeat the pattern of the tones verbally (eg. long-short-long).  In




order for a child to progress to a higher level of training activity, he/she had to obtain a correct score of at least 80% on both the discrimination and the identification tasks.

Stage III

Following the training, the experimental group was tested using the same five tests as used in evaluation-I. The control group was also evaluated 3 – 4 weeks after the initial evaluation. The order in which the tests were administered during evaluation II for each participant was the same as that of evaluation-I. This was adopted to avoid any test order effect.

Test retest reliability

Test-retest reliability was conducted on 40% of participants (2 from each group). All tests were administered on these participants after a period of 1 month subsequent to evaluation-II.

Statistical analysis

The scores on the five different processes (auditory separation, binaural integration, temporal resolution, temporal patterning and auditory memory and sequencing) obtained by the 10 children with (C)APD

were analysed using SPSS (version 19) software. Besides descriptive statistics, Mann Whitney U  test was used to compare the performance of the two groups within the two evaluations. Further, in order to compare the scores for each group across the two evaluations, Wilcoxon test was used.

Results and Discussion
The outcomes of the statistical analyses are reported and discussed in terms of the scores obtained across evaluation I and II; scores obtained across the experimental and control groups; and scores obtained across evaluation II and III.

Comparison across evaluation I and II

In order to check the impact of training, the scores obtained in evaluation I were compared with that obtained in evaluation II. This was done for each of the groups i.e. those who underwent training (experimental group) as well as those who did not undergo training (control group). It can be observed from Table 1 and Figure 1 that the mean values differed considerably across the two evaluations for the experimental group, but not so for the control group. To check whether these differences were statistically significant or not, Wilcoxon signed ranks test was carried out.
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In the experimental group, the Wilcoxon signed rank test revealed that there was a significant difference at the 0.05 level for the scores obtained on the DPT and the R-AMST while there was no significant difference on the other tests (Figure 1). In the control group, there was no significant difference between the scores obtained across the two evaluations on all the tests, as per the outcome of the Wilcoxon signed rank test (Figure 2).

Comparison across the experimental and control groups

To further ensure that the improvement in the scores

for the various processes was due to training, a comparison of both participant groups (experimental
& control) was carried out. The two groups were compared on the various tests, before the training (evaluation I) and after the experimental group underwent a training (evaluation II). It is evident from Table 1 and Figure 3 that there was no significant difference between the two groups at the initial stage of the study (evaluation I). However, after training was provided to the experimental group, there was considerable change in the scores of the two groups (Table 1 & Figure 4). Mann Whitney U test was carried out to check whether these differences were statistically significant.
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Figure 1: Comparison of evaluation-I and II within the experimental group.

Note: DPT: Duration pattern test, SPIN: Speech-in-noise test, DCV: Dichotic CV test, GDT: Gap detection test, R-AMST: Auditory memory and  sequencing test
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Figure 2: Comparison of scores across evaluation-I and II within the control group.

Note: DPT: Duration pattern test, SPIN: Speech-in-noise test, DCV: Dichotic CV test, GDT: Gap detection test, R-AMST: Auditory memory and  sequencing test,






Figure 3: Comparison of scores across experimental and control group for evaluation-I.
Note: DPT: Duration pattern test, SPIN: Speech-in-noise test, DCV: Dichotic CV test , GDT: Gap detection test, R-AMST: Auditory memory and  sequencing test,
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Figure 4: Comparison of scores across the experimental and control group in the evaluation-II.





The Mann Whitney U test revealed that there was no significant difference between the experimental and control group for any of the tests carried out during evaluation-I (baseline evaluation). In contrast, there was a significant difference obtained between the two groups after the training paradigm. The significance was noted at the 0.05 level for DPT and R-AMST. Although improvement occurred on other tests  too, they were found to be insignificant.

The positive impact of temporal pattern training on temporal processing was evident from the fact that there was a significant improvement in the DPT scores following training. This improvement  can  be attributed to the implementation of a temporal based deficit specific intervention. This goes to confirm that direct remediation does have an influence on the process  being targeted. The  finding of the present

study is in agreement with that of Bellis and Anzalone 2008)who found considerable improvement in the scores of a participant on a frequency pattern test following temporal pattern training.

The impact of temporal pattern training on other central auditory processes was apparent from the significant improvement seen in the scores on the R- AMST following training. This improvement was seen for both the memory sub-test as well as the sequencing sub-test. It can be construed from this finding that temporal pattern training using non-verbal material, has a positive effect on auditory memory and sequencing. This could have occurred due to the relation between the temporal patterning and auditory memory which has been suggested by several authors (Pinheiro & Musiek, 1985; Benaish & Tallal, 1996). Pinheiro and Musiek (1985) proposed that temporal patterning and




auditory memory and sequencing may share the same neurophysiologic process. The relationship between temporal processing and memory was also perceptible from the findings of Benaisch and Tallal (1996). They reported that infants aged 6 to 10 months with a positive family history of language impairment, had poor temporal processing thresholds and recognition memory. These infants had been evaluated to determine their temporal processing threshold, habituation and recognition memory.

The influence of temporal processing on other domains has also been reported in literature. Tallal, et al., (1996) noted that temporal processing abilities could be improved through training and this in turn led to an improvement in language and literacy skills. They employed the use of acoustically modified speech and found that this resulted in an improvement in speech discrimination and language comprehension skills.

The findings of studies dealing with individuals with dyslexia also throw light on the association between temporal based training and other processes. Habib, et al. (2002) found temporally modified speech to result in improvement in phonological abilities which in turn correlated with temporal order judgment. Likewise, Overy (2003) observed that music  training, administered on children having dyslexia with deficits in timing, brought about improvement in other processes. Rapid auditory processing was one of the processes that improved.

Thus, it can be concluded from the findings of the present study and from those discussed above that temporal based training could bring about an improvement in other processes, including auditory memory. The current study reveals that providing temporal based training can bring about improvement in both auditory memory and auditory sequencing. However, such training does not result in improvement in other processes such as auditory integration and auditory separation. It is speculated that these processes are more dependent on acoustic parameters other than temporal cues.

Comparison of scores across evaluations II and III

Four participants, two each from the experimental (participants A and B) and control group (participants C and D) were reevaluated to check the maintenance of training after a gap of 1 month following evaluation-II. It was noticed that the scores on the various tests remained almost constant for the participants from both the groups.

Figure 5 depicts the scores of two participants (evaluation-III) from the experimental group who were evaluated on the same set of tests as in evaluation-I and II, after a gap of one month following the training. It can be observed that the effect of training was maintained even after a month of termination of the training. The scores on the various tests remained almost constant.
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Figure 5: Comparison of scores of participants A and B (experimental group) across evaluation II and III




[image: ]
Figure 6: Comparison of scores of participants C and D (control group) across evaluation II and III


Similarly, Figure 6 shows the scores of two participants (evaluation-III) who were randomly selected from the control group. It was found that there was not much change in the scores obtained in evaluation III compared to that obtained in evaluation-II.

The above finding shows that the effect of training is maintained even after one month after the cessation of therapy. From the findings, it can also be noted that without training, scores obtained on different auditory process tests, do not improve. Further, the findings confirm the reliability of the scores obtained in evaluation II.

Conclusions
Thus, from the findings of the present study it can be concluded that the temporal pattern training brings about an improvement in the individuals with deviant temporal processing. Along with the improvement in temporal pattern processing, the training also positively influenced the auditory memory and sequencing abilities of the participants who underwent temporal pattern training, affirming its effect on other central auditory processes. The study also brought to light that the positive effects of training are maintained  even after a month following the cessation of the therapy. Hence, it can be construed that temporal pattern training is useful in improving not only temporal processing but also auditory memory and sequencing.
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Appendix I
Training material designed for temporal pattern training

	Levels
	No. of tones
	Duration of tones
	No. of stimuli
	Stimuli description

	1a
	Two tones
	250 ms, 500 ms
	20
	Both different

	1b
	Two tones
	250 ms, 450 ms
	20
	Both different

	1c
	Two tones
	250 ms, 400 ms
	20
	Both different

	1d
	Two tones
	250 ms, 350 ms
	20
	Both different

	1e
	Two tones
	250 ms, 325 ms
	20
	Both different

	2a
	Three tones
	250 ms, 500 ms
	20
	two similar, one different

	2b
	Three tones
	250 ms, 450 ms
	20
	two similar, one different

	2c
	Three tones
	250 ms, 400 ms
	20
	two similar, one different

	2d
	Three tones
	250 ms, 350 ms
	20
	two similar, one different

	2e
	Three tones
	250 ms, 325 ms
	20
	two similar, one different

	3a
	Four tones
	250 ms, 500 ms
	20
	three similar, one different

	3b
	Four tones
	250 ms, 450 ms
	20
	three similar, one different

	3c
	Four tones
	250 ms, 400 ms
	20
	three similar, one different

	3d
	Four tones
	250 ms, 350 ms
	20
	three similar, one different

	3e
	Four tones
	250 ms, 325 ms
	20
	three similar, one different
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Abstract
The study aimed at providing tympanometric measures such as tympanometric peak pressure (TPP), Peak compensated static acoustic admittance compensated with +ve and –ve tail, (Y+400 & Y-600,), ear canal volume (ECV) using 226 Hz, 678 Hz and 1000 Hz probe tone frequencies and ipsilateral acoustic reflex thresholds (ARTs) at 500 Hz, 2000 Hz and 4000 Hz using 226 Hz and 1000 Hz probe tones in infants of 2 – 12 months age range. Seventy normal hearing infants who were divided into 4 subgroups with 25 infants in 2 – 4 months age group, 15 infants each in the age groups of 4 – 6 months, 6 – 8 months and 8 – 12 months respectively participated in the study. The results are analyzed qualitatively and quantitatively. The qualitative analysis for tympanograms showed that % of ears with single peaked tympanogram increases and double peaked tympanogram decreases with age, for 226 Hz and 678 Hz probe tones. On the other hand, for 1000 Hz probe tone, the % of ears with single peaked tympanogram decreases and % of ears with double peaked tympanogram increases with age. The ARTs at 500 Hz and 2000 Hz were present in all infants. But ARTs were present in 83.6% and 86.4% of ears when 226 Hz and 1000 Hz probe tones were used. Quantitative analysis was done using appropriate statistical tools which showed significant effect of age and probe tone frequency on tympanometric and ART measures.

Keywords: Tympanometric peak pressure, peak compensated static acoustic admittance, acoustic reflex threshold, ear canal volume


Introduction
In the last few years, with the accelerating implementation of Universal new born hearing screening programs, there is rapid growth of pediatric population being tested and hence there is a crucial need for assessing middle ear function to distinguish sensorineural hearing loss from middle ear pathology. Nevertheless, the identification of hearing loss type is very important because the course of medical and audiological treatment differs for conductive and sensorineural hearing  impairment.  Although conductive hearing loss is often temporary in nature, if it is not treated during the early years of life, it can have serious complications in speech and language development of the child. Moreover, in young children, the incidence of middle ear problems is very high. Approximately 70 to 90% of all children are affected by otitis media with effusion at some time before school age and more than 50% in their first year of life (Harris, Hutchinson & Moravec, 2005).

Currently, immittance measurement is a very promising physiologic test that could address the need to differentiate conductive hearing loss from sensorineural hearing loss. Clinical immittance measures can be broadly separated into two general areas  tympanometry  and  acoustic  reflex  measures.
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Tympanometric measures provide useful information regarding middle ear and Eustachian tube function, including indicators of the presence or absence of middle ear effusion, patency of pressure equalization tubes and the presence of tympanic membrane perforations. Acoustic reflex measures provide information related to the function of the middle ear and the sensory, neural and motor pathways associated with acoustic reflex arc.

Tympanometry

The most commonly used probe tone frequency for tympanometry is 226 Hz. This probe tone has some definitive advantages for testing the adult ear because the adult middle ear system is stiffness-controlled at this frequency. The 226 Hz probe tone is below the normal adult resonance which lies between 650 Hz and 1400 Hz, so the effects of mass and friction are minor (Lantz, Petrak & Prigge, 2004). Peak compensated static acoustic admittance, peak pressure and ear canal volume are used routinely in interpreting standard low frequency tympanograms.

The use of conventional tympanometry using 226 Hz probe tone frequency to detect middle ear dysfunction for infants aged less than 7 months may produce erroneous test outcomes despite its successful application to adults and older children, due to poor sensitivity in identifying middle ear effusion in infants. For instance, Paradise, Smith & Bluestone (1976) reported type A tympanograms (normal static admittance and normal middle ear pressure) based on
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Liden / Jerger classification system (Liden, 1969; Jerger, 1970), coexisting with confirmed middle ear effusion in that age group. In addition, low probe tone frequency has also produced flat tympanograms, indicating otitis media with effusion under the Jerger / Liden classification system, in neonates with normal middle-ear function (Keefe & Levi, 1996; Rhodes, Margolis, Hirsch & Napp, 1999). Furthermore, tympanograms obtained using 226 Hz probe tones produces different shaped tympanograms in infants compared with adults and older children. Low frequency probe tone tympanograms are more likely to show notching or complex patterns in infants (Holte, Cavanaugh & Margolis, 1991; Keith 1975; McKinley, Grose & Roush, 1997; Keith, 1973; Sprague, Wiley, & Goldstein, 1985; Holte et al., 1991). This makes it difficult to apply the traditional type A, B, C tympanogram classification scheme in infants.

Although the exact cause for the differences between tympanometric patterns remain unclear, these spurious middle-ear findings obtained with 226 Hz probe tones have been attributed to the fact that an infant’s middle ear is a mass dominated system and has a lower resonant frequency, in sharp contrast to the adult ear, which is a stiffness dominated system (Holte et al., 1991).

Many investigations have documented the effects of maturation on the outer ear and middle ear in infants and children. Such effects include the development of the osseous external auditory meatus during the first 12 months of life (Anson & Donaldson, 1981), rapid increases in all dimensions of the external auditory meatus during the first 2 years of life (Keefe, Fitzpatrick, Liu, Sanford & Gorga,1993), increase in the size of the middle-ear cavity and mastoid with temporal bone growth and increase in the size of the antral and mastoid sinuses throughout childhood (Eby
& Nadol, 1986; Anson & Donaldson, 1981), fusion of the tympanic annulus with the temporal bone (Anson, Bast & Richany, 1955; Anson & Donaldson, 1981), increased orientation of the tympanic  membrane within the vertical plane (Eby & Nadol, 1986), ossification of the bone marrow within parts of the malleus and incus that is followed by transformation into vascular channels by 25 months of age (Yokoyama, Lino, Kakizaki, & Murakami, 1999).

The resonant frequency of the neonatal tympanic membrane is also reported to be much lower than in adults (Weatherby & Bennett, 1980; Holte, 1991). Meyer, Jardine and Deverson (1997) measured the resonant frequency of the ear of one infant from two weeks to six and a half months old and found that it remained below 550 Hz until she was 14 weeks old.

Adult middle ear resonant frequency of 800 Hz - 1200 Hz (Silman & Silverman, 1991) was reached by three to four months. This supported the theory that the infant middle ear changes from a mass- to stiffness- dominated system, and that tympanometry using 226 Hz probe tone is not appropriate below this age. This is also supported by study done by Baldwin (2006) where it was reported that tympanometry using 226 Hz is invalid below 21 weeks of age in infants.

Many studies on using high frequency probe tones for tympanometry have been explored over the past 30 years focusing on the use of a higher frequency probe tone such as 660 or 678 Hz (Himelfarb, Popelka and Shanon, 1979; Marchant, McMillan, Shurin, Johnson, Turczyk, Feinstein & Panek, 1986). This probe tone frequency was initially considered to be more relevant for neonates, as more accurate diagnosis of middle-ear effusion was achieved using the 660 / 678 Hz than using the traditional 226 Hz probe tone (1986). Paradise et al. (1976), Marchant et al., (1986) and Shurin, Pelton and Finklestein (1977) performed tympanometry using 678 Hz probe tone frequency on young infants less than 5 months of age and found it to be valid and also reported that susceptance tympanograms using a high probe tone frequency (660 Hz) correlated well with the middle ear diagnosis. However, Keefe and Levi (1996) reported that probe tones higher than 668 Hz are likely to be more effective in diagnosing middle ear dysfunction in neonates. This was further supported by the research findings of Williams, Purdy and Barbar (1995) and Rhodes et al. (1999), Margolis, Bass-Ringdahl, Hanks, Holte and Zapala (2003) who found that the use of a 1000-Hz probe tone yielded more accurate diagnosis of middle-ear pathology than 678 Hz.

Tympanometry using 1000 Hz probe tone seems to be the most recommended (JCIH 2007; ASHA, 2004; Kei et al., 2003; Margolis et al., 2003; Baldwin, 2006). There are evidences to support the application of 1000 Hz probe tone frequency in children from birth to 4 months (Baldwin, 2006).

Acoustic reflex measures

Acoustic reflex measures include measurement of acoustic reflex threshold. Acoustic reflex threshold refers to the minimum intensity at which the stapedius muscle contraction is exhibited which is measured as reduction in the admittance of the ear to a particular criterion value. The usually considered criterion value for the presence of acoustic reflex is change in the admittance value of 0.03 mmhos. The ability to elicit a reflex and to obtain acoustic reflex thresholds in neonates and infants depends on probe-tone frequency




used. Early attempts to record acoustic reflexes from healthy neonates using a low frequency probe tone (i.e. either 220 or 226 Hz) were unsuccessful (Keith & Bench, 1978; McMillan, Bennett, Marchant & Shurin, 1985; Weatherby & Bennett., 1980). For instance, Keith (1973) reported the presence of only 36% of acoustic reflexes in 40 neonates ranging in age from 36 to 151 hours after birth.

Many studies are being done on the measurement of contralateral acoustic reflexes (Keith, 1973; Keith & Bench, 1978; McCandless & Allred, 1978). McCandless & Allred (1978) have reported elevated acoustic reflex thresholds in neonates compared to adults when using 660 Hz probe tone. Weatherby and Benett (1980) however found that acoustic reflex thresholds decreased with increased probe frequency. McMillan, Bennett, Marchant & Shurin (1985) concluded that ipsilateral thresholds are more sensitive than contralateral thresholds and ipsilateral testing with a 660 Hz probe tone detects a higher percentage of reflexes in neonates than testing with a 220 Hz probe tone.

Using a probe tone of 660 Hz, Sprague et al. (1985) reported a higher percentage of acoustic reflexes in neonates when their ears were stimulated by a 1000 Hz tone and a broadband stimulus ipsilaterally. Despite the higher percentage of presence of acoustic reflexes using the 660-Hz probe tone, the target of 100% presence of acoustic reflexes in healthy neonates has never been achieved in this study. However, when a high frequency probe tone (1000 Hz) and a broadband activator were used, Weatherby and Bennett (1980) were able to obtain acoustic reflexes in all 44 healthy neonates (100%), aged 10 to 169 hours.

Among some of the recent studies to support the measurement of acoustic reflexes using 1000 Hz probe tone in infants, a study done by Swanepoel, Werner, Hugo, Louw, Owen and Swanepoel (2007) reported the high incidence of presence of acoustic reflexes (94%) in the neonates for 1000 Hz ipsilateral stimulus to the use of a 1000 Hz probe tone. Their results showed that the 1000 Hz probe tone reflex thresholds for a 1000 Hz stimulus in normal neonates are elevated by approximately 10 dB compared with conventional adult acoustic reflex thresholds using a 226 Hz probe tone. Mazlan, Kei, Hickson, Stapleton, Grant, Lim and Gavranich (2007) suggested the need to have separate sets of normative data for infants at birth and 6 -7 weeks.

Despite numerous studies indicating the relevance of

high frequency tympanometry, limited normative data are available for 1000 Hz tympanometry. The clinical utility of tympanometry has been clearly established for all populations except infants less than 1 year of age. Unfortunately, there has been little research and insufficient data comparing low (226 Hz) and high frequency (668 Hz & 1000 Hz) tympanometry and acoustic reflex threshold results obtained from infants at various developmental stages throughout the  first year of life for routine use. It is also clinically important to confirm that acoustic reflexes are present in all normal neonatal and infant ears when a probe tone of 1000 Hz is used. It is therefore not certain if the acoustic reflex thresholds obtained from healthy neonates at birth are different to those obtained at 1 year as during this period, rapid development of the ear takes place which may change the tympanometric values as well as acoustic reflex thresholds.  Hence there is a need for age specific data based on chronological age in months in infants to be used in assessing middle ear function and to improve the diagnostic utility of tympanometry in young infants.

Hence, the present study was taken to establish various tympanometric measures in infants using 1000 Hz probe tone and to know how the tympanometric measures differ in infants for 226 Hz, 668 Hz and 1000 Hz probe tone frequency by documenting the changes in tympanometric findings across different age groups in infants and also to know how the acoustic reflex thresholds (ipsilateral) for 500 Hz, 2000 Hz and 4000 Hz pure tones varies with 226 Hz and 1000 Hz probe tone in infants.

Method
Participants

Seventy infants (140 ears) in the age range of 2 to 12 months participated in the present study. Seventy infants were further divided into 4 subgroups based on their age with 25 infants in the age group of 2 – 4 months, 15 infants each in the age groups of 4 – 6 months, 6 – 8 months and 8 – 12 months respectively. All the infants had normal otoscopic examination indicating absence of external and middle ear pathology. They were healthy with no symptoms of cold or ear discharge at the time of assessment. They had no complaints and prior histories of any high risk factors or neurological symptoms. All the infants had age appropriate minimum response levels in behavioral observation audiometry, normal outer hair cell functioning ensured by recording TEOAEs and normal hearing sensitivity ensured by recording ABR




Instrumentation

An otoscope was used to observe the status of external auditory canal and tympanic membrane. A calibrated two channel diagnostic audiometer Madsen  Orbiter- 922 (version 2) with impedance matched loudspeakers was used to present stimuli for behavioral observation audiometry (BOA). A calibrated otoacoustic emission system ILO - V6 was used to record transient evoked otoacoustic emissions (TEOAEs) to examine the status of outer hair cells. Intelligent Hearing Systems Smart EP version 3.94 evoked potentials system was used to record auditory brainstem responses (ABR). A calibrated Grason Stadler Inc. - tympstar middle ear analyzer (version 2) was used to carry out tympanometry and acoustic reflexometry.

Test Environment

All the tests were carried out in a sound treated room where ambient noise level was within the specified limits as per ANSI S3.1 (1991). The test room was made comfortable enough for the infants in terms of temperature and light.

Procedure

Case history: Detailed information regarding the history of prenatal, natal and postnatal medical conditions was secured for all the infants. A detailed report regarding the auditory behavior of infants at home for various environmental sounds like  calling bell, voices from TV or radio, pressure cooker whistle etc was obtained from the parents or caregivers.

High Risk Register: Medical reports were reviewed to make sure that all the infants were devoid of various risk factors and other medical conditions. This  was done by administering the modified high risk register (HRR) developed by Anitha and Yathiraj (2001) to rule the high risk factors in infants.

Otoscopic examination: The visual examination of the ear canal and the tympanic membrane of infant’s ear were done using a hand held otoscope. This was done to rule out the presence of wax, foreign bodies in the ear canal and/or tympanic membrane pathologies.

Behavioral Observation Audiometry (BOA): The behavioral responses (minimum response level) of the infants were observed in the free field condition using warble tones from 500 Hz to 4000 Hz separated in octaves and speech stimuli. The lowest levels of presentation of each of the stimuli, at which the subject exhibited some sort of auditory behavior was noted down.

Transient evoked otoacoustic emissions (TEOAEs): TEOAE were obtained using ILO - V6 instrument with a foam tip positioned in the external auditory canal so as to give a flat stimulus spectrum across the frequency range. Stimuli were clicks with a band pass filter encompassing 500 Hz - 6000 Hz. The overall SNR of greater than or equal to +3 dB and the reproducibility of greater than 50% were considered (Dijk & Wit, 1987) for the presence of otoacoustic emissions to determine normal outer hair cell functioning.

Auditory brainstem response (ABR): Single channel click evoked ABR was recorded in infants using IHS Smart EP system with insert ear phone (ER- 3A) using repetition rate of 11.1/sec and filter setting of 30-3000 Hz with analysis time of 15 ms. Initially

electrode sites were cleaned with the help of skin preparing gel. Vertical electrode montage was used where the non inverting electrode is placed on high forehead, inverting on the test ear mastoid and common on the non test ear mastoid. Electrodes were placed on the recording sites with the conduction paste and then were fixed with the help of surgical tape. It was ensured that the independent electrode impedance was less than 5 kΩ and inter electrode impedance was within 2 kΩ. The subjects were considered to have normal hearing sensitivity if the ABR wave V was clearly seen at 30 dB nHL.

Tympanogram measurements: Tympanometry was carried out by placing appropriate sized probe tip that comfortably fits into the ear canal of the infant  to obtain hermetic seal. The tympanograms were recorded over a pressure range of +400 to -600 daPa with a positive to negative sweep with the pump speed of 200 daPa /sec for 3 different probe tone frequencies 226 Hz, 678 Hz and 1000 Hz. The probe intensity used was 85 dB SPL for 226 Hz and 678 Hz probe tones and 75 dB SPL for 1000 Hz probe tone frequency. The tympanometric measures such as TPP, Y+400 and ECV using 226 Hz probe tone frequency, TPP, Y+400 and Y- 600 using 678 Hz and 1000 Hz probe tone frequencies were obtained across different age groups from 2–12 months. These tympanometric parameters were obtained from tympanogram automatically when recorded using 226 Hz probe tone frequency where as when 678 Hz and 1000 Hz probe tone were used, TPP, Y+400 and Y-600 measures were obtained manually with the help of cursor since these measures could not be obtained automatically as compensated tympanograms. To obtain these parameters the following procedures were followed:

Tympanometric peak pressure (TPP): Tympanometric peak pressure was obtained by moving the cursor to the




peak of the tympanogram at which the admittance value was maximum and the corresponding pressure in the x- axis was considered as TPP.

Peak compensated static acoustic admittance compensated with +ve tail (Y+400): Peak compensated static acoustic admittance compensated with +ve tail (Y+400) was obtained by manual subtraction of static acoustic admittance at the +ve tail (Y1) from the admittance at the peak pressure / peak admittance (Y).

Peak compensated static acoustic admittance compensated with -ve tail (Y-600): Peak compensated static acoustic admittance at the -ve tail (Y-600) was obtained by manual subtraction of static acoustic admittance at the -ve tail (Y2) from the admittance at the peak pressure / peak admittance (Y).

To obtain Y+400 and Y-600, the Peak admittance (Y), static acoustic admittance at the +ve tail (Y1) and static acoustic admittance at the -ve tail (Y2) values were recorded. Peak admittance (Y) was obtained by moving the cursor to peak of the tympanogram and the corresponding admittance at the y - axis was considered as peak admittance (Y). Static acoustic admittance at the +ve tail (Y1) was obtained by moving the cursor to the +ve tail of the tympanogram at +400 daPa and the corresponding admittance at the y - axis was considered as Y1 and static acoustic admittance at the -ve tail (Y2): This was obtained  by moving  the cursor to the -ve tail of the tympanogram at -600 daPa and the corresponding admittance at the y - axis was considered as Y2.
Acoustic reflex measurements: Ipsilateral acoustic reflex thresholds (ARTs) were measured for pure tone stimuli of 500 Hz, 2000 Hz and 4000 Hz using 226 Hz and 1000 Hz probe tone. ART for 1000 Hz pure tone was not recorded as 1000 Hz probe tone might interact with the reflex activator signal frequency, causing an artifact (Wilson & Margolis, 2001). Acoustic reflex thresholds were determined using an ascending technique by increasing the intensity of the activating stimuli in 5 dB steps from 60 dBHL as the staring intensity until reflex was obtained or equipment limit was reached. The minimum intensity at which the repeaTable change in the admittance value is observed by taking the criterion as 0.03 mmhos was considered as an acoustic reflex threshold (ART).

Analysis: To arrive at the goal, qualitative and quantitative analyses were done. Qualitative analysis was done based on simple visual inspection system for tympanograms obtained for 226 Hz, 678 Hz and 1000 Hz probe tones and by obtaining frequency of acoustic reflex thresholds. Quantitative analysis was done by

obtaining TPP, Y+400, Y-600, ECV values with ipsilateral acoustic reflex thresholds at 500 Hz, 2000 Hz and 4000 Hz for different probe tone frequencies across age groups. The data obtained for various tympanometric measures and ART for each probe tone frequency across each age group was compared using appropriate statistical analysis.

Results and Discussion
Qualitative analysis: The qualitative analysis of tympanograms using 226 Hz probe tone showed single peaked tympanogram in 36 ears (72%), a double peaked tympanograms in 14 ears (28%) in 2-4 months age group. Single peaked tympanogram in 28 ears (93.3 %), a double peaked tympanograms in 2 ears (6.6
%) were obtained in 4–6 months age group and single peaked tympanogram in all 30 ears were obtained in 6– 8 months and 8–12 months age group respectively. The qualitative analysis of tympanograms using 678 Hz probe tone showed single peaked tympanogram in 17 ears (34 %), a double peaked tympanograms in 28 ears (56%), inverted/ V shaped tympanogram in 3 ears (6%) and more than two peaks in 2 ears (4%) in 2–4 months age group. Single peaked tympanogram in 13 ears (43.3%), a double peaked tympanograms in 15 ears (50%), inverted / V shaped tympanogram in 2 ears (6.6%) were obtained in 4–6 months age group. Single peaked tympanogram in 22 ears (73%), a double peaked tympanogram in 8 ears (27%) were obtained in 6–8 months age group. Single peaked tympanogram in 23 ears (76.6%), a double peaked tympanogram in 7 ears (23.3%) were obtained in 8–12 months age group.

When 226 Hz and 678 Hz probe tones were used, the percentage of ears with single peaked tympanogram increases as the age increases. This type of single peaked tympanogram is similar to the type A tympanograms in the conventional Liden / Jerger classification (Liden, 1969; Jerger, 1970) found in adults and older children with normal middle ear function. On the other hand, the percentage of ears with double peaked tympanogram decreases as  age increases. This could be attributed to the anatomical changes in the external and middle ears leading stiffness controlled middle ear system as age increases when 226 Hz and 678 Hz probe tones were used. The percentage of ears with double peaked tympanogram, tympanogram with two or more peaks and inverted / V shaped tympanogram at 678 Hz probe tone is more in younger age groups (2 – 4 months and 4 – 6 months) which could be reflective of increased mass and resistance with concomitant decreased resonant frequency in younger age groups (Himelfarb, 1979).




The qualitative analysis of tympanogram using 1000 Hz probe tones showed single peaked tympanogram in 44 ears (88%), a double peaked tympanograms in 6 ears (12%) in 2–4 months age group. Single peaked tympanogram in 18 ears (60%), a double peaked tympanograms in 12 ears (40%) were obtained in 4 – 6 months age group. Single peaked tympanogram in 13 ears (43.3%), a double peaked tympanogram in 17 ears (56.6%) were obtained in 6–8 months age group. Single peaked tympanogram in 13 ears (43.3%), a double peaked tympanogram in 17 ears (56.6%) were obtained in 8–12 months age group. When 1000 Hz probe tone was used, the percentage of ears with single peaked tympanogram decreases as the age increases. On the other hand, the percentage of ears with double peaked tympanogram increases as age increases. This could be attributed to the anatomical changes in the external and middle ears leading stiffness controlled middle ear system as age increases when 1000  Hz probe tone was used. The higher incidence of double peaked tympanograms (56.6%) in the older (both 6–8 months and 8–12 months) age groups in the present study suggest that double peaked tympanograms are indicative of normal middle ear transmission and also correspond to previous reports suggesting that double peak tympanograms are not uncommon and are suggestive of normal middle ear transmission for 1000 Hz probe tone measurements. This occurrence of double peaked tympanograms using 1000 Hz  probe tone in 1.2% of normal neonates was also reported by Kei et al., (2003). However, in a more recent study done by Swanepoel et al., (2007) also reports double peaked tympanograms in 6% of ears in the normal neonates when 1000 Hz probe tone was used.

The frequency of occurrence of ipsilateral acoustic reflex threshold from 140 healthy infant ears using 226 Hz and 1000 Hz probe tone revealed that all infants had presence of acoustic reflex thresholds when 226 Hz and 1000 Hz probe tone was used with reflex activating signal of 500 Hz and 2000 Hz. But for reflex activating signal of 4000 Hz, reflexes could be elicited in 117 ears (83.6%) and 121 ears (86.4%) for 226 Hz and 1000 Hz probe tones respectively. It can be seen that ART could be elicited using 226 Hz and 1000 Hz probe tones in all the infant ears for 500 Hz and 2000 Hz reflex activating signals in the present study. These results of the present study is not in agreement with the previous studies where the attempts to record acoustic reflexes from healthy neonates using a low frequency probe tone (i.e. either 220 or 226 Hz) were unsuccessful (Keith & Bench, 1978; McMillan et al., 1985; Weatherby & Bennett, 1980).

Quantitative analysis: Quantitative measurements are used  together  with  qualitative  data  to  characterize

tympanograms with greater precision. For the quantitative measurements, according to the criteria employed by Shahnaz, Mirinda and Polka (2008) for double-peaked tympanograms at 1000 Hz, the peak admittance were calculated from the notch between the maxima. In contrast, Margolis et al., (2003) calculated the peak admittance from the highest peak in double- peaked tympanograms. Sutton, Baldwin and Brooks (2002) recommended negative peak to calculate peak admittance. Since there were no standard consistent procedures to obtain admittance measures for tympanometric patterns other than single peaked tympanograms, the tympanograms which were nondiscernable such as double peaked, inverted / V shaped and tympanogram with more than two peaks were not considered in the present study for statistical analysis.

From the tympanograms obtained from 70 infants (140 ears), 124 ears, 75 ears and 88 ears had single peaked tympanogram for 226 Hz, 678 Hz and 1000 Hz respectively. TPP, Y+400, Y-600 and ECV values from single peaked tympanograms were obtained and were analysed using Statistical Package for the Social Sciences (SPSS) version 17 software.

Effect of age and probe tone frequency on TPP: Descriptive statistics was done to obtain mean and standard deviation of TPP for each age range and each probe tone frequency separately and is shown in Table 1.

The mean values of TPP is more positive for infants of younger age groups (2–4 months & 4–6 months) and more negative for infants of older age groups (6–8 months & 8–2 months). However among the younger age groups, the mean TPP is more for 2–4 months than 4–6 months infants. Since during the testing infants of 2–4 and 4–6 months were sleeping in the present study, this slight positive mean TPP observed in the infants of 2–4 months and 4–6 months can be attributed to occurrence of positive middle ear pressure while sleeping. It has been reported in adults by Hergil and Magnuson (1989) that while sleeping the partial pressure of carbon dioxide increases, thus contributing to positive pressure in the middle ear. Studies have not yet conducted in infants to prove this finding. Another possibility could be due to alterations in the anatomy of the infant ear which can also contribute to more positive TPP in the infants of other age groups.

To see the effect of age on TPP, one way analysis of variance (ANOVA) was done at each probe tone frequencies. The results showed that there was significant difference in TPP across age groups for 226




Table 1: Mean and Standard Deviation (S.D) for TPP in daPa across age groups for different probe tone frequencies

Probe tone frequencies

226 Hz
TPP ( in daPa)

678 Hz
TPP ( in daPa)

1000 Hz
TPP ( in daPa)

	Age groups
	N
	Mean
	S.D
	N
	Mean
	S.D
	N
	Mean
	S.D

	2 - 4 months
	36
	20.69
	28.38
	17
	31.76
	28.55
	44
	7.27
	48.84

	4 - 6 months
	28
	10.35
	32.74
	13
	4.61
	34.42
	18
	2.36
	60.58

	6 - 8 months
	30
	-19.33
	59.43
	22
	-15.90
	62.88
	13
	-16.92
	50.97

	8 – 12 months
	30
	-14.50
	53.58
	23
	-12.82
	66.39
	13
	8.07
	77.25





Hz probe tone [F(3, 120)=5.91, p< 0.05] and 678 Hz probe tone [F(3, 71)=3.05, p< 0.05].

However there was no significant difference in TPP [F (3, 85) = 0.658, p > 0.05] across age groups for 1000 Hz probe tone. As one way ANOVA showed significant difference between age groups for 226 Hz and 678 Hz probe tones on TPP, further analysis using the Duncan post hoc analysis test was done to see between which two age groups, TPP differ significantly. The results of Duncan post hoc test for each probe tone frequency showed that when 1000 Hz probe tone was used there was no age effect seen on TPP. When 226 Hz probe tone was used, there was significant age effect seen between younger (2 – 4 months & 4 – 6 months) and older (6 – 8 months & 8– 12 months) infants. When 678 Hz probe tone was used, there was significant age effect seen between infants of 2–4 months age group and other age groups.

However there was no significant difference in TPP [F(3, 85)=0.658, p>0.05] across age groups for 1000 Hz probe tone. As one way ANOVA showed significant difference between age groups for 226 Hzand 678 Hz probe tones on TPP, further analysis using the Duncan post hoc analysis test was done to see between which two age groups, TPP differ significantly. The results of Duncan post hoc test for each probe tone frequency showed that when 1000 Hz probe tone was used there was no age effect seen on TPP. When 226 Hz probe tone was used, there was significant age effect seen between younger (2–4 months & 4–6 months) and older (6–8 months & 8–12 months) infants. When 678 Hz probe tone was used, there was significant age effect seen between infants of 2–4 months age group and other age groups.
These results of the present study are in accordance with the previous study done by Mazlan et al., (2007) where they compared TPP measures between neonates at birth and at 6 weeks of age using 1000 Hz probe tone and reported that the TPP did not show any significant change with age. The results of the present


study can also be supported by results of study done by Alaerts, Luts and Wouters (2007) where they reported no significant differences between the 3 to 9 month and the 9 to 32 months age groups with regard to TPP with 1000 Hz probe tone.

To see the effect of probe tone frequency on TPP, Paired sample t - test was done at each age group. Results of paired t - test comparing different probe tone frequencies on TPP for each age group showed that, there was significant difference for TPP between 226 Hz and 1000 Hz [t(12)=-3.13, p<0.05)] and, 678 Hz
and 1000 Hz [t(10)=-4.25, p<0.05] at 8 to 12 months. However no significant difference for TPP between probe tone frequencies were seen at 2 - 4 months, 4-6 months and 6-8 months

This difference in TPP between 226 Hz and 1000 Hz and, 678 Hz and 1000 Hz probe tone frequencies at 8-
12 months could be attributed to alterations in the middle ear pressure when probe tone frequency  of 1000 Hz of probe intensity 75 dB SPL is presented. The possible explanation for difference in TPP between 226 Hz and 1000 Hz and, 678 Hz and 1000 Hz at 8–12 months may be related to sound pressure  level delivered to the infant’s ear. As the 1000 Hz probe tone was calibrated using 2 ml cavity in the present study, which is larger than ear canal of infants, the sound pressure actually presented to the ear canal would have been greater than 75 dB SPL, which in turn could have led to increase in TPP.

Effect of age and probe tone frequency on Y+400: Descriptive statistics was done to obtain mean and standard deviation  of  Y+400, for  each  age range and each probe tone frequency separately as given in Table
2. As shown in Table 2, the mean values of Y+400 increased as probe tone frequency increased for infants of older age groups (6–8 months & 8–12 months). However among the younger age groups (2–4 months
& 4–6 months) there was no specific trend of increase or decrease in admittance seen with increase in probe tone frequency.




Table 2: Mean and Standard Deviation (S.D) for Y+400 in mmho across age groups for different probe tone frequencies

Probe tone frequencies

226 Hz
Y+400   (in mmho)

678 Hz
Y+400   (in mmho)

1000 Hz
Y+400   (in mmho)

	Age groups
	N
	Mean
	S.D
	N
	Mean
	S.D
	N
	Mean
	S.D

	2 – 4 months
	36
	0.55
	0.64
	17
	0.47
	0.24
	44
	1.23
	0.46

	4 - 6 months
	28
	0.50
	0.29
	13
	0.85
	0.55
	18
	0.82
	0.37

	6 – 8 months
	30
	0.69
	0.34
	22
	0.85
	0.44
	13
	1.01
	0.37

	8 - 12 months
	30
	0.44
	0.19
	23
	0.82
	0.44
	13
	0.88
	0.46




To see the effect of age on Y+400, one way analysis of variance (ANOVA) was done at each probe tone frequencies. The results showed that there was significant difference in Y+400  across age groups for 226 Hz [F(3, 120)=4.24, p<0.05], 678 Hz F(3, 71) =
3.30, p<0.05] and 1000 Hz [F(3, 84)=4.89, p > 0.05]
probe tones. As one way ANOVA showed significant difference between age groups 226 Hz, 678 Hz and 1000 Hz probe tones on Y+400, further analysis using the Duncan post hoc analysis test was done to see between which of the two age groups, Y+400 differ significantly. The results of the Duncan post hoc analysis show that, there was significant difference seen between infants in the age range of 2-4 months and older age groups (4–6 months, 6–8 months & 8-12 months) on Y+400 values, when 678
Hz and 1000 Hz probe tones were used. When 226 Hz probe tone was used, Y+400 values in infants in the age range of 6–8 months, differed significantly from other age groups (2 - 4 months, 4-6 months & 8–12 months).

The results of the present study are contradicting to the study done by Mazlan et al., (2007) where they reported that there was significant age effect seen on Y+200 i.e. with increase in age Y+200 values increases. They reported that the mean Y+200 values of neonates at birth were 0.78 mmhos and over the 6-week period, it increased to 1.01 mmhos when 1000 Hz probe tone was used. Similar results were reported by Swanepoel et al. (2007) where there were statistically significant differences in peak admittance values reported for neonates at birth and older neonates of 4 weeks of age indicating a general increase in admittance with increasing age for 1000Hz probe tone tympanometry. A study done by Alaerts et al. (2007) also reported significant differences between the <3 months and 3 to 9 months age groups with regard to Y+200 with a 226- Hz probe tone and 1000Hz probe tone and there was increase in Y+200 values with age for both 226 Hz and 1000 Hz tympanometry. However, this

trend of increase in Y+400 with age which is reported in the previous studies is not observed in the present study. The possible reasons for the discrepancy between the present study and previous research could be that in the present study the static acoustic admittance is compensated with +ve tail of the tympanogram at +400 daPa. However in the previous studies, the static acoustic admittance is compensated with +ve tail of the tympanogram at +200 daPa. This difference could have led to contradicting results in the present study. However there are no supporting studies comparing Y+400 values between age groups.
To see the effect of probe tone frequency on Y+400 , Paired sample t - test was done at each age group. At 2- 4 months, there was significant difference between 226 Hz & 1000 Hz [t (29)=-5.77, p<0.05)] and 678 Hz &
1000 Hz [t (16)=-7.81, p<0.05]. At 4-6 months there was significant difference between 678 Hz & 1000 Hz [t (9)=-4.06, p<0.05]. At 6-8 months, there was significant difference between 226 Hz & 1000 Hz [t (12)=-1.98, p<0.05) and 678 Hz & 1000 Hz [t (12)=-
2.37, p<0.05]. At 8-12 months there was significant difference between 226 Hz & 678 Hz [t (22)=-3.90, p<0.05] and 226 Hz & 1000 Hz [t(12)=-3.58, p< 0.05].

This difference in Y+400 values between 226 Hz, 678 Hz and 1000 Hz probe tone frequencies as seen in the present study are in agreement with results obtained by Alaerts et al. (2007) where they reported that there is increase in Y+200 values with increase in probe tone frequencies in infants of 3–9 months age group. However there are no supporting studies comparing Y+400 values between probe tone frequencies i.e. when the static acoustic admittance is compensated with the
+ ve tail of the tympanogram at +400 daPa.

Effect of age and probe tone frequency on Y-600: Descriptive statistics was done to obtain mean and standard deviation of Y-600 for each age range and each probe tone frequency separately as given in Table 3.



Table 3: Mean and Standard Deviation (S.D) for Y-600 in mmho across age groups for different probe tone frequencies

Probe tone frequencies

678 Hz
Y-600 (in mmhos)

1000 Hz
Y-600 (in mmhos)



Age groups	N	Mean	S.D	N	Mean	S.D

	2 - 4 months
	17
	0.98
	0.40
	43
	1.77
	0.61

	4 – 6 months
	13
	1.22
	0.70
	18
	1.40
	0.47

	6 – 8 months
	22
	1.21
	0.43
	13
	1.49
	0.43


  8 –12 months	23	1.07	0.46	13	1.25	0.53 	

Table 4: Mean and Standard Deviation (S.D) for ECV across age groups

	Age groups (months)
	
	226 Hz
	

	
	N
	Mean (ml)
	S.D

	2 -  4 months
	50
	0.43
	0.10

	4 -  6 months
	30
	0.52
	0.15

	6 – 8 months
	30
	0.59
	0.12

	8 – 12 months
	30
	0.66
	0.13


N: number of ears


As it is shown in Table 3, there was no specific trend seen in mean Y-600 values obtained for different age groups for different probe tone frequencies. There was general trend of decreasing Y-600 values with age when 1000 Hz probe tone was used. But however there was no similar trend observed when 678 Hz probe tone was used. The mean values showed that Y-600 values are more for when 1000 Hz probe tone was  used  than when 678 Hz probe tone was used.

To see the effect of age on Y-600, one - way ANOVA was done at each probe tone frequency. The results showed that there was significant difference in Y-600 across age groups for 1000 Hz probe tone [F(3, 83)=3.84, p<0.05]. However, there was no significant difference in Y-600 [F (3, 91)=0.91, p>0.05] across age groups for 678Hz probe tone. As one way ANOVA showed significant difference between age groups for 1000 Hz probe tone on Y-600, further analysis using the Duncan post hoc analysis test was done to see between which of the two age groups, Y-600 differ significantly. The results of Duncan post hoc test for each probe tone frequency showed that there was significant difference between 2-4 months and 8-12 months for Y-600 values when 1000 Hz probe tone was used. This could be attributed to the middle ear stiffness and mass contributions on Y-600. At 8-12 months middle ear becomes more stiffness dominated and at 2–4 months middle ear is mass dominated. Hence when 1000 Hz probe tone was used the change in admittance could have been different between two groups of infants. When 678 Hz probe tone was used, there were no age effects seen. However, none of the other studies have

reported age effects on Y-600 using 678 Hz and 1000 Hz probe tones.

To see the effect of probe tone frequency on Y-600, Paired sample t test was done at each age group. The results showed that there was significant difference between 678 Hz & 1000 Hz at 2–4 months [t(16)= - 6.57, p<0.05], 4–6 months [t(9)=-7.35, p<0.05] at 6–8
months [t (12) = -3.59, p < 0.05]. However, there was no significant difference between 678 Hz & 1000 Hz [t (10)=-0.39, p>0.05] at 8-12 months.

The results of the present study could be attributed to the middle ear stiffness and mass contributions along with the resonant frequency of the middle ear on Y-600. At 8-12 months middle ear become more stiffness dominated and the resonant frequency becomes high and in the younger age group infants (2-4 months, 4–6 months & 6 - 8 months) middle ear is mass dominated and resonant frequency of the middle ear is low. Hence the change in admittance for 678 Hz probe tone and for 1000 Hz probe tone could have been different between infants of 8–12 months and younger age groups. However, none of the studies have evaluated effects of different probe tone frequency on Y-600.
Effect of age on ECV: Descriptive statistics was done to obtain mean and standard deviation of ECV values for each age range and each probe tone frequency separately as given in Table 4. There was general trend of increasing ECV values with age when 226 Hz probe tone was used.




To see the effect of age on ECV, one way analysis of variance (ANOVA) was done. The results showed that there was significant difference in ECV [F(3, 136)=22.41, p < 0.05] across age groups. As one way ANOVA, showed significant difference between age groups, further analysis using the Duncan post hoc analysis test was done to see between which of the two age groups, ECV differ significantly. The results of Duncan post hoc test showed that ECV values differ significantly between all the age groups.

The mean ear canal volume values clearly increased from 0.43 ml to 0.66 ml as age increased from 2–12 months in the present study. The mean ECV values in the present study are in agreement with previous studies done by Margolis & Heller (1987) where ECV values were reported to be 0.3 ml to 1 ml between children of 6 weeks to 7 years. The increase in EVC values with increase in age could be attributed to anatomical developmental changes in the external ear in terms of its increase in length and diameter in the first few years of life that influence its acoustical properties (Shanks & Lilly, 1981). Such developmental changes include the development of the osseous external auditory meatus during the first 12 months of life (Anson & Donaldson, 1981), rapid increase in all dimensions of the external auditory meatus during the first 2 years of life (Keefe et al., 1993).

Effect of age and probe tone frequency on ART at 500 Hz: Descriptive statistics was done to obtain mean and standard deviation of ART at 500 Hz for each  age group and each probe tone frequency separately as given in Table 5. As it is shown in Table 5, the mean ART at 500 Hz inferred no specific trend with respect to increase / decrease in ARTs across age groups and also that ART at 500 Hz for 226 Hz probe tone is much higher than for 1000 Hz probe tone frequency across all the age groups.

To see the effect of probe tone frequency on ART at 500 Hz, Paired sample t test was done at each age group. The results of the paired sample t test showed that there was significant difference in ART at 500 Hz between 226 Hz and 1000 Hz probe tone frequency at 2-4  months  [t(49)  =11.22,  p<0.05],    at  4–6  months
[t(29) =11.17, p<0.05], at 6-8 months [t (29) = 11.14,
p<0.05] and at 8–12 months [t (29)=6.01, p<0.05].

Effect of age and probe tone frequency on ART at 2000 Hz: Descriptive statistics was done to obtain mean and standard deviation of ART at 2000 Hz for each age range and each probe tone frequency separately as given in Table 6. The mean values show that ARTs at 2000 Hz for 226 Hz probe tone is much higher than for 1000 Hz probe tone frequency across all the age groups.


Table 5: Mean and Standard Deviation (S.D) of ART at 500 Hz across age groups for different probe tone frequencies
	Probe tone frequencies
	
	226 Hz (dBHL)
	
	
	1000 Hz (dBHL)
	

	Age groups
	N
	Mean
	S.D
	N
	Mean
	S.D

	2 - 4 months
	50
	92.10
	6.31
	50
	81.30
	6.68

	4 - 6 months
	30
	92.66
	6.91
	30
	82.16
	7.50

	6 - 8 months
	30
	92.66
	6.39
	30
	82.66
	5.68

	8 -12 months
	30
	89.33
	5.37
	30
	82.50
	6.12


N: number of ears

Table 6: Mean and Standard Deviation (S.D) of ART at 2000 Hz across age groups for different probe tone frequencies

Probe tone frequencies

226 Hz	1000 Hz
(dBHL)


	Age groups
	N
	Mean
	S.D
	N
	Mean
	S.D

	2 – 4 months
	50
	93.60
	6.85
	49
	81.02
	6.45

	4 – 6 months
	30
	94.83
	7.36
	30
	84.00
	7.70

	6 – 8 months
	30
	95.00
	6.82
	30
	83.50
	7.44

	8 -12 months
	30
	91.83
	6.62
	30
	82.66
	7.03


N: number of ears



Table 7: Mean and Standard Deviation (S.D) of ART at 4000 Hz across age groups for 226 Hz and 1000 Hz probe tone frequencies
	Probe tone frequencies
	
	226 Hz
	
(dBHL)
	
	1000 Hz
	

	Age groups
	N
	Mean
	S.D
	N
	Mean
	S.D

	2 – 4 months
	45
	96.22
	5.65
	42
	83.09
	7.95

	4 – 6 months
	23
	94.56
	6.72
	25
	84.60
	8.40

	6 -8 months
	23
	96.08
	4.99
	24
	84.58
	8.32

	8 -12 months
	26
	95.00
	6.32
	30
	83.50
	7.32


N: number of ears


To see the effect of age on reflexes at 2000 Hz, one way analysis of variance (ANOVA) was done at each probe tone frequencies. The results showed that there was no significant difference in 2000 Hz reflex across age groups for 226 Hz [F (3, 136)=1.34, p>0.05] and 1000   Hz   [F   (3,   135)=1.36,   p>0.05]   probe   tone
frequencies.

To see the effect of probe tone frequency on ART at 2000 Hz, Paired sample t test was done at each age group. The results of the paired sample t test showed that there was significant difference in ART at 2000 Hz between 226 Hz and 1000 Hz probe tones at 2–4 months [t(48)=13.7, p<0.05)], at 4–6 months[t (29)=9.02,   p<0.05],   at   6–8   months   [t   (29)=9.20,
p<0.05] and at 8–12 months[t (29)=7.09, p<0.05].

Effect of age and probe tone frequency on ART at 4000 Hz: Descriptive statistics was done to obtain mean and standard deviation of ART at 4000 Hz for each age range and each probe tone frequency separately as given in Table 7. As it shown in Table 7, the mean ART at 4000 Hz inferred no specific trend with respect to increase / decrease in ARTs across age groups. However, it was more evident that when 1000 Hz probe tone was used the ARTs were obtained at lesser intensity than when 226 Hz probe tone was used.

To see the effect of age on ART at 4000 Hz, one way analysis of variance (ANOVA) was done at each probe tone frequencies. The results showed that there was no significant difference in 4000 Hz reflex across age groups for 226 Hz [F (3, 113)=0.54, p>0.05) and 1000 Hz [F(3, 117)=0.28, p>0.05] probe tone frequencies. To see the effect of probe tone frequency on ART at 4000 Hz, Paired sample t test was done at each age group.

The results of pared sample t test showed that there was significant difference between ART at 4000 Hz between 226 Hz and 1000 Hz probe tones at 2–4

months [t (40)=13.48, p<0.05], at 4 - 6 months [t(22)=6.48,  p<0.05],  at  6  -  8  months  [t(22)=7.24,
p<0.05] and at 8-12 months. Hz [t(25)=8.63, p<0.05].

In general, the results of the present study showed that the reflexes obtained with 1000 Hz probe tones were less compared to those obtained with 226 Hz probe tone. This could be because with 1000 Hz probe tone frequency, the probe intensity used was 75 dB SPL. As the infant’s ear canal is smaller than the 2cc cavity which was used for calibration of

1000 Hz probe tone in the present study, the sound pressure actually presented to the ear canal is greater than probe tone intensity of 75 dB SPL used for 1000 Hz probe tone frequency. At this level, possibly the decrease in admittance is seen at a much lower intensity with 1000 Hz probe tone than is seen with 226 Hz probe tone.

Conclusions
Acoustic immittance testing represents a powerful tool in the clinician’s armamentarium, by providing information regarding the presence of even a mild conductive pathology. The present study aimed at providing tympanometry findings and acoustic reflex thresholds in normal hearing infants in the age of 2 –
12 months of age. Results showed that immittance measurements using 1000 Hz probe tone frequency gives more accurate results till the age of 4 months in infants.

Future Research and Directions
The results from the present study can be used on clinical population for validating the findings. The findings of the present study can be used clinically to evaluate middle ear function in infants and also can be used to study the incidence and prevalence of middle ear disorders in infants
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Abstract
A major difficulty faced by children with severe to profound hearing loss is the limited benefit from conventional amplification, particularly, at high frequencies. This puts them at a disadvantage of not perceiving high frequency information which is essential for speech and language development. The present study aimed to investigate the utility of nonlinear frequency compression (NLFC) in children with severe to profound hearing loss who have limited or no benefit from high frequency amplification. Two groups who differed in their 4 kHz aided threshold were considered. Group 1 had 12 participants whose aided threshold at 4 kHz with their own hearing aid was 60 to 80 dBHL. Group 2 had ten participants whose aided threshold at 4 kHz with their own hearing aid was >80 dBHL. Detection thresholds for tones and for Ling’s six sounds, identification of Ling’s six sounds, and speech identification scores in quiet and in noise were obtained with and without NLFC. Results indicated a benefit from NLFC for aided detection thresholds at 500 Hz, 2 kHz and 4 kHz for Group1, whereas Group 2 improved significantly only for 2 kHz. NLFC proved beneficial for improving aided awareness thresholds and identification of high frequency speech sounds for both groups, with Group 1 obtaining more benefit compared to Group 2. It can be concluded that NLFC can be beneficial for children with severe to profound loss and that it can be a viable amplification option in this population as in children with sloping hearing loss.
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Introduction
In order to make high frequency speech cues available for persons with hearing loss, the concept of lowering the high frequency information into low frequency regions was invented (Turner & Hurtig, 1999). Frequency transposition and frequency compression technology are the two main types of frequency- lowering technology commonly available today.

Nonlinear frequency compression (NLFC) is a recent frequency lowering method, where signal components above a cut-off are compressed in  frequency  in addition to providing amplification. Signal components below a cut-off frequency are amplified with appropriate frequency shaping and amplitude compression, but without frequency shifting.

Consequently, a wide range of high-frequency input signals results in a narrower range of output signals. A possible advantage of the scheme is that there is no spectral overlap between the shifted and un-shifted signals. A disadvantage of this scheme is that it does not preserve frequency ratios for those high frequencies that are compressed. It is a possibility that, with NLFC the perception of certain sounds, such as music, may be affected adversely (Simpson, Hersbach & McDermott, 2006).



1E-mail: anjana.b.j@gmail.com; 2Lecturer in Audiology, E- mail geethamysore.cs@gmail.com.

Several studies have shown benefits of NLFC in adults (Simpson et al., 2005; Boretzki & Kegel, 2009; Simpson et al., 2006) and comparable results have been found even in children. Research with NLFC in children focuses on varying degrees of sloping hearing losses ranging from mild to moderately severe and moderately severe to profound (Glista et al., 2009); Glista, Scollie, Polonenko & Sulkers, 2009). The results have been found to be favourable for these children in terms of improvement in speech recognition measures and detection thresholds of high frequency tones and fricatives.

Further, NLFC has been found to be beneficial for speech identification in the presence of noise in adults with sloping as well as severe to profound hearing loss (Simpson, Hersbach & McDermott 2006; Bohnert, Nyfeller & Keilmann, 2010). In children, studies investigating benefit of NLFC in noise have found mixed results. Wolfe, John, Schafer, Nyfeller, Boretzki
& Caraway (2010) evaluated NLFC in the presence of noise in 15 children with a mild to moderately severe sloping loss after a period of acclimatization of 6 weeks. The speech sound recognition improved with NLFC. However, the speech perception in noise did not show any significant benefit with NLFC. It was suggested that the high frequency noise components might have been lowered along with the speech signal and thus led to no improvement with NLFC.

A follow-up study by Wolfe et al., (2011) investigated the  same  measures  used  in  the  previous  study  in




children after a period of six months of NLFC use showed an improvement in speech perception in noise. This finding was discussed with respect to acclimatization effects whereby children may have required prolonged time to derive optimal benefits from NLFC. However, a study by Helm (2010) did not show improvement in noise in all the children who were tested.

Though the use of NLFC has been evaluated in children with varying degrees of sloping hearing losses (Glista et al., 2009a, b), children having severe to profound hearing loss across speech frequencies have not been evaluated with NLFC. Many a times, children with severe to profound hearing loss show only limited or no benefit from high frequency amplification even with maximum gain available (Hogan & Turner, 1998). Further, increasing gain at higher frequencies would bring about feedback issues. As a result, they often miss out on high-frequency components of speech, such as consonant sounds, and have difficulties understanding speech especially in background noise. In addition, high frequency information is especially essential for children as it is necessary to use these cues to learn articulation of sounds (Simpson, 2009). Hence, it is needed to find if NLFC would benefit the children with severe to profound hearing loss who have limited or no benefit from amplification at high frequencies, like the children with sloping hearing losses.

Further, studies on perception in noise with NLFC in children with sloping losses of varying degrees have given mixed results (Helm, 2010; Wolfe et al., 2010; Wolfe et al., 2011). In addition, no studies to our knowledge have investigated benefit of NLFC for perception in noise in children with severe to profound losses. It would be beneficial to know the effects of NLFC in quiet as well as in the presence of noise in children with severe to profound hearing loss, many of whom, generally as observed in the clinic have limited or no benefit with amplification at high frequencies.

In addition, NLFC was found to have different effects depending on the high frequency thresholds and slope of audiogram (Simpson, Hersbach, & McDermott, 2006; Glista et al., 2009). Hence, we were interested to study if NLFC has varied effects depending on  the aided thresholds at 4 kHz within the severe to profound hearing loss group.

The aim of the study was to compare the performance with and without NLFC in two groups of children who differed in their aided threshold at 4 kHz, for the following Task-Detection thresholds of frequencies from 500 to 4 kHz in quiet, Awareness thresholds of Ling’s six sounds, Identification of Ling’s six sounds

and Identification of words in quiet and in presence of noise at +5 dB SNR.

Method
Selection of participants: Routine audiological tests were conducted including puretone audiometry, speech audiometry, immittance evaluation and aided audiogram to select participants for the current study. Puretone audiometry was carried-out to track air conduction thresholds from 250 Hz till 8 kHz and bone conduction thresholds from 500 Hz till 4 kHz at octave frequencies. This was carried out with a calibrated Madsen Orbiter 922 diagnostic audiometer with TDH 39P supra aural headphones and B-71 bone vibrator. Speech detection threshold and Uncomfortable loudness level for speech were also determined.

Tympanometry and acoustic reflex assessment using standard procedures were carried-out. A calibrated GSI-Tymp Star Middle Ear Analyzer (Version 2) was used for this purpose.

Sound field aided audiogram was obtained for individual ears with participant’s own hearing aid, using a calibrated Orbiter 922 diagnostic audiometer with two Martin Audio C115 loudspeakers. Aided audiogram was obtained using conditioned responses at octave frequencies of 500 Hz, 1 kHz, 2 kHz and 4 kHz. Along with this, awareness thresholds and identification of Ling’s six sounds were also obtained.

Children selected for the present study had bilateral severe to profound sensori-neural pre-lingual hearing loss with aided threshold out of speech spectrum, at audiometric frequency of 4 kHz. It had to be above 60 dBHL. They could not identify /s/ and /∫/ sounds at 40 dBHL. All the participants had the ability to perform auditory identification task (closed set). The participants were either Kannada or Malayalam speakers. Selected participants were between 4 and 11 years of age. All of them had atleast two years of experience of hearing aid (Digital BTE) usage.

Participants with or a history of neurological, middle ear disorders or mental retardation were excluded. Children who did not have adequate skills to perform the closed set identification task for the  experiment were also excluded. The participants were grouped into two groups based on the aided detection threshold at 4 kHz. Though they were grouped based on the aided threshold at 4 kHz, all the children in Group 2 had poorer thresholds at all frequencies than the children in the Group 1. Group 1 had participants whose aided threshold at 4 kHz with their own hearing aid was 60 to
80  dBHL.  12   ears  satisfying   these  criteria  were




included in Group 1. The participants’ age ranged from
5 to 11 years. Group 2 on the other hand had participants whose aided threshold at 4 kHz with their own hearing aid was >80dBHL. Ten ears satisfying these criteria were included in Group 2. The participants’ age ranged from 4 to 9 years. Stimulus Material: The speech identification test for Kannada speaking children developed by Vandana (1998) and Picture Test of Speech Perception in Malayalam developed by Mathew (1996) were used to assess speech identification ability of the children. The tests have two lists of 25 bisyllabic words each and also, have two more lists which consist of the same words as the first list but in a randomized order. It was administered as a closed set test. For each stimulus word the picture book had four choices.

Procedure: After grouping the selected participants into the appropriate group, actual experiment was carried out. For this, a digital BTE hearing aid which had the feature of NLFC was used. This could be manipulated by means of a slider which changes the strength parameter of frequency compression. The strength parameter includes cut-off frequency and compression ratio. The cut off frequency ranges from
1.5 to 6.0 kHz and compression ratio varies from 1.5:1 to 4:1. Increasing the strength parameter leads to decrease in the cut off frequency and an increase in the compression ratio and vice-versa.

The BTE was connected by means of a Hipro to the personal computer in which the iPFG 2.5a software was installed. Client details were entered in the software. DSL i/o prescriptive formula was used to calculate the target gain and initial fit was applied to match the gain of the hearing aid to target gain curve. Adequacy of gain was ensured by routine hearing aid evaluation.

In order to evaluate NLFC, in the first program (P1) of the hearing aid, NLFC settings were disabled and in the second program (P2), NLFC settings were enabled. Both the programs had the same gain and frequency response settings. To determine the strength of frequency compression, child’s detection thresholds of speech sounds /s/ and /∫/ were established. The strength of frequency compression was changed  till best detection thresholds for /s/ and /∫/ were achieved. All other special features like noise reduction strategies, directional microphone settings in the hearing aid were disabled. The volume control was disabled and Tac tronic switch for selecting program was enabled.

Testing for each participant was conducted with these two programs of the hearing  aid, using a calibrated

Orbiter 922 diagnostic audiometer with two Martin Audio C115 loudspeakers at 45o angles at 1m distance. Aided detection thresholds for warble tones at frequencies from 500 Hz to 4 kHz, with and without NLFC was estimated using the modified Hughson- Westlake method. Awareness threshold of Ling’s six sounds (/a/, /i/, /u/, /s/, /∫/, /m/) with and without NLFC was also obtained. Identification of Ling’s six sounds with and without NLFC was done at 40 dBHL. The child was asked to indicate the correct sound by pointing to the written script.

Speech identification scores in quiet and noise with and without NLFC was measured by closed set task of picture pointing, using the standardized word lists and the picture book. This was done in quiet by presenting speech at 40 dBHL from a loud speaker on the aided side. For obtaining speech identification score in noise, the speech and the speech noise were presented from two different loudspeakers (kept at 45o angle) at +5 dB SNR. The child was instructed to point to the picture depicting the word said by tester. Each correctly identified word was given a score of one.  The order of
testing with the two programs was randomized across the participants, such that half of the children were tested with P1 first and other half with P2 first.

Results
Comparison of detection thresholds for tones with and without NLFC

Comparison of detection thresholds at 500 Hz, 1 kHz, 2 kHz, and 4 kHz with and without NLFC in Group 1:

It was found that the mean thresholds at all frequencies are better with NLFC compared to No NLFC condition in Group 1. From Table 1 it can be observed that with NLFC, the improvement in threshold is greater  at  4 kHz. The results of Paired t-test also revealed a significant difference for thresholds at 500 Hz, 2 kHz (p<0.05) and 4 kHz (p<0.01) between NLFC and no NLFC conditions. However, there was no statistically significant difference for thresholds at 1 kHz (p>0.05) between the two conditions.

Comparison of detection thresholds at 500 Hz, 1 kHz, 2 kHz, and 4 kHz with and without NLFC in Group 2:

The detection threshold for 4 kHz was analysed separately in Group 2, as seven ears out of the total 10 ears, had no measurable thresholds at 4 kHz even at maximum limits of the audiometer in the no NLFC condition. The thresholds at 500 Hz, 1 kHz and 2 kHz were analysed using Paired t-test, while the threshold at 4 kHz was analysed using Wilcoxon Signed Rank Test.



Table 1: Results of Paired t- test for comparison of aided detection thresholds at 500 Hz, 1 KHz, 2 KHz and 4 KHz with and without NLFC in Group 1

	Frequency
	Condition
	Mean (dB HL)
	S.D.
	t

	500 Hz
	No NLFC
	35.41
	4.98
	2.345*

	
	NLFC
	33.75
	4.33
	

	1 kHz
	No NLFC
	35.83
	7.33
	1.149

	
	NLFC
	34.58
	7.52
	

	2 kHz
	No NLFC
	45.41
	7.21
	2.691*

	
	NLFC
	41.66
	5.36
	

	4 kHz
	No NLFC
	69.58
	8.10
	8.69**


 	NLFC	53.75	7.11 	
Note: * - p <0.05, **-p <0.01



Table 2: Results of Paired t-test for comparison of aided detection thresholds at 500 Hz, 1 kHz, and 2 kHz with and without NLFC in Group 2


Table 3: Results of Wilcoxon Signed Rank test for comparison of threshold at 4 kHz with and without NLFC for Group 2



  Frequency   Condition   Mean (dB HL)   S.D.	t 	

Frequency	Condition	Mean

S.D.	|Z|	p


	500 Hz
	No NLFC
	37.50
	7.16
	1.17
	(dB

	
	NLFC
	35.50
	7.24
	
	 	HL) 	

	1 kHz
	No NLFC
	40.50
	8.64
	1.76
	4 kHz	No NLFC	85.00	5.00	1.604   0.109

	
	NLFC
	37.50
	5.89
	
	N= 3

	2 kHz
	No NLFC
	49.50
	6.43
	4.12*
	NLFC	62.14	12.86



 	NLFC	43.50          7.47 	
Note *-p <0.01

It is evident from Table 2, that the detection thresholds are slightly better in all frequencies with NLFC than without NLFC, even in Group 2. However, results of Paired t-test, revealed a significant difference only for 2 kHz (p<0.01) between NLFC and no NLFC conditions. However, there were no significant improvements in thresholds for 500 Hz and 1 kHz (p>0.05).

The results of Wilcoxon Signed Rank test, given in Table 3, revealed no significant difference in detection thresholds at 4 kHz (p>0.05). This could mainly be due to the limited number of ears which were analyzed.

N=7




Subjective analysis of the revealed that out of the total ten ears, seven ears obtained better thresholds at 4 kHz with NLFC, when compared to that of no NLFC condition. Thus, even though there was no statistically significant difference, it could be noted that there is an improvement in threshold for seven ears with NLFC at 4 kHz.

Comparison of thresholds at 500 Hz, 1 kHz, 2 kHz, and 4 kHz between the two groups: The detection threshold at 4 kHz was analyzed separately, using Mann Whitney U test, due to the limited number of ears with measurable thresholds at this frequency in Group 2.



Table 4: Aided detection thresholds (in dBHL) at 4 kHz with and without NLFC in the ten ears of Group 2

	Condition
	S1
	S2
	S3
	S4
	S5
	S5
	S7
	S8
	S9
	S10

	No
	NR
	90
	NR
	80
	NR
	NR
	NR
	NR
	NR
	85

	NLFC NLFC
	
80
	
75
	
55
	
45
	
50
	
65
	
NR
	
NR
	
NR
	
65


Note: NR- No response
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Figure 1: Mean thresholds for 500 Hz, 1 kHz and 2 kHz with and without NLFC across two groups

Table 5: Results of MANOVA comparing Group 1 and Group 2 for detection threshold at 500 Hz, 1 kHz, and 2 kHz with and without NLFC


Statistical parameter	No NLFC	NLFC

500 Hz   1 kHz   2 kHz   500 Hz   1 kHz   2 kHz

F (1, 20)	0.644	1.879   1.924	0.492	0.992   0.448
 	p	0.432    0.186   0.181    0.491    0.331   0.511 


 (
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)100

50

0
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Figure 2: Mean thresholds for 4 kHz with and without NLFC across Group 1 and Group 2.


Table 6: Results of Mann Whitney U test comparing Group 1 and Group 2 for aided detection threshold at 4 kHz with and without NLFC


Statistical parameter	4 kHz No NLFC	4 kHz NLFC
|Z|	2.421	1.413
p	0.015 *	0.158
Note. *- p <0.05

MANOVA was done to compare the aided detection thresholds at 500 Hz, 1 kHz and 2 kHz between Group 1 and Group 2. Results given in Table 5 revealed no significant difference between the groups across 500 Hz, 1 kHz and 2 kHz with and without NLFC (p>0.05).
On the other hand, threshold at 4 kHz between the two groups was found to be different at 95% confidence in

the no NLFC condition (|z|=2.421, p<0.05). However, the groups did not differ for threshold at 4 kHz with NLFC [|z|=1.413, p>0.05]. This indicates that NLFC brought about same improvement at 4 kHz for both groups, even though Group 2 children had poorer aided thresholds. However, from Figure 2 it can be seen that Group 1 has slightly better thresholds for 4 kHz threshold with NLFC than Group 2, though it is not statistically significant.



Table 7: Results of Paired t-test of aided detection thresholds of Ling’s six sounds with and without NLFC in Group 1


Ling Sound   Condition   Mean   S.D.	|t| (11)

/a/	No NLFC   29.58   7.52	1.393
NLFC	28.33   7.48
/i/	No NLFC   35.41   9.40   2.548 *
NLFC	32.50   8.11
/u/	No NLFC   31.25   6.78	1.483
NLFC	30.41   7.21
/s/	No NLFC   49.58   8.90   4.083**
NLFC	40.83   6.68
/∫/	No NLFC   47.08   9.15   6.092**
NLFC	39.16   7.33

/m/	No NLFC   35.41   8.10	1.301
 	NLFC	33.75   6.78 	

Note: * - p <0.05, **-p <0.01




Aided Detection thresholds of Ling’s six sounds

Comparison of aided detection thresholds of Ling’s six sounds with and without NLFC in Group 1: From Table 7, it can be seen that the mean of the detection thresholds in Group 1 are better with NLFC than without NLFC for all the six speech sounds. However, from the results of Paired t-test, it can be observed that, the improvement in detection threshold is statistically significant for all the high frequency speech sounds /i/ (t=2.548, p<0.05) at 95% confidence and for the sounds
/s/ and /∫/ at 99% confidence.

Comparison of aided detection thresholds of Ling‘s six sounds with and without NLFC condition in Group 2.

Table 8: Results of Paired t-test of aided detection thresholds of Ling’s six sounds of Group 2 with and without NLFC


Ling Sound   Condition   Mean   S.D.	|t| (9)

/a/	No NLFC	35.5	4.97	1.152
NLFC	34.0	3.94
/i/	No NLFC	42.5	5.40   3.973 *
NLFC	37.0	3.49
/u/	No NLFC	37.5	6.34	0.896
NLFC	36.0	5.67
/s/	No NLFC	60.0	7.81   6.500 *
NLFC	47.0	5.86
/∫/	No NLFC	56.0	9.66   4.607 *
NLFC	43.5	5.79
No NLFC	42.5	4.24


with NLFC than without NLFC. However, Paired t-test results, revealed a significant improvement for the sounds /i/, /s/, /∫/ and /m/ with NLFC.

MANOVA was done to compare the aided detection thresholds of Ling’s six sounds with and without NLFC between the groups. Results revealed a significant group differences in no NLFC condition for all the six sounds at 95% confidence. From Table 9 it can be seen that, with NLFC significant difference between the groups was present only for /a/ and /s/.

Percentage correct scores for Identification of Ling’s six sounds

The percentage correct scores of identification of each of the six speech sounds were calculated for no NLFC and NLFC conditions, for each group separately.

Comparison of aided detection thresholds of Ling’s six sounds with and without NLFC between the groups

Comparison of percentage correct scores of Identification of Ling’s six sounds with and without NLFC in Group 1: As can be seen from Table 10, Group 1 could identify the high frequency sounds /i/, /s/ and /∫/ better with NLFC than without NLFC. Therefore, according to the results obtained in the present study it can be said that NLFC improves the identification of high frequency speech sounds, to some extent, even in children with severe to profound hearing loss.

/m/

NLFC	38.5	4.11
Note. *-p<0.01

4.000 *


Comparison	of	percentage	correct	scores	of Identification of Ling’s six sounds in Group 2: Table 11

From Table 8, it can be seen that for Group 2, the mean scores for detection thresholds of Ling sounds are better

shows that in Group 2, identification of /i/, /u/ and /∫/ improved with NLFC. However, for identification of /s/ there was no improvement seen.



Table 9: Results of MANOVA for detection thresholds of Ling’s six sounds with and without NLFC


Condition		df	/a/	/i/	/u/		/s/		/∫/	/m/ No NLFC   F(1, 20)   4.51*   4.43*   4.90*   8.31*   4.92*   6.18* NLFC	F(1, 20)   4.63*	2.64	3.94	5.17*	2.29	3.73

Note. *- p<0.05

Table 10: Percentage correct scores of identification of Ling’s six sounds for Group 1 with and without NLFC


Cond.	/a/	/i/	/u/	/s/	/∫/	/m/ No NLFC   100%	83%	100%	0%	16%   16%
 	NLFC	100%   100%   100%   8.3%   25%   16% 


Table 11: The percentage correct scores of identification of Ling’s six sounds for Group 2 with and without NLFC


Cond.	/a/		/i/	/u/	/s/	/∫/	/m/ No NLFC   100%	40%	70%	0%	0%	10%
 	NLFC	100%   91.6%   100%   0%   30%   10% 

Table 12: Results of Paired t-test for SIS in quiet (SIS Q) and SIS in noise (SIS N) with and without NLFC in Group 1

	
	Condition
	Mean
	S.D.
	|t| (11)

	SIS Q
	No NLFC
	14.66
	3.28
	4.34*

	Max Score=25
	NLFC
	18.41
	2.46
	

	SIS N
	No NLFC
	12.25
	3.04
	5.00*

	Max Score=25
	NLFC
	14.58
	3.60
	

	Note. *- p<0.01
	
	
	
	


Table 13: Results of Paired t-test for SIS in quiet (SIS Q) and SIS in noise (SIS N) with and without NLFC in Group 2

	
	Condition
	Mean
	S.D.
	|t| (9)

	SIS Q
	No NLFC
	16.80
	2.20
	10.58*

	Max Score=25
	NLFC
	20.60
	1.57
	

	SIS N
	No NLFC
	14.70
	1.94
	2.33**

	Max Score=25
	NLFC
	16.50
	2.41
	


Note. *-p<0.01, **-p<0.05


Comparison of percentage correct scores of identification of Ling’s six sounds between Group 1 and Group 2: The percent scores of identification of Ling’s six sounds between Group 1 and Group 2 can be compared by observing Table 10 and Table 11. As mentioned previously Group 2 did not obtain benefit from NLFC for identification of /s/ like Group 1. However, Group 2 had a greater amount  of improvement in identification of the high frequency speech sound /∫/ (30%) than Group 1 (9%).

Speech identification scores in quiet and in  noise with and without NLFC

Comparison of SIS in quiet and in noise with and without NLFC in Group 1: Paired t-test was done to test if mean SIS was better with NLFC in Group 1. The

results of Paired t-test, given in Table 12, shows a statistically significant difference (|t|(11)=4.34, p<0.01) between no NLFC and NLFC conditions for SIS  in quiet. Similar results were also found for SIS obtained in the presence of noise. A statistically significant difference (|t|(11)=5.00, p<0.01) was found between SIS in noise obtained with NLFC and without NLFC.

Comparison of SIS in quiet and in noise with and without NLFC in Group 2: The results of Paired t-test, given in Table 13, revealed that SIS in quiet significantly improved with NLFC in Group 2 (p<0.01). Similarly, even in the presence of noise, there is a significant difference (p<0.05).

Comparison of SIS in quiet and in noise with and without NLFC between the two groups.




Table 14: Results of MANOVA comparing Group 1 and Group 2 for SIS Q and SIS N with and without NLFC


No NLFC	NLFC
	
	SIS Q
	SIS N
	SIS Q
	SIS N

	F (1, 20)
	3.060
	4.802
	5.822
	2.051



 	p	0.096	0.040 *	0.026 *	0.168 	

Note. *- p<0.05
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Figure 3: Mean SIS scores in Quiet and Noise with and without NLFC conditions for Group 1 and Group 2


MANOVA was done to compare the SIS between the two groups of subjects. The results given in Table 14, revealed that the groups were found to significantly differ from each other for Speech Identification in Noise (SIS N) in no NLFC condition [F(1, 20), p<0.05] and for Speech Identification in quiet in NLFC enabled condition [F(1, 20), p<0.05].

Figure 3 indicates that with no NLFC, Group 2 scored better than Group 1 in the presence of noise. Further, with NLFC in quiet, scores for Group 2 were better than Group 1.

Discussion
Results suggest that NLFC does help in improving the audibility of tones, in both the groups. The results of improvement in 4 kHz threshold with NLFC is supported by results of the study by Wolfe et al., (2010), which was done on children with mild to moderately severe sloping hearing loss. The results suggest that NLFC is beneficial in improving aided detection threshold at 4 kHz even for children with severe to profound hearing loss. The improvement seen in 2 kHz threshold can be attributed to the fact that most of the cut off frequencies chosen for frequency compression were close to 2 kHz. However, the cause of improvement of 500 Hz threshold with NLFC is not known, as NLFC processes low frequencies conventionally with no frequency compression. Hence, it can be said that children with severe to profound hearing loss could also benefit with NLFC for detecting

high frequency tones, like children with lesser degrees of sloping losses in the study of Wolfe et al., (2010).

For the task of detection of Ling’s six sounds, results showed significant improvement in detection threshold for the high frequency sounds /i/, /s/ and /∫/ for Group 1 and Group 2. These results are in agreement with other studies (Glista et al., 2009a, b; Wolfe et al., 2010) done on children with sloping hearing loss.

NLFC is found to be helpful in detecting high frequency vowel /i/ which has a higher second formant, and fricatives /s/ and /∫/ which have more high frequency energy (Kent & Read, 2002). Hence, it can be concluded that the participants of both the groups received high frequency cues with NLFC. This
enabled them to obtain better detection thresholds for high frequency speech sounds.

However, when the two groups were compared, for the detection thresholds of Ling’s six sounds, results revealed that Group 1 obtained significantly better detection thresholds than Group 2, for all the Ling’s six sounds without NLFC. However, with NLFC, it revealed significant group difference only for detection thresholds of /s/. This finding could be because NLFC enabled Group 1 to perceive better high frequency cues for the detection of /s/ which has spectrum mainly above 5 kHz (Manrique & Massonne, 1981). Since the unaided and aided thresholds at 4 kHz and above this frequency for Group 2 were poorer, they could not perform similar to Group 1 for detection of /s/.




It was found that percent correct scores of identification of high frequency sound /i/, /s/ and /∫/ increased with NLFC than without NLFC in Group 1. This is because enabling NLFC provided better high frequency cues and helped them to perceive the higher second formant of the /i/ vowel. In addition, NLFC also enabled the identification of the fricatives /s/ and /∫/. This finding of improved identification of high frequency consonants is consistent with previous studies done using NLFC on children and adults with moderately severe to profound sloping hearing loss who obtained improved recognition for high frequency consonants (including /s/ and /∫/) and for plural recognition scores (ranging from 70-100%) (Glista et al., 2009a, b).

However in Group 2, improvement was only seen for identification of /i/, /u/ and /∫/ and there was no improvement of identification of /s/ with NLFC. There can be two reasons for this. One is that in the present study there was no acclimatization period or training given with the NLFC device. The second reason may be that the children in Group 2 had poorer threshold when compared to Group 1 at higher frequencies. Because of this, the fricative /s/ which has energy concentration from 5 kHz and above (Manrique & Massonne, 1981) could not be perceived as well as children in Group 1. Assessment of aided thresholds at 8 kHz with NLFC would have been helpful. Therefore, according to the results obtained in the present study, it can be said that NLFC improves the identification of high frequency speech sounds, even in children with severe to profound hearing loss. However, within severe to profound hearing loss group children with better thresholds would benefit better with NLFC. Further, training might help these children receive better benefit with NLFC.

Results comparing identification of words showed a significant benefit from NLFC when assessed in quiet as well as in noise in both the groups of children. When the two groups were compared for SIS in quiet and in noise, Group 2 showed better results in quiet with NLFC and in noise without NLFC. In other conditions both performed equally. However, in the present study, this difference cannot be attributed only to NLFC as Group 1 obtained better benefit in the task of detection and identification of high frequency speech sounds.

The reason for the difference in SIS may be because of the stimuli used for speech identification. For the assessment of SIS in the present study, PB word lists were used which included all the speech sounds in the language. Hence, the children might have obtained cues from other lower frequency speech sounds. Further, it was a closed set task. Hence, phoneme error analysis could not be done which could have supported the NLFC in improving SIS in noise. Further, having a test

containing only high frequency sounds is necessary in evaluating NLFC. From the above results, it is clear that children with severe to profound hearing loss can benefit with NLFC for detection of high frequency tones and high frequency speech sounds, and may be, for speech identification in quiet and in noise. However, children with better thresholds at 4 kHz showed better benefit for detection as well as identification of /s/. Hence, aided and unaided thresholds are main factors in determining benefit with NLFC.

Conclusions
It could be concluded that NLFC was beneficial to children with severe to profound loss and that it can be a viable amplification option in this population as in children with sloping loss. Using NLFC facilitates reception of high frequency information which is necessary for adequate development of speech and language. However, the prescription of device with NLFC must be done with caution, as the benefit will depend on the frequency compression parameter settings and also hearing thresholds of the children especially at high frequencies. Further, providing training would have brought about more benefits in speech perception with NLFC.
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Abstract

Vestibular evoked myogenic potentials (VEMPs) have been used to evaluate the functioning of the saccule and inferior vestibular nerve. However there are discrepancies in literature regarding the test-retest reliability of VEMPs. Hence the present study aimed at evaluating the test-retest reliability of VEMP parameters. In the present study, VEMPs were measured in 80 subjects with normal audio-vestibular system using AC- and BC- stimulation under rectified and unrectified conditions. The rectified VEMPs were recorded by using a visual monitoring device and the unrectified VEMPs were recorded by using a specially fabricated device at maximum intensities and threshold. Descriptive statistics was done to see the effects of stimulus level on VEMP parameters and Cronbach’s Alpha test was done to measure the test-retest reliability of VEMP. Results revealed an increasing trend for amplitudes with increase in stimulus levels in all conditions. Latency measures also showed a tendency to increase with intensity but were not statistically significant. The test-retest reliability of amplitudes was higher than the latency measures, AC was more reliable than BC, unrectified method had higher reliability than rectified, VEMP thresholds had comparable reliability across all conditions and the reliability of VEMP parameters at thresholds were generally poor.

Key words: Rectified VEMP, unrectified VEMP, sterno-cleido-mastoid muscle.
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Introduction
An acoustical event of sufficiently high level, when presented to an ear, triggers a series of reflexes. These reflexes may represent short latency, sound-evoked muscle activation (e.g., auropalpebral reflex, stapedial reflex) or inhibitory responses of contracted muscle. Since both vestibular (saccule) and auditory (cochlea) transducers lie close to stapes, it is reasonable to assume that a movement of the stapes may stimulate the cochlea and the vestibule (saccule). One such regularly used 'sonomotor' response is the Vestibular Evoked Myogenic Potential (VEMP). Ever since its discovery by Colebatch, Halmagyi and Skuse in 1994, VEMP testing has been used as a clinical test of vestibular, more specifically, saccular function.

Sound-evoked vestibular responses in humans were described by Bekesy (1935), who using intense sounds of 128 to 134 dB SPL, evoked head movement toward the stimulated ear. Displacement of the stapes footplate, which lies in close proximity to the saccule, was thought to lead to eddy current formation within the endolymph, hair cell displacement, and activation of primary afferents. Vestibular-dependent short- latency lectromyographic (EMG) responses to intense sound were initially recorded from the posterior neck muscles inserting at the inion (“inion response”) (Bickford, Jacobson & Cody, 1964). Responses were


1Email: anoop2187@gmail.com; 2Lecturer in Audiology, Email: niraj6@gmail.com

recordable only during activation of the relevant muscles. They were preserved despite sensori-neural hearing loss and abolished in vestibulopathy. In humans, intense auditory clicks and/or tone bursts delivered to the ear, either through Air-conduction or Bone-conduction stimulates saccular afferents, leading to inhibition of the sternocleidomastoid (SCM) muscle via the vestibulo-collic pathway (Colebatch et al., 1994). These inhibitory potentials are electromyographically detected with surface electrodes overlying the SCM muscle while the subject maintains tension of that muscle. The resultant waveform consists of an initial positivity or inhibition at about 13 ms post- stimulation, called the 'p13' or 'P1' potential, followed by a subsequent negativity or excitation at about 23 ms post-stimulation, called the 'n23' or 'N1' potential.

Any clinical tool must be reliable for it to be used efficiently. Therefore normative data regarding the reliability of any clinical tool is essential. Previous researches have indicated that the test-retest reliability for VEMP, in general, has been good – most studies indicating fair to excellent reliability. However, there are still inconsistencies with regard to many of the VEMP parameters. For instance, among others, Vanspauwen, Wuyts and Van de Heyning (2009) reported good reliability values for peak-to-peak amplitudes, P1 amplitudes, N1 latencies and asymmetry ratios. But other parameters like the P1 latency and N1 amplitude were found to be only moderately reliable. Isaradisaikul, Strong, Moushey, Gabbard, Ackley and Jenkins (2008) also reported inconsistencies  in  the  reliability  measures  of  VEMP




parameters like the latency parameters (both intra-aural
& inter-aural) and the latency-intensity function, especially the thresholds for VEMP. The inconsistencies across the studies may be attributed to the inadequate number of participants considered for a normative study.

VEMP can be recorded through air- and bone- conduction stimuli. Till date, no study has evaluated the test-retest reliability of a bone conducted VEMP. In addition, the recording of VEMP for AC stimuli in subjects with conductive hearing loss is not appropriate. Hence, the need arises to establish separate reliability values for AC and BC modes of VEMP recording.

Previous investigations regarding the effect of stimulus level on the latency and amplitude measures of VEMP responses have indicated many inconsistencies (Akin
& Murnane, 2001). Furthermore, there are few studies which have compared the latency-intensity functions and amplitude-intensity functions for AC- and BC- stimuli. Therefore, it becomes necessary to compare the effect of stimulus presentation level on AC- and BC- VEMP.

VEMP can be recorded with or without a feedback mechanism for monitoring the tension on the SCM muscle. Various studies (Maes, et al., 2008) have been published regarding the reliability of both these procedures. However, a lot of inconsistencies have been reported in the reliability values for both the procedures, with values ranging from poor to good for the different VEMP parameters considered. Also, various other methods have been used to monitor the tension of the SCM muscle like using a blood-pressure manometer (Isaradisaikul et al., 2008) as a feedback mechanism. The unavailability of such devices in regular audiological clinics becomes a major drawback when using such devices. There is a need to have an alternative apparatus that could be aiding to the reliability, at the same time should also be easily fabricable. However, the reliability of such  an apparatus needs to be established before using it clinically. Also, a comparison of the reliability of the rectified and the unrectified (using the alternative apparatus) procedures needs to be made to highlight their use interchangeably. Hence, there is a need to establish separate reliability norms for rectified and unrectified procedures.

Hence the present study primarily aimed at evaluating the test-retest reliability of VEMP using the rectified and unrectified procedure through AC- and BC- mode. The present study also aimed at studying the effect of stimulus intensity on the different VEMP parameters

when recorded using AC- and BC- stimulation for the rectified and unrectified methods.

Method
Eighty individuals with normal audio-vestibular system in the age range of 18 to 40 years (mean age=26.7 years) served as the participants of the study. Madsen Orbiter-922 type I diagnostic audiometer with TDH-39 supra-aural earphones housed in MX-41 ear cushions and Radio ear B-71 bone vibrator and Grason Stadler Inc. – Tympstar clinical immittance meter were used for routine audiological evaluation. Intelligent Hearing Systems Smart EP version 4.0 evoked potentials system with ER-3A insert earphones and Radio ear B- 71 bone vibrator were used for the recording of air- and bone- conducted VEMP responses  respectively. VEMPs were recorded for both the ears of all the participants. The participants were seated comfortably with their head turned away from the ear of stimulation. A default delay of 0.8 ms was incorporated by the default settings of the IHS instrument to correct for the delay caused by the use of tubing for the insert earphones. The recordings were done under Unrectified and Rectified conditions. The tension of the SCM muscle during the unrectified procedure was considered appropriate when the subject touched the board of a specially fabricated device with the lateral side of his/her chin while turning his/her head as shown in Figure 1 (a). The SCM muscle tension  was monitored using an inbuilt visual feedback system for the rectified procedure as shown in Figure 1 (b).

Each subject was tested on two different days within a week of each other using the protocols mentioned in Table 1 for AC- and BC- VEMP. Also a brief case history was taken to avoid adulteration of data due to any vestibular pathologies that might have crept in the gap between the test and retest period. Two recordings were done at each level in all the conditions with a rest period of two minutes between two recordings. The recordings were randomized with respect to the intensity, transducer, ear and the procedure used. The parameters measured included, absolute amplitudes of P1 and N1, peak to peak amplitude of the P1-N1 complex, absolute latencies of P1 and N1, P1-N1 inter- peak latency difference, latency-intensity function, amplitude-intensity function, inter-aural latency and amplitude differences and symmetry ratio using the formula [AR=100|(AL–AR)/AL+AR)|] (Colebatch, Day, Bronstein, Davies, Gresty, Luxon, & Rothwell). All the above evaluations were carried out in an air- conditioned, well illuminated room with the noise levels well within the permissible levels as per the ANSI S3.1-1991.
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Figure 1: Recording of (a) unrectified VEMP using the specially fabricated apparatus and (b) rectified VEMP using the visual feed-back mechanism from one of the participants (Photographs were obtained with informed consent of the participant).

Table 1: Recording protocol for VEMP


Stimulus parameters Stimulus frequency	500 Hz tone burst
Stimulus duration	2-1-2 cycle (equivalent to 10ms total duration)
Stimulus intensity	95 dBnHL (for AC- stimulation) or 70 dB nHL (for
BC- stimulation) or variable intensities (5 dB step size)
Transducer	ER-3A Insert earphones (300Ω) and B-71 bone
vibrator
Repetition rate	5.1/s Number of sweeps		150
Polarity	Alternating


Acquisition parameters
Electrode montage	Non-inverting: 2/3rd of the distance of the insertion of
the Sterno-cleido-mastiod muscle, on the ipsilateral side of the test ear
Inverting electrode: Sterno-clavicular junction
Ground electrode: Low forehead

Absolute electrode impedance
Inter-electrode impedance

< 10 kΩ

< 2 k Ω

Amplifier gain	5000 times

Time window for recording

70 ms

Filter settings	band pass of 10 to 1500 Hz





Results
In the present study, VEMP recordings were done on a total of 80 audiologically and otologically normal participants, out of which a retest could be done on


only 65 subjects. Descriptive statistics (mean & standard deviation) was done for different VEMP parameters to see the effect of stimulus intensity on VEMP parameters and the Cronbach’s alpha test was used to evaluate the test-retest reliability of different




VEMP parameters, both at the maximum levels as well as at the threshold.

Effect of stimulus level on VEMP parameters

The VEMP recordings were done in the rectified and unrectified conditions using AC- and BC- stimulation. The testing was started at 95 dB nHL and 70 dB nHL (for the AC & BC modes respectively) and reduced in 5 dB steps until the VEMP threshold was reached. The VEMP threshold was defined as the lowest stimulus level at which the VEMP waveforms could be reproducibly recorded.

Air Conduction VEMP: Figure 2(a) depicts the effect of stimulus intensity on the P1 and N1 latencies recorded using the rectified and unrectified mode for AC- stimulation. A general trend towards increase in latencies of P1 and N1 with increase in stimulus level was observed. The statistical analysis using the paired t-test yielded no statistically significant difference (p>0.05). This trend was consistent for both rectified and unrectified procedures. Figure 2 (b) shows the effect of stimulus on the P1, N1 and P1-N1 amplitudes for both rectified and unrectified methods

using AC- stimulation. It can be seen from the figure that the amplitudes tend to increase with increasing stimulus levels for all the three peaks. The slopes of the amplitude-intenstiy functions for all peaks were steeper for the unrectified method.

BC VEMPs were recorded at different intensities for the unrectified method. The parameters measured were the same as those of rectified BC VEMP. Figure 3 (a) shows the effect of stimulus intensity on BC- VEMP latencies. The graph shows no significant changes (p>0.05) in the latencies of P1 and N1 peaks in any of the conditions with increase in stimulus intensity. Figure 3 (b) shows the effect of stimulus levels on VEMP amplitudes for BC- mode. Like AC- mode, BC- VEMP amplitudes also tended to increase with increase in stimulus levels and also the amplitude-intensity functions had steeper  slope  for the unrectified procedure.

Thresholds

VEMP thresholds were measured for AC- and BC- mode for both right and left ears. Table 2 depicts the mean thresholds for each of the conditions. It can be
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Figure 2: Effect of stimulus intensity on  (a) mean P1 and N1 latencies and (b) mean amplitudes of P1, N1 and P1- N1 peaks of right and left ears measured for both rectified and unrectified procedures when stimulated using the AC- mode.


seen from the table that the mean thresholds for both the rectified and unrectified methods are comparable for the same mode of stimulation in both ears.

Reliability of VEMP

Reliability of VEMP parameters at maximum intensity: In order to evaluate the reliability of VEMP, the VEMP recordings were done in both the rectified  and  the  unrectified  conditions for both the

(ipsilaterally) and using both AC- (at 95 dBnHL) and BC- (at 70 dBnHL) stimuli. The reliability was evaluated using the Cronbach’s Alpha test and α values greater than 0.7 were considered to have excellent reliability, lesser than 0.4 were considered to have poor reliability and the intermediate values were considered to have fair/moderate reliability. This scale of categorization was based on the scale used by Versino, Colnaghi and Callieco (2001).



[image: ]	[image: ]

Figure 3: Effect of stimulus intensity on  (a) mean P1 and N1 latencies and (b) mean amplitudes of P1, N1 and P1- N1 peaks of right and left ears measured for both rectified and unrectified procedures when stimulated using the BC- mode.

Table 2: Mean and Standard Deviation (SD) of thresholds for different VEMP recording conditions




 (
Mean
 
(dBnHL)
SD
Mean
 
(dBnHL)
S.D
Air
 
Conduction
76.16
4.14
76.66
4.34
Bone Conduction
66.39
4.12
66.86
3.34
)Mode

Rectified	Unrectified







Table 3 shows the reliability values of the different VEMP parameters. The reliability of the latencies varied from poor to moderate with only interaural latency differences for P1 showing poor reliability in the rectified condition. A comparison between the rectified and unrectified conditions revealed slightly higher reliability values for the unrectified condition with the exception of P1 latency, which showed marginally better reliability for the rectified condition. The reliability values ranged between moderate and excellent for the different amplitude parameters.

A comparison between the rectified and their unrectified counterparts portrayed a similar picture to


the latency parameters, with the unrectified coming out trumps in this comparison as well. The only exceptional case was the P1-N1 amplitude where the two conditions produced comparable reliability values.

The reliability values and the comparison of rectified and unrectified conditions for the latency and amplitude parameters for BC VEMPs are shown in Table 4. The α values ranged between poor and moderate for the different latency parameters. The two conditions of recording demonstrated comparable

results. Amplitude parameters were moderately reliable for BC- VEMPs except for the asymmetry ratios in the rectified condition which showed poor test-retest reliability. Comparison of the rectified and unrectified conditions revealed better α values for the rectified conditions, asymmetry ratio notwithstanding. The asymmetry ratios were comparable for the two methods.

Reliability of VEMP parameters at threshold: The VEMP thresholds were measured in both the rectified and unrectified conditions using AC- and BC- modes. The reliability of VEMP parameters at threshold level was evaluated using the Cronbach’s alpha test. Table 5 shows the AC- and BC- VEMP reliability comparison for the rectified and unrectified methods of recording. It can be seen from the table that the reliability of AC- threshold for the rectified method was higher than that of the rectified method. It can also be observed from the table that the reliability of BC thresholds was moderate for both methods, with  the  unrectified method showing slightly higher α values.

The test-retest reliability was also evaluated at the thresholds for each of the parameters in both the conditions for AC- as well as BC- mode of stimulation. Table 6 depicts the reliability values of the different



 Table 3: Reliability of VEMP parameters in the AC-mode – comparison across rectified and unrectified conditions 
Amplitude	Latency

Parameter


Rectified	Unrectified	Rectified	Unrectified

	
	α
	Degree
	α
	Degree
	α
	Degree
	α
	Degree

	P1
	0.66
	F/M
	0.73
	E
	0.57
	F/M
	0.41
	F/M

	N1
	0.65
	F/M
	0.82
	E
	0.46
	F/M
	0.48
	F/M

	P1-N1
	0.66
	F/M
	0.66
	F/M
	0.52
	F/M
	0.61
	F/M

	Interaural P1
	NA
	NA
	NA
	NA
	0.39
	P
	0.42
	F/M

	Interaural N1
	NA
	NA
	NA
	NA
	0.43
	F/M
	0.49
	F/M

	Asymmetry ratio
	0.49
	F/M
	0.65
	F/M
	NA
	NA
	NA
	NA


Note: E – Excellent; F/M – Fair/Moderate; P – Poor; NA – Not Applicable.
Table 4: Reliability of VEMP parameters in the AC-mode – comparison across rectified and unrectified condition
Amplitude	Latency

Parameter


Rectified	Unrectified	Rectified	Unrectified

	
	α
	Degree
	α
	Degree
	α
	Degree
	α
	Degree

	P1
	0.48
	F/M
	0.42
	F/M
	0.44
	F/M
	0.39
	P

	N1
	0.42
	F/M
	0.40
	F/M
	0.48
	F/M
	0.41
	F/M

	P1-N1
	0.54
	F/M
	0.50
	F/M
	0.38
	P
	0.44
	F/M

	Interaural P1
	NA
	NA
	NA
	NA
	0.42
	F/M
	0.41
	F/M

	Interaural N1
	NA
	NA
	NA
	NA
	0.42
	F/M
	0.44
	F/M

	Asymmetry ratio
	0.39
	P
	0.38
	F/M
	NA
	NA
	NA
	NA


Note: E – Excellent; F/M – Fair/Moderate; P – Poor; NA – Not Applicable.




Condition

Table 5: Reliability of thresholds of VEMP
Air-conduction	Bone-conduction

α	Degree	α	Degree



Rectified	0.69	F/M	0.41	F/M
Unrectified	0.71	E	0.51	F/M


Note: F/M – Fair/Moderate; E – Excellent


VEMP parameters at the threshold for AC- and BC- modes. The reliability of P1 latency and N1 amplitude at the thresholds was found to be moderate for both the rectified and unrectified methods in the AC mode. The reliability values for the other three parameters (P1 amplitude, N1 latency & P1-N1 amplitude) were poor. A comparison of the two methods revealed results that tilted in favour of the rectified method with the exception of P1 latency where the unrectified method observed higher α values. Comparing the AC- and BC- VEMP reliability revealed better reliability values for the AC- VEMP parameters at thresholds, P1 latency notwithstanding. For the P1 latency alone, the BC- VEMP showed marginally higher reliability values. The reliability of the P1-N1 amplitudes for both the AC- and BC- VEMPs were moderate for both rectified and unrectified methods.

Discussion
The results of the current study indicated towards clear trends of affect of stimulus level on different

VEMP parameters, especially amplitudes across the different modes of stimulation and the different methods of recording. The reliability values were also measured for each of the parameters at the highest intensity and at the threshold for both the conditions.

Effect of stimulus level on VEMP parameters

Most previous researches, on the effect stimulus level on the latencies, have indicated that the latencies do not change with change in stimulus levels. Akin and Murnane (2001) reported unchanged VEMP latencies with variations in click levels over a range from 90 to
100 dBnHL. Ochi, Ohashi, & Nishino (2001) also reported relative stability of VEMP latencies (P1 and N1) over a range of click levels from 95 to 105 dBnHL. However in the present study, the latency parameters indicated a general trend towards increase in the latencies of P1 and N1 peaks with increase in the stimulus levels. The effect was more evident for the N1 latencies than the P1 latencies. However, a paired t-test revealed the changes to be statistically insignificant. A



Table 6: Reliability of VEMP parameters at thresholds P1	N1

Latency	Amplitude	Latency	Amplitude

α	Degree	α	Degree	α	Degree	α	Degree

AC	Rectified	0.44	F/M	0.26	P	0.25	P	0.56	F/M
Unrectified	0.55	F/M	0.09	P	0.16	P	0.45	F/M
BC	Rectified	0.43	F/M	0.36	P	0.38	P	0.34	P
Unrectified	0.41	F/M	0.29	P	0.43	F/M	0.36	P

Note: F/M – Fair/Moderate; P – Poor


possible explanation to changes in latencies could be the change in the response spectrum with reduction in stimulus levels. Figures 5 (a) and (b) show the waveforms of one of the participants at 95 dB nHL and the corresponding power spectrum of the response respectively. Figures 5 (c) and (d) also show the same for a 70 dBnHL response. It can be clearly seen from the figures that there was a change in the spectral composition of the response for the 95 dB and 70 dBnHL stimuli. The response spectrum for the highest intensity was dominated by a large low frequency response (at approximately 40 Hz) whereas at the lowest intensity, the low frequency dominance did not exist, instead the most dominant frequency shifted to a higher frequency value (to approximately 80 Hz) for the low intensity response. The effect of such a change in the spectral domain also changes the temporal domain of the response. The finding of a broad response waveform for the highest intensity (because of a low- frequency dominance) changes to a much sharper response waveform at the lowest intensity which indicates towards a change in response frequency towards the higher frequency value. Although this effect is not clearly evident for the P1 peak from the example, the effect is still the same, thus changing the response latencies of both the peaks. The same effect was evident for all conditions and modes for the study. The effect of stimulus intensity on the amplitude  measures  of  VEMP  has  been  extensively

studied by many researchers. Ochi et al., (2001) reported an increase in VEMP amplitudes from stimulus levels of 85 dBnHL to 105 dBnHL. Results obtained by Akin and Murnane (2001) also revealed the same trend. The results of the present study are in agreement with the available reports in literature.

The present study attempted to compare the two methods of recording for the amplitude parameters. Both the methods revealed similar trends, however, the unrectified method produced steeper slopes of the intensity-amplitude function. Lee, Kim, Son, Lim, Bang and Kang (2008) reported that the mean amplitudes and the mean inter-aural difference ratio were significantly smaller for the rectified method compared to the unrectified one. The inference of this study, in essence, shows an agreement with the findings of the present study. The possible explanation for this difference might be the amount of tension maintained in the SCM muscle for both the conditions. For the rectified condition the tension in the SCM muscle was maintained between 100 to 200% of the original muscle tension which corresponded to a range of 50 to 200 µV. Although there was no specific objective measure to assess the amount of muscle tension (in µV) for the unrectified method, it was generally reported by the participants
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Figure 5: Response power spectrum and waveforms recorded from one of the participants at highest intensity and threshold using the rectified method for AC- stimulation.

that they needed to strain more for the unrectified method in order to reach the specific reference point on the apparatus. This could implicate in maintenance of higher amount of muscle tension. It is now an established fact that the amplitude of VEMP is directly related to the amount of muscle tension in the SCM (Versino et al., 2001; Ochi et al., 2001). Since, the SCM tension was generally greater for the unrectified method, it would be logical to expect greater amplitudes for the unrectified method in comparison with the rectified method. This also throws light on the necessity to obtain separate norms for the two methods.

The VEMP thresholds were measured in the AC- and BC- mode for both the rectified and unrectified methods. For the AC mode, the mean thresholds were found to be comparable for the rectified and unrectified methods. The mean threshold in AC- mode was 76.16 dBnHL (SD±4.14) for the rectified method and 76.66 dBnHL (SD±4.34) for the unrectified method. These values of thresholds are better than those reported in literature to be 80- to 95 dBnHL (Colebatch et al., 1994). In later studies by Colebatch et al., (1998), the authors reported the thresholds for AC- clicks to range between 70 dBnHL and 86 dBnHL and also indicated that thresholds lower than 70 dBnHL indicated hypersensitivity of the vestibular system (Tullio phenomenon). None of the participants of the current study fitted the Colebatch et al., (1998) criteria of hypersensitivity. A possible reason for the better thresholds in the present study could be the use of a tone burst to elicit VEMP rather clicks used in the previously mentioned studies. Akin and  Murnane (2001) reported that tone-bursts required lower levels of stimulation compared to clicks to elicit a VEMP response, which is in agreement with the present study.

Test-retest reliability of VEMP parameters

The test-retest reliability was established at both highest intensity level as well as the thresholds for the

rectified and unrectified methods using AC- and BC- stimulation. Statistical analysis using the Cronbach’s alpha test indicated that the amplitude measures were generally more reliable than the latency measures.

In the AC- stimulation, it was seen that the unrectified method was more reliable for the inter-peak latency difference, P1 amplitude, N1 amplitude, and the asymmetry ratio than the rectified method. For the other parameters like the N1 latency, inter-aural latencies (of both P1 & N1) and the P1-N1 amplitude, the reliability was found to be comparable between the two modes. This indicates that the general reliability of the unrectified method is better than the rectified method for AC- stimulation. Isaradisaikul et al., (2008) also found similar results and reported the unrectified method to be more reliable than the rectified method, especially for the P1 latency, N1 latency and P1-N1 amplitude. For the other parameters, they found the reliability to be comparable across the two methods. Though the devices used for the rectified and unrectified methods in the various studies (Nguyen et al., 2010), the final outcomes were consistent with the present study. Bickford et al., (1964) reported that the VEMP responses were detected better with the unrectified method compared to the rectified method. The present study used a specific point target which was required to be achieved in order to record unrectified VEMP. This may yield nearly the same amount of tension for the test and the retest conditions and hence result in better reliability. However, a range target (50µV to 200µV) was used to consider the appropriate muscle tension on the SCM for the unrectified method. This could result in maintenance of unequal tension, though still within the acceptable range, and thereby result in relatively lower reliability values. This also means that the unrectified method (using the apparatus in the present study) can be used with equal confidence, if not more, to that of the rectified method.




The reliability of latency and amplitudes of BC- VEMPs varied from poor to moderate for different parameters. The latency and amplitude measures showed similar reliability values for the rectified and unrectified methods. A comparison of the reliability of the AC and BC VEMP parameters revealed higher α values for the AC, indicating higher test-retest reliability for the former. In the present study, BC- VEMP was recorded by placing the bone vibrator on the mastoid. Welgampola, Rosengren, Halmagyi and Colebatch (2003) reported that VEMP responses to bone conduction stimulation occurred more  consistently when recorded from mastoid stimulation than other bone vibrator placements like the frontal, occipital, or anterior temporal sites (stimulus applied anterior to the external auditory canal). They also reported that the largest BC- VEMPs were elicited when the bone vibrator was placed 3 cm posterior and 2 cm superior to the external auditory canal. Although the bone vibrator was placed on the mastoid in the present study, the exact location on the mastoid (as given by Welgampola et al., 2003) was not accurately considered. This might have lead to reduced VEMP amplitude, leading to a reduced SNR. However, it needs to be further explored by maintaining same placement and evaluating the reliability of BC- VEMP. Another source of contamination might be the presence of post-auricular muscle response, which shares the same latency, amplitude and spectral characteristics with VEMP. Third reason for such findings may be the amplitudes of BC- VEMP which were generally lower than that of AC VEMPs. When the amplitudes are lower, there is higher possibility of other muscle potentials masking or altering the VEMP responses by increasing the noise floor of the recording. This effectively makes it similar to recording VEMPs at levels which are closer to the threshold level. It can be seen in the results that the reliability values of VEMP are generally poorer at or near to thresholds compared to higher stimulation levels. Another reason could be that VEMP responses exhibit a frequency tuning characteristic. Welgampola et al., (2003) reported the best responses were obtained for 200 to 250 Hz stimuli. In the present study, a 500 Hz tone bursts was used to elicit BC- VEMPs which might have led to lesser reliability. However, the reliability of VEMP using the 250 Hz tone burst needs to be explored to establish the above mentioned reason for the poorer reliability values obtained in the study. Other reasons for these findings could be attributed to distortions produced by the bone vibrator when driven at such high levels and also the presence of stimulus artifacts.

Test-retest reliability of thresholds

A comparison of reliability of thresholds for both the methods yielded comparable results with the reliability being excellent for both. Isaradisaikul et al., (2008) found that the thresholds measured using the rectified and the unrectified methods were similar to each other, with the reliability values being moderate for both. One possible reason for the poorer reliability (in comparison to the present study) of thresholds in the study by Isaradisaikul et al., (2008) might be the significantly lower number of participants (20) considered in their study as compared to the 65 in the present study. The results of comparison between rectified and unrectified methods for BC- VEMP also yielded comparable α values. However, these values were lower and fell under the moderate category as opposed to  the excellent category for AC. The possible reason for a reduced reliability of BC- VEMP threshold might be the poor SNR of the responses because of relatively smaller amplitudes for BC- VEMP.

Reliability of VEMP parameters at threshold

Results indicate that the reliability of VEMP parameters at thresholds is much lower than the reliability measured at the highest intensity. This trend is most evident for the AC- VEMP where the reliability decreases from near excellent values to moderate or even poor for many parameters. For the BC- mode, the reliability values at threshold also reduced compared to the reliability at highest intensity. This might also be attributed to the lower amplitudes resulting in reduced signal-to-noise ratios. This would result in poorer morphology of the acquired waveforms and make the peak marking task more difficult. Similar reason was suggested for AC- VEMP in a study by Bickford (1964). This may also be applicable to BC as the worsening of SNR appears to be a lot more for BC at the threshold compared to the AC counterpart.

Conclusions
The reliability of VEMP ranged between moderate and excellent, barring few exceptions. Unrectified condition of recording VEMP produced higher reliability values than rectified counterparts, few exceptions notwithstanding. AC- VEMP was more reliable than BC- VEMP. The amplitude parameters were found to be more reliable than latency counterparts. Reliability of VEMP thresholds was found to be excellent. Reliability of the different VEMP parameters was significantly higher at maximum intensities compared to the threshold level. Hence it can be concluded that amplitude parameters should be used for diagnosis and unrectified method




could be used with equal confidence, though with separate normative values.
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Abstract

Many studies had reported that musical training will improve not only the ability to perceive musical aspects, but also different other factors like language processing, working memory, and also auditory perceptual abilities like temporal resolution and speech perception in noise. The present study aimed to find the effect of musical training on temporal resolution abilities and speech perception in noise. Total 20 trained Carnatic musicians, who were classified into 4 groups based on experience participated. Temporal Modulation Transfer Function (TMTF) and Gap Detection Threshold (GDT) were done for measuring temporal resolution and speech perception in noise (SPIN) were administered. The results revealed that TMTF and GDT showed significant difference across groups. But speech perception in noise was not significantly different across the four groups, though the scores were better as the experience increased.
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Introduction
Music perception involves complex brain functions underlying acoustic analysis, auditory memory, and auditory scene analysis and processing of musical syntax. Moreover, music perception potentially affects emotion, influences autonomic nervous system, the hormonal and immune systems and activates (pre)motor representations.

Many studies have reported that musicians have better auditory perception skills when compared to non- musicians. There are many studies in literature which have documented that musical training improves basic auditory perceptual skills resulting in enhanced behavioral (Jeon & Fricke 1997; Koelsch, Schroger & Tervaniemi 1999; Oxenham, Fligor, Maso & Kidd, 2003; Tervaniemi, Just, Koelsch, Widmann, & Schorge, 2005; Micheyl, Delhommeau, Perrot, & Oxenham, 2006; Rammsayer	& Altenmuller 2006) and neurophysiological responses (Shahin, Roberts & Pantev, 2007; Tervaniemi et al., 2005; Kuriki, Kanda & Hirata, 2006; Kraus, Skoe, Parbery-Clark & Ashley, 2009).

Musicians’ life long experience of melodies from background harmonies can be considered as a process analogous to speech perception in noise. Studies report that musicians had a more robust sub- cortical representation of the acoustic stimulus in the presence of noise (Kraus et al., 2009).  Musical practice not only
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enhances the processing of music related sounds but also influences processing of other domains such as language (Marques et al., 2007; Moreno et al., 2009; Parbery-Clark et al., 2009).

Musical training involves discrimination of pitch intonation, onset, offset and duration aspects of sound timing as well as the integration of multisensory cues to perceive and produce notes. Because of their musical training, musicians have learned to pay more attention to the details of the acoustic stimuli than non- musicians. (Musacchia, Sams, Skoe & Kraus, 2004).

The studies have documented better auditory perceptual skills in trained musicians when compared to non-musicians. But there are only very few studies which were done on the temporal resolution and speech perception abilities in trained musicians, as the experience increases in terms of years of training and practice. Recent study has shown that individuals with western instrumental musical training have enhanced speech perception ability in noise and working memory (Kraus et al., 2009). As a combined consequence of their extensive experience with auditory stream analysis within the context of music; more honed auditory perceptual skills and temporal resolution, musicians seem well equipped to cope with the demands of adverse listening situations such as speech in noise.

The aim of the present study was to find the temporal resolution abilities in trained Carnatic Vocal musicians over the years of musical training and practice. The speech   perception   abilities   in   the   presence   of




background noise at different signal-to-noise ratios (SNR) was also compared for the same group.

Method
Participants

A total of 20 trained Carnatic vocal musicians were included in the study and were classified into 4 groups, each group consisting of 5 members based on their years of experience in terms of training and practice. Group 1 had musicians who received training for 1-
5.11 years. Group 2 included musicians who received training for 6-10.11 years. Group 3 with musicians having training received for 11-15.11 years. Finally, Group 4 consisted musicians who received training for 16 years and above.

All subjects should had normal air conduction  and bone conduction thresholds (≤15 dBHL) at all octave frequencies from 250 Hz to 8000 Hz, normal middle ear function (‘A’ type tympanogram at 226 Hz probe tone with normal acoustic reflexes in both ears). Speech Recognition Threshold was within ±12 dB (re. PTA of 0.5, 1 and 2 KHz), speech identification scores of >90% at 40 dBSL (re. SRT) in both ears. Subjects had no indication of Retrocochlear Pathology (RCP), no history of neurological or Otological problems, no illness on the day of testing. All subjects were native Kannada speakers and had training in Carnatic music for duration of minimum 5 years.

Environment

All testing was carried out in a sound treated two room situation as per the standards of ANSI S3.1 (1991).

Instrumentation

A calibrated dual channel clinical audiometer (Orbiter 922) with TDH 39 headphones housed in MX-41/AR ear cushion was used for air conduction testing, Gap Detection Test (GDT) and for Speech perception in noise (SPIN) testing. A Radio ear B-71 bone vibrator was used for bone conduction testing.. A calibrated Immittance Meter (GSI Tympstar) was used to rule out middle ear problems.

Gap Detection Test was done with stimulus developed by Shivaprakash and Manjula (2003). It consists of 3 noise bursts, one of which contains a gap in it.

Recorded phonetically balanced (PB) word list in Kannada developed by Yathiraj and Vijayalakshmi (2005) was used for Speech Perception in Noise (SPIN) Test. It consists of 4 lists, each having 25 monosyllables.

Amplitude modulated white noise was used to find the Temporal Modulation Transfer Function (TMTF).

An output of PC which was routed to the audiometer was used to deliver stimulus for GDT, TMTF  and SPIN

Procedure: Pure tone thresholds were obtained using bracketing method for both air conduction and bone conduction for the octave frequencies from 250 Hz to 8000 Hz.

Speech Identification Scores in quiet for both ears were obtained with Kannada monosyllables (Yathiraj & Vijayalakshmi, 2005) for both ears separately at 40 dB SL with reference to SRT. A total of 25 words were presented to each ear separately and each monosyllable was given a score of 4%.

Gap Detection Test (GDT) was done for both ears separately (Shivaprakash & Manjula, 2003) through three interval forced choice method. A total of 56 stimuli are present including 6 catch trials. Each stimulus consists of three noise bursts, one of which contains a gap of variable duration. Subject had to indicate verbally which of the set has a gap. The stimuset is presented monaurally at 40 dBSL (with reference to PTA) or at comfortable level. The minimum gap that the subject can identify was taken as the Gap Detection Threshold.

Temporal Modulation Transfer Function (TMTF) was assessed to determine the sensitivity to sinusoidally amplitude modulated broadband noise, as a function of modulation frequency (TMTF).Two test stimuli, unmodulated white noise of 500 ms duration and sinusoidal amplitude modulated white noise of 500 ms duration with a ramp of 20 ms, was used. The modulated white noise was derived by multiplying the broadband noise by a DC shifted sine wave. The depth of modulation was varied by changing the amplitude of modulating sine wave and modulation depth was varied between 0 to -30 dB (where 0 dB is equal to 100% modulation depth). Six different modulation frequencies were used (4 Hz, 8 Hz, 16 Hz, 32 Hz, 64 Hz & 128 Hz). All the stimuli were generated using a
32 bit digital to analogue converter at a sampling frequency of 44.1 kHz.

The stimuli were played manually using a PC, the output of which was routed to a calibrated audiometer. The stimulus was presented through a headphone. The level of presentation was at 40 dBSL (ref: PTA). The participants were required to discriminate between amplitude modulated noise and unmodulated noise.




On each trial, unmodulated and modulated stimuli was successively presented with an inter-stimulus interval of 500 ms. Modulation depth was converted into decibels [20 log 10 (m), where m refers to the depth of modulation]. A step size of 4 dB was used initially and then reduced to 2 dB after two reversals.  This procedure provides an estimate of the value of amplitude modulation necessary for 70.7% estimate correct responses (Levitt, 1971). The mean of eight reversals in a block of 14 was considered as threshold.

It was observed from the mean data that the group with more than 16 years of musical experience (Group 4) showed better temporal modulation  detection thresholds in both ears, when compared with other groups.

 (



)Kruskal-Wallis test was done for comparing across the four groups. It revealed no statistically significant difference for 4 Hz for both ears, 8 Hz for right ear, 16 Hz for both ears, 32 Hz for right ear, and 128 Hz for left  ear.    But  statistically  significant  difference  was

Speech Perception in Noise test was done using the

present for 8 Hz for right ear 

p<0.05), 32

phonetically balanced (PB) Kannada word list recorded
in female voice of a typical Kannada speaker. The monosyllables and the speech noise was presented monaurally at different SNR (0 dB, 10 dB and 20 dB).
25 monosyllables were presented for each trial  and each monosyllable was given a score of 4%. Number of correctly identified monosyllables at different SNRs was noted down.

Results
The present study was aimed to compare temporal resolution abilities and speech perception in noise in Carnatic vocal musicians across their years of experience. The data was appropriately tabulated and statistically analyzed using SPSS (Version 18) software. Statistical analyses were carried-out to infer the findings of the present study.

Descriptive statistics (mean and standard deviation) were obtained for all the parameters for both ears separately. Kruskal-Wallis test was administered to compare the parameters across all the four groups. For the parameters which showed significant results under Kruskal-Wallis test, pair wise groups comparison was done with the help of Mann-Whitney test. Friedman test and Wilcoxon Signed Rank test (for pair-wise comparison) were done to compare the parameters within the group.

Temporal Resolution

Temporal Modulation Transfer Function (TMTF)

Table 1 depicts the mean and standard deviation of TMTF for the four groups at different modulation frequencies.

Temporal modulation transfer function was measured for 6 different modulation frequencies, for both the ears separately, for all the four groups. Table 1 shows the descriptive statistics (Mean & SD) of the TMTF of all the six modulation frequencies across the four groups.

Hz for right ear (p<0.05), 64 Hz for right ear (=9.00, p< 0.05), and for left ear (=7.94,
 (



)	
 (



)p<0.05) and 128 Hz for right ear (=9.73, p< 0.05).
The results of Kruskal-Wallis test revealed that there is statistically significant difference between the scores in at least any of the two groups. In order to find out which all groups are statistically different Mann- Whitney U test was administered. When the groups 1 and 2 & 3 and 4 were compared, no significant difference (p>0.05) was found for any of the modulation frequencies studied. However, when groups 1 and 3 were compared, there was statistically significant  difference  at  8  Hz  in  right  ear (||p<0.05), 32 Hz in right ear (||=2.00, p<0.05), 64 Hz in right ear (||=2.65, p<0.05) and at 128 Hz in right ear (||=1.79, p<0.05). For all other frequencies there was no statistically significant difference (p>0.05).

When groups 1 and 4 were compared, there was statistically significant difference at 32 Hz in right ear (||=2.5, p<0.05), 64 Hz in right ear (||=2.44, p<0.05) and in left ear (||=2.51, p<0.05) and at 128 Hz in right ear (||= 2.62, p< 0.05). Whereas, when Groups 2 and 3 were compared, the results revealed that only at 8 Hz in right ear was significantly different (||=2.38, p<0.05). Statistically significant differences were not found for all the modulation frequencies in both ears, at 5% level of significance.

For the comparison of Groups 2 and 4, there was statistically significant difference at 8 Hz in both right (||=2.02, p<0.05) and left ear (||=2.27, p<0.05), at 32 Hz for right ear (||=2.64, p<0.05) and at 128 Hz for right ear (||=2.015, p<0.05). For all other frequencies there were no significant differences at 5% level of significance.

Within group comparison was done using  Friedman test. Temporal modulation transfer function was compared across different frequencies. The results revealed that in Group 1 statistically significant difference at 5% level of significance was obtained for



Table 1: Mean and Standard Deviation (SD) of TMTF for the four groups at different modulation frequencies.

Modulation

Groups

	frequencies
	
	1
	
	
	2
	
	
	3
	
	
	4
	

	
	Mean
	
	SD
	Mean
	
	SD
	Mean
	
	SD
	Mean
	
	SD

	4 Hz (R)
	-21.07
	
	0.90
	-21.34
	
	2.50
	-23.73
	
	2.85
	-22.27
	
	3.64

	4 Hz (L)
	-22.93
	
	3.58
	-21.07
	
	1.21
	-22.00
	
	2.87
	-22.13
	
	3.45

	8 Hz (R)
	-17.86
	
	3.57
	-17.73
	
	3.48
	-21.87
	
	0.73
	-21.33
	
	1.63

	8 Hz (L)
	-20.00
	
	3.09
	-17.60
	
	3.32
	-12.00
	
	18.74
	-22.00
	
	1.88

	16 Hz (R)
	-14.47
	
	3.25
	-14.33
	
	3.00
	-15.80
	
	1.61
	-16.40
	
	3.82

	16 Hz (L)
	-14.32
	
	4.43
	-14.07
	
	2.23
	-15.87
	
	2.56
	-17.13
	
	3.41

	32 Hz (R)
	-10.93
	
	1.92
	-11.34
	
	1.25
	-14.93
	
	3.70
	-16.40
	
	2.43

	32 Hz (L)
	-13.47
	
	2.96
	-13.87
	
	2.28
	-14.33
	
	3.74
	-15.86
	
	3.28

	64 Hz (R)
	-6.73
	
	1.69
	-10.53
	
	2.72
	-9.67
	
	0.71
	-11.20
	
	1.88

	64 Hz (L)
	-7.67
	
	2.17
	-9.13
	
	2.11
	-9.93
	
	2.24
	-12.00
	
	1.33

	128 Hz (R)
	-5.47
	
	1.92
	-7.27
	
	1.57
	-7.87
	
	1.61
	-9.33
	
	1.03

	128 Hz (L)
	-7.53
	
	1.30
	-7.53
	
	0.93
	-7.73
	
	1.28
	-8.67
	
	0.34







Ear

Table 2: Mean and SD of Gap Detection Threshold (GDT) for both ears.
Groups

1	2	3	4


	
	Mean (ms)
	SD
	Mean (ms)
	SD
	Mean (ms)
	SD
	Mean (ms)
	SD

	Right
	3.80
	0.84
	3.60
	0.55
	2.60
	0.55
	2.80
	0.45

	Left
	3.60
	0.90
	3.60
	0.55
	3.00
	0.00
	2.60
	0.55




8 Hz (|Z|=2.03, p<0.05) and 128 Hz (|Z|=2.03, p<0.05)
only. For all other frequencies there were no statistically significant differences at 5 % level of significance. Groups 2, 3 and 4 showed no statistically significant differences at 5% level of significance, when frequencies were compared using Friedman test.

Gap Detection Threshold (GDT) test: was administered for both ears separately to find the minimum temporal gap, the subject could identify. GDT test was done for all the four groups. Mean and standard deviation (SD) of gap detection threshold for both the ears are shown in Table 4.2.

Descriptive statistical analysis showed that the gap detection threshold reduced as the musical experience increases. Group 1 was having a gap  detection threshold of 3.8±0.87 for right ear and 3.6±0.89 for left ear, where as for group 4, the threshold was 2.8±0.45 and 2.6±0.55 respectively.

Kruskal-Wallis test was done to compare the thresholds

The thresholds were statistically significant only for right ear, when Groups 1 & 3, (/Z/=2.13, p<0.05); groups 1 & 4, (/Z/=2.00, p<0.05) and Groups 2 & 3, (/Z/=2.15, p<0.05). Whereas, when groups 2 and  4 were compared, the thresholds were statistically significant for both right ear (/Z/=2.03, p<0.05) and left ear (/Z/=2.15, p<0.05).

Within group comparison of gap detection thresholds were done using Friedman test and pair wise comparison was done using Wilcoxon signed rank test. The results revealed that there was no statistically significant difference at 5% level of significance in any of the groups. When gap detection thresholds were compared across right and left ears for all the groups using Wilcoxon signed rank test, there was no statistically significant difference at 5% level of significance.

Speech Perception in Noise

The speech perception in noise was assessed for all the

 (



)across the four groups. For both right ear (

=9.27,

20 subjects for both the ears. The test was done at three

 (



)p<0.05) and left ear (

=8.20, p<0.05), the results

signal-to noise ratios (SNRs): 0 dB SNR, -5 dB SNR

were statistically significant.

Mann-Whitney test was done to compare the GDT results across two groups. The results were statistically not significant in both ears (p>0.05) when Groups 1 and 2, and 3 and 4 were compared.

and -10 dB SNR. The descriptive statistics (Mean &
SD) of the speech perception in noise (SPIN) test for the three SNRs (0 dB, -5 dB & -10 dB) for both ears are shown in Table 4.3. The mean values showed that ability to perceive speech in the presence of the noise in all the three SNRs is better as the experience of the
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)Table 3: Mean and SD of speech perception in noise test scores at different SNRs for both ears.
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musicians increased. It was found that as  the experience of musician increased, the ability to perceive speech in the presence of background noise also increased, especially at lower SNRs.

The results across the four groups for three different SNRs were compared using Kruskal-Wallis test. The results revealed that there is no significant difference across the four groups at three different SNRs at 5% level of significance.

Within group comparison for three different SNRs (0 dB, -5 dB & -10 dB) were done using Friedman test. Pair wise comparisons were done using Wilcoxon signed rank test. The comparison of SNRs in the right ear    showed    statistically    significant    difference,

In the present study, for GDT there was no statistically significant difference when the groups compared were closer in terms of experience or practice (i.e., Groups 1
& 2; 3 & 4). But for other group comparison there was statistically significant difference in the gap detection thresholds at 5% level of significance. These results are in agreement with the study by Moreno et al., (2009), where it was concluded that musicians had better temporal resolution abilities when compared to non- musicians and the years of experience was a factor in deciding about the temporal resolution ability. As the experience in music increased, better temporal resolution ability was observed. Studies also reported that initiation of musical training also matters for the better abilities. According to Ohnishi et al., (2001), music training can induce functional reorganization of
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the cerebral cortex. Therefore, the contact with music

revealed statistically significant difference for all the
three SNRs, at 5% level of significance. For left ear also, the three different SNRs were compared using Wilcoxon signed rank test. The results revealed statistically significant difference for the three SNRs,

before the age of seven could contribute to the development of primary auditory cortex and more precisely the planum temporale. When the GDT was compared between the two ears within the group, there was no statistical significant difference at 5% level of
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significance.

all the three SNRs were significantly different at 5%
level of significance.

Discussion
The results, of TMTF across the four groups revealed statistically significant difference for the modulation frequencies like 8 Hz, 32 Hz, 64 Hz and 128 Hz, across
different groups except for groups 1 & 2, and 3 & 4. The reason for no significant difference in these groups might be the closeness of these groups in terms of their experience. The literature which specifically explains about TMTF in musicians is limited. But in general, when random gap detection test was administered on musicians and nonmusicians, the gap detection thresholds were better in trained musicians when compared to non-musicians. This concludes that temporal resolution abilities are better in musicians when compared to non-musicians.


When the SPIN results were compared across the groups, there was no statistically significant difference at p=>0.05, for all the three SNRs (0 dB, -5 dB, & -10 dB). But this is in contrast to the previous research done in speech perception abilities in musicians. According to a study done by Parbery-Clark et al (2009b), musical experience enhances the ability  to hear speech in challenging listening environments. In another study Parbery-Clark et al., (2009) found that musical experience resulted in more robust subcortical representation of speech in the presence of background noise. The difference in the results of the present study with the earlier studies reported in the literature can be accounted for a few reasons. First, the noise used in the previous studies were speech shaped noise or multi- talker babble. But in the present study, speech noise was used to study the speech perception in noise. It is evident that the speech  shaped noise or multi-talker




babble will give better results for speech perception in noise when compared to speech noise. Second, the previous studies were conducted on instrumental musicians, whereas the present study was carried out in vocal musicians. Moreover, the subjects taken in Parbery-Clark et al., (2009b) study were having more experience than the subjects for the present study.

When within group comparison was done for each ear at three different SNRs there was a reduction in the speech identification scores for all the subjects as the SNRs decreased which was statistically significant at 5% level of significance. This means that when the noise level increased there was difficulty in the perception of speech.

Conclusions
The results from the present study showed that the temporal resolution abilities and the ability to perceive speech in the presence of noise were better  in musicians than in non-musicians. The results of temporal modulation transfer function and gap detection threshold values showed that the temporal resolution abilities becomes better as the years of musical experience of the musicians increased. The results were statistically significant. But the results of the speech perception in noise were not statistically significant when the musicians were compared across their experience, though the scores were better in experienced musicians when compared to the musicians with less experience.
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Abstract

Use of objective measures for programming cochlear implants in young children has become important due to their inability to provide reliable behavioural responses. The present study was carried out to determine the relationship between eSRT levels and threshold (‘T’) and comfort (‘C’) levels. A total of 11 participants in the age range of 5 to 16; 6 years were included. All participants used ‘Nucleus’ cochlear implants. The eSRT levels were measured from the electrodes 1, 7, 12, 17 and 22. These values were compared with the participants’ behaviourally set ‘T’ and ‘C’ levels. Paired t-test was used to compare the eSRT levels with the ‘C’ levels for the selected 5 electrodes. Spearman’s rank correlation was also used to investigate the relationship between the eSRT levels and behaviourally set ‘C’ and ‘T’ levels. The results revealed that the eSRT levels were higher than the ‘C’ levels in all the participants. Also, a significant difference between eSRT levels and ‘C’ levels was seen when the data of all the participants were analysed. However, no significant difference between eSRT levels and ‘C’ levels were obtained for the electrodes 1, 12, 17 and 22, when 6 participants with the difference of less than 30 current levels between eSRT levels and ‘C’ levels were analysed. Also, no significant correlation between the eSRT levels and ‘T’/’C’ levels were obtained. The eSRT levels obtained in the current study were found to overestimate the ‘C’ levels in most of the participants. However, these levels did not exceed the UCL of the participants.
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Introduction
Improvement in cochlear implant (CI) technology is reported to have resulted in significant increase in user benefit. It has been found that children, who are born with severe-to-profound hearing loss and receive cochlear implantation at an early age, can develop speech and language skills that commensurate with their hearing peers (Yoshinaga-Itano, Sedey, Coulter,
& Mehl, 1998).

Effective programming is considered necessary for maximum benefit from cochlear implants (Jerger, Jenkins, Fifer, & Mecklenburg, 1986). Bresnihan, Norman, Scott and Viani (2001) reported that cochlear implants require programming on an individual basis to provide appropriate levels of electrical stimulation. They also reported that programming multichannel cochlear implant required the client’s active participation in order to make a series of judgments regarding perception of stimuli being presented through the implant. Success of implantation was considered dependent on the adequacy of the map. The authors reported that the map could be generated by means of an electrical dynamic range for each active electrode. This range was established by ascertaining a threshold (‘T’) level, which served as the lower limit,
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and a comfort (‘C’) level, which formed the upper limit of electrical stimulation.

Fu and Shannon (2000) have demonstrated the consequences of setting incorrect ‘T’ and ‘C’ levels on phoneme recognition in cochlear implant users. They showed that reduced electric dynamic range had a significant effect on vowel and consonant perception leading to deterioration in the performance.

Most adult cochlear implant users are reported to perform the psychophysical tasks required to obtain the ‘T’ and ‘C’ levels with good reliability and repeatability (Spivak, Chute, Popp, & Parsier, 1994). Balkany et al., (2002) found that obtaining ‘C’ levels from children was extremely difficult, although most of them could be conditioned to provide reliable ‘T’ levels. Setting the ‘T’ level required the child to respond to the presence or absence of a sound. Although the same technique was used in setting the ‘C’ level, the child was required to make a judgment about the sound beyond its simple presence or absence. Furthermore, the concept of ‘most comfortable level’ has been found to be often beyond young children’s capabilities, even among the typically hearing population (Bresnihan et al., 2001). The use of objective measures has been reported to enable clinicians to determine optimal parameters (Jerger et al., 1986).




Research has shown that provision of appropriate levels of stimulation results in better outcomes in cochlear implant users (Moog & Geers, 2003). Some cochlear implant users such as infants, young children and persons with cognitive disabilities may not be able to make reliable loudness judgements necessary to determine the amount of electrical stimulation that is deemed to be most comfortable. As the age at implantation becomes increasingly younger, it has become more important to use objective methods for programming cochlear implants in very young children who cannot provide reliable behavioural responses.

Objective measures of the auditory system’s response to electrical stimulation were speculated to facilitate the speech processor fitting. Several objective measures have been investigated to serve this purpose. These include electrically evoked stapedius muscle reflex (eSR) (Jerger et al., 1986; Battmer, Laszig, & Lehnhardt, 1990; Spivak & Chute, 1994), electrically evoked compound action potential (ECAP) (Abbas & Brown, 1991) and electrically evoked auditory brain stem response (EABR) (Shallop, Beiter, Goin, & Mischke, 1991).

Brown, Abbas and Gantz (1990) found eSRT and ECAP useful in programming cochlear implants. The eSRT was defined as the minimal amount of electrical stimulation that elicits a measurable contraction of the stapedius muscle in the middle ear (Jerger, Oliver, & Chmiel, 1988). As early as 1986, clinical researchers established that electrical stimulation of the auditory system could result in measurable contraction of the stapedius muscle in the manner similar to the measurement of the acoustic stapedial reflex (Jerger et al., 1986; Jerger et al., 1988). Raine, Ajayi, Cruikshank, Khan, and Beesley (1997, as cited in Lorens, Walkowaik, Piotrowska, Skarzynski, & Anderson, 2004) noted that the eSRT  could  be recorded both intra-operatively and post-operatively. Intra-operative eSRT was generally recorded via visual detection of the stapedial contraction by the surgeon. The post-operative eSRT was recorded using an immittance meter in the contralateral ear (non- implanted) in response to electrical stimulation through the implant. The change in the compliance was measured and recorded.

The change in compliance measured and recorded using an immittance meter, as a consequence of acoustic or electrically evoked stapedial reflexes were reported to be essentially identical physiologically and anatomically. Both were noted to have a threshold and demonstrated amplitude growth to a point of saturation (Hodges, Butts, & King, 2005).

Several studies have indicated that the electrically evoked stapedial reflex thresholds correlate with the behaviourally obtained ‘C’ levels (Jerger et al., 1986; Spivak & Chute, 1994; Hodges, Balkany, Ruth, Lambert, Dolan-Ash & Schloffman, 1997). These findings suggest the usefulness of the eSRT as an objective predictor of ‘C’ levels in individuals who fail to give consistent behavioural responses. There is also evidence that fitting cochlear implant programs derived from eSRT measures can provide comparable benefit levels to those obtained.

In contrast to the studies that reported that eSRT correlated well with behavioural responses,  Stephan and Welzl-Mueller (2000) found a poor correlation between the eSRT and ‘C’ levels in 2 of their 4 subjects who used Med-El cochlear  implants.  This lack of correlation was observed across all the electrodes that were measured. Also, though Spivak and Chute (1994) reported eSRT to be a useful measure to predict ‘C’ levels, it was not found to do so in all of their subjects. Out of 35 participants studied, the test over-estimated and under-estimated the ‘C’ levels in 10 of them.

From the above information, it can be seen that both objective and behavioural measures play an important role in the programming of cochlear implants. However, not always in literature has a good correlation been established between the two measures. Further, most studies reported in literature provide information about the relation between eSRT and ‘C’ levels but not about the relation between the former test with ‘T’ levels. Hence, it is essential to investigate the relationship between eSRT levels and ‘T’ and ‘C’ levels so that it can aid in cochlear implant programming. The present study was undertaken to investigate the relationship between eSRT levels and behaviourally set ‘T’ levels and ‘C’ levels in children using Nucleus cochlear implants.

Method
Participants

Eleven cochlear implant users, in the age range of 5 to 16; 6 years, participated in the study. It was ensured that all the individuals had congenital hearing impairment and were users of Nucleus 22/24 cochlear implant for at least three months. In addition, they had full insertion of the electrodes, as reported by the surgeon, along with stable maps. A map  was considered stable if the variation between two consecutive maps was not more than 3-4 current levels. Normal middle ear functioning was confirmed with the presence of an ‘A’ type tympanogram.  It was ensured



Table 1: Current age, age of implantation and speech processor used by the participants



Participant No	Age (in
years)

Age of Implantation (in years)

Speech processor


1 14	11	Sprint
2 8	6	Sprint
3 16	10	Freedom
4 10	8	Freedom
5 8	6	Freedom
6 5	3; 6	Esprit 3 G
7 11	8	Sprint
8 8	7; 6	Freedom
9 11	9	Sprint
10 9	6	Freedom
 	11	7	6;5	CP810 	


that the participants had no other neurological or otological symptoms. Table 1 provides details of the age, number of years the implant was used and the type of the processor used by the participants.

Test environment

The evaluations were carried out in a quiet room, free from distraction. The test room was ensured to have adequate lighting and comfortable temperature.

Procedure

Prior to measuring eSRT on the participants, the ‘T’ and ‘C’ levels of the previous two maps were noted from files of the clients. This was done to confirm the presence of stable maps. The ‘T’ and ‘C’ levels had been measured by the same two audiologists who had over 8 years of experience doing cochlear implant mapping.

Procedure for measuring eSRT

A calibrated middle ear analyzer (GSI Tympstar) was used to perform tympanometry and to record the eSRTs. All the participants had to undergo tympanometry prior to the eSRT testing to rule out any middle ear pathology. The recording was done after ensuring that each participant was quiet, in order to minimize artifacts caused by body movements. The recording of eSRT was measured with the middle ear analyser set to reflex decay mode.

The test stimuli were presented using the ‘Custom Sound EP software (Version 3)’ loaded in a computer via the programming Pod to a Freedom processor. The participants either wore their own Freedom or CP810 processor or a loaner Freedom device. The loaner Freedom was used since it was not possible to carry out

eSRT using Sprint or 3G processors. The speech processor, with the transmitter coil worn by the participant, was connected to the  programming  Pod and the recording of eSRT was obtained in the ear contralateral to the implanted ear.

The measurement was done using standard biphasic pulses presented through the speech processor at a rate of 900 pulses per second. Stimulation began at approximately 20 programming units below the previously behaviourally measured ‘C’ level and was raised in 5 current levels (CL) until a reflex was noticed. A change in acoustic admittance for a 226-Hz probe tone, resulting from the stapedial reflex contraction, was noted. eSRTs were recorded from at least 5 electrodes (1, 7, 12, 17 and 22). If a clear reflex was present, the stimulus level was decreased by 10 CL. If no reflex was evident, stimulation was increased by 5 units until a reflex was present. Testing was terminated if the participant reported of any signs of discomfort, even if an eSRT was not determined. The threshold was considered as the lowest stimulus level that produced a repeatable deflection in baseline recording, synchronous with the stimulus presentation. Non-auditory stimulation (facial nerve stimulation) was monitored by keeping a track of the individual’s facial expression as the eSRT was obtained at higher current levels.

Procedure for measuring ‘T’ and ‘C’ level

The ‘T’ and ‘C’ levels that were established for each participant prior to the measurement of eSRT, were utilized for the study. These had been measured approximately 6 to 12 months earlier, for clients using the device for over a year, and 0 to 3 months earlier for participants using the device for less than a year. Streamlined fitting had been adopted for measuring ‘T’ levels across the 5 electrodes (1, 7, 12, 17 and 22)




using a stimulation rate of 900 pulses per second. The responses were obtained using conditioned play audiometry. The ‘T’ level was defined as the level at which the participant identified the softest sound sensations 100% of the times. ‘T’ level had been determined by obtaining the individual’s hearing threshold twice using an  ascending-descending method. The stimuli had been increased by 2 CL and decreased by 4 CL. After obtaining the reliable ‘T levels across 5 electrodes, it was interpolated for the rest of the electrodes.

Once thresholds were obtained across all the electrodes, ‘C’ levels had been measured. The setting of the ‘C’ level was always done in fine ascending steps to avoid over-stimulation. At lower levels, it was increased by 5 CL and at higher levels by 2 CL. Loudness growth charts were used, wherein the individual had to point to a 5-point loudness scale (‘very soft’, ‘soft’, ‘comfortable’, ‘loud but no pain/not uncomfortable’ and ‘loud but pain/uncomfortable’) as the stimulus level was increased. Multiple stimulations were given at each level to ensure consistent responses.

In two individuals, the ‘C’ levels could not be obtained with accuracy as they could not perform the loudness growth rating task. For these two individuals,  ‘C’ levels were increased globally for all the electrodes in

steps of 2-5 CL. It was ensured that they had no discomfort at these levels in the live mode.

To confirm that the maps provided were accurate, aided audiograms had been obtained for all the participants. This was done one week after the ‘T’ and ‘C’ levels were established. The  aided  audiograms were well within the speech spectrum in all the clients.

The obtained scores were tabulated and analysed to determine the relationship between the behaviourally set ‘T’ and ‘C’ levels with the eSRT levels for each of the electrodes that were tested. The data was subjected to statistical analyses using SPSS software  (Version 18). Paired t-test was used to compare the eSRT levels with the ‘C’ levels for each of the electrodes. The relationship between the eSRT levels and the ‘T’ levels were also determined. Spearman’s rank correlation test was used to determine the correlation between eSRT levels and ‘T’/’C’ levels.

Results and Discussion
Besides discussing the findings of the descriptive statistics, the relation between eSRT levels with the ‘T’ and ‘C’ levels are also discussed. Figure 1 shows a sample eSRT from a participant demonstrating absent reflex and a present reflex.




Figure 1: Sample of an eSRT obtained from a participant using Nucleus cochlear implant.  Upper panel shows the absent reflex and lower panel shows the presence of a reflex.




Characteristics of eSRT responses

eSRTs were measured successfully in all the participants, in most of the electrodes. While the eSRT could be measured in all the participants on electrodes 12, 17 and 22, it was not so on electrodes 1 and 7.

Table 2 provides the mean and standard deviation (SD) for eSRT and ‘C’ levels for all the electrodes. From Table 2, it is clear that eSRTs could not be obtained for electrode 1 from 4 participants. In a similar  way, eSRTs could not be measured from one  participant from electrode 7. This occurred despite the participants having no middle ear problems. The eSRTs could not be measured on electrode 1 in three of the participants since increase in CL resulted in the stimulation going out of compliance. In one participant, it could not be measured on electrodes 1 and 7 due to poor pressure stabilization that led to considerable fluctuation in the compliance.

The descriptive statistics revealed that mean current levels required to elicit eSRT levels increased gradually from the apical electrodes (electrode 22) to the basal electrodes (electrode 1). Similarly, the SD was less for electrode 22, and steadily increased towards electrode 1 (Table 2).

Characteristics of ‘C’ levels

The mean and SD of the ‘C’ levels calculated from the values noted from the earlier stabilized map is shown in Table 2. The mean was noted only for the electrodes where the eSRT was measurable. This was done though ‘C’ levels were established for all electrodes on all the participants. It is evident from Table 2 that the mean ‘C’ levels varied marginally across the electrodes. However, the SD was largest for electrode 22 and least for electrode 1. From Table 2, it is clear that eSRT levels were higher for all the electrodes compared to the ‘C’ levels in all the participants.

Comparison of eSRT levels and ‘C’ levels

Statistical analyses were done to compare the eSRT levels and ‘C’ levels obtained from the 11 participants. For the electrodes 7, 12, 17 and 22, the comparison was done using paired t-test, while for electrode 1, it was done using Wilcoxon’s signed rank test. The latter test was used for electrode 1 due to the reduced number of participants on whom the measurement could be done on. There was a significant difference between the eSRT and ‘C’ levels for each of the electrodes (7 to 22) for the 11 participants (Table 3 and Figure 2). Wilcoxon’s signed rank test revealed highly significant difference between the eSRT level and the ‘C’ level for the electrode 1 [Z=-2.366, (p<0.01)].


Table 2: Mean and Standard deviation for eSRT levels and ‘C’ levels



Electrode No.


Mean (CL)

eSRT levels	‘C’ levels


 (
S D
Range
N
Mean
S D
(CL)
Range
N
23.77
250-190
7
182
.28
8.59
205-171
7
17.67
250-195
10
184
.10
15.55
212-167
10
11.91
235-195
11
186
.72
11.81
207-175
11
7.77
225-200
11
187
.63
13.96
216-170
11
7.60
215-190
11
188
.63
17.24
232-167
11
)1	217.85
7	212.50
12	212.00
17	208.63
22	205.27



Table 3: Comparison of eSRT levels versus ‘C’ levels for the electrodes (7- 22)

	Electrode No
	t
	df
	Sig. (2-tailed)

	7
	5.600
	9
	0.000

	12
	6.839
	10
	0.000

	17
	4.453
	10
	0.001

	22
	2.760
	10
	0.020
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Figure 2: Graphical representation of eSRT versus ‘C’ level. Note: ** = p < 0.01; * = p < 0.05
On observation of the raw data, it was seen that 5 of the participants had a difference of more than 30 CL between the eSRT and ‘C’ levels. All these participants perceived the electrical stimulation as ‘loud but not uncomfortable’ at a lower level and showed saturation in loudness growth beyond that level. Hence, their ‘C’ levels were set at the lower level. This could have accounted for the large difference between their eSRT and ‘C levels. Further, statistical analysis was done to see if there was a significant difference between the eSRT and ‘C’ levels



after excluding these 5 participants. Table 4 shows the values of the mean, median and SD for the 6 participants whose eSRT and ‘C’ levels differed by less than 30 CL. Since the number of participants was small, the median values were also calculated. The mean and the median for the eSRT levels as well as ‘C’ levels did not differ much across the 5 electrodes.

eSRT and ‘C’ levels were compared using non- parametric Wilcoxon’s signed rank test. The Z value and the level of significance are shown in Table 5. From the table, it is evident that there was no significant difference between eSRT levels and ‘C’ levels for all the electrodes except for the electrode number 7.

The strength of the correlation was investigated using Spearman’s rank correlation (ρ) for the 11 participants for all the measures (eSRT levels, ‘C’ levels and ‘T’ levels). The ρ value and the level of significance (p) are shown in the Table 6.  The data show that there was a positive correlation between eSRT and ‘C’ levels for all the electrodes though not statistically significant (varying from 0.112 to 0.627). Similarly, there was a low positive correlation (p>0.05) between eSRT and ‘T’ levels for the electrodes 1, 7 and 13. However, there was a negative correlation between the two measures for the electrodes 17 and 22.






Electrode


Table 4: Mean, Median and SD for eSRT and ‘C’ level for 6 participants.

 (
S
 
D
N
(CL)
(CL)
S
 
D
N
18.87
4
180.25
179.00
9.28
4
11.58
6
185.16
180.50
17.40
6
9.30
6
188.33
188.00
12.42
6
4.91
6
188.50
189.50
11.94
6
7.17
6
190.83
192.00
5.63
6
)eSRT levels	‘C’ levels

No.

Mean
(CL)

Median
(CL)

Mean

Median


1	203.75	197.50
7	205.83	202.50
12	205.33	206.00
17	204.16	202.50
22	200.50	201.50


Table 5: Comparison of eSRT versus ‘C’ level for each electrode.


 (
Z
Sig. (2-tailed)
1.826
.068
-2.201
.010
-2.201
.059
-2.207
.076
)Electrode No.


1
7
12
17
 	22	-2.032	.079 	



Table 6: Spearman’s rank correlation coefficient (ρ) for the 11 participants.


Electrode No.	eSRT vs ‘C’ level	eSRT vs ‘T’ level

	
	ρ
	p
	ρ
	p

	1
	0.6
	>0.05
	0.118
	>0.05

	7
	0.627
	>0.05
	0.28
	>0.05

	12
	0.26
	>0.05
	0.131
	>0.05

	17
	0.112
	>0.05
	-0.205
	>0.05


 	22	0.487	>0.05	-0.417	>0.05 	


It was observed in the present study that the ‘C’ levels were lower than that of the eSRT values. This was in concurrence with the findings of Allum, Greisiger and Probst (2002). They too noticed in the majority of their participants, that the ‘C’ levels were lower than the eSRT levels. However, other authors (Polak, Hodges, King, Payne, & Balkany, 2006; Spivak & Chute, 1994) have reported of lower eSRT levels with respect to ‘C’ levels. The difference between the findings of the present study and the study by Allum, Greisiger and Probst (2002) from the others probably lies in the inclusion criteria of the participants. In the present study and in the study by Allum et al., (2002), responses were obtained from pre-lingually deafened children while it was obtained from post-lingually deafened adults by Polak et al., (2006). Behavioural responses obtained from children in establishing ‘C’ levels might not have been accurate. Hence, this could have lead to lower ‘C’ levels compared to eSRT levels.

The fact that the eSRT levels obtained in the current study were found to overestimate the ‘C’ levels in most of the participants, indicates that the information should be applied with caution while programming cochlear implants. However, the eSRT levels did not exceed the uncomfortable level (UCL) of the participants in the present study. This finding is consistent with the findings reported by Battmer et al., (1990). They also obtained reflex thresholds at levels approximately 70% to 80% of the listener’s dynamic range, which were closely related to levels of maximum stimulation levels than the ‘C’ levels. However, the participants showed no signs of discomfort.

The results of the present study also indicate that the possibility of obtaining reflexes were high at the mid and apically located electrodes (12 to 22) than the electrodes that are most basally located (1 and 7). This finding is in consensus with the findings reported by Allum et al., (2002) who reported higher possibility of obtaining reflexes for the apical electrodes than for the basal electrodes. The authors opined that this could be primarily due to the placement of the electrodes in relation to the modiolus.   The apical electrodes were

reported to be closer to the modiolus when compared to the basal electrodes. This could have lead to less focused stimulation of the auditory nerve endings in the basal region. Further, it is known fact that acoustically elicited stapedial reflexes are often absent at higher frequencies than in the lower frequencies.

The results of the present study indicate that the relation between the eSRT values and the ‘C’ and ‘T’ levels vary considerable across the participants. This is evident from the fact that the ‘C’ levels differed from eSRT levels by more than 30 current levels in 5 of the participants and less than 30 current levels in the rest. This finding is not in agreement with that obtained by Spivak and Chute (1994). They reported that the electrically evoked acoustic reflex thresholds (EARTs) differed from behavioural comfort levels by a mean of
9.6 current levels for a group of 19 children and by
19.4 current levels for a group of 16 adults using nucleus cochlear implants. However, EARTs noted by Spivak and Chute (1994) were also found to significantly overestimate or underestimate the ‘C’ levels in 6 adults and 4 children. The results of the present study also showed a significant difference between the two measures (eSRT and ‘C’ levels) when the findings of all the participants were  considered. Only when 5 of the participants who showed considerable difference between the two measures were eliminated, did no significant difference between the two measures occur for most of  the  electrodes. This shows the variability of the data in the present study as well as the variability observed by Spivak and Chute (1994).

Similar findings regarding the relationship between eSRT levels and ‘C’ levels were also reported by Hodges, Butts, Ash and Balkany (2000) who studied eSRT on 24 children and 24 adults using Nucleus devices. They obtained reflexes on 84% and 67% of them respectively. They also observed positive correlation between eSRT and the behavioural perception of maximum comfortable listening.




Relationship between eSRT levels and the behavioural ‘T’ and ‘C’ levels

The raw eSRT data obtained were also compared with the actual ‘T’ and ‘C’ levels for all the participants to see the relationship of eSRT with the behaviourally set ‘T’ and ‘C’ levels. Calculations were done to determine as to what percentage the ‘T’ and ‘C’ levels were of the eSRT levels for all the electrodes. It was found that the ‘T’ level was 56.82%, 66.06%, 63.06%, 63.17% and
63.95 of the eSRT level for the electrodes 1, 7, 12, 17 and 22 respectively. Similarly, the ‘C’ level was found to be 86.47%, 87.6%, 88.19%, 89.26% and 90.4% of
the eSRT level. The grand average for the ‘T’ level was found to be 62.61% of the eSRT level and 88.38 %, for the ‘C’ level.

For Nucleus cochlear implants, setting of the ‘C’ and ‘T’ levels from the eSRT levels has not been investigated much in literature. However, there is evidence regarding setting the ‘MCL’ and ‘T’ levels from the eSRT levels for Med-El cochlear implant systems. It has been reported by Spahr and Dorman (2005) that the ‘T’ levels were recommended to be set at 10% of the ‘MCL’. Also, they reported that the level of speech understanding obtained from maps set using behavioural thresholds did not differ significantly from maps having 10% of the ‘MCL’. They opined that setting programs based on ‘MCL’ could be time saving. Thus, in a similar way, the results of  the present study could be utilized while programming children with cochlear implants. However,  eSRTs were found to overestimate comfort levels. Although the participants in the present study could tolerate the higher levels of stimulation while measuring eSRT on individual electrodes, a map that was set with the eSRT levels was not found to be beneficial for one of the clients. The caregiver of this child reported of poorer speech understanding as well as deterioration in speech production with the eSRT-set map. Hence, the information obtained from eSRT measurements must be applied with caution.

Conclusions
From the findings of the present study it is evident that eSRT can be measured in children using cochlear implants, provided they have normal middle ear function. It can also be construed that there exits considerable individual variability in the relationship between eSRT levels and behaviourally set ‘C’ and ‘T’ levels. It was found that there was a significant difference between eSRT levels and ‘C’ levels for all electrodes. However, when the data of the participants in whom the difference between the eSRT and  ‘C’ level was not more than 30 CL were analysed, it was

found that there was no significant difference between the two measures (eSRT and ‘C’ levels) across most of the electrodes. Further, there was no statistically significant correlation between the eSRT levels and the ‘T’/‘C’ levels. Also, the data demonstrated the presence of individual variation in cochlear implant users. Thus, eSRT measurement could act as a supplementary objective method to facilitate programming of the cochlear implants. However, it should be used with caution.
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Abstract
The present study aimed to study the relationship between amplitude of the distortion product oto-acoustic emission fine structure and hearing sensitivity across different age groups and gender. A total of 98 normal  hearing individuals subdivided into three age groups participated in the study. The amplitude of DPOAE fine structure for 1/8 inter-octaves (1001 Hz-7996 Hz) was studied and was correlated with the behavioural puretone thresholds for respective 1/8 inter-octaves. The results revealed significant age and gender differences in the amplitude of DPOAE amplitude but a poor correlation between the amplitude of DPOAE fine structure and behavioural thresholds. Hence, the amplitude of the fine structure of the DPOAE cannot be used as a tool to predict the puretone threshold in normal hearing individuals.

Key words: DPOAE fine structure, DPOAE amplitude, puretone threshold.


Introduction
Distortion product oto-acoustic emissions (DPOAE) can be recorded from the ear canal, during continuous stimulation with pure tones at f1 and f2 frequencies where f1<f2 and the intensity level L1>L2. The DPOAE fine structure is characterized by consistent maxima and minima in dependence of frequency with depth of the notches up to 20 dB (Gaskill & Brown, 1990; He & Schmiedt, 1993; Heitmann, Waldmann & Plinkert, 1996) and a periodicity of 3/32 octave (He & Schmiedt, 1993; Mauermann,  Uppenkamp,  Van Hengel & Kollmeier, 1997). When the stimulus frequencies f1 and f2 are varied in small steps, distinct peaks and valleys in DPOAE level versus fine structure are observed which is referred to as DPOAE fine structure. There are reports that suggest that DPOAE fine structure has more depth and wider spacing in newborns when compared with adults (Dhar & Abdala, 2007) However, several other reports suggest that DPOAE fine structure is independent of age (Wagner, Plinkert, Vonthein & Plontke, 2008) Also, some studies report that only at few frequencies the DPOAE fine structure is affected (He & Schmeidt, 1996).

The distortion product oto-acoustic emissions have been recorded in various age groups and there is always some debate about the age-related changes in oto-acoustic emissions. Some studies of distortion product oto-acoustic emissions in humans concluded that there was a statistically significant effect of age on the distortion product oto-acoustic emission amplitude
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(Bonfils, Bertrand & Uziel., 1988; Bonfils, 1989; Collet, Moulin, Gartner & Morgon, 1990; Lonsbury- Martin, Harris, Hawkins, Stagner & Martin, 1990). However, in a recent study by Stover and Norton, (1993) using a statistical analysis of variance and covariance on several types of emissions argued that these differences can be attributed to the sensitivity changes, rather than aging itself. Other studies with hearing-impaired subjects concluded that oto-acoustic emissions were either significantly reduced in level or not measurable when thresholds were poorer than 30 dBHL (Bonfils et al., 1988; Kemp, 1978; Harris, 1990; Nelson and Kimberley, 1992). Similarly age related changes for DPOAE fine structure have also been reported in the literature. Regarding the age effect on the DPOAE fine structure there are few studies which have reported a decline in the DPOAE fine structure whereas few studies have reported no change in the DPOAE fine structure (He & Schemiedt, 1996; Uchida et al., 2008).

DPOAE has also been used as a tool to predict the hearing threshold. Several studies have reported a relation between DPOAE levels and hearing thresholds. Harris (1988, 1990) and, Harris and Glattke (1988) have found a very good agreement between low DPOAE levels and high auditory thresholds in some of their subjects. However, in other subjects this relationship did not hold-good. Gaskill and Brown (1990) reported the existence of 80% correspondence between DPOAE levels and behavioural audiograms and they also showed statistically significant correlation between DPOAE levels and auditory thresholds across the audiometric frequency range in about 50% of the ears.
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Also, there are studies which report a weak correlation between auditory thresholds and DPOAE level. Kimberley, Brown and Allen (1997) reported that prediction of an individual’s hearing threshold with OAE is not possible to any useful degree of accuracy. Martin, Ohlms, Franklin, Harris and Lonsbury-Martin (1990) demonstrated strong negative relation between DPOAE level and auditory threshold in subjects with noise induced hearing loss. Similarly, for the fine structure of the DPOAE, there are equivocal findings regarding the correlation between the puretone threshold and the DPOAE fine structure in children and adults (Dhar & Abdala, 2007; Uchida et al., 2008; Wagner et al., 2008).

Hence, the present study was conducted with 3 objectives; first, to develop norms for DPOAE fine- structure across three age groups i.e. young age group (8-18 years), middle age group (30-40 years) and the elderly age group (50-60 years), second to analyze the gender differences, if any, in fine-structure of the DPOAE and the third to correlate DPOAE  fine structure with the behavioural thresholds.

Method
Participants

A total of 98 individuals in the age range of 8 yrs to 60 years participated in the study. The participants were further sub-grouped into three subgroups:

Group I: 50 young individuals (8 to 18 years, mean age: 12.6 years) – (25 males and 25 females)
Group II: 30 middle aged individuals (30 to 40 years, mean age: 34.0 years) – (15 males and 15 females)
Group III: 18 elderly individuals (50 to 60 years, mean age: 52.3 years) – (9 males and 9 females)

Participant selection criteria

Participants were selected based on normal hearing sensitivity in both the ears as defined by pure tone threshold of less than or equal to 15 dBHL in  the octave frequency from 250 Hz to 8000 Hz for air conduction. Speech identification scores were greater than or equal to 90% in quiet. All the participants had normal middle ear functions as revealed by immittance measures and ENT evaluations. Also all  the participants had presence of DPOAE as defined by signal to noise ratio of 6 dB or greater in the frequencies between 1000 Hz to 8000 Hz.

Instrumentation: A calibrated dual channel audiometer (Orbiter 922), with TDH-39  headphones and B-71 bone vibrator was utilized for air conduction and bone conduction pure tone testing  respectively. The same audiometer was utilised for speech audiometry as well. A calibrated immittance meter was used for tympanometry and reflex measurements while ILO V6 was used for recording DPOAE and DPOAE fine-structure. All the evaluations were carried out in an acoustically treated two-room situation with permissible noise levels as per ANSI S3.1 (1999).

Procedure

Detailed case history: A detailed case history was taken. It included information on family history of hearing loss, presence of diabetes, any exposure to occupational noise, any other neurological or otological problems.

Behavioural testing (Auditory microstructure): Hearing thresholds were obtained at frequencies same as the f2 frequencies of DPOAE, as the 2f1-f2 DPOAE is thought to be generated in the region of f2 (Brown & Kemp, 1984; Martin, Lonsbury-Martin, Probst, Scheinin & Coats, 1987, Martin, Jassir, Stagner, Whitehead & Lonsbury-Martin (1998); Lonsbury- Martin & Martin, 2007). Hence, for the puretone audiometry the frequencies for testing chosen were 1001, 1086, 1184, 1294, 1416, 1538, 1685, 1831, 2002,
2185, 2380, 2600, 2832, 3088, 3369, 3662, 4004, 4358,
4761, 5188, 5652, 6165, 6726, 7336 and 7996 Hz. The
threshold was measured in 1dB step using the Modified Hughson-Westlake Method (Carhart & Jerger, 1959). Hearing thresholds at 8 points between octaves 1000 Hz and 8000 Hz were established to obtain the ‘auditory microstructure’.

Speech identification scores (SIS): SIS was measured in quiet using word list given by Vandana (1998). It consists of 2 word lists of 20 phonetically balanced words. The speech identification scores were noted at 40 dB above the speech recognition threshold.

Immittance evaluation: Tympanometry was done using
226 Hz probe tone frequency and acoustic  reflexes were elicited ipsilaterally and contralaterally for 500 Hz and 1000 Hz, 200 Hz and 4000 Hz.

DPOAE: DPOAEs were measured for f2 frequency of 1001 Hz, 2002 Hz, 4004 Hz and 7996 Hz. The f1/f2 ratio equals 1.22 which was kept  constant.  The intensity of the two stimuli (L1 and L2) was kept constant as 65 dB and 55 dB respectively.


























Figure 1: Amplitude of DPOAE fine structure for the three age groups across males and females for the right and left ear.
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)DPOAE fine-structure: DPOAE  fine-structure amplitude was obtained for 25 frequencies where f2 frequency was varied from 1001 Hz to 7996 Hz at 8 point  per  octave  (1001,  1086,  1184,  1294,  1416,
1538,1685, 1831, 2002, 2185, 2380, 2600, 2832, 3088,
3369, 3662, 4004, 4358, 4761, 5188, 5652, 6165, 6726,
7336 and 7996 Hz). The primary tone frequency ratio (f2/f1) was kept constant at 1.22 as the transmission of 2f1-f2 basally occurs maximally at this ratio (Kemp, 2007). The presentation levels for f1 and f2 were kept at 65 dBHL and 55 dBHL, respectively.

Results and Discussion
Descriptive statistics was done to find out the mean and standard deviation of amplitude of DPOAE fine structure. The details of the mean and standard deviation of amplitude of DPOAE fine structure are given in Figure 1a (right ear) 1b (left ear).

It can be seen from Figure 1 that the amplitude of the DPOAE fine structure is almost similar for 8-18 years and 30-40 years of age groups. It can also be seen from Figure 1 that the amplitude of DPOAE fine structure reduces for the third age group (i.e. 50-60 years) for all the frequencies compared to the first two age groups for the right ear. On comparing the three age groups it can also be seen that in the 2nd age group there was a reduction in the amplitude of DPOAE fine structures above 5188 Hz frequencies for the right ear.

Mixed ANOVA was done to see the interactions for frequency, gender, ear and age. Mixed ANOVA revealed a significant main effect for frequency [F(24, 2184)=112.05, p<0.01], gender [F(1, 91)=9.82, p<0.01],  ear  [F(1,  91)=6.71,  p<0.05]  and  age  [F(2,
91)=45.48, p<0.01]. Also, significant interactions were seen for frequency and gender [F(24, 2184)=1.88, p<0.01], frequency and age [F(48, 2184)=6.45, p<0.01], frequency, gender and age [F(48, 2184)=1.61, p<0.01], frequency and ear [F(24, 2184)=1.91, p<0.01] and frequency, ear and age [F(48, 2184)=1.44, p<0.05]. However, no significant interactions were seen for ear and gender [F(1, 91)=0.39, p>0.05], ear and age [F(2, 91)=0.35, p>0.05], ear, gender and age [F(2, 91)=1.50, p>0.05], frequency, ear and gender [F(24, 2184)=1.20, p>0.05], frequency, ear, gender and age [F(48, 2184)=0.76, p>0.05] and gender and age  [F(2, 91)=0.98, p>0.05]. Duncan’s post hoc test was done to see the significant differences for the three age groups. The Duncan’s post hoc test did not reveal any significant differences between the group I and II (p>0.05), whereas Group I and II showed a significant differences with the III Group (p<0.05). Further, Bonferroni’s post hoc test was done to see the pair- wise differences for the different frequencies of the DPOAE fine structure and Boneferroni revealed a significant difference for only few frequencies.

Mixed ANOVA showed significant interactions between   age,   gender,   ear   and   frequency,   hence,




repeated measure ANOVA was done to see the significant differences for age, gender and frequency. Repeated measure ANOVA showed a significant differences for age group I (8-18years) males for right ear [F(24, 576)=13.32, p<0.01] and left ear [F (24, 552)=12.87, p<0.01]. Also, females in age Group I showed significant difference for the right ear [F(24, 576)=21.86, p<0.01] and for the left ear [F(24, 576)=15.70, p<0.01]. Age Group II (30-40years) also showed significant difference for males for the right ear [F (24, 336)=16.35, p<0.01] and for the left ear [F (24, 336)=9.93, p<0.01]. Females in age Group II showed significant differences for right ear [F(24, 336)=21.82, p<0.01] and left ear [F (24, 336)=14.16,
p<0.01]. Age Group III (50-60years) showed significant differences for males for right ear [F(24, 192)=11.58, p<0.01] and left ear [F (24, 336)=14.16,
p<0.01]. Age group III females also showed significant differences for right ear [F(24,  192)=11.58,  p<0.01] and left ear [F(24, 192)=8.63, p<0.01]. Bonferroni’s pair-wise analysis was done to see the group wise differences and it revealed significant differences at only few frequencies for the three age groups.

In the present study, the amplitude of the fine structure of the DPOAE varied between -3 dB and 10.34 dB for the first age group, -7.34 dB to 10.74 dB for the second age group, and -14.29 dB to 6.37 dB for the third age groups. The amplitude obtained in the present study is more than recorded by Uchida et al., (2008) and Dhar and Abdala (2007). The difference in amplitude could be due to the different instrumentation used in the recording for all the three studies. The difference in amplitude could also be due to the fact that the amplitude of the DPOAE varies according the race (Dreisbach, Kramer, Cobos & Cowart, 2007).

Studies using oto-acoustic emissions (OAEs) have shown differences across racial groups. Whitehead, Kamal, Lonsbury-Martin and Martinl (1993) found that spontaneous oto-acoustic emissions (SOAEs) were more prevalent in African Americans, followed by Asians, and then Caucasians. Furthermore, African Americans exhibited multiple SOAEs (96% of ears) compared to Caucasians (58% of ears). Whitehead et al (1993) also found that Asians displayed SOAEs at higher frequencies than either African Americans or Caucasians. Chan and McPherson (2001) did not find significant differences between Caucasians and Asians in the prevalence of SOAEs, or the signal-to-noise ratios (SNRs), used as an indirect measure of amplitude of transient evoked otoacoustic emissions. However, they did find that Asians demonstrated significantly more responses in the high frequencies compared to Caucasians for both SOAEs and TEOAEs. Shahnaz (2006)  found  greater  overall  SNRs  of  TEOAEs  for

Asians compared to Caucasians. Thus, the differences obtained in the present study could be due to the different instrumentation used or due to different population.

In the present study a decrement in amplitude of the fine structure of the DPOAE was noted as the age increased. There was decrement in the amplitude of the DPOAE fine structure for the Group III and even for Group II there was a decrement in amplitude at higher frequencies. Several other reports also suggest that as the age increases there is significant decrease in the amplitude of DPOAEs. Oeken, Lenk and Bootz (2000) studied normal hearing individuals in the age range of 14 to 82 years and found significant decrease in the DPOAE amplitude with aging. Lonsbury-Martin, Cutler and Martin (1991) studied normal hearing individuals in the age range of 31-60 years. They found that when compared to young individuals, the aged individuals had deterioration in the high frequency region. Lonsbury-Martin and Martin (1990) also found that older subjects had reductions in the amplitudes of the high-frequency DPOAEs and the concomitant increases in detection thresholds to aging effects. Also, in young subjects DPOAE amplitudes tended to decrease and detection thresholds increase, with age, for the two highest test frequencies at 6 and 8 kHz.

There are studies which also report that middle age and elderly have decreased amplitude compared to children. O-Uchi et al., (1994) compared DPOAE amplitude across three age groups namely children (till 30 years), middle aged (30-50 years) and elderly (51 and above) and found that middle aged and elderly had decreased amplitude compared to the children. Kon, Inagaki and Kaga (2000) studied 275 normal subjects aged from 1 month to 39 years and found that at high frequencies, the DP levels did not change much across the age range. However, those at low and middle frequency, there was significant decrease with age. Karzon, Philip, Peterein and Gates (1994) studied 71 elderly individuals in the age range of 56 to 93 years and 8 young individuals in the age range of 19 to 26 years. They found that the DPOAE amplitude did not decrease significantly with age if the hearing thresholds were within the normal limits. Wagner et al., (2008) studied DPOAE fine structure for 102 participants in the age range of 17 to 81 years. The authors found no significant age effect on DPOAE fine structure.

The reduction in the amplitude of the fine structure could be due to subtle changes in the properties of the outer hair cells with the increase in age. The amplitude reduction of the DPOAE fine structure could representevidence of latent functional decline of OHCs which may start in the middle age only. A reduction in




the generation of OAEs with aging could reflect progressive OHC damage associated with the aging process. It is known that OHCs are particularly vulnerable to ototoxic insult; damage to them occurs before damage occurs to the other sensory cells of the ear, the inner hair cells (Gorga, Neely, Dorn & Hoover, 2003). Thus, OAEs measurements in normal-hearing elderly as defined by puretone threshold may have the potential to provide early indications of presbycusis.

Comparison of amplitude of fine structure for the males and the females

An independent t-test was done to see the overall significant difference across the two genders for all the frequencies. To see the significant difference between the males and females, the data of all the three age groups were combined and were compared for the gender differences. Independent t-test revealed significant differences for the two genders for frequencies, 2002 Hz [t(96)=2.170, p<0.05], 2185 Hz [t(96)=2.245, p<0.05], 2600 Hz [t(96)=2.401, p<0.05], 2832 Hz [t(96)=2.513, p<0.05], 3088 Hz [t(96)=3.061, p<0.01], 3369 Hz [t(96)=2.204, p<0.05], 4761 Hz [t (96)=2.263, p<0.05], 5188 Hz [t (96)=2.347, p<0.05]
and 6726 Hz [t(96)=2.839, p<0.01]. For rest of the frequencies, there was no significant difference between the males and the females for the amplitude of the fine structure of the DPOAE.

Several studies report higher emissions in females compared to their counterparts. Gaskill and Brown (1990) found that DPOAEs were significantly better in females compared to males especially in the frequency range of 1000 to 5000 Hz. Lonsbury-Martin et al., (1991) reported significant interactions between frequency and gender in females with larger DPOAE amplitude for 2000 to 8000 Hz frequency range.

Cacace, McClelland, Weiner and McFarland (1996) found 2.4 dB more sensitive auditory thresholds on an average for females compared to age matched males. Tadros et al., (2005) found significant interactions between age and ear asymmetry. Dunckley and Dreisbach (2004) found significant interactions between gender and DPOAE group delay values at low frequencies and for DPOAE levels at high frequencies. McFadden, Martin, Stagner and Maloney (2009) also showed higher DPOAE levels for females. Johanasson and Arlinger (2003) reported significant effect of gender. Females showed 2-3 dB higher levels of DPOAE.

The increased amplitude of DPOAEs found in females might be the result of increased emissions seen in females. Also, better auditory thresholds found in females   compared   to   males   (McFadden,   1993).

Anatomical differences in the cochlear length can also result in increased amplitude in females. Females have smaller cochlea therefore the cochlear travelling time delays are less in females compared to males (Kimberley, Brown & Eggermont, 1993). Subject related factors can also influence like the presence of spontaneous oto-acoustic emissions (SOAEs). SOAEs are more prevalent in females (Talmadge, Tubis, Long
& Piskorski, 1993) and their proximity to distortion product enhances the DPOAEs.

Behavioural thresholds

Descriptive statistics was done to obtain the mean and standard deviation for the  behavioural  thresholds across the different age groups. The frequencies at which puretone thresholds were obtained were similar to the f2 of DPOAE fine structure. The details of the mean and standard deviation of the puretone hearing thresholds structure for the three different age groups across age, ear and gender are given in Figure 2a (right ear) 2b (left ear).

Correlation between Puretone threshold and DPOAE fine structure

Pearson’s correlation analysis was done to find out the correlation between the amplitude of the DPOAE fine structure and the pure tone threshold of the subjects in each age group. The correlation of the puretone threshold and the amplitude of the fine structure of the DPOAE are given in Table 1 below.

In the Table 1, frequencies that had significant positive correlation are shown. While those frequencies that were not significant has not been represented in the Table. It can be seen from Table 1 that there was a significant correlation between the puretone threshold and the amplitude of the DPOAE fine structure only at few frequencies. Most of the frequencies there was no correlation between the puretone threshold and the amplitude of the DPOAE fine structure for all the three age groups.

Few studies have reported a positive correlation between the DPOAE fine structure and puretone thresholds. He and Schmiedt (1996) studied DPOAE fine structure and found a positive correlation between DPOAE fine structure and hearing thresholds. The present study however supports the study by Heitmann, Waldmann & Plinkert (2004). Heitmann et al., (2004) have reported a weak correlation between the hearing thresholds and DPOAE fine-structure. They reported that the behavioural thresholds cannot be accurately predicted using the fine-structure. that aging may cause different process to degenerate differently. The loss in puretone threshold could be due to the loss of endo-
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)Figure 2a: Puretone threshold for the three age groups across male and females for the right ear.
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Figure 2b: Puretone threshold for the three age groups across male and females for the left ear.


cochlear potentials and loss of the inner hair cells. The findings of the present study can be interpreted as a differential change with age in the pure-tone hearing threshold level than in the DPOAE fine structure compatible with an age related fall in endocochlear potentials (Uchida et al., 2008). In the present study, the amplitude of the fine structure of the DPOAE reduced to a greater extent compared to the puretone threshold, indicating that the loss of endocochlear potentials and loss of outer hair cells could be entirely

two different phenomena. For the two younger age groups also there was no correlation between the puretone threshold and amplitude of fine structure of the DPOAE. This could also be due to the fact that the hearing threshold and OAE inherently reflect two different processes. This may be one of the reasons why there is no correlation between the puretone threshold and the amplitude of the fine structure of the DPOAE.


Table 1: Pearson’s correlation of DPOAE fine structure amplitude and puretone thresholds



 (
Freq
Age
 Group 
I
Age
 Group 
II
Age
 Group III
Males
Females
Males
Females
Males
Females
Right
Left
Right
Left
Right
Left
Right
Left
Right
Left
Right
Left
0.71
**
0.70
**
0.66
**
0.44
*
0.42
*
0.60
**
0.60
**
0.57
*
0.53
*
0.66
*
0.40
*
0.39
*
)1001
1086
1294
1416
1538
1685	0.54**	0.53**	0.73**
1831	0.48*	0.45*	0.64**	0.71**	0.74*
2002	0.45*	0.57**	0.54**	0.75*
2185	0.48*	0.75*
2380	0.41*	0.78*
2600	0.75**
3088	0.63*	0.73*
3369	0.53*	0.68*
3662	0.73**
4004	0.82**	0.45*	0.65**	0.73*
4358	0.70**	0.56*
4761	0.71**
5188	0.87**	0.40*	0.63**	0.73*
5652	0.42*
6165	0.55*
6726	0.91**
7336	0.72**
*p<0.05;** p<0.01


To summarise the results, the amplitude of DPOAE fine structure was almost similar for the 8-18 years and 30-40 years of age groups. There was a reduction in amplitude of DPOAE fine structure for the third age group (i.e. 50-60 years) for all the frequencies compared to the first two age groups for the right ear. Even for the 2nd age group there was a reduction in the amplitude of the DPOAE fine structures above 5188 Hz frequencies for both the ears. Pearson correlation showed a significant correlation of the amplitude of DPOAE fine structure and puretone threshold only at few frequencies. Most of the frequencies there was no correlation between the Puretone thresholds and the amplitude of the DPOAE fine structure.

Summary and Conclusions
Results indicate that the amplitude of the DPOAE fine structure was more for the group I and group II compared to the age Group III. Reduction in the DPOAE amplitudes was seen for high frequencies for the age Group II also. There was a  significant difference in the amplitude of the DPOAE  fine structure between males and females at few frequencies. The correlation between the amplitude of the DPOAE fine structure and behavioural thresholds was found to be poor. The reduction in the amplitude of  the  DPOAE  fine  structure  could  be  due  to  the

change in the properties of the outer hair cells functioning irrespective of the puretone loss seen in the individuals with normal hearing. The poor correlation between the amplitude of the fine structure of DPOAE and puretone could be due to the fact that OAE level and hearing threshold inherently reflect two different processes. The poor correlation between the amplitude of the DPOAE fine structure and the  puretone threshold seen in the present study for third age group could be due to the fact that the hearing thresholds although was within normal limits for the third group, was elevated compared to the other two age groups.
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Abstract

The present study aimed to check, whether the late latency potentials can be used as a tool to measure electrophysiological masking level difference. If so, what is the relationship between electrophysiological masking level difference and behavioral masking level difference? A total of thirty subjects were taken in the study. Age ranged between 18 and 40 years with a mean age of 24.2 years were included. All of them had hearing thresholds within normal limits. Stimuli for Electrophysiological Masking Level Difference (EMLD) were generated using Matlab R2009a. Both EMLD and Behavioral Masking Level Difference (BMLD) were recorded using bracketing method. ‘P2’ latency for both SoNo and SπNo conditions were compared to check for significant difference. Both EMLD and BMLD values were compared and checked for correlation. Peak latencies of ‘P2’ were significantly different for both SoNo and SπNo condition. Mean values of EMLD and BMLD procedures show no significant difference. There is a significant positive correlation between EMLD and BMLD. MLDs recorded from ALLRs conceded similar magnitude as that obtained from behavioral measures. Since, there was a positive correlation between the EMLD and BMLD, Auditory Evoked Potentials can be used to obtain MLD in difficult to test population to assess functioning of auditory nervous system.

Keywords: Electrophysiological masking level difference, behavioral masking level difference, late auditory evoked responses, release of masking.
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Introduction
The phenomenon of masking level difference (MLD) for pure tones was first described by Hirsh (1948), which is known to be a psychoacoustic phenomenon that compares masked thresholds in a number of signal and noise phase conditions. A commonly used paradigm involves the subtraction of threshold to signal 1800 out of phase and noise in phase at the two ears (SπNo) from the threshold to signal and noise in phase at the ear (SoNo). A paradigm where subtraction of threshold to signal in phase at the two ears and noise 1800 out of phase at the ears (SoNπ) from the threshold to signal in phase and noise in phase at the two ears (SoNo) results in relatively lesser amounts of release from masking.

The magnitude of the threshold differences (release from masking) is inversely related to signal frequency i.e, as the frequency of signal increases the MLD decreases (Hirsh, 1948; Durlach, 1963). Also, as the noise bandwidth increases the MLD decreases (Hall & Harvey, 1984). Whereas, MLD is directly related to signal level (Hirsh, 1948; McFadden, 1968). The amount of masking release also reduces as the interaural phase disparity of either the signal or the
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masker is decreased (Colburn & Durlach, 1965; Jeffress, Blodgett & Deatherage, 1952). The dependence of MLD on interaural phase relationships is largest at low frequencies.

MLD using an electrophysiological approach was first put forward by Kevanishvili and Lagidze (1987). Study by Fowler and Mikami (1995), investigated to find a correlation between behavioral MLD and an auditory brainstem responses with opposite polarity high frequency (4000 Hz) and low frequency (500 Hz) tone pips. They suggested that the ability to maintain phase information along the brainstem is necessary but not sufficient to generate the masking level difference.

Kevanishvili and Lagidze (1987) compared the  ‘Pa- Nb’ responses elicited by 60 dBSL in SoNo and SπNo conditions for 580 Hz tone bursts and reported that the latencies and amplitudes of Pa-Nb were not significantly different in these two stimulus conditions. Galambos and Makeig (1992) concluded that the 40 Hz Auditory Steady State responses (ASSR) does not show the binaural MLD; however the study considered results from only two subjects (one with hearing loss). Also reported that, the Binaural MLD is only obtained for the slow cortical auditory potentials (waves N1-P2) and not for the auditory brainstem responses (ABR) or the middle latency responses (MLR) (Fowler & Mikami, 1992) and inferred this to be because, ABR and MLR may reflect the neural pathways from the
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cochlear nuclei to the inferior colliculus that bypass the superior olivary complex.

The late auditory evoked potential MLD has been shown to have several characteristics similar to behavioral MLD (Fowler & Mikami, 1992). First, inverse relation of MLD magnitude to signal frequency. Second, the late auditory potential MLD is larger with narrow band (50 Hz wide) noise than for wide band (600 Hz wide) noise (Fowler & Mikami, 1992). Third, the absence of phase dependent threshold differences in quiet indicates that the late potential MLD requires the presence of background masking noise (Fowler & Mikami, 1992; Kevanishvili & Lagidze, 1987).

The Electrophysiological masking level difference (EMLD) can be recorded in two possible ways (Fowler
& Mikami, 1992). First, Stimuli in SoNo condition are reduced in level until the late potentials ‘P2’ disappears. Then the stimuli are switched to SπNo condition, which causes a large potential ‘P2’ to reappear at the threshold level for the SoNo signals. This amplitude difference for SoNo and SπNo signals at the threshold level for SoNo signals is considered as MLD like phenomenon. Second, the actual signal level for threshold for both SoNo and SπNo are determined and difference in the two thresholds can be considered as EMLD and compared directly to the behavioral MLD to check for correlation (Fowler & Mikami, 1992). The present study considered the latter procedure to arrive at electrophysiological masking level difference.

A large number of studies are devoted to the MLD which is based on psychoacoustic measurements (Durlach & Colburn, 1978). The auditory evoked potentials appear to be an alternative tool for reliable investigation	of	MLD	phenomena. Electrophysiological MLD would further provide clarification of the mechanisms of the MLD (Durlach
& Colburn, 1978). Hence, in the current study auditory late latency responses (ALLR’s) were selected and an effort to validate the findings that, it would yield MLD like phenomenon has been assessed. The earlier study (Jerger & Hannley, 1983), ignored the effect of peripheral hearing loss on MLD, or used a white noise which is known to yield lesser amounts of MLD (Hall
& Harvey, 1984). Therefore, in this study care was taken to ensure that all participants are devoid of peripheral hearing loss and narrow band noise  was used to mask the signal. Thus, the present study aimed to check, whether the late latency potentials can be used as a tool to measure electrophysiological masking level difference. If so, what is the relationship between

electrophysiological masking level difference and behavioral masking level difference?

Method
Subjects

A total of thirty subjects participated in the study. Age of the subjects ranged between 18 and 40 years with a mean age of 24.2 years. The behavioral thresholds of all subjects were within 15 dB HL at all frequencies from 250 Hz to 8 kHz and 250 Hz to 4 kHz for air conduction and bone conduction respectively in both ears. All subjects had “A” type tympanograms with normal acoustic reflex thresholds in both ears. All of them had normal click evoked-ABR at lower (11.1/sec) and higher (90.1/sec) repetition rate, indicating absence of retro cochlear pathology (RCP). None of them reported to have any history of neurological or otological problems. No physical illness on the day of testing was reported by the subjects.

Instrumentation

A calibrated diagnostic audiometer, (Interacoustics- AC 40) with TDH-39P earphones was used for estimating the air conduction thresholds. Radio ear B- 71 bone vibrator was used for bone conduction testing. The same audiometer was also used to obtain MLD behaviorally. A calibrated middle ear analyzer, (GSI tympstar) was used to record tympanogram and acoustic reflexes. Intelligent Hearing Systems (IHS) SmartEP windows USB version 3.95 was used to record auditory evoked potentials and also to obtain MLD electrophysiologically. Stimuli to obtain MLD electrophysiologically were generated using a personal computer installed with MATLAB R2009a software.

Stimulus Generation
Stimuli for EMLD were generated using program implemented in MATLAB R2009a. Tone burst generated was a pure-tone of 500Hz with 250 ms duration and 20 ms rise and fall time was generated with 44.1 kHz sampling frequency and 16 bit A/D conversion, which became an in-phase signal (So). For anti-phasic condition (Sπ), a phase delay of 180o was provided by calculating delay in number of samples between 0o and 180o. The portion of the signal between 0o and 1800 was made zeros (silence) in the in-phase signal, which provides the anti-phase signal or Sπ i.e., phase delay signal. During the process of generating anti-phasic signal, duration of the signal was kept constant.

On the other hand NBN with a center frequency of 500 Hz was generated as described by Stelmachowicz and




Jesteadt (1984). Random noise of 10 minutes duration was generated at a sampling rate of 44.1 kHz. A Fourier Transform was applied to the random noise, and all the frequency components above 50 Hz were set to zero amplitudes. An inverse Fourier transform was then applied to obtain the time domain low pass filtered noise with cut-off frequency of 50 Hz, as shown in Figure 1. A sine wave of 500 Hz with duration of 10 minutes was generated at a sampling rate of 44.1 kHz using the following equation:

Sine wave = A*sin (2π×f×t)

where ‘A’ represents amplitude, ‘f’ indicates frequency and ‘t’ indicates time.

This sine wave was then multiplied with the low pass filtered noise to obtain a 500 Hz narrow-band noise with 100 Hz bandwidth and very steep frequency skirts on either side of the spectrum shown in Figure 2. The intensity of narrowband noise was varied in 2 dB steps from 40 dB SPL to 90 dB SPL. The narrowband noises were played using adobe audition Version 3 software program, through an EarTone-5A insert receiver driven by a standard PC sound card. The output intensity of the inserts was calibrated.

The tonal stimuli were fed to IHS EP system which ran on advanced research module protocol to record AEPs. The tones were converted into STIM format using the
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Figure 1: Waveform of a random noise (A), waveform after low pass filtering of random noise (B), spectrum of random noise (C) and spectrum of random noise after low pass filtering (D).

proprietary IHS STIMCONV module version 3.9. They were played using IHS EP system through an EarTone- 3A insert receiver. To present the tone and noise in in- phase and anti phasic conditions, the output of the two- inserts was coupled to a foam-tip, to deliver the tone and noise binaurally. SπNo stimuli configuration was generated rather than SoNπ configuration as the former configuration yield better MLD than the latter one (Aithal, Yonovitz, & Dold, 2006).

Procedure
All the tests were carried out in a well illuminated air conditioned rooms which were acoustically treated. The noise levels were within the permissible levels as recommended by ANSI-S.3 (1991). To record EMLD the subjects were instructed to sit comfortably  and relax on a reclining chair facing away from the instrument. They were instructed to avoid head, eyes, neck and limb movements during testing, to avoid artifacts.
Electrode placement: The non-inverting electrode placed on the Vertex (Cz), inverting electrode placed on tip of the nose since, it is highly active and ground electrode was placed on low forehead (Fpz). ER-3A Insert ear phones were placed in the ear canal to present the tone and ER-5A insert ear phones were used to present noise. The parameters used to record Late Auditory Evoked Potentials are given in Table 1.
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Figure 2: Waveform of low pass filtered noise (A), waveform of 500 Hz narrowband noise with a bandwidth of 100 Hz wide (B), spectrum of low pass filtered noise (C), spectrum of 500 Hz narrowband noise with a bandwidth of 100 Hz wide (D).



Table 1: Parameters used to record Late Auditory Evoked Potentials


Acquisition parameters	Stimulus parameters



Filter


HPF: 1 Hz
LPF: 30 Hz



Transducer

ER-3A Insert earphones (300Ω) for 500 Hz toneburst and ER-5A for 500 Hz NBN


Analysis epoch	600 ms	Stimulus	500 Hz toneburst for So and Sπ with 500 Hz NBN
Artifact rejection	50 µV	Polarity	Rarefaction
Notch Filter	Off	Intensity	70 dBSPL
Amplification	50,000	Stimulation rate	1.1/sec


Data points	1025	Duration of stimulus

250 ms with 20 ms rise/fall time

Sweeps	500	Sweeps	500

Recording of Electrophysiological MLD (EMLD): Evoked potential was recorded in an acoustically and electrically shielded room. Subjects were asked to be awake throughout the recording and informed the clinician in case they feel drowsy. Since any state of drowsy or sleep might affect the amplitude and morphology of late auditory evoked potentials. Subjects were instructed to fixate their vision towards the screen where subtitled movie was played. Thresholds were estimated considering the presence or absence of wave ‘P2’ of auditory late latency responses for 500 Hz tone burst. In the present study wave ‘P2’ was considered as the marker for presence of late auditory potentials since, wave ‘P2’ of auditory late latency responses (ALLR) are more evident in adults than children (Ponton, Don, Eggermont & Masuda. 1996). Noise had the same phase as the signal phase (No) was then introduced and the level of noise was gradually increased in 2 dB steps such that the wave ‘P2’ disappeared. The lowest masker level at which wave ‘P2’ just disappeared was noted. This  masker level served as threshold for SoNo condition. Then, the 500 Hz tone burst was made out of phase and presented without changing the intensity level, which yielded in reappearing of wave ‘P2’. Now, noise level was once again increased (reducing the SNR), till the point at which wave P2 disappeared. This masker level served as threshold for SπNo condition. Difference in thresholds between SoNo and SπNo conditions was considered as the EMLD. Each condition was repeated to ensure replicability. Thresholds were judged by an experienced audiologist without the knowledge of the stimulus conditions.


Recording of Behavioral MLD (BMLD): Subjects were made to wear TDH-39P supra aural headphones with ear cushion (MX-41/AR) to ensure the comfort and were instructed to respond for the presence of tone every time they hear. A 500 Hz signal and 500 Hz NBN are presented in both homophasic (SoNo) and antiphasic (SπNo) conditions to measure Behavioral binaural masking level difference.

Initially, thresholds for tonal stimulus were obtained using bracketing method. Tone level was set to a 70 dB SPL and noise was presented below 70 dB SPL. Both were presented with a same phase on both the ears. Noise level was gradually increased in 2 dB steps till the tone was just completely masked. This was considered as the masked threshold in SoNo condition. At this point, tone was made out of phase which yielded in perception of tone again. Now, noise level was further increased in 2 dB steps to mask the tone and masked threshold is obtained. This masker level served as threshold in SπNo condition. Difference in thresholds between SoNo and SπNo conditions was considered as the BMLD.

Results and Discussion
Peak latency of ‘P2’ at minimum signal to noise ratio in SoNo condition were analyzed to compare with the peak latency of ‘P2’ at minimum signal to noise ratio in SπNo condition. EMLD values were computed and mean and standard deviation (SD) values were obtained. BMLD values were computed and mean and standard deviation (SD) values were calculated. Finally,  the  correlation  between  EMLD  and  BMLD




was evaluated using SPSS Version 17 software package.

Computation of ‘P2’ Latencies in both SoNo and SπNo

From the Table 2 it can be observed that mean ‘P2’ latency at minimum SNR was slightly shorter for SoNo condition than SπNo condition. To assess whether ‘P2’ latency between two conditions reaches significance level or not, a Paired t-test was carried out. Results revealed significant difference between ‘P2’ latency obtained at the thresholds of SoNo and SπNo conditions.

The significant difference in latencies of ‘P2’ between SoNo and SπNo condition obtained in the study is in general agreement with previous studies which used late auditory potentials (Fowler & Mikami, 1992a, 1992b, 1996; Yonovitz, Thompson & Lozar, 1979). Yonovitz, et.al., (1979) reported that the latency and amplitude of wave ‘P2’ are slightly longer and larger respectively in SπNo condition than compared to SoNo condition. However, in the earlier study by Kevanishvili and Lagidze, (1987) reported that the latencies of ‘P2’ are shorter for SπNo condition than SoNo condition. Unlike, in the present study the mean ‘P2’ latencies for SπNo condition is longer than SoNo condition.

The possible reason for prolongation of ‘P2’ latency in SπNo condition could be, in case of out of phase condition i.e., SπNo, the quantity of neural units responding to the signals is increased than for SoNo condition. So, during the release of masking there will be significant increase in neural units resulting in an intensification of the neural interconnections, as a result of both temporal and spatial integration processes, hence, the wave ‘P2’ may get broader yielding slight increase in latency. In the earlier study by Kevanishvili and Lagidze (1987), the ‘P2’ latency

measures were carried out by varying the signal level keeping the noise level constant unlike in the present study, which might have decreased the mean latency of ‘P2’ in SπNo condition.

Computation of EMLD and BMLD

ALLRs were obtained in different conditions i.e., without noise, SoNo and SπNo conditions having a signal level of 70 dB are shown in Figure 3.

As it can be seen in Figure 3, ALLR recorded in quiet condition at 70 dB SPL had very good wave morphology showing clear N1-P2 and P2-N2 complex. However, the morphology degraded at the threshold for two different conditions though the signal level was constant. The waveform became significantly poor and P2-N2 complex were not clearly observable.


EMLD and BMLD were calculated for thirty subjects. Mean (M), standard deviation (SD), and range are given in Table 3. Paired t-test was administered to check for the significant difference  between  EMLD and BMLD. The results indicated that there is no significant difference between EMLD and BMLD values. The details of the t-test results are given in Table 3.

In the present study the mean values of both EMLD and BMLD showed no significant difference. The findings of the present study are in consonance with the earlier studies (Kevanishvili & Lagidze, 1987; Fowler
& Mikami, 1992a, 1992b, 1996, Yonovitz, et.al., 1979). Previous Studies (Kevanishvili & Lagidze, 1987; Yonovitz, et.al., 1979) compared the EMLD values with the BMLD values and reported that the magnitude of EMLD showed no difference when compared to BMLD values.


Table 2: Mean and standard deviation of ‘P2’ latency, t-test results between the two conditions
P2	Mean (ms)	Standard deviation	t- value	Degrees of freedom (Error)	Significance SoNo condition		193.19		32.9	5.83		29		0.00
SπNo condition	226.99	27.2


Table 3: Mean, SD, range and t-test values of EMLD and BMLD
Tests	Mean (M)	Standard deviation (SD)	Range	t- value	Degree of freedom	Significance EMLD		11.33		4.96		0 - 22

BMLD	11.79	2.28	8 - 16

1.05	28	0.30
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Figure 3: Illustration of Late auditory evoked potentials depicting masking level difference of 10 dB.


The EMLD values of the present study are comparable with the BMLD values. Study by Fowler and Mikami (1996) reported that EMLD values with ‘P2’ measures on SπNo and SoNo condition were 11 dB and for behavioral measures with same stimulus phase condition it was around 8 dB. ‘P2’ measures derived from the EMLD shows similar magnitude with that derived from the behavioral measures. They suggested that the encoded phase information from lower structures in the auditory pathways is translated to threshold differences cortically by the generators of the late potentials. The late potential findings, therefore, suggest a role of the cortex in the production of the EMLD, which is in agreement with the conclusions of Cranford, Stramler, and Igarashi (1978), wherein the authors examined the effect of unilateral and bilateral ablation of neocortex in cats on binaural MLD test, and reported that the MLD phenomenon is not exclusively cortical dependent but also dependent on the subcortical structures (Superior olivary complex).

However, study by Wong and Stapells (2004) reported that auditory steady state responses (ASSRs) showed significantly lesser MLDs than Electrophysiological procedures which considered ‘P2’ measures. However, they also reported cortical ASSRs showed relatively higher degrees of MLD than brainstem ASSRs did. But the overall MLD on Cortical ASSRs was significantly lesser than Behavioral measures of MLD. These results suggest that the cortical ASSRs are not directly related to the slow cortical potentials (‘P2’). The generator of the cortical potential ‘P2’ is different from the cortical ASSRs (Wong & Stapells, 2004). Hence, it may not be concluded that all cortical potentials yield MLD like phenomenon.

Correlation between EMLD and BMLD to check the relationship

To obtain the relation between the EMLD and BMLD, scatter plot was obtained. The individual EMLD and BMLD values are displayed in Figure 4.

From the scatter plot, it is clearly evident that there is a significant positive correlation between EMLD and BMLD. This represents that for those subjects when the BMLD values have increased, EMLD values also increased. Figure 4 indicates 18 data points on the scatter plot even though the total numbers of subjects were thirty. The remaining twelve subjects showed similar amounts of MLDs in both electrophysiological and behavioral measures.

To find the relationship between the two variables such as EMLD and BMLD, Pearson’s product – moment correlation co-efficient test was carried out. It was found that there is a significant positive correlation (r=0.74) obtained at 0.01 significance level, between the two conditions. This indicates that for those subjects in whom EMLD had increased, BMLD also increased.

The findings of the study regarding correlation between EMLD and BMLD are in general agreement with the previous studies (Fowler & Mikami, 1992a, 1992b, 1996, Yonovitz, et.al., 1979). Study by Yonovitz, et.al., (1979), reported a correlation coefficient of 0.9 which indicates that there is significant positive correlation between the two procedures. However, the comparison of the EMLD values is made with the BMLD values that were obtained by Hirsh (1948).




[image: ]

BMLD

Figure 4: A scatter plot depicting the relationship between EMLD and BMLD across subjects.


Fowler and Mikami (1996), also reported a positive correlation with a SπNo and SoNo stimulus phase combination in both test procedures. The correlations between the two conditions were consistent only when ALLRs were used and not compared with ABRs and MLRs. The possible reasons could be due to the dependency of MLD phenomena on the spectral characteristics of the stimulus used to record ALLRs i.e., low frequency tone bursts were used unlike clicks in ABR (Yost, 1988; Durlach & Colburn, 1978). On the other hand, frequency specificity of ABRs and MLRs reflected an activation of high frequency neural constituents for the low frequency tone bursts (Kevanishvili & Lagidze, 1987). While, stimulus for ALLRs, in the present study considered  tone bursts with longer rise and fall times (20 ms), concentration of the effective energy of the signals around the low frequency bands (i.e., 500 Hz), as a result, probably the frequency specificity of the ALLRs should have improved. Also, study by Yonovitz, et.al., 1979) reported reduction in EMLD magnitude when clicks are used to record ALLRs, than compared to the EMLDs recorded with tone bursts. Hence, it can be inferred that the positive correlation of EMLD with BMLD is more significant when both the procedures used similar acoustic parameters.

Conclusions
In the current study, it is shown that MLD can be recorded from the late auditory evoked potentials. Since, the magnitudes of MLD in both the procedures were significantly similar and positively correlated. Thus, the AEPs can be effectively used to record MLD in difficult to test population and also to assess auditory nervous system. The study also highlights the necessity of further study in clinical population. The study can be used to assess the effect of neural maturation on binaural interaction or developmental changes of MLD. The late auditory potential MLD may be developed

into an objective research for assessing binaural function. It highlights the necessity of further study in clinical population.
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Abstract
Right ear advantage is consistent finding in dichotic tests, referring to more scores obtained for the right ear compared to the left ear for verbal stimulus administered using dichotic paradigm. Dichotic tests incorporate wide range of stimuli, from CV to sentences and the resulting ear advantage obtained vary with the type of stimulus used. Effect of linguistic influence on right ear advantage is not clearly reported in the literature. Current study investigated the effect of reducing redundancy achieved through filtering and compression on monosyllabic words, on the right ear advantage. Study incorporated 120 native Kannada speaking participants in the age range of 18-36 years, who were right handed and had hearing sensitivity within normal limits. They were divided into three groups based on their age (18-24; 24-30; 30-36 years). The participants were required to repeat the dichotically presented stimuli. Each participant was randomly evaluated using four different dichotic stimuli list which included untruncated, compressed, filtered and compressed+filtered stimuli. Results revealed right ear scores to be significantly higher compared to the left ear. Results of right ear advantage showed an increasing trend across the conditions with lowest scores for unaltered condition and highest for the compressed+ filtered condition. There was also no difference in the right ear advantage across the three age groups. It was concluded that there was a clear effect of linguistic load on right ear advantage, with greater advantage for the right ear for stimulus having lesser linguistic load. Also, age does not have an effect on the right ear advantage, especially for the age range of 18-36 years.
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Introduction
Right ear advantage (REA) is a finding of more correct responses for verbal stimuli administered to the right than to the left ear during dichotic listening when the subject is asked to report what is being heard in a free recall procedure. REA in dichotic speech perception is a well-documented phenomenon (Kimura, 1961, 1967; Shankweiler, D., & Studdert-Kennedy, M; Darwin 1969; Berlin, C. I., Lowe-Bell, S., Cullen, J., Thompson, C., & Stafford, M., 1972). Satz (1976) reported that a strong REA is an extremely probable predictor of left hemisphere specialization for speech and language function.

There are two major schools of viewpoints that try to explain the reasons behind the phenomenon of REA in dichotic perception tasks. Kimura (1967) postulated ‘the structural model’, which has received more widespread accolades from the research fraternity whereas Kingsbourne (1970) put-forth ‘the attentional model’ which is the lesser accepted one. The structural model (also known as the anatomical model) explains REA on the basis of various interacting factors. First, a monaural auditory input is more strongly represented in the contralateral hemisphere. Second, the left hemisphere (especially for right-handers) is specialized for   language   processing.     Third,   auditory   input
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delivered to the left ear that is sent along the ipsilateral pathways is suppressed, or blocked, by the contralateral information. Fourth, left-ear input that first reaches the contralateral right hemisphere has to be transferred via the corpus callosum to the left hemisphere language processing areas. As a consequence, the REA is thought to indicate a left temporal lobe specialization for processing of speech sounds. The  alternative theory, which is ‘the attentional model’, is based on an automatic activation of the left hemisphere in the anticipation of incoming verbal stimuli. This activation results in formulating a priming advantage for processing of auditory information and sets an attentional bias favoring stimuli administered to the right ear.

A third minor school of viewpoint has been proposed by Berlin and Associates (1973) which explains the phenomenon of REA based on ‘proximity’. They reasoned that the right ear advantage is seen in normals because the left anterior temporal lobe is closer than the right anterior temporal lobe to the left primary speech areas. Therefore, the transmission loss is lesser for signals reaching from the right ear to the left temporal parietal lobe. Cullen, Thompson, Hughes, Berlin and Samson (1974) further speculated that degradation or transmission loss for speech in the left ear may be the result of a poorer internal signal to noise ratio due to additional neural relays required to transmit information from right  primary  auditory cortex   to   left   temporal-parietal   cortex   for   final




processing. Irrespective of the reasoning for its existence, right ear advantage is a common finding in dichotic listening tests having verbal stimuli. REA reflects left hemisphere dominance for language processing.

Dichotic speech recognition studies that have included a wide range of stimuli have shown a systematic change in the overall performance and ear advantage as a function of phonetic and lexical content. Specifically, tasks using consonant-vowel stimuli reflect relatively lower levels of performance and larger right ear advantages, while tasks using stimuli with more lexical content such as digits, words, and sentences typically reflect higher performance levels and smaller ear advantages (Obrzut, Boliek, & Obrzut, 1986; Noffsinger, Martinez, & Wilson, 1994). Phonemic intelligibility, familiarity, and stimulus dominance, as well as phonemic contrast, or difference in phonemic information present across the stimulus set, have been cited as reasons contributing to these differences (Repp, 1977). This is in contrast with the report by Satz (1976) who reported that the greater the linguistic content of the signal (going from consonant vowels to words, spondees and sentences) the larger the right ear advantage. Thus there is a need to know the linguistic influence on right ear advantage.

There are very few studies in literature which assessed the effect of reduced linguistic load (redundancy) on ear advantage. Also studies have compared different kinds of stimuli like CV to natural speech but there are no studies that investigate the effect of reducing redundancy in the same kind of stimuli which is meaningful speech (Noffsinger et al., 1994; Steven, 2011). Current study tries to achieve the same by investigating differences in performance  across dichotic speech recognition tasks that use speech stimuli, with relatively limited lexical content versus stimuli with relatively more lexical content. Thus the current study aimed at investigating the effects of filtering and compression on right ear advantage and compare the performance to the unchanged stimuli.

Method
The present study incorporated 100 participants with normal hearing sensitivity, no history of otological or neurological issues, native Kannada speaker, in the age range of 18-36 years. All the participants were right handed as indicated by a high score for left cerebral preference in the Laterality Preference Schedule (Venkatesan, 2010). The participants were split into 3 groups based on age (Group 1: 18-24 years; Group 2: 24-30 years; Group 3: 30-36 years).

The recorded Kannada word list developed by Sreela (2010) was used for the stimulus preparation. These words were used as the stimulus along with the modifications done as per the requirements of the study with the author’s permission. The original word list was edited for construction of various lists using adobe audition (Version 3). The recorded words were scaled first to avoid dissimilarity in intensity among the word pairs. Duration of each word was measured and words with similar duration were paired for dichotic stimulation. Following this, the word pairs were edited to obtain separate pair lists as mentioned below:

· Untruncated word pair list (List A): 20  scaled, paired words with similar duration were included in this list.
· Time compressed word pair list (List B): Another set of 20 word pairs were used and each word in the list was compressed by 40% of its total duration using the Adobe audition software.
· Low pass filtered word pair list (List C): A different set of 20 paired words were considered and each of these words were low pass filtered using a cut off frequency of 800 Hz with a falling slope of 12 dB per octave.
· Low pass filtered and compressed word pair list (List D): Last set of 20 paired words, which were also non overlapping from the above 3 lists, were subjected to both time compression as well as low pass filtering with the same criteria used to prepare list B and C respectively.

The prepared materials were then recorded as dichotic stimuli with 0 ms lag onto a audio compact disk, with each pair of dichotic stimuli followed by a gap of 10 seconds. A 1 kHz calibration tone was recorded before each list for the VU meter calibration.

Routine audiological tests were carried out as a part of the preliminary evaluation using the clinical audiometer (Madsen Orbiter-922 Version 2) and Grason Stadler Inc. – Tympstar (Version 2) clinical immittance meter. Scan A (Keith, 1986) test was administered as a screening test to rule out auditory processing disorder. Most comfortable level for speech was obtained to be used as the level for word recognition and dichotic speech testing. As a part of actual evaluation of the REA, the recorded dichotic material was played to the participants by routing the CD output through the above mentioned set of audiometry equipments.

Subjects passing all the preliminary tests were included for the experimental procedure. Prior to the presentation of the lists, it was ensured that the VU meter  indicated  zero  when  the  calibration  tone  was




presented. The dichotic test was administered at most comfortable level using the above mentioned dichotic lists. The presentation of word lists was randomized to eliminate any kind of order effect. The subjects were asked to write down what is heard in both ears. The total scores for each ear was calculated separately. The double correct scores was also calculated.

Results and Discussion
Statistical analysis was carried out using SPSS software (version 17) to investigate the aims of the present study. The analyses involved descriptive statistics, Paired t-test, Mixed analysis of variance (mixed ANOVA), Bonferroni’s Post hoc test.

Single ear score

Total correct scores for each ear was calculated separately for all the subjects under each stimulus condition. Table 1 shows the mean and standard deviation obtained for the two ears separately in all the conditions. It is evident from the above table that the mean scores for the right ear were better than that of the left ear in all the conditions. The table also shows a trend towards reduction in scores for the two ears, from untruncated condition to compressed+ filtered condition.

Paired sample t-test was carried out to see if the mean scores   obtained   for   right   ear   and   left   ear   were

the left hemisphere gets automatically activated and sends the inhibitory signals to the ipsilateral pathway. This, in effect, would cause only the contralateral pathway to transmit the signal. The contralateral pathway for the left, being routed through corpus callosum, is longer (Berlin, 1973) resulting in earlier arrival of the stimuli from right ear to left hemisphere. This would effectively start processing the signal from right ear before the arrival of the signal from left ear which would result in a so called “line busy effect”. This would, thus, affect the processing of signals from left ear.

Right ear advantage

Analysis of scores for each of the conditions revealed that the performance of the right ear was better than that of left ear indicating towards a right ear advantage. To further analyze in this regard, right ear advantage was found out by subtracting the scores of the left ear from the right ear in all the conditions considered. The ear advantage obtained was then statistically analyzed to obtain the mean and standard deviation across all the conditions which is shown in Table 3. Better ear scores for right ear across all the conditions is evident from the table. A closer observation of the findings shows that the REA were comparable between untruncated and compressed conditions and also between filtered and compressed+filtered condition.

Table 1: Mean scores for the left and the right ear.
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for the stimuli presented to the right ear compared to the left. This finding was consistent across different stimulus conditions. Similar findings were reported for only the unaltered dichotic task by several previous researchers (Kimura, 1963; Bryden, 1963; Hugdahl, 1999; Prachi & Yathiraj, 2000; Krishna & Yathiraj, 2001). The better performance for the right ear could be explained by two theories that have been put forth by Kimura (1967) & Kingsbourne (1970). The former explains the phenomenon through an inhibitory action that the dichotic task introduces on the ipsilateral pathway whereas the latter explains it through a hypothesis of automatic activation of the left hemisphere which results in an attentional bias favouring the stimuli administered to the opposite ear. A combination of the two theories could explain this phenomenon. When the dichotic stimuli are presented,



Note: SD- Standard deviation, Maximum score=20
Table 2: Comparison between right and left ear scores.


Condition		t	df		p Pair 1: UDRES-UDLES	11.263	119	.000
Pair 2: DCRES-DCLES	9.497    119    .000
Pair 3: DFRES-DFLES         14.094    119    .000
Pair 4: DCFRES-DCFLES    15.008    119    .000


Note: UDRES: un-truncated dichotic right ear score; UDLES: un-truncated dichotic left ear score; DCRES: dichotic -compressed right ear score; DCLES: dichotic- compressed left ear score; DFRES: dichotic-filtered right ear score; DFLES: dichotic-filtered left ear score; DCFRES: dichotic- compressed+filtered right ear score; DCFLES: dichotic- compressed+filtered left ear score.




Table 3: Descriptive statistics for right ear advantage across conditions.


   Condition	Mean		SD 	 UD-REA	1.86	1.79
DC-REA	1.75	2.06
DF-REA	2.98	2.38
   DCF-REA	2.93	2.14 	
Maximum score = 20
Note: UDREA: un-truncated dichotic right ear advantage; DC-REA: dichotic -compressed right ear advantage; DF- REA: dichotic-filtered right ear advantage; DCF-REA: dichotic- compressed+filtered right ear advantage

Mixed analysis of variance was carried out to see the overall effect of the conditions and age on the right ear advantage. Results revealed a significant difference in the right ear advantage across different conditions [F(3, 6)=8.778, p<0.01]. There was no interaction observed between age and the conditions [F(3, 6)=1.124, p>0.05], which eliminated the need to carry out any post hoc test.

To check for the existence of significant difference across the conditions, a Bonferroni test was used for multiple pairwise comparisons among different conditions. Table 4.4 shows results of this comparison. Results of the pair-wise comparison, as evidenced by the table below, revealed the existence of a significant difference between untruncated dichotic condition and dichotic filtered condition, untruncated dichotic condition and compressed+filtered dichotic condition, dichotic compressed condition and dichotic filtered condition, and also between compressed and compressed+filtered condition. However, there was no significant difference between dichotic unaltered and dichotic compressed conditions, and also between dichotic filtered and dichotic compressed+filtered condition.

Analysis of REA, through the raw mean scores, indicated a trend towards increase in REA with increase in the stimulus difficulty (reducing extrinsic redundancy). Comparison of mean scores revealed that the dichotic task with unaltered words was the easiest followed by compressed, filtered, and compressed+filtered. The statistical analysis though, revealed a different story. This trend did not apply to the comparison of REA between dichotic untruncated and dichotic compressed as well as between dichotic filtered and dichotic compressed+filtered conditions. Both of these pairs produced comparable results. The difference between untruncated and compressed was found to be insignificant. This could probably be the result of a lack of spectral changes introduced by a 40% compression which may not decrease the extrinsic

redundancy significantly. This explains the high level of performance of normal individuals on such a task. Performance deteriorated in normals only when 60 % or higher rates of compression were used, leading to more evident right ear advantage (Zemlin, Daniloff & Shiner, 1968). Likewise, there was no significant difference between filtered and compressed+filtered condition. This could be probably because the above two conditions differ only by the addition of the compression parameter. As stated earlier, 40% compression shows no significant reduction in the redundancy which makes the low pass filtering as the sole factor governing the performance in the two conditions.

The present study showed a general trend towards enhancement in REA with increased degradation of the signal. This phenomenon could be explained through Berlin’s (1973) hypothesis of a transmission loss for the signal routed through the left ear. Since the signal gets degraded along its path from left ear to left hemisphere, it is likely that an already degraded signal could undergo larger volumes of degradation. This would result in an even poorer perception of the stimuli for left ear, thereby effectively enhancing an already existing right ear advantage.

There are studies in the literature that talk about the effect of decreasing the linguistic load on the right ear advantage (Obrzut et al., 1986; Noffsinger et al., 1994; Steven, 2011). These studies, however, have used entirely different set of stimuli (sentences to CVs) for changing the linguistic load. The present study has achieved the same through modifications of alike stimuli, which is monosyallabic word. The two set of stimuli become comparable in terms of availability of lesser number of cues in the stimuli through change in type, as evidenced by earlier studies, or through spectral modifications, as seen in the present study. Hence, the results of the present study could be compared to the above mentioned ones.

Comparison across age groups

The participants were equally divided into three groups based on the age range, as mentioned earlier. Mixed ANOVA was carried to see the existence of a significant difference among the three age groups. Analysis of right ear advantage across the considered age groups revealed no significant difference between the groups [F(2)=1.898, p>0.05]. Table 5 shows mean scores for REA across the three age groups.

Absence of significant difference in REA obtained across the three age groups (18-24; 24-30; 30-36 years) shows that there is neither improvement nor decrement in the scores with advancing age, indicating towards



Table 4: Comparison across conditions

	Condition
	Unaltered dichotic
	Dichotic filtered
	Dichotic compressed+filtered

	Dichotic compressed Dichotic filtered
Dichotic Compressed+filtered
	P>0.05 P<0.05 P<0.05
	P<0.05
	P<0.05 P>0.05




Table 5: Mean and SD of right ear advantage across age groups.

	
	18-24 years
	
	24-30 years
	
	30-36 years
	

	
	Mean
	SD
	Mean
	SD
	Mean
	SD

	UD-REA
	1.97
	1.84
	1.74
	2.07
	1.78
	1.28

	DC-REA
	1.66
	1.83
	1.69
	1.71
	1.78
	2.86

	DF-REA
	3.52
	2.75
	2.49
	1.88
	2.04
	1.89

	DCF-REA
	3.19
	2.35
	2.94
	1.94
	2.37
	1.84


Note: UDREA: un-truncated dichotic right ear advantage; DC-REA: dichotic -compressed right ear advantage; DF-REA:
dichotic-filtered right ear advantage; DCF-REA: dichotic- compressed+filtered right ear advantage



completion of maturation before the age of 18 years. It can also be inferred from the above results that there would be no decrement in the left ear scores because of aging at least till the age of 36 years. Most common finding obtained in the studies that address effect of age is the presence of a greater right ear advantage in individuals above 60 years and also in children below 7 years (Jerger et al., 1994; Roup, Wiley &  Wilson, 2006; Zenker et al., 2009).

Poor left ear scores in children may reflect a decreased ability of the corpus callosum to transfer complex stimuli from right hemisphere to left hemisphere. As the child becomes older and myelination of corpus callosum is completed, the interhemispeheric transfer of information improves and left ear scores reach to the levels found in adults (Musiek, Gollegly, & Baran, 1984). Larger REA in
older subjects is attributed to the decline in cognitive function, loss in efficiency of interhemispheric transfer due to compromise of auditory pathways in corpus callosum (Jerger et al., 1994).

Poor left ear scores in children may reflect a decreased ability of the corpus callosum to transfer complex stimuli from right hemisphere to left hemisphere. As the child becomes older and myelination of corpus callosum is completed, the interhemispeheric transfer of information improves and left ear scores reach to the levels found in adults (Musiek, Gollegly, & Baran, 1984). Larger REA in older subjects is attributed to the decline in cognitive function, loss in efficiency of interhemispheric transfer due to compromise of auditory pathways in corpus callosum (Jerger et al., 1994).


Conclusions
The results of the present study revealed that the right ear advantage shows an increasing trend as  the linguistic load of the stimuli decreases, in all the age groups considered. The magnitude of right ear advantage obtained was comparable across the three age groups. Thus there was a clear effect of linguistic load seen on right ear advantage.
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Abstract
Comodulation Masking Release (CMR) is the phenomenon where there is enhancement in the signal detection when the fluctuations in the masker are correlated across different frequency bands. The development of CMR was studied in the present study across the age range 5 to 25 years at octave frequencies from 500 Hz to 4000 Hz. The participants were divided into 4 sub-groups according to their age. Two measures of CMR were measured based on the interaction of across channel and within channel cues underlying CMR. CMR1 was the difference between the signal detection in flanking band and comodulated masker condition. CMR2 was the difference between the signal detection in modulated on frequency band and comodulated masker condition. The results revealed a significant difference across age group in CMR1 at 500 Hz and in CMR2 at 1000 Hz. The significant difference was also noted between CMR1 and CMR2 in the age groups 10-15 years, 15- 20 years and 20-25 years. There was also significant difference noted in amount of CMR2 across frequencies in 10-15 years, 15-20 years and 20-25 years, whereas only in 20-25 years group CMR1 was significantly different across frequencies. From the results, it can be concluded that when only across channel cues are responsible for CMR, it develops by 20 years of age. But when both within channel cue and across channel cues are available, even 10 years and older perform equally.

Keywords: Comodulation Masking Release (CMR), across channel cues, within channel cues, on frequency band masker, comodulated masker.
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Introduction
The peripheral auditory system contains an array of band pass filters, called the auditory filters, each tuned to a different centre frequency. When a subject tries to detect a sinusoidal signal in noise, it has traditionally been assumed that performance is based on the output of the single auditory filter which gives the highest signal-to-masker ratio. However, recent experiments demonstrate the ability to compare the outputs of different auditory filters to enhance signal detection. This enhancement takes place especially when the envelope of the masker fluctuates over time, and when the fluctuations are coherent or correlated across different frequency bands. This phenomenon is called Comodulation Masking Release (Hall, Haggard & Fernandes, 1984).

Comodulation Masking Release (CMR) can be determined in two ways. One way is by finding the difference in signal detection with random noise and random noise modulated at a low rate. Another way is by establishing the difference in signal detection using an on-frequency band centered at signal frequency and in flanking band masker, where flanking bands are modulated at the same rate as of on-frequency band. CMR occurs over a wide range of signal frequencies
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(500 Hz - 4000 Hz), and does not vary greatly with signal frequency (Haggard, Hall & Grose, 1990). CMR is largest when the modulation of the masker is at low rate, and when the masker covers a wide frequency range (Carlyon, Buus & Florentine, 1989). Eddins and Wright (1994) investigated that the CMR decreased from about 19 to 2 dB as modulation depth decreased, regardless of similar or different fluctuations used with respect to the carrier noise. CMR falls in the range of 1 to 6 dB when the flanking band is distant in frequency from the on-frequency band. The release from masking can be as large as 14 dB when flanking band is close in frequency to the on-frequency band. In this case within-channel cues probably influence the release from masking to be more. CMR measured with a flanking band presented in the opposite ear to the signal plus masker varies little with center frequency, but it is slightly larger for flanking bands close to the signal frequency than for flanking bands farther away (Hall, Grose & Haggard, 1990). CMR measured with an on-frequency band and a flanking band tends to increase as the width of the bands of noise is decreased (Schooneveldt & Moore, 1987). This is probably a consequence of the fact that the rate of envelope fluctuations decreases as the bandwidth decreases and slow fluctuations lead to large CMR. CMR also increases if more than one flanking band is used (Hall, Grose & Haggard, 1990). When multiple bands are used, CMR can be as large as 16 dB (Moore & Shailer, 1991).
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It has been suggested that there can be both within- channel and across-channel cues responsible for the comodulation masking release (Grose, Buss, & Hall, 2009; Buss & Hall, 1998). There is a regular beating pattern between two flanking bands when they are close together. This beating pattern is disrupted by addition of a signal which serves as a within channel cue underlying CMR. Whereas when the masker bandwidth is greater, there is comparison in each channel happening. The spectral peak at the channel where the signal is present will act as a cue when there is across-channel comparison. These across-channel and within-channel cues may act differently at different frequencies when different masker bandwidths are used.

The development of CMR has been studied. A study by Veloso, Hall and Grose (1990) showed no significant difference in the abilities of 6 year old children and adults to detect a pure tone signal in a relatively wideband noise background. However, when the masker consisted of 3 bands of modulated noise, the masked thresholds of the children were consistently 2 to 5 dB higher than those of the adult listeners. Similar results were found by Hall, Grose and Dev (1997), who found 2 dB higher thresholds in adults when compared to 5 to 11 year old children. But the difference was not statistically significant. Zettler, Sevcik, Morris and Clarkson (2008) also evaluated the development of CMR. Although total CMR did not change from 7 to 10 years of age, total CMR for children (4.02 dB) was significantly less than that for adults (10.85 dB), suggesting that across-channel processing develops after 10 years of age. In addition, thresholds for children were significantly higher than those for adults in both the on frequency band condition (by 6.47 dB) and the modulated masker condition (by 13.91 dB), supporting the likelihood that processing efficiency also develops beyond 10 years of age. These results suggest that both processing efficiency and across- channel cues utilized in CMR are slowly developing phenomena.

Need for the study

CMR measures a listener’s ability to use temporal and spectral information in noise (Zettler, Sevcik, Morris & Clarkson, 2008). In addition, physiological studies suggest that CMR could be a consequence of wideband inhibition at the level of the cochlear nucleus (Pressnitzer, Meddis, Delahaye & Winter, 2001; Ernst
& Verhey, 2006). Studies further suggest that central effects may play a significant role in CMR (Buss & Hall, 2008). The children with central auditory processing disorders will have impaired processing of temporal and spectral information. Thus, CMR can be

used as a behavioral tool to assess a function of central auditory processes in these children.

But there is dearth in literature about the age at which this advantage of CMR develops. Most of the previous studies focus on CMR in children less than 10 years of age and results indicate that CMR may develop after 10 years of age (Veloso, Hall & Grose 1990; Hall, Grose
& Dev, 1997; Zettler et al., 2008).

Also, these studies have used a single frequency of 1000 Hz to compare the amount of CMR between children and adults. Thus, there is a need for further research using a CMR paradigm at  different frequencies with older children which would illuminate the developmental picture of CMR. Studies focusing on within-channel and across-channel cues underlying CMR are done only in adults (Grose, Buss & Hall, 2009; Buss & Hall, 1998). Hence, there is a need to study how within-channel and across-channel cues underlying CMR develops in children.

The aim of the present study was to analyze the amount of comodulation masking release for pure tones 500 Hz, 1000 Hz, 2000 Hz and 4000 Hz in different age groups i.e., 5-10 years, 10-15 years, 15-20 years, and 20-25 years and to compare the amount of CMR across frequencies. Present study also aimed at comparing the amount of comodulation masking release across different age groups to see the developmental trend. The study also aimed at comparing across-channel and within-channel cues responsible for CMR at different frequencies in each age group.

Method
Participants

A total of 64 participants (35 males & 29 females) in the age range of 5 to 25 years were taken for the study. The participants were divided into 4 subgroups based on their age. Group 1 consisted of 16 participants (10 males & 6 females) in the age range of 5 to 10 years with a mean age of 8.44 years. Group 2 consisted of 16 participants (11 males & 5 females) in the age range of 10 to 15 years with a mean age of 13.13 years. Group 3 consisted of 16 participants (8 males & 8 females) in the age range of 15 to 20 years with a mean age of
18.06 years. Group 4 consisted of 16 participants (6 males & 10 females) in the age range of 20 to 25 years with a mean age of 23 years. All the participants had air conduction thresholds and bone conduction thresholds within 15 dBHL at octave frequencies from 250 Hz to 8 kHz and 250 Hz to 4 kHz respectively (ANSI S3.21, 2004). There was no history of otological, neurological or any middle ear disorders.




The participants who had good speech perception in noise with SPIN scores of more than 60% were considered for the study.

Test Environment

All the experiments were done in a sound treated double room situation. The ambient noise levels were within permissible limits as per ANSI S3.1; 1999 (R2003).

Equipment

A calibrated two-channel Madsen Orbiter-922 clinical audiometer (Version 2) with TDH-39 headphones and Radio ear B-71 bone vibrator were used to establish air conduction and bone conduction pure tone thresholds respectively. A calibrated Grason Stadler Inc.- Tympstar immittance meter (Version 2) was used to record tympanogram and acoustic reflexes. A Personal Computer with Matlab version 7.8 was  used  to generate the stimulus. An Apex 3 program developed at ExpORL (Francart, van Wieringen, & Wouters, 2008) was used to deliver the stimulus in three-interval, three alternate forced choice (3IAFC), three-down-one- up procedure and also to record the responses. Tucker - Davis Technologies (TDT) system with RP2.1 processor was used to reproduce the test stimulus at a sampling rate of 50 K, which was routed through a PA5 programmable attenuator. This stimulus was presented through a Sennheiser HDA-200 headphone using a HB7 headphone buffer.

Stimulus generation: All the stimuli were generated using Matlab version 7.8. All the stimuli were generated according to the description given by Hall, Haggard and Fernandes (1984). The following different types of maskers were generated.

Narrow band masker without modulation: A narrow band noise of 100 Hz bandwidth centered on signal frequencies 500 Hz, 1000 Hz, 2000 Hz and 4000 Hz were generated. This narrow band masker is called on- frequency band (OFB). Each of it was 600 ms in duration with a rise and fall time of 50 ms. This led to 4 different masker conditions as given in Table 1.
Flanking band masker: The narrow band maskers centered at 500 Hz, 1000 Hz, 2000 Hz and 4000 Hz were added with 6 flanking bands. Each flanking band was a narrow band noise of 100 Hz bandwidth. The flanking bands were added such that it results in  3 bands on either side of narrow band masker. For example, at 1000 Hz, the narrow band noise had a bandwidth from 950 Hz - 1050 Hz. This narrow band noise was added with 3 flanking bands below it i.e., noise frequency bands of 850 Hz - 950 Hz, 750 Hz -

850 Hz and 650 Hz - 750 Hz. In the same way 3 bands were added above the narrow band noise i.e., 1050 Hz - 1150 Hz, 1150 Hz - 1250 Hz and 1250 Hz - 1350 Hz.
When these flanking bands were added to narrow band masker (on frequency band) of 1000 Hz, it resulted in flanking band masker at 1000 Hz. Each of it was 600 ms in duration with a rise and fall time of 50 ms. This resulted in 4 masker conditions given in Table 1.

Modulated on frequency band masker: The on- frequency bands i.e., narrow band maskers centered at 500 Hz, 1000 Hz, 2000 Hz and 4000 Hz was 100%
amplitude modulated by multiplying a 10 Hz pure tone. This gave away the next 4 masker conditions given in Table 1.

Comodulated masker: Each of the 6 flanking bands of 100 Hz bandwidth were 100% amplitude modulated separately at 10 Hz using pure tone. These flanking bands were added to the modulated on frequency band masker of center frequencies 500 Hz, 1000 Hz, 2000 Hz and 4000 Hz. The flanking bands were added such that it resulted in 3 bands on either side of modulated on frequency band masker. As all bands of noise are modulated at 10 Hz, the resulting noise can be called as comodulated masker. It gave rise to 4 more masker conditions as shown in Table 1.

Pure-tone signals of frequencies 500 Hz, 1000  Hz, 2000 Hz and 4000 Hz were generated at 44100 Hz sampling rate with a 16-bit resolution. The duration of each pure-tone signal was of 400 ms with 50 ms rise time and fall time. The pure tone of frequencies 500 Hz, 1000 Hz, 2000 Hz and 4000 Hz were added with the 4 types of maskers i.e., on-frequency band masker, flanking band masker, modulated on-frequency band masker, and comodulated masker of corresponding centre frequencies. The puretone was mixed in such a way that it is placed in centre temporally with 600 ms duration of noise. The masker levels for all 16 masker conditions were kept constant at 50 dBSPL. Pure tone level was varied from 0 dB to 60 dBSPL to estimate the threshold. Keeping the masker level constant, the test signals were obtained at different signal to noise ratios by varying the pure tone level. Using  stimuli with different signal to noise ratio 3IAFC procedure was designed through Apex 3 platform.

A total of 16conditions were formed as mentioned earlier. A set of 3 stimuli were given in each trial. Two of them were only masker and one with both masker and pure tone. The duration of one stimulus was 600 ms. Thus for 3 stimuli, the total duration was 1800 ms. The inter-stimulus interval was 500 ms between any two stimuli in a trial.



Table 1: Different masker conditions at different frequencies

	Conditions
	500 Hz
	1000 Hz
	2000 Hz
	4000 Hz

	On frequency band with no modulation
	500 Hz OFB-no
mod
	1000 Hz OFB-
no mod
	2000 Hz OFB-no
mod
	4000 Hz OFB-
no mod


Flanking band
masker	500 Hz-flank	1000 Hz-flank	2000 Hz-flank	4000 Hz-flank

 (
102
)
 (
103
)
Modulated on -
frequency band	500 Hz OFB-mod

1000 Hz OFB-
mod	2000 Hz OFB-mod

4000 Hz OFB-
mod

Comodulated masker	500 Hz-comod	1000 Hz-comod	2000 Hz-comod	4000 Hz-comod




Test Procedure

Otoscopic examination of all subjects was done to rule out any outer ear and tympanic membrane pathologies. Air conduction pure tone thresholds at octave frequencies from 250 Hz to 8000 Hz and bone conduction thresholds at octave frequencies from 250 Hz to 4000 Hz were established for the participants using modified Hughson and Westlake (Carhart & Jerger, 1959) procedure to check for the normal hearing sensitivity. Tympanogram was obtained using
226 Hz probe tone frequency. Both ipsilateral and contralateral  acoustic  reflex  threshold  at  frequencies
500 Hz, 1000 Hz, 2000 Hz and 4000 Hz were established to rule out middle ear pathology and to find the hearing sensitivity. Speech in Noise test was carried out to rule out any difficulty in speech perception in the presence of noise. The testing was done at 40 dB SL and 0 dB SNR. Speech noise was used as masker. The spondee wordlist developed by Yathiraj and Vijayalakshmi (2005) was used as speech stimuli. The participants who had SPIN scores of >60% at 0 dB SNR were considered for the further procedure.

Procedure to obtain Comodulation Masking Release (CMR): The ipsilateral pure tone masked  thresholds was obtained in 16 masker conditions i.e., on- frequency band masker, flanking band masker, modulated on-frequency band masker,  and comodulated masker at 500 Hz, 1000 Hz, 2000 Hz and 4000 Hz using three-interval, three alternate forced choice (3IAFC), three-down-one-up procedure, estimating 79.4 % signal detection (Levitt, 1971). One set of stimulus was associated with 3 no. of blocks represented by 1, 2 and 3. The 3 blocks of noise was presented out of which one had the tone. The subject was instructed to click on the no. of block in which he/she heard the tone or on the no. of block which he/she heard different. The presentation of tone in one of the three blocks was randomized. Appropriate reinforcement and feedback was given in terms of pictures after each trial. To establish pure tone thresholds, the initial step size of 8 dB was reduced to

2 dB after one reversal and after second reversal it was reduced to 1 dB. A run was terminated after eight reversals and the average of the last five reversals was taken as threshold. This was done using Apex 3 software. At the end of all the trials, 16 set of values were obtained when 4 masker conditions at 4 frequencies were considered. These values were used to calculate CMR in two ways i.e., CMR 1 and CMR 2.

CMR 1: Pure tone threshold difference between flanking band masker condition and comodulated masker condition at corresponding frequency gives CMR 1, which yielded 4 following measures

CMR 1 - 500 Hz
CMR 1 - 1000 Hz
CMR 1 - 2000 Hz
CMR 1 - 4000 Hz

CMR 2: Pure tone threshold difference between modulated on frequency band masker condition and comodulated masker condition of corresponding frequency gives CMR 2, which again yielded 4 following measures

CMR 2 - 500 Hz
CMR 2 - 1000 Hz
CMR 2 - 2000 Hz
CMR 2 - 4000 Hz

Analysis

The mean and standard deviation of pure tone thresholds were calculated for all the 16 conditions across different age groups. The CMR 1 and CMR 2 values at different frequencies across different age groups were considered for statistical analysis. Appropriate statistical analysis using Statistical Package for the Social Sciences (SPSS) version 17.1 software was done to compare CMR 1 and CMR 2 across different age groups, and also across different frequencies.




Results and Discussion
Comparison of CMR values at different frequencies across different age groups

The group means and standard deviation was obtained for two measures of CMR i.e., CMR1 and CMR2 independently at frequencies 500 Hz, 1000 Hz, 2000 Hz and 4000 Hz across different age groups. The results are summarized in the Table 2. From the Table 2, it can be inferred that for Group 1, the mean changes in CMR 1 across different frequencies is around 1 dB. Whereas for other three groups, there is larger difference in CMR 1 across frequencies. Greater CMR 1 can be noticed for 500 Hz and 4000 Hz in the other three groups. CMR1 at 1000 Hz and 2000 Hz is lesser when compared to 500 Hz and 4000 Hz. It can also be noticed that the mean scores for CMR 1 increases from Group1 to Group 4 for 500 Hz and 4000 Hz, whereas it is not so for 1000 Hz and 2000 Hz. When CMR 2 is considered, with the increase in frequency, CMR 2 decreases. It can also be seen that there is increase in CMR 2 from Group 1 to Group 4 when 500 Hz is
considered. Whereas for 1000 Hz, 2000 Hz and 4000 Hz, there is no particular trend seen.

Thus, mixed analysis of variance (mixed ANOVA) was done to see the significant interaction across age groups and frequencies for CMR measures. The results revealed a significant interaction across age groups [F(3, 60)= 9.59, p<0.01], across frequencies [F(3, 180)=22.44, p<0.01] and also across frequencies and age groups [F(9, 180)=3.13, p<0.01]. There was no significant difference noted for CMR across frequencies across different age groups [F(9, 120)=0.83, p>0.01].

Comparison of two CMR values across age groups

To compare CMR1 and CMR2 at different frequencies independently across age groups multi-variate analysis of variance (MANOVA) was used as mixed ANOVA showed a significant interaction of CMR measures across age groups. The results showed that there was significant difference across age groups for CMR1 at 500 Hz [F(3, 60)=8.25, p<0.05] and CMR2 at 1000 Hz
[F(3, 60)=5.42, p<0.05]. There was no significant difference between age groups for CMR1 at 1000 Hz, 2000 Hz and 4000 Hz [F(3, 60)=0.07, 1.62 & 2.04
respectively at p>0.05] and also for CMR2 at 500 Hz, 2000 Hz and 4000 Hz [F(3, 60)=1.24, 0.69 & 1.66
respectively at p>0.05]. To arrive at the groups which are significantly different in CMR1 at 500 Hz, Duncan’s post-hoc analysis was carried out. Results showed that Group 1 was significantly different from Group 2, Group 3 and Group 4 (α<0.05). Group 2 was

significantly different from Group 4 (α<0.05). There was no significant difference between Group 2 and Group 3(α>0.05). No significant difference was found between Group 3 and Group 4 (α>0.05).

These results are in congruence with the results obtained by Zettler et al., (2008). They got a CMR of
4.02 dB in children with a mean age of 8.95 years and
10.85 dB was found in adults with a mean age of 23.3 years. They determined CMR using modulated on frequency band and eight comodulated flanking bands. The CMR1 values got in the present study are little higher than those obtained by Zettler et al., (2008). This might be because of the increased amount of CMR seen when the on signal masker is of wider bandwidth, especially at lower frequencies in adults (Schooneveldt & Moore, 1989a; Haggard, Hall & Grose, 1990), which is 700 Hz in the present study. This stimulus paradigm i.e., 500 Hz signal frequency and masker bandwidth of 700 Hz is not used in children in any of the previous studies reported.

In the present study, the CMR1 at 500 Hz was 5.02 dB for  children  aged  5-10  years,  increasing  rapidly  to
11.47 dB in children with the age range 10-15 years. It further tends to increase gradually after 15 years of age with 15.29 dB and 18.54 dB in the age range of 15-20 years and 20-25 years respectively. But there is no significant difference seen in CMR1 across different age groups at 1000 Hz and 2000 Hz. This might be because of the interaction of both within-channel and across-channel processing leading to lesser effect. Even though the increase in CMR1 across age groups can be evidenced at 4000 Hz, it was not statistically significant. This might be because of the high degree of variability within a group, or because of the only within-channel cue available at 4000 Hz for determining CMR in adults leading to lesser CMR compared to 500 Hz. Increase in CMR1 at 500 Hz with increase in age suggests that the across-frequency processing matures with age in children. There is increased amount of maturation taking place between 5-10 years and 10-15 years, whereas there is gradual amount of development taking place after 15 years of age till 20 years. Whether there is further development after 20 years or not could be determined if another age group extending from 25-30 years would have been considered. As of now, it can be said that across channel processing matures by 20 years.

As MANOVA showed significant difference  for CMR2 at 1000 Hz, Duncan’s post-hoc test was applied to arrive at groups that were significantly different. The results revealed a significant difference between Group 1 with Group 3 and Group 4 (α<0.05). Group 2 was significantly different from Group 4 (α<0.05). There




Table 2: Mean and standard deviation of CMR1 and CMR2 at different frequencies across different age groups


500 Hz	1000 Hz	2000 Hz	4000 Hz
	
	Mean
	SD
	
	Mean
	SD
	
	Mean
	SD
	
	Mean
	SD

	CMR1*
Group 1
(5-10 years)
	
5.02
	
6.69
	
	
7.88
	
4.04
	
	
6.53
	
7.97
	
	
7.46
	
9.30

	Group 2
(10-15 years)
	11.47
	7.20
	
	8.53
	5.78
	
	7.03
	6.77
	
	11.91
	4.87

	Group 3
(15-20 years)
	15.29
	7.93
	
	8.33
	5.97
	
	11.23
	6.75
	
	12.18
	9.44

	Group 4
(20-25 years)
	18.54
	10.12
	
	8.76
	6.10
	
	9.43
	5.79
	
	15.19
	10.88

	CMR2*
Group 1
(5-10 years)
	
6.98
	
10.13
	
	
5.26
	
6.68
	
	
-1.41
	
6.80
	
	
1.74
	
10.52

	Group 2
(10-15 years)
	7.96
	9.50
	
	1.18
	6.99
	
	-4.43
	7.89
	
	-0.49
	5.87

	Group 3
(15-20 years)
	10.81
	10.13
	
	-3.83
	11.48
	
	-3.92
	7.52
	
	-4.23
	8.53

	Group 4
(20-25 years)
	13.16
	10.46
	
	-7.24
	11.49
	
	-5.53
	10.85
	
	1.27
	8.10


Note: *CMR 1 = threshold (flanking band masker) – threshold (comodulated masker)
*CMR 2 = threshold (modulated OFB masker) – threshold (comodulated masker)



was no significant difference between Group 1 and Group  2,  Group  2  and  Group  3  and,  Group  3  and
Group 4 (α>0.05).

When CMR 2 at 1000 Hz is considered, there is reversal of trend seen as that of CMR1. Here the CMR2 values decreased as there is increase in age. This is contradicting to the previous studies done to measure CMR comparing children and adults, which says either there is increase in CMR (Zettler et al., 2008; Hall, Grose & Dev, 1997), or no change in CMR (Veloso, Hall & Grose, 1990). Even though Hall, Grose and Dev (1997) obtained a difference of 2 dB between children and adults, it was not statistically significant. But Zettler et al., (2008) obtained a significant difference between children and adults. The results in the present study concerning difference in CMR2 may be because of certain developmental factors. Possible explanations for developmental effects involve anatomical and mechanical factors (eg. developing auricle, external auditory canal, and middle ear structures), sensori-neural factors, and attentional factors (Olsho, 1986; Rubel & Ryals, 1983; Schneider, Trehub, Morrongiello & Thorpe, 1986). The negative values of CMR2 at higher frequencies in adults might be because of the lesser bandwidth of the masker used in the present study. However, children with age range of 5-10 years got positive CMR2. This might be

because of the interruption of the beating pattern created between two flanking bands by the addition of a pure tone that acts as a within channel cue, enhancing the signal detection (Buss & Richards, 1996). There was no difference observed in amount of CMR1 and CMR2 in 5-10 years old children. This probably suggests that frequency selectivity for the across frequency comparisons continues to mature gradually along with the increasing age. And also, the within channel cues might be playing a role in children which cannot be considered as true CMR (Schooneveldt & Moore, 1989b). When CMR2 is considered, there is a trend seen at 500 Hz and 2000 Hz across age groups. CMR2 increases at 500 Hz and decreases at 2000 Hz, with increase in age. But it was not statistically significant might be because of the increased variability across subjects within a group.

Comparison of two CMR values across frequencies in each age group

To see the significant difference across the frequencies within each age group for CMR1, repeated measure ANOVA was done. The results showed a significant difference in CMR1 across frequencies for Group 4 [F(3, 45)=7.40, p<0.05]. There was no significant difference across frequencies for Group 1, Group 2 and Group 3 [F(3, 45)=0.75, 2.11 & 2.43 respectively at p>0.05].   As   repeated   measure   ANOVA   showed




significant difference across frequencies for Group 4, Bonferroni’s multiple pair wise comparison test was carried out. The results showed a significant difference between 500 Hz and 1000 Hz and, 500 Hz and 2000 Hz at a 0.05 level of significance. There was no significant difference between 500 Hz and 4000 Hz, 1000 Hz and 2000 Hz, 1000 Hz and 4000 Hz and, 2000 Hz and 4000 Hz at a 0.05 level of significance.

CMR1 is the difference in thresholds obtained from flanking band masker condition and comodulated masker condition. The bandwidth of the masker was approximately 700 Hz in both the masker condition. We know that critical bandwidth increases as frequency increases (Moore & Glasberg, 1983; Dubno
& Dirks, 1989; Shailer, Moore, Glasberg, Watson & Harris 1990; Moore, Peters & Glasberg, 1990). Thus, at 500 Hz, since the critical bandwidth is 120 Hz, there are enough bands available on either side of the centre on frequency band to compare the signal across different frequency channels. This helps in detecting a spectral peak at the centre frequency when there is masker minimum. Thus, larger CMR can be seen at
500 Hz in Group 4 as a result of across-channel processing. This has been evidenced in a study by Haggard, Hall and Grose (1990). The CMR was measured as function of bandwidth across frequencies from 500 Hz to 4000 Hz. The CMR was determined as the difference between the pure tone threshold obtained in modulated and unmodulated masker of corresponding bandwidth. There was no measurable CMR at 2000 Hz and 4000 Hz when the bandwidth was lesser than or equal to 200 Hz and 400 Hz respectively.

When 4000 Hz is considered, the critical bandwidth of the filter is around 500 Hz. Then there will be lesser bands available on either side of on frequency band to compare across channels because the bandwidth of masker used in the present study was 700 Hz. Thus, it can be speculated that there might be within channel cue that is responsible for greater CMR 1 at 4000 Hz. That is there might be disruption of beating pattern in the 4000 Hz channel by the introduction of pure tone, enhancing the detection. Hence, since the across channel processing leads to greater CMR at 500 Hz, there might be significant difference seen between 500 Hz and 1000 Hz & 2000 Hz. Whereas at 4000 Hz, since only within channel processing is taking place, the amount of CMR is little lesser than what was seen at 500 Hz. But it is not significantly lesser. At 1000 Hz and 2000 Hz, there is neither across-channel cue nor within channel cue dominating in significant masking release. There might be interaction of both across- channel and within channel cue leading to the lesser CMR. Thus, to establish CMR based on across-channel

processing, the bandwidth of the masker should be more than critical bandwidth of corresponding frequency channel. Overall, the results suggests the notion that the across channel processing and frequency selectivity develops till the age of 20 years (Zettler et al., 2008).

Similarly, for CMR 2, to see the significant difference across the frequencies within each age group, repeated measure ANOVA was carried out. There was significant difference in CMR 2 across different frequencies in Group 2, Group 3 and Group 4 [F(3, 45)=5.96, 11.08 & 17.04 respectively at p<0.05] except Group 1 [F(3, 45)=3.08, p>0.05]. As repeated measure ANOVA showed significant difference across frequencies for Group 2, Group 3 and Group 4, Bonferroni’s multiple pair wise comparison test was done. In Group 2, significant difference was noted only for 500 Hz and 2000 Hz. When Group 3 and Group 4 were considered, 500 Hz was significantly different from 1000 Hz, 2000 Hz and 4000 Hz at a level of significance of 0.05. But there was no significant difference found between any of the other pairs. The result showed no difference across frequencies in Group 1. This suggests that within channel and across channel cues that are essential for CMR2, develops at a certain age after 10 years (Zettler et al., 2008). When group 2 is considered, the difference is seen only between 500 Hz and 2000 Hz, which suggests a scope of development. Whereas for Group 3 and Group 4 similar trend in the differences across frequencies can be seen suggesting that the development of within channel v/s across channel processing takes place by the age of 15 years. CMR2 decreases with increase in frequency. This is in accordance with the previous studies which showed reduced CMR at higher frequencies (Schooneveldt & Moore, 1987; Haggard, Hall & Grose, 1990; Fantini, Moore, & Schooneveldt, 1993). In a study by Haggard, Hall and Grose (1990), the largest value of masking release obtained decreased from +3.7 dB at 500 Hz to -4.5 dB at 4 kHz. Even in the present study, negative CMR of similar magnitude can be seen at 2000 Hz and 4000 Hz. This might be because of the consequence of the bandwidth of the modulated on frequency band masker which was 100 Hz. Hence, according to power spectrum model, the amount of noise passing through the filter at higher frequencies is lesser. This is because the critical bandwidth is 300 Hz at 2000 Hz and around 500 Hz at 4000 Hz which is greater when compared to on frequency noise bandwidth. This improves the signal to noise ratio at particular auditory filter making the threshold for signal detection better. Whereas for comodulated masker condition, the bandwidth is 700 Hz, which is a little higher than the critical bandwidth. This results in more amount of noise passing through




the auditory filter compared to only 100 Hz bandwidth of modulated on frequency band masker. Thus, the thresholds obtained in comodulated masker condition will be increased when compared to modulated on frequency band masker condition. Also, there is no across channel cue available as there are not enough bands surrounding centre band at high frequencies. This leads to negative CMR.

Comparison of CMR1 and CMR2 at each frequency in each group

Paired t-test was done to compare CMR1 and CMR2 at each frequency in each group. In group 1, there was significant difference between CMR1 and CMR2 at 1000 Hz and 2000 Hz (t=2.18, p=0.045 and t=3.86,
p=0.002 respectively, at p value 0.05). There was no significant difference when 500 Hz and 4000 Hz were considered in Group 1. There was significant difference between CMR1 and CMR2 at all the 4 frequencies for Group 2 [(t=2.547, p=0.022), (t=3.692, p=0.002), (t=7.491, p=0.000) & (t=7.990, p=0.000) at
500 Hz, 1000 Hz, 2000 Hz & 4000 Hz respectively, at p value 0.05], Group 3 [(t=2.928, p=0.010), (t=4.871, p=0.000), (t=6.246, p=0.000), & (t=7.144, p=0.000) at
500 Hz, 1000 Hz, 2000 Hz & 4000 Hz respectively, at p value 0.05], and Group 4 [(t=2.829, p=0.013), (t=6.045, p=0.000), (t=5.834, p=0.000) & (t=7.502, p=0.000) at 500 Hz, 1000 Hz, 2000 Hz & 4000 Hz
respectively, at p value 0.05].

The studies carried out on children suggest that the masked thresholds are generally higher for children when compared to adults (Allen, Wightman, Kistler, & Dolan, 1989; Irwin, Stillman & Schade, 1986; Nozza & Wilson, 1984). This effect is more for a narrow band noise when compared to a wide band noise (Veloso, Hall & Grose, 1990). These age-related differences are greater for low-frequency stimuli than for high- frequency stimuli (Irwin, Ball, Kay, Stillman & Bosser, 1985; Wightman, Allen, Dolan, Kistler & Jamieson, 1989). But the results obtained in the present study shows a difference in CMR1 and CMR2 at 1000 Hz and 2000 Hz, but not at 500 Hz and 4000 Hz in children with the age range of 5-10 years. This might be because of the availability of predominant across channel cue and within channel cue at 500 Hz and 4000 Hz respectively (Haggard, Hall & Grose, 1990; Schooneveldt & Moore, 1987). But when they have to compare using both within channel and across channel cues at 1000 Hz and 2000 Hz, the difference in CMR1 and CMR2 can be seen because of different stimulus characteristics that are used. The difference between the CMR1 and CMR2 can be seen after the age of 10 years at all frequencies. This suggests that the within channel and across channel comparison for CMR takes

place after the age of 10 years (Zettler et al., 2008). Thus, it can be concluded that when using only across channel comparisons for CMR, there is developmental changes seen and it matures at 20 years of age. But when within channel cue is available with across channel comparisons, it probably matures by the age of 10 years.

Conclusions
The enhancement in signal detection when the envelope of the masker fluctuates over time, and when the fluctuations are coherent or correlated across different frequency bands has been referred to as Comodulation Masking Release (Hall, Haggard & Fernandes, 1984). It has been suggested that there can be both within channel and across channel cues responsible for the comodulation masking release (Grose, Buss & Hall, 2009; Buss & Hall, 1998). These across channel and within channel cues may act differently at different frequencies when different masker bandwidth is used. But studies concerning the development of CMR have employed one particular masker bandwidth studying CMR at single frequency. They have shown that the across channel processing required for CMR and also the processing efficiency develops after 10 years of age (Veloso, Hall & Grose, 1990; Hall, Grose & Dev, 1997; Zettler et al., 2008). Thus, present study was carried-out to study development of CMR using different frequencies.

From the results, it can be concluded that CMR is a slowly developing phenomenon. When CMR1 is examined at 500 Hz, the development is rapid between the age of 5 - 10 years and 10 - 15 years, after which it matures gradually. Correlating with the previous studies, it can be speculated that the across channel processing responsible for the CMR develops by the age of 20 years. Since the present study did not consider after the age of 25 years, it cannot be concluded that CMR matures by the age of 20 years. When CMR2 is considered, ideally there should be negative value of CMR that should be obtained at higher frequencies because of the masker bandwidth (700 Hz) that is taken in the present study. But there was no significant difference that was noticed in amount of CMR2 across frequencies in children less than 10 years of age. Also, there was no significant difference noted across frequencies until 20 years of age when CMR1 was considered. This probably suggests that processing efficiency at different frequencies and the comparison of both across channel and within channel cues to determine CMR develops till the age of 20 years.




CMR measures a listener’s ability to use temporal and spectral information in noise to identify a signal. Thus, it can be used in assessing children with auditory processing disabilities (APD) who have difficulty processing temporal and spectral components of sounds. The present study adds on to the literature on when CMR develops and how does across and within channel cues in CMR contribute in this development. The data of the present study can be used to compare the amount of CMR in individuals with impaired temporal and spectral processing across different age groups.
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Abstract
The present study was aimed to know and compare the relationship between language development and P1 maturation in children with hearing impairment and normal hearing children. Twelve children with normal hearing sensitivity (control group) and 13 children with bilateral severe to profound hearing loss (clinical group) were taken. Participants were divided into 4 sub groups based on their language age and participants in both the groups had language age ranging from 1 to 5 years. Subjects in both the control and clinical group were tested on a test battery including auditory long latency response (ALLR). P1 latency was considered for further analysis. The mean P1 latency decreased as the language age increased from 1 to 5 years in both the control and clinical group, but this was not statistically significant. The ALLR waveform morphology improved and the presence of P1, N1, P2 and N2 components was increased as the language age increased. Within a given language age group, children with a higher language age had earlier P1 latency than the children with a lower language age. P1 latency were found to be longer in clinical group compared to control group in all the language age groups, but this again was not statistically significant.

Keywords: Auditory long latency response (ALLR), language age.
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Introduction
Central auditory maturation is a constant process from pre-natal period to puberty. Development of the peripheral auditory system (ear & auditory brainstem) is complete in early childhood (Eggermont, 1989). In contrast, central auditory pathways of the human brain exhibit progressive anatomical and  physiologic changes through early adulthood (Kraus, Smith, Reed, Stein & Cartee, 1985; Courchesne, 1990; Huttenlocher, 1979). This maturation is likely to have an impact on speech and oral language skills, speech production and perception which are primarily acquired through the auditory modality.

Language development occurs from  phonetic perception to building up of the vocabulary. Children first develop differential cry, then babbling and then to the one word utterances and progressively to sentences by one and a half years of age. By the age of 5 to 7 years of age children sound like as if they have mastered the phonology of their language. Children become more fluent in producing complex sentences of sounds and multisyllabic words (Vihman, 1988b).

The correlation between central auditory  maturation and language development has been studied behaviorally (Tallal, Stark & Mellits, 1985). Tallal, Stark, and Mellits (1985) reported that the variables
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assessing temporal perceptual and production abilities, which taken in combination correctly classified 98% of participating subjects as language-impaired  or normal. However, for children as young as 5 years and below 5 years these correlations between central auditory maturation and language development can be studied well accurately using the auditory evoked potentials (AEPs). Also the neurophysiologic responses to the consonant-vowel syllables indicate the representation of such sounds is undoubtedly important for speech and language development. Auditory evoked potentials (AEPs) reflect maturation of the human brain through changes in their latency, amplitude and morphology (Eggermont, 1989; Courchesne, 1990). The cortical auditory evoked potential (CAEP) reflects the cerebral maturation through the change in latency and the shape of the waveform. P1 shows robust positivity in the CAEP and the P1 latency ranges from 50 ms to around 300 ms. It is known that the latency of the P1 continuously changes as age increases and mainly from infancy to adolescence with a range of 50-150 ms latency (Kraus et al., 1985; Sharma, Kraus, McGee & Nicol, 1997). There have been several studies that focused on the developmental status in the auditory pathway using this characteristic of P1 (Ponton et al., 1996; Ponton, Don
& Masuda, 1996). Because the P1 latency reflects the developmental status of the central auditory pathway (Ceponiene, Cheour & Naatanen, 1998; Cunningham, Nicol, Zecker & Kraus, 2000; Ponton, Eggermont, Kwong & Don, 2000), it has been used to evaluate the change of maturation in the auditory pathway for congenitally  deafened  children  after  they  have  been




fitted with hearing devices such as hearing aid or a cochlear implant (Sharma, Dorman, Spahr & Todd, 2002; Sharma, Dorman & Spahr, 2002).



Participants

Method



Children with congenital hearing impairment, when provided with early intervention have beneficial effects on early language (Vohr et al., 2008). Children who were   identified    as    having    hearing    loss    by 6 months of age	demonstrated	significantly better language scores than  children  identified  after 6 months of age (Yoshinaga-Itano, Sedey, Coulter & Mehl, 1998). Also, it is reported that as the age of identification and intervention increases ‘language gap’ (the gap between chronological and language age) increases. But this language gap seems to decrease over time with stimulation (Rhoades & Chisolm, 2001).

Studies on the effects of sensory deprivation on central auditory pathways in humans indicate that,  children who were deprived of sound for greater than 7 years, show delayed P1 latencies. Whereas, children who experienced fewer years of deprivation, between 3.5 and 7 years, had normal P1 latencies and children who experienced fewer than 3.5 years of  deprivation showed normal P1 latencies. Thus, if stimulation is delivered within that period, then P1 latency and morphology reach age-normal values within 3 to 6 months following the onset of stimulation. However, if stimulation is withheld for more than 7  years,  then most children exhibit a delayed P1 latency and abnormal P1 morphology, even after years of implant use (Dorman, Sharma, Martin, Roland & Gilley, 2007).

Series of investigations by Sharma and Dorman has demonstrated that, cortical maturation reaches normal in 3 to 6 months of stimulation, if children with hearing loss identified and rehabilitated below 3.5 years of age. Delayed maturation is noticed if age of identification is more than 7 years of age and also that the P1 latency can be used as a biomarker to assess the status of central auditory maturation. However, it is not clear, whether there is a relation between language age and the development of P1 latency.  There  is  a   dearth of information on comparison of P1 latency and language age in a group of children with hearing impairment fitted with hearing aid and normal hearing children.

Hence, aim of the present study is to know the relationship between language development and P1 maturation in children with hearing impairment and normal hearing children. Present study also aims to compare the relationship between language development and P1 maturation in children with hearing impairment and normal hearing children.

A total of 25 participants (12 males and 13 females) were considered for the study. These participants were divided into two groups, control group and clinical group. Both the groups were matched in terms of their language age. Control group comprised of 12 children (6 males & 6 females) with normal hearing sensitivity in the age range of 1 to 5 years with a mean age of 3.08 years. Clinical group comprised of 13 children (6 males
& 7 females) with bilateral severe to profound sensori- neural hearing loss in the age range of 2.5 to 6 years with a mean age of 4.93 years. The participants in both control and clinical group were further divided into 4 sub groups based on their language age, that is, 1 - 2 years, 2 - 3 years, 3 - 4 years and 4 - 5 years. Three children were considered in each sub-group in the control group. Four children in the first sub-group and three children were considered in each of the next three sub-groups in the clinical group. None of the participants had any history and complaint of middle ear pathology and any complaint and history of observable medical or neurological impairment. The Chronological and language age of the participants for each sub group in both the control and clinical group are given in Table 1 and 2 respectively.


The subjects in the control group had normal hearing sensitivity in both the ears, with air conduction (AC) and bone conduction (BC) thresholds within 15 dB HL at all the octave frequencies from 250 Hz to 8000 Hz and 250 Hz to 4 KHz respectively. Their speech detection threshold or speech recognition threshold and speech identification scores were correlating with the pure tone thresholds. All the subjects had ‘A’ type tympanogram with normal ipsilateral and contralateral acoustic reflexes present in both the ears. They had Transient Evoked Oto-acoustic Emissions (TEOAEs) with a SNR of +6 dB and the response reproducibility and stimulus stability of greater than 80%. They had normal Auditory Brainstem Response (ABR) with a wave V at 30 dBnHL. They had age appropriate speech and language development with language age ranging from 1 to 5 years.

The subjects in the clinical group had bilateral severe to profound sensori-neural hearing loss with the puretone threshold varying from 71 dBHL to 100 dBHL at octave frequencies from 250 Hz to 8000 Hz for air conduction. The air bone gap was within 10 dBHL with their speech detection threshold or speech recognition threshold and speech identification scores



Table 1: Chronological and language age of the participants for each sub group in the control group.



Sub groups	Participants	Chronological Age
(in years)

Language age (in years)


1-2 years


2-3 years


3-4 years


4-5 years

1	2	1.6 - 2
2	1.5	1  - 1.6
3	1	1  - 1.6
1	3	2.6 - 3
2	2.2	2  - 2.6
3	2.9	2.6 - 3
1	4	3.6 - 4
2	3.1	3 - 3.6
3	3.8	3.6 - 4
1	4.2	4. - 4.6
2	5	4.6 - 5

 	3	4.3	4  - 4.6 	

Table 2: Chronological and language age of the participants for each sub-group in the clinical group.



Sub groups	Participants	Chronological Age
(in years)

Language age (in years)


1-2 years


2-3 years


3-4 years


4-5 years

1	2.5	1.6 - 2
2	5.5	1 - 1.6
3	5.8	1 - 1.6
4	6	1 - 1.6
1	4	2 - 2.6
2	4.2	2.6 - 3
3	3.8	2.6 - 3
1	5	3 - 3.6
2	5.4	3 - 3.6
3	5.2	3.6 - 4
1	4.9	4.6 - 5
2	5.8	4 - 4.6

 	3	6	4 - 4.6 	


correlating with the pure tone thresholds. They had ‘A’ type tympanogram with absence of ipsilateral and contralateral acoustic reflexes, in both the ears indicating normal middle ear function. TEOAEs were absent in both the ears indicating outer hair cell dysfunction. The ABR indicated severe hearing loss with the absence of wave V at 90 dBnHL. Their language age was ranging from 1 to 5 years. In the clinical group, ten out of thirteen children were fitted with the hearing aid before three years of age while three of thirteen children were fitted with the hearing aid beyond three years of age. The aided audiogram of all the participants was within the  speech  spectrum with the most appropriate hearing aid fitting.

Test Materials

Receptive Expressive Emergent Language Scales (REELS) developed by Bzoch and League (1971) and Standard language assessment tool, Language test in Kannada  (KLT),  developed  as  a  part  of  UNICEF

project at the Department of Speech Pathology, AIISH were used to assess the language age of the participants in both the control and clinical groups.

Test Environment

All the audiological tests were carried out in a sound treated room. The noise levels in the testing room were within the permissible limits as per ANSI S3.1 (1991).

Procedure

Stimulus generation: Stimulus /ba/ spoken by adult male Kannada speaker, into an unidirectional microphone was recorded using a PC with 16 bits processor with Adobe Audition 1.5 software, at a sampling rate of 48,000 Hz. The duration of the stimulus was 248.85 ms. Acoustic characteristics of stimulus /ba/ as obtained from reading the sound file using PRAAT software are given in Table 3.



Table 3: Acoustic characteristics of stimulus /ba/

	Stimulus duration
	248.85 ms
	Mean pitch
	136.81 Hz

	Burst duration
	26.33 ms
	Mean intensity
	74.98 dB

	Transition duration
	20.64 ms
	Mean first formant frequency (f1)
	389.06 Hz

	Steady state (vowel) duration Minimum pitch
Maximum pitch
	201.87 ms
120.86 Hz
162.93 Hz
	Mean second formant frequency (f2) Mean third formant frequency (f3) Mean fourth formant frequency (f4)
	1185.18 Hz
2181.71 Hz
3739.63 Hz




 (
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A calibrated double channel Madsen Orbiter 922 (Version-2) diagnostic audiometer with TDH-39 headphones with impedance matched loudspeakers was used to present stimuli for behavioural observation audiometry (BOA). BOA was used to assess the child’s responsiveness to sounds, for children in the age range of 1 to 1.6 years. TDH-39 headphones with MX 41AR cushion and B-71 bone vibrator were used to measure the hearing thresholds through air conduction and bone conduction respectively. VRA given by Liden and Kankkunen (1969) was used to assess pure tone threshold for children in the age range of 1.6 to 2 years. Thresholds were obtained  for  the warble  tones  at

octave frequencies from 250 Hz to 8000 Hz and bisyllabic word /papa/ was used to obtain speech detection threshold. Conditioned play audiometry was carried out to assess pure tone threshold for children in the age range of 2 to 5 years. Thresholds were obtained for the warble tones at octave frequencies from 250 Hz to 8000 Hz and bisyllabic word /papa/ was used to obtain speech detection threshold. Speech recognition threshold and closed set Speech Identification Scores were obtained for children above 4 years of age.

A calibrated Grason Stadler Inc. Tympstar was used to record tympanometry using a probe tone frequency of 226 Hz. The ipsilateral and contralateral acoustic reflex thresholds were measured at 500 Hz, 1000 Hz, 2000 Hz and 4000 Hz tones. TEOAE was measured using a calibrated Oto-acoustic Emission system ILO - V6 with the default setting mode. TEOAE was measured using non-linear clicks trains presented at 84±3 dB pe SPL of
260 sweeps. The overall TEOAE amplitude of 6 dBSPL above the noise floor, with the reproducibility of greater than 80% was considered as presence of TEOAE (Dijk & Wit, 1987). ABR testing was carried out using calibrated Biologic hearing system (Version 7.0) with ER - 3A insert ear phone, to estimate the threshold for those children in both the control and clinical group in whom reliable pure tone threshold could not be obtained. Subjects with presence of wave V at 30 dBnHL were considered as having normal hearing sensitivity and were recruited in the control group. Subjects with absence of wave V at 90 dBnHL were considered as having severe hearing loss  and were recruited in the clinical group.

Aided audiogram: Aided audiogram was obtained for children in the clinical group, with the most appropriate hearing aid fitting, separately for the two ears and also binaurally. Child’s aided responsiveness to sounds (for warble tones from 500 Hz to 4000 Hz separated in octaves and speech stimuli) was obtained using BOA for children in the age range of 1 to 1.6 years.

Aided thresholds were obtained using warble tones at 500 Hz, 1000 Hz, 2000 Hz and 4000 Hz using either VRA for children in the age range of 1.6 to 2 years or conditioned play audiometry for children in the age range of 2 to 5 years. Aided speech detection threshold was obtained for children below 4 years of age and aided closed set speech identification score was obtained for children above 4 years of age.

Language age assessment: REELS was used to assess receptive language age and expressive language age of all the participants in both the control and clinical group in the age range 0 to 3 years. KLT was administered and based on the child’s pointing behavior or verbal response; child’s language age was assessed. Language reception and expression is assessed under Part I: Semantics and Part-II: Syntax.

Recording of cortical auditory evoked potential (CAEP): ALLR was recorded using calibrated Biologic hearing system (Version 7.0) with Fostex PM 0.5 MKII loudspeaker for all the participants in both the control and the clinical group. ALLR was recorded while the child was made to sit comfortably in a reclining chair, watching a silent video. Older children were advised not to sleep and move during the test. A regular single channel recording was done. Electrode sites were cleaned using abrasive gel; Silver chloride electrodes were placed using Cz as the active electrode. Cz (non- inverting) refers to the vertex midline placement. The inverting electrode was placed on the nape of the neck and a ground electrode on the forehead. Natural stimuli
/ba/ of duration 248.85 ms was presented at 1.1 Hz rate, in alternating polarity at 65 dBSPL. The stimuli was presented through a loud speaker at 0° azimuth and at 1m distance from the subject and at the subject’s ear level. Number of sweeps was set to 300, filter settings to 1 to 30 Hz, analysis time window to 500 ms with 100 ms baseline and amplification to 25,000.




For the clinical group, binaural unaided and aided ALLR was recorded and for the control group, binaural unaided ALLR was recorded. ALLR was recorded twice in the same session to verify the reproducibility and averaged as the final response.

Analysis

The stored waveforms were recalled and analyzed later. P1, N1, P2, and N2 components were identified and marked visually by three experienced audiologists. Blind folded analysis was carried out and two out of three interpretations that correlated, was considered. Descriptive statistics was used to calculate the mean and standard deviation of P1 latency of each of the participants in both the control and clinical group. Though all the observed ALLR components were marked, only P1 was considered for statistical analysis, since, Sharma, et al., (2005) have reported that the P1 latency has been established as a biomarker for assessing the maturation of the central auditory system in children and that there are inconsistencies observed for the N1, P2, and N2 components of  ALLR responses. The data were subjected to  statistical analysis using SPSS (version 17). Kruskal-Wallis Test was carried out to study the effect of language age on P1 latency in the control and clinical group. Mann- Whitney Test was carried to study the effect of group for P1 latency.

Results and Discussion
ALLR results for the control group

ALLR was recorded for 12 children with normal hearing sensitivity. ALLR was present for all the children. Out of 12 children, 7 children had only P1-N1 components, while the remaining 5 children had all the ALLR (P1-N1-P2-N2) components. The mean and standard deviation of P1 latency for the control group across all the language age groups was calculated. The results are outlined in Table 4.

It is evident from the Table 4 that the mean P1 latency decreased as the language age increased from 1 to 5 years in the control group. That is, the P1 latencies were shorter for higher language age groups.

Comparison of P1 latency across language age in the control group

Kruskal-Wallis test was done to evaluate the effect of language age on P1 latency in the control group. The results revealed that there was statistically no significant effect of language age on P1 latency in the

Table 4: Depicts the mean and standard deviation of P1 latency for the Control group.


Control group
 (
Mean
 
(in
 
ms)
SD
315.92
35.77
214.95
54.22
174.26
46.83
121.48
22.88
)Language age (in years)


1-2
2-3
3-4
4-5

Note: n=3 in each language age group

control group [Chi-square=7.61 with 3 df, p>0.05, where p=0.055]. It can be observed from table 4 that there was a negative correlation between P1 latency and language age in the control group, but there was statistically no significant difference across age groups in the present study. The possible reason could be the smaller sample size (n=12) considered in the control group. However, the negative correlation observed between P1 latency and language age in the present study, is in consonance with previous studies (Jang et al., 2010; Pang & Taylor, 2000; Sharma, et al., 1997; Sharma et al., 2002; Sharma et al., 2005). However, all these studies were carried out on a larger sample.

Jang et al., (2010) reported that there was statistically significant negative correlation between the P1 latency and age in Korean children with normal hearing aged
1.7 to 17.5 years (n=53) using synthetic /ba/ stimulus of 90 ms duration. Sharma et al. (1997), Sharma et al. (2002b) reported a strong negative correlation between age and latency of P1 in 136 normal hearing subjects ranging in age from 0.1 years to 20 years. They concluded that the decrease in P1 latency with increasing age suggests more efficient synaptic transmission over time and may reflect a more refined or pruned auditory pathway. Similar results were reported by Pang and Taylor (2000) in 69 normal hearing children aged from 3-16 years using natural stimulus /da/ of 212 ms duration and Sharma et al. (2005) in 50 normal hearing children aged 3-12 years, using natural speech syllable /uh/ of 23 ms duration by varying inter stimulus interval.

ALLR response patterns for different language age groups in the control group

The absolute latency of various ALLR components for each of the subject across various language ages in the control group was calculated and it is tabulated in Table 5.

The ALLR waveform morphology improved and the presence of P1, N1, P2 and N2 components increased



Table 5: Depicts the absolute latency of various ALLR components in each of the subject across various language ages in the control group.

Language age group
 (
(in
 
years)
P1
 (ms)
N1
 (ms)
P2
 (ms)
N2
 (ms)
1.6 
-
 
2
274.71
299.69
--
--
1
 
-
 1.6
336.13
410.77
--
--
1
 
-
 1.6
336.94
367.27
--
--
2.6 
-
 
3
176.82
219.50
--
--
2
 
-
 2.6
274.76
296.62
--
--
2.6 
-
 
3
193.29
269.29
--
--
3.6 
-
 
4
120.46
281.96
351.63
405.46
3
 
-
 3.6
205.90
348.40
--
--
3.6 
-
 
4
196.44
275.61
300.94
326.27
4
 
-
 4.6
133.06
176.78
218.42
257.98
4.6 
-
 
5
95.13
161.63
237.10
257
4
 
-
 4.6
136.27
202.77
228.11
266.11
)(in years)	Participants	Language age

ALLR components



1
1 – 2 years	2
3
1
2 – 3 years	2
3
1
3 – 4 years	2
3
1
4 – 5 years	2
3

(a)









(b)



(c)
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Figure 1: Depicts the ALLR waveforms of a subject in each of the subgroups (a - 1 to 2 years, b- 2 to 3 years, c - 3 to 4 years, d - 4 to 5 years) in the control group.



as the language age increased. Within a given language age group, children with a higher language age had earlier P1 latency than the children with a lower language age. Children with same language age within each language age group had similar P1 latencies. These findings are consistent with the previous study by Sharma et al., (2002b). They reported a strong negative correlation between age and latency of P1 in 190 normal hearing subjects ranging in age from 0.1

years to 20 years. The ALLR waveforms of one of the subjects from each of the language age group of the control group are given in Figure 1 [a–d].

ALLR results for the clinical group

ALLR was recorded in 13 children with bilateral severe to profound hearing loss. Both unaided and aided ALLR recordings were obtained. In the unaided




ALLR recording condition, ALLR was absent for all the 13 children. While, in the aided ALLR recording condition, out of 13 children ALLR was present for 10 children. Out of 10 children, 7 children had only P1- N1 components, while the remaining 3 children had all the ALLR P1, N1, P2, and N2 components. The possible reason for the absence of the ALLR response in unaided ALLR recording condition could be that the sound intensity (65 dBSPL) that was given was not sufficient enough to stimulate the regions responsible for the generation of ALLR response. The mean and standard deviation of P1 latency from the aided ALLR recording condition for the clinical group across all the language age groups were calculated. The results are outlined in Table 6. In the Table 6, the standard deviation is not provided for the first sub-group with the language age of 1–2 years because out of four children tested in this language age group, only one child had ALLR. It is evident from the Table 6, that the mean latency decreased as the language age increased from 1 to 5 years in the clinical group.

Comparison of P1 latency across language age in the clinical group

Kruskal-Wallis test was done to evaluate the effect of language age on P1 latency in the clinical group. The results revealed that there was statistically no significant effect of language age on P1 latency in the clinical group [Chi-square=5.95 with 2 df, p>0.05, where p=0.051]. It can be observed from Table 6 that there was a negative correlation between P1 latency and language age in the clinical group. But there was statistically no significant difference across age groups in the present study. The possible reason could be the smaller sample size (n=13) considered in the clinical group. The wave form morphology appeared more noisy and saw tooth like similar to what was reported by Jang et al. (2010) in a group of 10 cochlear implanted children in the age range of 3.3 –15.5 years.

Table 6: Depicts the Mean and Standard Deviation of P1 latency for all the subjects across language ages for the clinical group.

Dorman et al., 2007).  However,  all  these studies were carried out on a large sample. Sharma et al., (2004) reported that the decrease in P1 latencies and changes in response morphology are not unique to children who are cochlear implanted but rather reflect the response of a deprived sensory system to auditory stimulation through hearing aid. Dorman et al., (2007) reported that the P1 latency decreased by 200 ms over a duration of 4 months post stimulation period and also there was a progress in acquisition of speech and language as well in 245 congenitally deaf children who were fitted with cochlear implants.  They  concluded that the access to audition maintains neural plasticity and allows for the development of the central auditory pathways. It is likely that the development of early communication behaviors following early intervention may be promoted by normal development of the central auditory pathways.

ALLR response patterns for different age groups in the clinical group

The absolute latency of various ALLR components for each of the subject across various language ages in the clinical group is tabulated in Table 7.

The ALLR waveform morphology improved and the presence of P1, N1, P2 and N2 components was increased as the language age increased. Within a given language age group, children with a higher language age had earlier P1 latency than the children with  a lower language age. Children with same language age within each language age group had similar P1 latencies. One of the ALLR waveforms from each of the language group of the clinical group is given in Figure 2 [a–d].

Comparison of P1 latency and language age across the control and clinical group

The mean and standard deviation of P1 latency for both the control and clinical group across language ages are given in Table 8.

As it is evident from Table 8, the mean P1 latency of

Language age (in years)

Clinical group Mean (in ms)	SD

both  the  control  and  clinical  group  decreased  with increase in language age. It is also evident that the


1-2 (n=4)	334.13	--
2-3 (n=3)	278.40	19.02
3-4 (n=3)	238.48	39.81
          4-5 (n=3)	145.64	34.86     
The negative correlation observed between P1 latency and language age in the present study, is in agreement with   the   previous   studies   (Sharma   et   al.,   2004;

mean P1 latency of clinical group is longer compared
to the mean P1 latency of control group across all the language ages.

For comparison of P1 latency obtained between the two groups, Mann-Whitney U-test was carried out. This in turn helped in knowing the relationship between the P1 maturation and language development in the control and clinical group. The results revealed




that there was no significant difference between the control and clinical group in terms of the P1 latency [z=-0.627, p>0.05, where p (2–tailed)=0.53]. Thus, the two groups were not significantly different from each other in terms of mean P1 latency across the language age. Hence, the present study reveals that with the auditory stimulation the central auditory pathways in children with hearing impairment develop in a similar fashion as seen in normal hearing children. Though, the

latencies were prolonged in the clinical group compared to the control, it was not statistically significant due the small sample size that was considered in the present study (n=10). Also the number of subjects in the clinical group with all the P1, N1, P2, and N2 components (3 subjects) was less compared to the control group (5 subjects). These findings are consistent with previous studies (Ponton et al., 1996; Sharma et al., 2002a; Sharma et al., 2002b).

Table 7: Depicts the absolute latency of various ALLR components in each of the subject across various language ages in the clinical group.


















(a)

Language age group (in years)

1 – 2 years


2 – 3 years


3 – 4 years


4 – 5 years

Participants	Language age 1
 (
(in
 
years)
P1
 (ms)
N1
 (ms)
P2
 (ms)
N2
 (ms)
1.6 
-
 
2
334.13
413.77
--
--
1
 
-
 1.6
--
--
--
--
1
 
-
 1.6
--
--
--
--
1
 
-
 1.6
--
--
--
--
2
 
-
 2.6
299.65
339.20
--
--
2.6 
-
 
3
272.60
299.66
--
--
2.6 
-
 
3
262.96
405.46
--
--
3
 
-
 3.6
275.61
319.94
--
--
3
 
-
 3.6
242.40
277.79
297.53
319.39
3.6 
-
 
4
197.44
276.61
--
--
4.6 
-
 
5
107.99
191.27
--
--
4
 
-
 4.6
152.11
171.11
297.77
319.94
4
 
-
 4.6
176.82
219.50
254.90
275.75
)2
3
4
1
2
3
1
2
3
1
2
3
(b)

ALLR components


(c)
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Figure 2: Depicts the ALLR waveforms of a subject in each of the subgroups (a – 1 to 2 years, b – 2 to 3 years, c – 3 to 4 years, d – 4 to 5 years) in the clinical group.



Table 8: Depicts the mean and SD of P1 latency for both the control and clinical group across language ages

Language age

Control group	Clinical group

	(in years)
	Mean (in ms)
	SD
	Mean (in ms)
	SD

	1 - 2
	315.92
	35.77
	334.13
	--

	2 - 3
	214.95
	54.22
	278.40
	19.02

	3 - 4
	174.26
	46.83
	238.48
	39.81

	4 - 5
	121.48
	22.88
	145.64
	34.86




Ponton et al., (1996) reported that the latency changes for P1 occur at the same rate as that of the normal hearing children. Other ALLR components namely N1 and P2 are either delayed in developing or absent in the implanted children. Sharma et al., (2002a; and b) reported prolonged P1 latencies in children with cochlear implants compared to normal hearing children. Further analysis revealed that P1 latency appears to continue a developmental progression after implantation.

In the present study, within a given language age group, children with higher language age had earlier P1 latency than the children with lower language age in both the control and clinical group. This indicates that there occurs a central auditory maturation in children with hearing impairment parallel to that seen in normal hearing children. In the present study, 10 participants who were considered in the clinical group were fitted with their most appropriate hearing aid and started receiving speech, language and listening therapy before 3 years of age, which is considered as the sensitive period. For all the 10 participants who were fitted with their most appropriate hearing aid before 3 years of age, the change in P1 latency across language age groups was similar to subjects in the control group across language age groups. Whereas, ALLR was absent in three children who were identified and fitted with hearing aid beyond 3 years of age. This finding is in consonance with previous studies (Sharma & Dorman, 2006; Sharma, Nash & Dorman, 2009; Gilley, Sharma & Dorman, 2008; Sharma et al., 2002a; Kral et al., 2002).

Sharma and Dorman (2006) reported that in the early implanted children, waveform morphology was normal and characterized by a broad positivity within a week following the onset of stimulation. Sharma et al., (2009) reported that the latency of P1 has been used to examine central auditory system maturation in children with cochlear implants and also they have reported smaller changes in children who were fitted with a cochlear implant early in childhood and larger changes in children fitted later in childhood with respect to normal hearing children.

Gilley, Sharma, and Dorman (2008) analyzed ALLR for speech sound to document the areas of activation in the cortices of normal hearing children and age- matched children who received cochlear implants before and after the sensitive period age cut-offs described by Sharma et al., (2002a). Normal hearing children showed bilateral activation of the auditory cortical areas (superior temporal sulcus and inferior temporal gyrus). Children who received cochlear implants at an early age (<3.5 years of age at fit) showed activation of the auditory cortical areas contralateral to their cochlear implant which resembled that of normal hearing subjects. It also initiated a more widespread (typical) sequence of activation within and between cortical layers resulting in robust cortical responses and shorter response latencies over time. However, late-implanted children (>7 years fit age) showed activation outside the auditory cortical areas and abnormal or absence of auditory cortical activity in the late implanted children. The study suggests absent or weak connections between primary and association areas, and subsequently, weak feedback activity to thalamic areas.

These results are consistent with Kral’s decoupling hypothesis (Kral et al., 2002) which suggests that a functional disconnection between the primary and higher order cortex underlies the end of the sensitive period in congenitally deaf cats, and presumably, in congenitally deaf, late-implanted children. Similar findings were also documented, that congenitally deaf children fit with cochlear implants can achieve high levels of oral speech and language skills (Pisoni, Cleary, Geers & Tobey, 1999; Svirsky, Teoh & Neuburger, 2004). However, success depends very critically on the age at which a child receives an implant (Connor et al., 2006; Lee et al., 2004). Lee et al. (2004), reported scores on the Korean version of the CID sentences as a function of a child’s age at the time of implantation. Children implanted before the age of 4, generally achieve high scores on the task of sentence recognition. Children implanted after the age of 7 generally achieve poor scores. Children implanted between age 4 and 7 showed a complete range of scores. Sharma et al., (2005) reported that both the latency and morphology of the P1 wave can serve as the  biomarkers  for  the  developmental  status  of  the




central auditory pathways. Thus, it can be concluded that the P1 latency can be used as biomarker to know the developmental status of the central auditory maturation in both normal hearing children and children with hearing impairment. Also that the P1 latency can be used as an objective measure to assess the language development in normal hearing children and in children who are fitted with hearing aid.

Summary and Conclusions
Results obtained from the present study revealed that the P1 latency decreases with increase in age and this negative correlation between P1 latency and language age in the present study was similar in both the control and the clinical group. Three children who were identified and rehabilitated beyond 3.5 years of age showed absence of aided ALLR while 10 children who were identified and rehabilitated before 3 years of age had P1 latencies similar to that seen in normal hearing children though the latencies were slightly prolonged. Thus, it can be concluded that P1 latency can be an effective objective tool to know the central auditory maturation and language development in children who are fitted with hearing aid.

Implications
Present study would give an idea about the relation between language development and P1 maturation in hearing impaired children. Present study would give an idea about the trend of changes in P1 latency across language age group in normal hearing and in children who are fitted with hearing aid. Study also suggests the use of P1 latency as a measure of central auditory maturation and language development. Further research can be carried out on a larger sample to know and establish the effect of P1 latency on various language age groups. Further research can be carried out on a larger sample to know the efficacy of P1 latency in predicting the language age in hearing aid users.
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Abstract
The dynamic nature of the brainstem response to speech allows for a means to examine how plasticity occurs at the level of brainstem in humans. It is not well understood if plasticity occurs as a result of long term experience or whether it is a continuous process. To obtain information on the extent to which plasticity is operational online, brainstem response to speech syllable /da/ was elicited in four conditions, which included one repetitive condition and three stimulus context conditions. Results showed that the latencies of onset and sustained responses were prolonged in the stimulus context conditions when compared to repetitive condition. Since the generators of the onset and the sustained responses (CN, LL and IC) fall within the feedback loop of the corticofugal pathway, the ability of the corticofugal pathway to identify spectral differences between the target stimulus and contextual stimulus is hypothesized to influence the brainstem responses. The results of the study suggest a possibility of online plasticity at the level of brainstem regulated by the corticofugal network.

Key words: Speech evoked brainstem responses, plasticity, context and corticofugal pathway.
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Introduction
It was believed that the processing operations that occur in the relay nuclei of the brainstem are not specific to speech sounds (Scott & Johnsrude, 2003). However, experimenters in the past decade have measured the neural transcription of speech from the auditory brainstem (Johnson, Nicol, Zecker & Kraus, 2008a; Hornickel, Skoe, Nicol, Zecker & Kraus, 2009; Tzounopoulos & Kraus, 2009). The presence of brainstem response to speech has offered a unique window into understanding how the brainstem represents the component of speech signals.

The brainstem response to speech has two unassociated components, the onset and a sustained frequency following response (FFR). Collectively, these components loyally represent the source and fi lter characteristics of the speech signal. Though the scalp recorded onset response and the FFR reflect the activity at numerous sources (LL, CN, IC), they offer a noninvasive technique to study the sub-cortical encoding of speech, as well as the effect of experience on the representation of speech at the brainstem. Furthermore, the dynamic nature of the brainstem response to speech allows for a means to examine how plasticity occurs at the level of brainstem in humans.

Two models are currently being debated to account for the effect of experience on the representation of speech at the brainstem. One is the local reorganization model, which states that the brainstem function is modified over a long time scale (Krishnan & Gandour, 2009;
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Krishnan, Swaminathan & Gandour, 2009). The other model is the corticofugal model which states that the brainstem function is modified by the top-down feedback via the corticofugal efferent network (Suga, 2008; Suga, Xiao, Ma & Ji, 2002; Zhang, Suga & Yan, 1997).

The corticofugal pathway originates at the auditory cortex and forms multiple feedback loops to modulate auditory signal processing at the brainstem nuclei such as the inferior colliculus and medial geniculate body. The auditory cortex and the corticofugal pathway is reported to evoke small short term changes in the subcortical nuclei, in response to a sound that is repeatedly delivered (Suga, Xiao, Ma & Ji, 2002). It is reported that, when the sound becomes relevant by associative learning, its responses are enhanced by the activation of the corticofugal pathway. This corticofugal feedback may provide significant benefits in noisy environments by selectively amplifying relevant information in the signal, and inhibiting irrelevant information at the earliest stages of auditory processing (Luo, Wang, Kashini & Yan, 2008).

The functional significance of the corticofugal feedback pathways is known to increase with auditory experience, but the exact mechanism by which such plastic changes take place is currently unclear. There is a need to understand, if plasticity occurs as a result of long term experience or whether it is a continuous process. Hence to obtain information on the extent to which plasticity is operational online, there was a need to study the brainstems sensitivity to ongoing contextual demands.

Chandrasekaran, Hornickel, Skoe, Nicol and Kraus (2009) elicited brainstem response to speech syllable




/da/ in two conditions; variable and repetitive conditions. The results showed that there was a significant difference between the brainstem responses elicited in the two conditions; the response elicited in the repeated condition was enhanced in the lower harmonics and first formant range relative to the variable context condition. This was attributed to corticofugal modulation. The results cannot be attributed to the effect of long term experience, since the test duration was only 30 minutes. Similarly, Skoe and Kraus (2010) monitored the response elicited to a repeating melody and repeating note within a melody over a time course of 1.5 hours. The response to the note which is repeated was enhanced relative to the response to the note which does not repeat itself. The authors attributed their results to online corticofugal modulation of the brainstem.

The present study was taken to systematically further understand the influence of stimulus context on brainstem processing. In this study, the difference in the brainstem response elicited to a repeated stimulus was compared to that elicited when the repeated sequence of stimulus presentation was disturbed by interference of another stimulus (contextual stimulus). Here, both speeches as well as noise stimuli served as contexts. This was based on the assumption that the resultant responses may show differential corticofugal modulation as proposed by Chandrasekaran, et al., (2009), if any, to speech and noise contexts. Considering noise as irrelevant stimulus, the brainstem may inhibit its effect on the core speech stimulus. In addition, when speech is used as the contextual stimulus, the brainstem may perhaps change its role based on the extent of spectral and temporal similarity of the contextual stimulus to the core  stimulus. Studying the brainstem’s response in these varied contexts may have help in better understanding the complex mechanisms in the brainstem. Hence the present study was taken up with an objective to study the effect of context on the brainstem responses elicited by stimulus /da/.

Method
Subjects

Fifteen human adults participated as subjects in the study. All of them were in the age range of 18 to 25 years, with the mean age of 21.2 years. All the subjects had pure tone thresholds within normal limits (<15 dBHL) at octave frequencies between 250 Hz and 8 kHz, which was measured using a calibrated GSI-61 clinical audiometer. They had type ‘A’ tympanogram with the presence of ipsilateral and contralateral reflexes, measured by calibrated GSI-Tympstar Middle

Ear Analyzer which ensured normal middle ear functioning. They did not complain of any difficulty listening in adverse listening conditions and had more than 60% score in the speech in noise test performed at 0 dB SNR. All the subjects were meritorious students from different parts of the country, pursuing their bachelors and masters degree in Speech and Hearing.

Stimulus Generation

Four different stimuli were used to record brainstem responses, of which one was a core stimulus and the other three were used as contexts. A synthetically generated syllable /da/ was the ‘core stimulus’. It was called so, as only the response, recorded for syllable
/da/ were of importance in the present study. The three contextual stimuli were a synthetically generated syllable /ta/ (which differs from /da/ with respect to voicing), a synthetically generated syllable /ba/ (which differs from /da/ with respect to place of articulation) and white noise.

The five-formant synthesized /da/ of 40 ms duration (core stimulus) was obtained from Professor Nina Kraus, Principal investigator at the Auditory Neuroscience lab, Northwestern University, Chicago. The syllables /ba/ and /ta/ were synthesized in the Speech Science Lab of the All India Institute of Speech and Hearing, Mysore. The author made use of a parametric synthesis method, namely the ‘Formant synthesis’ to synthesize the stimuli.  Syllables /ba/ and
/ta/ were uttered by an adult male speaker and recorded using a directional microphone into a computer using PRAAT software (Version  4.5.18).  Sampling frequency of 16000 Hz and 16 bit resolution was used during the recording. The sampling frequency of 16000 Hz was necessary to facilitate its analysis using the Speech Science Lab which does not allow analysis and synthesis of stimuli beyond the sampling frequency of 16000 Hz. The recorded syllables were then analyzed using the Formant based analysis by synthesis of the ACOPHON I module of the Speech Science Lab (SSL): Professional Edition (Version 4.1). For each syllable, voicing, fundamental frequency, first four formant frequencies and first four formant bandwidths were noted at every 10 ms for a duration of 200 ms. The target syllables were then synthesized by feeding the analyzed values of the naturally uttered syllables into Hybrid (modified Klatt’s model) of the ACOPHON II module of SSL. The syllables /ba/ and
/ta/ were synthesized such that their duration is approximately 40 ms, so as to match their duration to afore mentioned syllable /da/. The spectral and temporal characteristics of the syllables /ba/ and /ta/ are given in Table 1 and 2 respectively.
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The sampling frequency of both the synthetically generated syllables (/ba/ and /ta/) was converted from 16000 Hz to 48000 Hz, using the Cool Edit software (Version 2). This was done so as to facilitate the loading of the stimuli into the Biologic Navigator Pro software (Version 7.0). White noise, the third contextual stimulus was generated using Adobe audition (Version 1.0) at a sampling rate of 48000 Hz and 16 bit resolution. The syllables were then edited

using Adobe Audition (Version 1.0) with respect to duration, so as to maintain a constant duration of 40 ms across all four stimuli.

All the four stimuli were individually normalized and then group normalized to obtain equal average RMS power of 93.4 dBSPL. They were then loaded into the personal computer with the Bio-Logic Navigator Pro AEP  Software  (Version  7.0).    The  synthetic  speech

Table 1: Spectral and temporal characteristics of the syllable /ba/


Parameter	Target Values


 (
0
S
10
V
26
B
28
V
38
V
48
V
10
16
2
10
10
10
0
124
0
124
124
124
0
70
70
70
70
65
0
244
0
314
544
581
0
80
0
80
80
80
0
1568
0
1120
1159
1147
0
100
0
100
100
100
0
2376
0
2121
2391
2407
0
120
0
120
120
120
0
3463
0
3277
3456
3433
0
120
0
120
120
120
0
10
0
10
10
10
0
7
0
7
7
7
0
5
0
5
5
5
0
2
0
2
2
2
)Discrete duration of signal (ms) Voicing Duration (ms) Frequency (Hz) Intensity (dB)
F1 (Hz)
B1 (Hz)
F2 (Hz)
B2 (Hz)
F3 (Hz)
B3 (Hz)
F4 (Hz)
B4 (Hz)
G1 (Hz)
G2 (Hz)
G3 (Hz)
G4 (Hz)

Note: S= Silence; B= Burst; V= Voicing

Table 2: Spectral and temporal characteristics of syllable /ta/


Parameter	Target Values

 (
0
S
10
B
16
V
31
V
41
V
51
S
10
6
15
10
9
10
0
0
124
124
124
0
0
70
70
70
70
0
0
0
511
566
572
0
0
0
80
80
80
0
0
0
1655
1334
1260
0
0
0
100
100
100
0
0
0
2206
2186
2161
0
0
0
120
120
120
0
0
0
3584
3509
3469
0
0
0
120
120
120
0
0
0
69
69
69
0
0
0
65
65
65
0
0
0
42
42
42
0
0
0
30
30
30
0
)Discrete duration of signal (ms)
Voicing Duration (ms) Frequency (Hz) Intensity (dB) F1 (Hz)
B1 (Hz)
F2 (Hz)
B2 (Hz)
F3 (Hz)
B3 (Hz)
F4 (Hz)
B4 (Hz)
G1 (dB)
G2 (dB)
G3 (dB)
G4 (dB)

Note: S= Silence; B= Burst; V= Voicing




syllables /ba/, /ta/ and /da/ were subjected to a subjective rating for naturalness and quality from 10 sophisticated listeners with normal hearing. All the three stimuli were rated as natural and reported to be of good quality.

Before using these stimuli for recording ABR, intensity was calibrated into dBnHL. To do this, all the four stimuli were presented at a repetition rate of 10.9/s through the broad band insert receivers of the Bio- Logic Navigator Pro AEP system. Twenty normal hearing subjects listened to the four stimuli and their mean behavioral thresholds were obtained in dBSPL. Since the mean behavioral threshold obtained was not a whole number. It was approximated to the nearest whole number which was then considered as 0 dBnHL. The approximated mean behavioral threshold was 25 dBSPL for the syllable /da/ and 30 dBSPL for the syllables /ba/ and /ta/, and white noise respectively.

Procedure

An evoked potential system (Bio-Logic Navigator Pro AEP Software (Version 7.0) was used to record the brainstem responses. The subjects were made to sit on a reclining chair. The skin surface at the vertex (Cz), nape of the neck and the upper forehead were cleaned using the skin preparing gel. Gold plated disc electrodes along with the conduction paste were placed over the cleaned skin surface and secured at its place using tape to obtain impedance of less than 5 kOhms at each electrode site. Single channel vertical ipsilateral montage was used for recording the response. Subjects were instructed to relax and avoid any body movements.

Brainstem response to synthetically generated syllable
/da/ was recorded in four different conditions; which included one repetitive condition and in three different contexts. In condition 1, the response to the repetitive condition was obtained for 1500 sweeps of /da/. Only the stimulus /da/ was used in this paradigm. Then the brainstem responses were recorded in three different stimulus contexts using the MMN/P300 protocol, wherein the infrequent stimulus was /da/ presented with a probability of 33% and the frequent stimulus was either /ba/ or /ta/ or white noise presented with the probability of 66%. In condition 2, the frequent stimulus used was a synthetically  generated syllable
/ta/. Similarly, synthetically generated syllable /ba/ was used as the frequent stimulus in condition 3,  while white noise was used as the frequent stimulus in condition 4. The order of recording was randomized to avoid the order effect. The Figure 1 represents the different stimulus conditions.

For each stimulus condition, the response was recorded twice to ensure the replicability and reliability. Brainstem response for each of the four stimulus conditions was collected using the stimulus and acquisition parameters given in Table 3.

The averaged response obtained for the /da/ stimulus in the repetitive condition was compared with the averaged response obtained for /da/ stimuli in each of the three stimulus contexts. Responses elicited for /ba/,
/ta/, and white noise were not analyzed in this study. Analysis of the response for /da/ was carried out both subjectively and objectively. Both the transient and sustained portions of the responses were analyzed. The peak latency and peak amplitude of wave V, A, B, C, D, E, and F and the V to A amplitude were the measures considered for comparison. The subjective analysis was carried out by two experienced Audiologists. The right end of the wave with the largest amplitude around 6 ms following the stimulus onset was marked as wave V. The immediate negative trough following the wave V was marked as wave A. V to A amplitude was obtained from the voltage difference between the wave V and wave A. The replicable negative waves occurring at the expected peak latencies with large amplitude were marked as wave B, C, D, E, and F.

The response amplitude between 0 and 1 ms was approximately 0µV across all the recordings. Hence there was no baseline amplitude correction used and the peak amplitude of waves B, C, D, E, and F were obtained directly from the instrument by placing the cursor on the respective waves.

Additionally, to evaluate the spectral composition of the response, Fast Fourier transform (FFT) analysis of the sustained response of the speech evoked ABR was done. This was executed using the MATLAB R 2009a platform and software (Brainstem toolbox) developed at Northwestern University. Fourier analysis was performed on the 11.4-40.6 ms epoch of the FFR in order to assess the amount of activity occurring over three frequency ranges; (103-121 Hz), (454-719 Hz) and (721-1155 Hz). These frequency ranges were chosen because the neural responses at these frequencies would correspond to the Fundamental frequency, first formant and higher harmonics of the stimulus /da/ respectively (Johnson, Nicol, Zecker, Bradlow, Skoe, E., & Kraus, 2008b). A 2 ms on -2 ms off Hanning ramp was applied to the waveform (to avoid the spectral splatter). Zero-padding  was employed to increase the number of frequency points where spectral estimates were obtained. The raw amplitude value of the F0, F1 and higher frequency component of the response FFR was then measured.
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Figure 1: Representation of different stimulus conditions used.
Table 3: Stimulus and acquisition parameters used to elicit the Brainstem Responses


S.
No	Stimulus Parameters

Repetitive context: /da/

1 Stimuli

Variable context:
Frequent stimuli: /ba/ or /ta/ or noise

2 Frequent to infrequent ratio	2:1
3 Ear	Right/left
4 Duration of stimulus	40 ms
5 Intensity	70 dBnHL
6 Repetition rate	10.9/s
7 Polarity	Alternating
8 Number of sweeps	1500

Acquisition Parameters

	1
	Analysis time
	64 ms

	2
	Electrode montage
	Vertical

	3
	Amplification
	100000

	4
	Artifact rejection
	+ or – 23.8 µV

	5
	Filter setting
	100-2000 Hz




The data thus obtained was used for the comparison between the responses obtained in repetitive stimulus condition and in different stimulus contexts and also for the comparison across the responses obtained in different contexts.
Results
The averaged onset and sustained response obtained for the stimulus /da/ in the repetitive condition was compared with the averaged onset and sustained response obtained for the stimulus /da/ in each of the three stimulus context conditions. The data was tabulated and statistical analysis was carried out using Statistical Package for Social Science software (Version 17.0).To ensure that the data obtained is normality distributed, each target measure (dependent

variable) tested on Kolmogorov–Smirnov test of normality. Results of the test indicated that all the data were normally distributed (p>0.05). Because the test was done monaurally in the two ears, initially the ear difference was tested. Paired t- test was done to compare the mean difference between the right and left ear. The mean peak latency and peak amplitude of the waves V, A, B, C, D, E, and F, and the peak amplitude of fundamental frequency, first formant and higher harmonics were compared between the ears. The results showed no significant effect (p>0.05) of ear in any of the measures. Hence for all further statistical procedures, the data of the two ears were combined.

Results of subjective analysis: The responses were subjectively analyzed to identify the waves V, A, B C, D, E, and F. It was observed in the analysis that not all




the recordings had all the aforementioned waves. Waves V, A, D, E, and F had higher percentage (>83%) compared to waves B and C (<70%) across all four conditions. Hence waves B and C were not analyzed on Repeated measures ANOVA.

Results of onset response: In the onset response, the peak latency of waves V and A, and the V to A peak to peak amplitude were analyzed. The onset response elicited by the stimulus /da/ across the four conditions in a representative subject is shown in Figure 2. The mean and standard deviation of peak latency of wave V and A, and V to A peak to peak amplitude is given in Table 4.

It is evident from the table that the mean peak latency of wave V and A was prolonged in condition 4 compared to conditions 1, 2 and 3. A trend of reduction in V to A amplitude was seen in the conditions 2, 3 and 4 relative to that in condition 1. The data was further subjected to repeated measures ANOVA, to test if the mean difference observed were statistically significant. Results revealed a significant main effect of condition on the mean latency of wave V [F(3, 87)=104.75, p<0.01] and wave A [F(3, 87)=52.28, p<0.01] across the four conditions. But there was no significant

difference [F(3, 87)=0.97, p>0.05] in the mean V to A amplitude across the four conditions.

Because there was a significant main effect of stimulus condition on the latencies of the onset response, pair- wise comparison of the data was done using the Sidak Post-Hoc test. Results of the Sidak Post-Hoc test showed that there was a significant increase in  the mean latency of wave V in the condition 4 compared to that in the conditions 1, 2 and 3. There was no significant difference in the mean latency of wave V obtained in conditions 1, 2 and 3. Also, there was a significant increase in the mean latency of wave A in the condition 4 compared to that in conditions 1, 2 and
3. Furthermore, there was a significant difference in the mean latency of wave A between condition 1 and 3. But there was no significant difference in the mean latency of wave A across other conditions.

Results of sustained response: The sustained responses were subjectively analyzed to note down the peak latency and amplitude of waves D, E and F were analyzed. The sustained response elicited by the stimulus /da/ across the four conditions in a representative subject is shown in Figure 3. The mean and standard deviation of peak latency and amplitude obtained from the subjects across the four test conditions are given in Table 5.
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Figure 2: Onset responses elicited by syllable /da/ across 4 conditions in a representative subject.

Table 4: The mean and standard deviation (SD) of peak latency of wave V and A, and V to A peak to peak amplitude across four test conditions




Condition


Latency of wave V (ms)

Measure
Latency of wave A (ms)


Amplitude (V to A) (µV)

	
	Mean
	SD
	Mean
	SD
	Mean
	SD

	1
	6.39
	0.27
	7.42
	0.34
	0.62
	0.16

	2
	6.39
	0.29
	7.42
	0.32
	0.59
	0.17

	3
	6.41
	0.31
	7.50
	0.32
	0.59
	0.19

	4
	6.75
	0.31
	7.81
	0.44
	0.57
	0.17
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Figure 3: Sustained response elicited by syllable /da/ across 4 conditions in a representative subject.

Table 5: The mean and standard deviation (SD) of peak latency and peak amplitude of waves D, E and F across four test conditions




Condition

Peak Latency of Wave (ms)	Peak Amplitude of Wave (µV) D	E	F		D	E	F

Mean
(SD)
1	22.51
(0.75)
2	22.51
(0.71)
3	22.53
(0.66)
4	22.74
(0.77)

Mean
(SD) 30.77
(0.45)
30.86
(0.51)
30.95
(0.55)
31.29
(0.74)

Mean
(SD) 39.27
(0.38)
39.28
(0.43)
30.30
(0.43)
39.59
(0.49)

Mean
(SD) 0.23
(0.08)
0.25
(0.12)
0.23
(0.10)
0.22
(0.10)

Mean
(SD) 0.33
(0.09)
0.32
(0.12)
0.32
(0.09)
0.31
(0.10)

Mean
(SD) 0.28
(0.08)
0.26
(0.12)
0.26
(0.10)
0.25
(0.12)




It is evident from the data in Table 5 that the mean peak latency of waves D, E and F in condition 1 differed from that in conditions 3 and 4. The mean peak latency of wave D, E and F were prolonged in the conditions 3 and 4 compared to that in condition 1. Additionally, it is evident that the mean peak amplitude of waves D, E and F is reduced in condition 4 compared to that in condition 1.

The data was further subjected to Repeated measures ANOVA, to check if the mean differences observed in latency and amplitude of sustained response were statistically significant. Results revealed the presence of significant main effect of condition on the mean latency of wave E [F(3, 72)=9.89, p<0.01] and wave F [F(3, 75=9.53, p<0.01], while the mean difference in wave D was not statistically significant [F(3, 60)=1.75, p>0.05]. Additionally, there was no significant difference in the mean amplitude of either wave  D [F(3, 60)=0.48, p>0.05]; E [F(3, 78)=0.67, p>0.05] or F [F (3, 69)=0.57, p>0.05].

Because there was a significant main effect of stimulus context on the latency of the waves E and F of the sustained  response,  pair-wise  comparison  was  done

using the Sidak Post-Hoc test. The post-hoc test results showed that there was a significant increase in  the mean peak latency of wave E in condition 4 compared to that in conditions 1 and 2. There was no significant increase in the mean peak latency wave E in condition 4 compared to condition 3. There was no significant difference in the mean peak latency of wave E across conditions 1, 2 and 3. Also, there was a significant increase in the mean peak latency of wave F in condition 4 compared to that in the conditions 1, 2 and
3. Furthermore, there was no significant difference in the mean peak latency of wave F across the conditions 1, 2 and 3.

Results of objective analysis

Brainstem Toolbox was used to carry out the Fast Fourier Transformation (FFT) of the sustained responses. The peak amplitude at the frequencies corresponding to the fundamental frequency (F0), first formant (F1) and the higher harmonics (HF) of the stimulus was derived from the FFT analysis. The mean and standard deviation (SD) of amplitude of F0, F1 and HF obtained from 30 ears across the four  test conditions are given in Table 6.



Table 6: The mean and standard deviation (SD) of amplitude of fundamental frequency (F0), first formant (F1) and higher harmonics (HF)

Condition	Amplitude of F0
(arbitrary dB)

Amplitude of F1 (arbitrary dB)

Amplitude of HF (arbitrary dB)

	
	Mean
	(SD)
	Mean
	(SD)
	Mean
	(SD)

	1
	5.12
	2.29
	0.35
	0.09
	0.14
	0.02

	2
	4.92
	2.26
	0.40
	0.09
	0.16
	0.02

	3
	5.52
	2.92
	0.38
	0.08
	0.17
	0.03

	4
	5.15
	2.67
	0.37
	0.08
	0.18
	0.07




It is evident from Table 6 that the mean amplitudes of F0, F1 and HF were consistently more in condition 4 than that in condition 1. To test if the mean differences were statistically significant, Repeated measures ANOVA was done. Results showed a significant main effect of condition on the mean amplitude of HF [F(3, 87)=5.20, p<0.05]. Significant main effect was absent for mean amplitude of F0 [F(3, 87)=0.20, p>0.05] and F1 [F(3, 87)=2.53, p>0.05].

Because there was a significant main effect of stimulus context on the amplitude of HF of the sustained response, pair-wise comparison of the responses was done using the Sidak Post-Hoc test. Results showed a significant reduction in the mean amplitude of higher harmonics (HF) in condition 1 compared to the mean amplitude of HF in conditions 2, 3 and 4. There was no significant difference in the mean amplitude of HF across conditions 2, 3 and 4.

Discussion
Results of the percentage of occurrence of the onset and sustained responses elicited for the syllable /da/ across the four conditions showed that the waves V and A were invariable across all four condition. However the target waves B, C, D, E, and F showed a trend, with higher percentage of occurrence in condition 1 compared to condition 4. In condition 1, the syllable
/da/ was presented repeatedly, while in condition 4, between any 2 presentations of /da/, there was more frequently occurring short duration white noise (contextual stimulus). The stimulus used to elicit the responses was the same syllable /da/ and number of sweeps of /da/ averaged, was constant in all four conditions. Hence, it is expected that the percentage of occurrence of response should be same across the four conditions. The observed variation between conditions cannot be attributed to trial-trial variability because within each condition, no such variation was observed on multiple trials. That is, if the wave D was present in the first trial, it was present in the successive trials too and vice versa in each condition. The observed decrement in the percentage of occurrence of responses in condition 4 compared to condition 1 is suggestive of

a possible influence of condition as a variable in determination of response morphology.

The mean peak latency of the waves V and A were found to be significantly prolonged in condition 4 compared to condition 1, 2 & 3. Also, the mean peak latency of wave A was found to be significantly prolonged in condition 3 relative to condition 1.

One possible explanation for delayed onset response in the context of noise could be attributed to the effect of forward masking of the stimulus /da/ by the white noise. Noise induced disruptions in the transient responses elicited for the stimulus /da/ was reported by Russo Nicol, Musacchia and Kraus (2004). The latency delay reported in the study by Russo and colleagues (2004) in presence of background noise was 0.53 ms for wave V and 0.87 ms for wave A, while the delay in latency in context of noise was 0.36 ms for wave V and
0.39 ms for wave A in the present study. However, the findings of the present study cannot be compared to the study by Russo and colleagues (2004), as noise was presented as a background stimulus in their study and as a contextual stimulus in the present study. Moreover, the effect of forward masking is dependent on the masker duration and the gap between the masker and signal (Elliott, 1962 & Elliott, 1967). The effect of forward masking is reported to last for 30 ms following the end of the masker relative to the beginning of the maskee (Howard & Angus, 2009). In the present the masker duration is very brief of 40 ms and the gap between the masker and signal is approximately around 64 ms, hence forward masking cannot account for the results in the present study.

Another possible reason for delay of the onset response in condition 4 relative to the other conditions could be due to the effect of noise as the contextual stimulus. The disturbance in the repeated representation of stimulus /da/ may be weakening the online plasticity of the brainstem physiology. If the same stimulus is repeated, then the response is enhanced due to online plasticity, regulated by the corticofugal pathway. This inference is based on the findings of Chandrasekaran,




et al., (2009), in which they reported enhanced harmonics when stimulus was presented repeatedly.

The corticofugal pathway originates at the auditory cortex and forms multiple feedback loops to modulate auditory signal processing at the brainstem nuclei such as the inferior colliculus (IC) and medial geniculate body (MGB). The auditory cortex and the corticofugal pathway evoke small short term changes in the subcortical nuclei, in response to a sound that is repeatedly delivered (Suga, et al., 2002). These changes are reported to be specific to the parameters characterizing the sound. That is, when the sound becomes relevant by associative learning, its responses are enhanced by the activation of the corticofugal pathway.

In this case, because the contextual stimulus is noise, it is probably deemed as a dissimilar and insignificant stimulus on associative learning, and since it is also causing interruption in the repetitive presentation of the stimulus, the corticofugal pathways are not facilitating the online plasticity. As a result, there may be reduction in the synchronous firing which is evident in the form of increase in the latency and reduction in the amplitude of onset responses in condition 4 compared to condition 1.

However, if the interruption in repetitive sequence was the cause for delayed responses, one would expect similar delays in condition 2 and 3, as that found in condition 4 compared to condition 1. But the findings of the present study show that the latency of the onset response V and A is significantly delayed in condition 4 and not significantly delayed in condition 2 and 3 compared to condition 1. This is probably because, corticofugal pathway is able to distinguish between speech and non-speech stimulus. The online plasticity is facilitated if the target speech stimulus occurs in the context of speech but not in the context of noise.

In the present study, no significant delay was observed in the latency of either wave V or A in condition 2 relative to the condition 1, while the latency of wave A was prolonged in condition 3 relative to condition 1. The possible explanation for these variations of the brainstems behavior to contextual speech stimuli could be the spectral proximity of the contextual speech stimulus to the core stimulus /da/. The stimulus /ta/ used as contextual stimulus in condition 2 is spectrally equivalent to the stimulus /da/, relative to /ba/. Only the temporal feature of pre-voicing is different between /ta/ and /ba/. There is no pre-voicing in /ta/ whereas it is present in /ba/. But, the syllable /ba/ differs spectrally from /da/, with respect to the burst spectrum and F2 transition.  The  burst  spectra  of  /ba/  has  primary

concentration of energy at the low frequencies (500- 1500 Hz) while /da/ has a relatively flat or high frequency (>4000 Hz) concentration (Halle, Hughes & Radley, 1957). The F2 transition in /ba/ is falling in nature while it is reported to be rising in /da/ (Delattre, Liberman, & Gerstman, 1954).

Therefore it is possible that the corticofugal modulation is capable of detecting and discriminating the spectral variations between the core stimulus and the contextual stimulus, and thus influencing the response of the brainstem. On the other hand, the corticofugal pathway may not be sensitive to temporal variation between two speech stimulus such as /ta/ and /da/, and hence does not influence the brainstems response. Hence, the spectral similarity may be playing a role while higher centers interpret the context. However, the reasons for observing such differences only in wave A are  not clear.

No significant effect of context on the latency of wave V and A was obtained in the study by Chandrasekaran, et al., (2009). This result is partly in line with  the results obtained in the present study, wherein significant effect of context on onset response was not found between condition 1 and condition 2. However in the present study, context was found to influence the onset response in condition 3. This result in the present study has been attributed to the hypothesis that the discrimination of the spectral deviances between the core stimulus and contextual stimulus by the corticofugal pathway determines the brainstem response.

The possible reason for the absence of this contextual effect on the latencies of the onset response could be due to the stimulus paradigm adopted in their study. In their study the stimulus /da/ was presented with the probability of 12.5% in context of seven speech sounds, while in the present study /da/ was presented with a probability of 33% in context of only one speech or noise stimulus. It is possible that the number of contextual stimulus used would have an effect on the corticofugal network. The present study utilized just one contextual stimulus, while multiple (seven) contextual stimuli were used in the study by Chandrasekaran et al., (2009).

Another reason could be the differences in the length of the stimulus used; it was 170 ms in the study by Chandrasekaran et al., (2009) while it was 40ms in the present study. This is suggestive that the brainstem’s capacity to differentiate two signals may be limited, such that it can discriminate two closely occurring signals and not signals which are separated by longer time duration.




The results of the subjective analysis of the FFR showed a significant prolongation in the latency of wave E in condition 4 compared to condition 1 and 2. Similarly, significantly prolonged latency of wave F was obtained in the condition 4 relative to condition 1, 2 and 3.

The possible reason for delay of wave F in condition 4 relative to the other conditions and prolongation of wave E in condition 4 compared to conditions 1 and 2, could be due to the effect of noise as the contextual stimuli. The generators of waves E and F (IC and LL) fall within the network of the corticofugal pathway (Marsh, Brown & Smith, 1974). The disturbance in the repeated representation of stimulus /da/ would possibly cause reduction in the online plasticity of the brainstem.

Moreover, the spectrum of noise is quite different from that of speech. As hypothesized if the corticofugal pathway is capable of detecting the spectral variations between the speech and contextual noise stimulus, while modulating the brainstem response, then the delay in latency of waves E and F in condition 4 can be attributed to the influence of corticofugal pathway on the brainstem. Thus, it is suggested that the corticofugal pathway is inherently assesses the spectral variation between two incoming signals.

In the present study no significant difference was obtained in the wave E latency in condition 3 and condition 4. The contextual stimulus used in condition 3 is the syllable /ba/ and; in condition 4 it is noise. Like the noise, the syllable /ba/ is spectrally different from the stimulus /da/. Hence, the corticofugal network may identify this difference and thus influence the brainstems response.

The peak amplitude at the frequencies corresponding to the fundamental frequency (F0), first formant (F1) and the higher harmonics (HF) of the stimulus was derived from the FFT analysis. In the present study, the peak amplitude of the higher harmonics (HF) corresponding to (721-1155 Hz) was found to be significantly lower in the condition 1 compared to all other conditions.

However, these findings are not in accordance to that found in the study by Chandrasekaran, Hornickelet al., (2009), wherein the peak amplitudes corresponding to lower harmonics H2 and H4 (200 Hz and 400 Hz) and F1 range (400- 720 Hz) differed between the repetitive and variable context conditions. The spectral amplitude of H2 and H4 and over the F1 range was enhanced in the repetitive condition compared to the variable context condition. The authors attributed their findings to the corticofugal modulation of the brainstem. The

exact reason for the reduction in amplitude of HF in the present study is not clear.

Conclusions
From the findings of the present study it can be concluded that stimulus context influences the neural processing of speech at the brainstem and such influences are determined by the spectral differences between the target and the contextual stimulus. The findings of the study show evidence of online plasticity in the brainstem encoding which may be important for speech perception in noise.
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Abstract
Single-channel hearing aids amplify sound alike across all the frequencies whereas Multi-channel hearing aids amplify different frequency components of sound differentially. The reports in the literature are equivocal regarding the effect of increasing the number of channels of hearing aid on speech perception by individuals with hearing impairment. Some studies have found improvement, some worsening and various other studies have shown improvement only up to a limited number of channels. However, these studies have neither specifically targeted the sloping hearing loss population, who are most likely to benefit from increasing number of channels nor have they used high frequency word lists to check for the performance change. So, the present study aimed at determining the effect of number of channels of hearing aids on the speech perception in individuals with different degrees of sloping hearing losses using the conventional as well as high frequency word lists. The participants in the study included 30 post-lingual Kannada speaking individuals with hearing impairment in the age range of 18 to 55 years. They were equally divided into three groups based on the configuration of hearing loss (flat, ski-slope and precipitous slope). The degree of hearing loss was between mild and severe hearing loss. Results revealed increase in the speech perception scores with increase in the number of channels of the hearing aid. The effects were more pronounced for the sloping hearing loss configurations where better results were noticed with 8-channel hearing aid. So, it can be said that individuals with high frequency sloping hearing loss configurations are likely to benefit with multi-channel compression hearing aids, especially with more than 4-channel systems.
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Introduction
The sensori-neural hearing loss results in loss of audibility, coupled with an uneven distortion of the audibility of the ear to different frequencies. Hearing aids are designed and fitted to lessen the  problems faced by individuals with hearing impairment. The hearing aid technology allows for the sound to be amplified alike across the frequencies, as in single channel, or different frequency components of sound to be amplified differentially, as in multichannel hearing aid.

In a single channel system, the dynamic range is optimised across the full range of frequencies by a single processor, which means that single-channel compression systems vary gain across the entire frequency range of the signal. Thus, they cannot accommodate variations in the listener’s dynamic range that may occur for different frequency regions. Many listeners with a sloping loss have a normal or near normal dynamic range for low-frequency sounds but a sharply reduced dynamic range for high frequency sounds where hearing loss is more severe. Upon improvement of an intense low frequency sound,
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most hearing aids, would decrease overall gain and cause high frequency sounds to become inaudible (Kuk, 1996), thus resulting in decreased speech identification. In contrast, multi-channel hearing aids split the incoming signal into different frequency bands and each band of signal passes through a different amplification channel. The gain compression is performed independently in each channel prior to summing the output of all channels. Hence, no such issue of inaudibility of one sound due to another sound is likely to come into the picture. In a multi-channel compression hearing aid, the incoming speech signal is filtered into two or more frequency channels. Compression is then performed independently within each channel prior to summing the output of all channels. Thus, the speech perception would still be better in the sloping hearing loss cases.

There are several reports in literature that have tried to explore the effect of increasing the number of channel of hearing aid on speech perception. The opinions regarding the usefulness are divided with some showed improvement (Barford, 1978; Yund & Buckles, 1995), some showing improvement upto only a small number of channels (Hickson, 1994; Keidser & Grant, 2001; Van Buuren, Festen, & Houtgast, 1999) where as other showing worsening of the scores (Bustamante and Braida, 1987). However, all the above studies either used severe degrees of hearing losses or specifically
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did not use participants with high frequency sloping hearing losses. So, the present study aimed at finding the effect of increasing the number of channels of hearing aids on the speech perception in individuals with flat and sloping hearing loses with different degrees of slopes.

Method
Present study was designed to compare the speech identification performance between single channel and multi channel hearing aid in different degrees of sloping hearing loss cases.

Participants

Thirty post lingual Kannada speaking individuals with mild to severe sensori-neural hearing loss in the ear to be tested (either symmetrical or asymmetrical hearing loss) and in the age range of 18 to 55 years were recruited for the study. They were also required to have at least 50% speech identification scores. The participants were split into three equal groups based on the audiogram configuration [Flat (difference between the maximum and the minimum thresholds with in 20 dB), Ski sloping (falls from low to high frequency at a rate of approximately 5-10 dB), steeply or precipitous sloping (threshold increases approximately at the rate of 15-20 dB per octave)].

Stimulus

Recorded version of phonemically balanced word list in Kannada developed by Yathiraj and Vijayalakshmi (2005) was used in this study. The speech material consisted of 4 phonetically balanced word lists  and each list had 25 words. Also recorded version of a high frequency-Kannada speech identification test (HF KST) word list developed by Mascarenhas and Yathiraj (2002) was used. All the words were presented through a CD.

Instrumentation and Test procedure

A calibrated diagnostic audiometer Madsen Orbiter OB922 Version 2, with TDH-39 supra-aural ear phones housed in MX-41 cushions and Radio ear B-71 bone- vibrator, was used for obtaining air conduction and bone-conduction thresholds respectively. The same audiometer with loudspeakers placed at 45o  azimuth was used for the hearing aid trial. A GSI Tympstar middle ear analyser was used for immittance evaluation to rule out middle ear pathology.

The present study used three different hearing aids of MicroTech  Company  that  were  similar  in  all  other

regards except the number of channels (Vector 4- double channel, Vector 8-four channel, and Vector 16- eight channel). The hearing aids were connected to a Pentium 4 computer using appropriate cables and a Hi Pro box and programming was done using NAL-NL1 gain prescription formula. The hearing aids were switched to directional mode and other additional features were turned off. The participants were seated at an azimuth of 45° from the loud speakers and the stimulus was routed to the sound field condition through the audiometer. The hearing aid selection for the study was completely randomized to avoid adulteration of results due to order effect. The subjects were required to give written responses and in case of illiterate clients, native Kannada speaker noted down the responses.

Results and Discussion
The present study was aimed at finding the usefulness of increasing the number of channels of hearing aids on speech perception in varying degrees  of  sloping hearing losses. The obtained data was analyzed using SPSS software Version 15.0.

Speech Identification scores for the Phonemically Balanced word list

The Mean and standard deviation for the speech identification scores using the P.B word list for the three groups across the hearing aids were calculated. The mean and standard deviation for the speech identification scores are given in Table 1. The table revealed a trend towards increase in the speech identification scores with increase in the number of channels within each hearing loss group. It can also be seen that the increase in scores with increase in number of channels was greater for the two sloping hearing losses compared to the flat hearing loss group.

Further analysis was done using mixed ANOVA to see the interaction effect for 3 channels and three groups. Mixed ANOVA showed a significant interaction for the three channels of the hearing aid [F(2, 54)=40.41, p<0.05] but it revealed no significant interaction between the channel and the three groups [F(4, 54)=1.106, p>0.05]. Further, mixed ANOVA also revealed no significant interaction of the three groups [F(2, 27)=0.158, p>0.05]. Since the channel showed a significant interaction, a Bonferroni post hoc analysis was done to see the group wise differences. The details of Bonferroni post hoc analysis are given in Table 2. The table shows that there was significant channel interaction observed between 2-4, 2-8, and 4-8 channels of the hearing aids.



Table 1: Mean and standard deviation (S.D.) of speech identification scores of PB list


HEARING LOSS

Number of Channels
of Hearing Aid

Flat Hearing Loss	Moderately Sloping
Hearing Loss

Steeply Sloping Hearing Loss

	
	Mean
	S.D.
	Mean
	S.D.
	Mean
	S.D.

	2 channel
	83.20
	13.20
	80.00
	10.83
	83.60
	9.32

	4 channel
	87.50
	9.96
	91.20
	7.49
	90.00
	6.59

	8 channel
	93.60
	8.044
	96.00
	5.96
	96.40
	5.14




Table 2: Results of the Bonferroni post hoc analysis for the PB words

	
	4 channel
	8 channel

	2 channel
4 channel
	p<0.05
	p<0.05 p<0.05



So, an overall trend for increase in the speech scores for the PB word list with the increase in the number of channels was found. This was irrespective of degree of the slope of hearing loss. These findings are consistent with reports in literature (Barfod, 1978; Yund & Buckles, 1995) which also tend to suggest likewise performance improvement with increase in number of channels up to 8. The present finding could be attributed to maintenance of required audibility in each channel as required by the configuration of  hearing loss. Venema (2000) postulated that a multichannel compression hearing aid may be better able to accommodate the variations in hearing threshold at each frequency thereby providing more appropriate and accurate, required audibility for each of the frequencies. Souza and Turner (1998) also reported the improvement in speech identification scores with increase in number of channels to increased audibility. However, there are also reports in literature which suggest that the speech perception scores  improved with increase in number of channel only up to 3 or 4 and did not show further improvement (Hickson, 1994; Keidser & Grant., 2001; Van Buuren et al., 1999). Villchur (1978) explained this finding of no improvement to poor post compression frequency equalization for some hearing aids, also the difference between the study and those reported in literature could be attributed to use of different compression ratio in the preview of different channels by the two set of studies.

Speech Identification scores for the high frequency word list

Mean and standard deviation for the speech identification score of high frequency word list for the three groups across three hearing aids was calculated. The    mean    standard    deviation    for    the    speech

identification scores are given in table 3. Table 3 reveals a trend towards increase in speech identification scores with increase in the number of channels for all the three groups. A comparison of the groups shows better scores for flat configuration compared to the other two whereas the scores for the other two groups (moderately sloping, steeply sloping) were comparable. It can also be seen that the change in performance with increase in number of channels, though noticed for all the three groups, was a lot higher for the moderately sloping and sharply sloping hearing loss groups (nearly 19% and 21%) as opposed to only 14% for the flat configuration group.

Mixed ANOVA was done to see the interaction effect for 3 channels and three groups. Mixed ANOVA showed a significant main effect for the three channels of the hearing aid [F(2, 54)=105.61, p<0.05], and it showed an interaction between channel and group [F(4, 54)=2.62, p<0.05]. Further, mixed ANOVA also showed significant interaction for the three groups [F(2, 27)=14.77, p<0.05]. The Bonferroni post hoc analysis was done to see the pair-wise comparison for the channels. The details of the Bonferroni post hoc analysis are given in Table 4.

The Duncan’s post hoc test was done to see the group differences. Duncan’s post hoc analysis revealed a significant difference between flat hearing loss and moderately sloping hearing loss groups (p<0.05), whereas it revealed no significant difference between moderately sloping and sharply sloping hearing loss groups (p>0.05). The Duncan’s post hoc analysis also revealed a significant difference between flat and sharply sloping hearing loss groups (p<0.05).

Since there was an interaction between channel and group, repeated measure ANOVA was done to see which of the groups or channels were significantly different. For the flat configuration group, repeated measures of ANOVA revealed a significant difference for the channels. The Bonferroni pair-wise comparison was done to see the group-wise differences for the channels. The result of the analysis has been portrayed



Table 3: Mean and standard deviation (S.D.) of speech identification scores of high frequency word list.

Number of Channels of Hearing

HEARING LOSS
Flat Hearing Loss	Moderately Sloping Hearing Loss


Steeply Sloping Hearing Loss

	Aid
	Mean (% scores)
	S.D.
	Mean (% scores)
	S.D
	Mean (% scores)
	S.D.

	2 channel
	76.50
	8.18
	48.00
	18
	44.50
	9.26

	4 channel
	80.50
	9.84
	59.00
	17.6
	51.50
	13.13

	8 channel
	90.00
	6.23
	67.50
	17.6
	65.50
	11.89




Table 4: Results of the Bonferroni post hoc analysis for the HF words


4 channel	8 channel

	2 channel
	p<0.05
	p<0.05

	4 channel
	
	p<0.05



Table 5: Bonferroni pair wise comparison for flat hearing loss, moderately sloping hearing loss, and steeply sloping hearing loss


Flat Hearing loss group

	No. of channels
	4 channel
	8 channel

	2 channel
4 channel
	p>0.05
	p<0.05 p<0.05




Moderately sloping hearing loss group

	No. of channels
	4 channel
	8 channel

	2 channel
	P<0.05
	p<0.05

	4 channel
	
	p>0.05

	
Steeply sloping hearing loss group

	No. of channels
	4 channel
	8 channel

	2 channel
4 channel
	p>0.05
	p<0.05 p<0.05




in Table 5. It is evident from the table that there was significant difference between 2-channel and 8- channel hearing aids and also between 4-channel and 8-channel hearing aids (p<0.05). However, there was no evidence of a significant difference for a comparison between 2-channel and 4-channel hearing aids. Likewise, there was also a significant difference for the channels for moderately sloping and steeply sloping hearing loss configurations which necessitated the need of a Bonferroni pair-wise comparison and the results are shown in Table 5.

Mixed ANOVA revealed a significant main effect for the groups. To understand the main effect, multiple analysis of variance (MANOVA) was done to see for which of the channels there was a group difference. MANOVA revealed a significant difference for the 2- channel hearing aid [F(2, 27)=18.34, p<0.01], 4- channel hearing aid [F(2, 27)=11.73, p<0.01] and 8- channel hearing aid [F(2, 27)=11.26, p<0.01].

Duncan’s post hoc analysis was done to see for which of the channels the groups were different. The Duncan’s post hoc analysis revealed a significant difference between the flat hearing loss configuration and the moderately sloping hearing loss configuration (p<0.05) for 2-channel hearing aid. It also revealed a significant difference between the flat hearing loss configuration and the sharply sloping configuration (p<0.05), however, there was no evidence of a significant difference between the sharply sloping and the moderately sloping configurations of hearing loss (p>0.05) using a 2-channel hearing aid. Likewise, for 4-channel and 8-channel hearing aids also, there was no significant difference between sharply sloping and moderately sloping configurations (p>0.05), however the difference was significant (p<0.05) when these two were compared with the flat hearing loss configuration.

So, use of high frequency word list showed slightly different result to the PB word list. Here, there was no significant change in the speech perception scores with increase in number of channels from 2 to 4. However, there was a significant change (increase) in the scores with increase in number of channels to 8. There are no reports in literature that have reported about the effect of number of channels of hearing aids on the speech perception when using the HF wordlist. The present findings could probably be attributed to the frequency configuration of the HF word list itself. The wordlist (HF and PB word list) used in the present study was constructed with the use of phonemes that had maximum energy concentration beyond 1000 Hz. The two channel hearing aid in the present study had a cut- off frequency of 1000Hz. So, comparing with the frequency composition of the word list, the hearing aid




effectively had only one channel to process the high frequency word list. This would mean that the required accuracy of audibility for the moderately sloping and steeply sloping hearing loss configurations would not be achieved. It is also a known fact that high frequencies are important for speech  discrimination and low frequencies for the audibility of the speech sound (Dubno, Dirks, & Schaefe, 1989). So, if the accurate amplification is not achieved in the high frequencies, it would result in poor speech discrimination and thereby in poorer speech identification scores.

A similar scenario would be portrayed by the use of 4- channel hearing aid. In the present study, the four channel hearing aid had less than 500 Hz, 500-1000 Hz, 1000-2000 Hz and 2000-4000 Hz as the different compression channels. Again a similar comparison with the frequency composition of the high frequency word list shows that the hearing aid in question effectively had only two channels to process the speech sound of high frequency word list. This should have, in essence, resulted in slightly better performance compared to two channels, which was exactly the case in the present study. However the present study didn’t show the difference between two and four channel hearing aids to produce statistically significant difference for the high frequency word list this could be attributed to the addition of only one extra effective channel in the zone which had the high energy concentration (high frequency zone beyond 1000 Hz). This produced slight betterment of scores for four channel hearing aid. However, this could not be appreciated statistically.

The 8-channel hearing aid of the present study had five different  frequency  channels  (1000-1500  Hz,  1500-
2000  Hz,  2000-3000  Hz,  3000-4000  Hz,  and  4000-
6000 Hz) beyond 1000 Hz. This would mean a lot better and more accurate fitting of thresholds in high frequencies and thereby produce better scores than two and four-channel hearing aids. The results of the present study complied with this logical view.

Conclusions
It can be concluded that increasing the number of channels produce better speech perception scores at least till 8. The effects are better for the sloping hearing loss configurations where better results were noticed with 8-channel hearing aid. So, it can be said that individuals with high frequency sloping hearing loss configurations are likely to benefit with multi-channel compression hearing aids.
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Abstract
The study was aimed in developing dichotic word test for native Hindi speaking children and also to investigate the effect of list, gender, age and ear. The developed test consists of two lists of monosyllables with each list having 23 word pairs. These word pairs have equal duration and aligned in such a way that both words were presented dichotically at the same time. The developed test material was administered on five groups of normal hearing children (18 in each group) with the age range of 7 to 11.11 years. The results revealed significant influence of age and ear. As the age increased, the performance of the children also increased showing greater right ear score followed by left ear score and double correct score indicating the presence of right ear advantage. However, there was no significant influence of list and gender. This test can be administered on larger population for standardize and to be used as a clinical tool for assessment of central auditory processing disorder. This developed dichotic word test can be used in other clinical population such as learning disability, stutterer, ADHD.
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Introduction
Central auditory processing disorder demonstrate difficulty in one or more of the following abilities or skills: sound localization and lateralization; auditory discrimination; auditory pattern recognition; temporal aspects of audition, including temporal integration, temporal discrimination (e.g., temporal gap detection), temporal ordering, and temporal masking; auditory performance in competing acoustic signals (including dichotic listening); and auditory performance with degraded acoustic signals (ASHA, 1996; Bellis, 2003; Chermak & Musiek, 1997). Central auditory system mechanism and processes affect non-verbal as well as verbal signals and influence various higher functions including language and learning (Phillips, 1995; ASHA, 1996).

Chermak and Musiek (1997) estimated that APD occurs in 2 to 3% of children, with a 2-to-1 ratio between boys and girls. While Cooper and Gates (1991) estimated the prevalence of adult APD to be 10 to 20%.

Numerous tests have been developed over a period of time to assess central auditory function, as the central auditory processing disorder represents a heterogeneous group of auditory deficits. One among the test is dichotic listening tests which is the most powerful behavioral test battery for assessment of hemispheric function, inter-hemispheric transfer of information,   and   development   and   maturation   of
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auditory nervous system in children and adolescents, as well as identification of lesions of the central auditory nervous system (Keith & Anderson, 2007).

Among the test battery, Dichotic listening tests have been an essential test and have been used across all age groups (Jerger & Musiek, 2000). It was originally introduced by Broadbent (1954) and is used to study the relationship between cerebral dominance and learning disabilities (Ayres, 1977), cognitive development (Obrzut & Hynd, 1981), auditory processing disorder (Tobey, Cullen, Rampp & Fleischer-Gallagher, 1979) and language disorder (Pettit & Helms, 1979). Depending upon the instruction given to the listener, dichotic task may assess the process of binaural integration, binaural separation or combination of both (Bellis, 2003). In dichotic listening skill the right ear advantage is observed through age 9 to 10 years, although performance varies based on the linguistic complexity of the signal, with development noted for specific type of dichotic skill through adolescence (Fischer & Hartnegg, 2004). The more difficult the task is the greater would be the right ear advantage (Moller, 2007).

Stimuli options available for dichotic listening tasks include consonant-vowel syllables, digits, words and sentences. In a study by Noffsinger, Martinez and Wilson (1994), digits were found to be the easiest stimulus in a dichotic listening task, followed closely by sentences. Nonsense consonant-vowel syllables proved to be significantly more difficult with accuracy levels of just over 70% in both ears.

Dichotic digit test unlike sentences limit contextual cues. However it is a close set task so it may tend to overestimate speech recognition ability. Dichotic word




test limit the use of syntactical cues and is an open set stimulus that may result in recognition performance in the middle of the difficulty continuation (Roup, Wiley
& Wilson, 2006). Furthermore, among other dichotic listening tests, the dichotic CV test does not show expected

neuromaturational effect in normally hearing children (Roeser, Millay & Morrow, 1983). However, words may have several advantages over digits because they are a much less restricted set than digits which allows for word sets of varying difficulties. There are also currently many standardized, recorded lists of words available which allows for performance comparisons across patients or subjects. The greatest benefit, however, may lie in using a combination of all stimulus options in dichotic listening tasks to obtain an even wider range of difficulties than just words alone allow for (Noffsinger, et al., 1994; Roup, et al., 2006).

Dichotic word test has a good sensitivity in identifying and differentiating the cerebral level lesion (Berlin, 1976). Developing Dichotic Word Test (DWT) is most crucial because the auditory system is undergoing maturation, thus age-specific data are required to help in making decisions about whether a child’s auditory system is developing normally or otherwise (Keith, 2000). Normative data from a representative population is required to ensure if it is a valid and reliable measure of auditory processing ability (Musiek, Gollegly & Ross, 1985) and also it is ideal to have speech tests in all languages as the individual perception of speech is influenced by their first language or mother tongue (Singh & Black, 1966). Hence the current study is aimed in developing the dichotic word test for native Hindi speaking children and also to investigate the effects of different stimulus list on gender, age and ear difference.

Method
This study was carried out in two phase that includes; Phase I- Development of test stimuli for Dichotic word test in Hindi language and Phase II- Establishing the preliminary data for Dichotic word test in Hindi language   across different age groups.

I- Development of test stimuli

Selection of words: Around 800 monosyllabic words were collected from children’s text book, magazine, day to day conversation and dictionary. The familiarity of these words were checked by administering it on 12 adult Hindi speaker and 6 children who were asked to rate these words on five point rating scale.

I. I do not know the word
II. 
I know the word but not the meaning of the word
III. I know both word and meaning, but do not use the word
IV. I know both word and meaning and use the word occasionally
V. I know both word and meaning and use the word frequently

The words which were rated as ‘V’ were selected for the recording. Words were recorded on data acquisition system with a 16 bit analogue to digital convertor at a sampling frequency of 44.1 kHz by 5 native Hindi female speakers in an acoustically treated room. All five recordings were given to five experienced audiologists (native Hindi speakers) to choose the best recoding in terms of intelligibility, rate of speech and clear articulation. The elicitation and scaling  of selected recording test material was done using Adobe audition (Version 3.0) software to ensure that the intensity for all the words was same.

Preparation of dichotic word pairs: Two lists of twenty three pairs of words were constructed in such a way that the onset and offset of the stimulus coincides with a deviation in duration not exceeding 10 ms as per the guidelines given by Lamm, Share, Shatil, and Epstein (1999). Two different lists of dichotic word- pairs consisted of 3 practice word pairs followed by 20 test word-pairs. In 20 test word-pairs, 20 words would go to the right ear and 20 words goes to the left ear but in each pairs the two words which goes to the right and left ear were not the same. The word pairs with same phoneme in the same word positions were avoided as per the guidelines of Roup, et al., (2006). Inter- stimulus interval of about ten seconds was added between word pairs to function as the response time. Two different sets of single word pairs consisting of three practice word pairs followed by twenty test word pairs were formed. A 60-second, 1000 Hz calibration tone was recorded at the beginning of the compact disc at a level equal to the average intensity of the words.

II- Establishing the preliminary data for Dichotic word test in Hindi language

Subjects

Data were collected from 90 native Hindi speaking children between 7 to 11.11 years. These subjects were divided into five age groups (7-7.11; 8-8.11; 9-9.11; 10-10.11; 11-11.11 years) with equal males  and females in each group (N=18). Subjects included for the collection of data had bilateral normal-hearing thresholds at frequencies, 250 Hz to 8000 Hz for air conduction thresholds and 250 Hz to 4000 Hz for bone conduction   thresholds.   They   had   bilateral   type-A




tympanogram with presence of acoustic reflexes (ipsi
& contra) in both ears. Subjects also had Speech recognition threshold of ±12 dB (re: PTA of 0.5, 1 & 2 kHz), Speech identification score greater than 90% at 40 dBSL (re: SRT) in both ears. All subjects passed the Screening Checklist for Auditory Processing (SCAP) developed by Yathiraj & Mascarenhas (2003), ruling out any auditory processing deficits. All subjects were right handed and it was confirmed on laterality preference schedule which is a part of Functional Neuropsychological Assessment Battery (Venkatesan, 2011). Subjects included for the dichotic word test did not have otologic and/or neurologic problems and illness on the day of testing.

Instrumentation

All the evaluations were carried out in an acoustically treated two-room situation as per ANSI S 3.1 (1991). A Calibrated two channel diagnostic audiometer MA-53 audiometer coupled with acoustically matched MAICO headphone and radio ear B-71 bone vibrator was used to estimate pure tone thresholds, speech recognition threshold and speech identification scores. A calibrated Intra acoustic AT-235 immittance meter coupled with Telephonic TDH-39P was used for obtaining tympanogram and acoustic reflex thresholds. A laptop with adobe audition (Version 3.0) software was used to record and present the test material.

Administration of developed Dichotic word test

The dichotic word test material was  presented through laptop connected to the calibrated MA-53 audiometer. Equipment testing was done at the beginning of each test session to ensure appropriate routing of signals, and channel balancing. Intensity setting was set to a most comfortable level (40 dBSL ref.  SRT).  Each  subject  was  asked  to  listen  to  the

instructions for dichotic tasks that were recorded before each set of dichotic words on the compact disc. The children were instructed as ‘You will hear two words simultaneously in both ears. You should repeat both the words that you hear. You may repeat word from any ear first’. Task understanding was ensured using three practice items in each list before proceeding to the real test. Verbal responses were taken from all children and tester marked “√” for the correct response on the dichotic word test data sheet.

Score calculation of dichotic word test: The subject’s responses were recorded in-terms of correct responses for each ear. The right-ear score (RES), left-ear score (LES) and double correct score (DCS) were calculated for both the lists. A score of one was given to each correct pair and each correct word. Three practice item word pairs were not considered in the testing score. The possible total correct response for each test paradigm was 20 for each ear.

Analysis

Mean and standard deviation for Right ear score (RES), Left ear score (LES), and Ear advantage (EA) for each test condition was calculated by using Statistical Package for the Social Science (SPSS) Version 17.0 software.

Results and Discussion
The statistical analyses were carried out to investigate the effect of list, gender, age and ear and also to obtain the preliminary data. Along with descriptive statistics, Mixed analysis of variance (overall list, gender, & age effects), Paired t-test (ear effect & list effect within subjects) and whenever necessary, Duncan’s post-Hoc analysis was used to find out significant differences in scores across the age groups.

 	Table 1: Descriptive statistics for single and double correct scores for both lists 	
Right correct score	Left correct score	Double correct score
 (
List
 I
List
 
II
List
 I
List
 
II
List
 I
List
 
II
Mean
10.44
10.78
6.55
6.50
2.28
2.39
SD
1.82
1.93
1.46
2.09
1.71
1.38
Mean
11.44
11.33
8.39
8.28
3.83
3.50
SD
1.24
1.85
1.29
2.70
2.25
1.95
Mean
12.94
13.11
9.33
9.28
6.00
6.06
SD
1.55
1.53
1.71
1.99
1.19
1.00
Mean
15.44
15.67
12.44
12.39
9.50
9.50
SD
1.38
1.24
1.92
1.29
1.62
1.15
Mean
17.05
16.94
15.06
15.28
13.33
13.61
SD
1.26
1.10
1.11
1.81
1.18
1.79
)Age group (Years)
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List effect

The mean and standard deviation (SD) for single correct scores (right and left) and double correct scores were obtained for the two lists across five age groups as represented in Table 1.

From Table 1, it can be seen that there is minimal difference in the mean values for the right ear correct scores, left ear correct scores and double correct scores for the two lists. Mixed ANOVA was carried out to see the overall list effect. Mixed ANOVA results showed no significant effect on lists for single correct scores [F(1, 80)=0.05, p>0.05] and double correct scores [F(1, 80)=0.01, p>0.05]. Paired ‘t’ test was done to evaluate the difference in scores between two lists across five age groups. Results of the paired ‘t’ test did not show significant difference between two lists for right, left and double correct scores in all five age groups. It indicates that when the two words are presented in two different channels at 0 ms lag time it does not alter the performance of the subjects between the lists. Hence, it can be concluded that both lists are equal in difficulty level and so either of the lists can be used for clinical purpose.

Gender effect

Mean and standard deviation for males and females across the two lists for all the five age groups were calculated and are tabulated in Table 2.


From Table 2, it can be seen that mean scores for males and females are almost similar for right, left and double correct scores across all the five age groups for both the lists. The mixed ANOVA was done to find out the overall effect of gender. Results revealed no significant differences between the two genders for single correct scores [F(1, 80)=0.68, p>0.05] as well  as  double correct scores [F(1, 80)=0.18, p>0.05].

Present study reveals that there is no significant difference between the performance of male and female across age groups and for each list of the dichotic word test. This is in congruence with the previous studies done by Roberts et al., (1994) and Meyers, Roberts, Bayless, Volkert and Evitts (2002) on dichotic word test. Bellis and Wilber (2001) administered dichotic listening test of consonant-vowel in adult and reported that no gender effect was seen.

 (
9-9.11
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8-8.11
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7-7.11
) (
Age 
group
Gender
)Table 2: Mean and standard deviation for males and female across list and age group

	
	
	List I
	
	
	List II
	

	
	RCS
	LCS
	DCS
	RCS
	LCS
	DCS

	
	Mean
	SD
	Mean
	SD
	Mean
	SD
	Mean
	SD
	Mean
	SD
	Mean
	SD

	M
	10.33
	1.66
	6.33
	1.58
	2.44
	1.33
	10.67
	1.41
	6.11
	2.84
	2.56
	1.74

	F
	10.55
	2.07
	6.78
	1.39
	2.11
	2.09
	10.89
	2.42
	6.89
	0.93
	2.22
	0.97

	M
	11.78
	1.30
	8.33
	1.58
	3.78
	2.33
	11.11
	2.08
	8.44
	3.09
	3.56
	2.60

	F
	11.11
	1.17
	8.44
	1.01
	3.89
	2.31
	11.56
	1.67
	8.11
	2.42
	3.44
	1.13

	M
	13.00
	1.41
	9.22
	2.11
	5.89
	1.16
	13.11
	1.27
	9.22
	2.11
	6.11
	1.05

	F
	12.89
	1.76
	9.44
	1.33
	6.11
	1.27
	13.11
	1.83
	9.33
	2.00
	6.00
	1.00

	M
	15.55
	1.67
	12.33
	2.34
	9.44
	2.13
	15.66
	1.22
	12.11
	1.54
	9.33
	1.32

	F
	15.33
	1.12
	12.56
	1.51
	9.56
	1.01
	15.67
	1.32
	12.67
	1.00
	9.67
	1.00

	M
	17.00
	1.00
	15.00
	0.71
	13.22
	0.83
	16.67
	1.00
	15.00
	1.22
	13.44
	1.13

	F
	17.11
	1.54
	15.11
	1.45
	13.44
	1.51
	17.22
	1.20
	15.56
	2.29
	13.78
	2.33


 (
11-11.11
) (
10-10.11
)Note- RCS- Right correct score; LCS- Left correct score; DCS- Double correct score, M- Male; F- Female.



Table 3: Mean and standard deviation (SD across the age groups for both lists
 (
Years)
List
 I
List
 
II
RCS
LCS
DCS
RCS
LCS
DCS
Mean
10.44
6.55
2.28
10.78
6.50
2.39
SD
1.82
1.46
1.71
1.93
2.09
1.38
Mean
11.44
8.39
3.83
11.33
8.28
3.50
SD
1.24
1.29
2.25
1.85
2.70
1.95
Mean
12.94
9.33
6.00
13.11
9.28
6.06
SD
1.55
1.71
1.19
1.53
1.99
1.00
Mean
15.44
12.44
9.50
15.67
12.39
9.50
SD
1.38
1.92
1.62
1.24
1.29
1.15
Mean
17.05
15.06
13.33
16.94
15.28
13.61
SD
1.26
1.11
1.18
1.10
1.81
1.79
)Age group ( 7-7.11

8-8.11

9-9.11

10-10.11

11-11.11


Note- RCS- Right correct score; LCS- Left correct score; DCS- Double correct score


However there are studies in literature showing that language performance is better in females than males, even in children as young as 2 to 3 years (Dionne, Dale, Boivin & Plomin, 2003). Girl aged 1 to 5 years are more proficient in language skills, produce larger utterences, and have more vocabularies than boys (Ruble & Martin, 1998) and these advantage persist even through the school years for verbal and written language (Lynn, 1992). Here, gender differences favoring for females, but the difference is relatively small so it has little practical significance. Hence, it can be concluded that boys and girls in the range of 7 to 12 years develop in similar manner  for  binaural integration task.

Age effect

There was no difference in the mean scores of males and females so the data of both the gender were combined to see the overall age effect for both the lists. The mean and standard deviation across the age groups for both the list is tabulated in Table 3.

From Table 3, it can be seen that mean scores for right correct score, left correct scores and double correct scores increased as the age increases. The right ear scores are greater compared to left ear scores and double correct scores indicating right ear advantage in both the list. It can also be seen that mean  double correct scores are lesser for all the age groups compared to single correct scores.

Mixed ANOVA was done to evaluate overall significant difference between the groups. Mixed ANOVA results revealed significant effect of age group [F(4, 80)=185.27, p<0.01] for single correct scores. There was also significant interaction between ear and age groups [F(4, 80)=5.63, p>0.05]. However, there was no statistically significant interaction seen

between age group and gender [F(4, 80)=0.22, p>0.05], age group and list [F(4, 80)=0.04, p>0.05], age group, list and gender [F(4, 80)=0.03, p>0.05], ear, age group and gender [F(4, 80)=0.10, p>0.05], list, ear and age group [F(4, 80)=0.21, p>0.05] and list, ear, gender and age group [F(4, 80)=0.36, p>0.05]. Similarly for double correct scores, there was a significant difference seen for the age group [F(4, 80)=251.39, p<0.01]. However, there was no statistically significant interaction seen between age group and gender [F(4, 80)=0.18, p>0.05], age group and list [F(4, 80)=0.20, p>0.05] and age group, list and gender [F(4, 80)=0.05, p>0.05] for the double correct score.

Further investigation was done though MANOVA to see the significant difference in the different age groups within these two lists. Results revealed significant difference across the age groups for right ear correct scores [F(4, 85)=63.23, p<0.01], left ear correct scores [F(4, 85)=88.44, p<0.01] and double correct score [F(4, 85)=133.32, p<0.01] for list I and right correct scores [F(4, 85)=52.99, p<0.01], left correct score [F(4, 85)=53.29, p<0.01] and double correct scores [F(4, 85)=169.39, p<0.01] for list II. Duncan’s Post-hoc analysis was done within the age groups, to find out which of the groups are significantly different. Except for the left ear scores of second (8–8.11 year) and third (9–9.11 year) groups it showed significant differences across all the age groups at 95% of the confidence level for right correct scores, left correct scores and double correct scores for list I. Duncan’s post hoc analysis of list II showed significant differences across all the age groups at 95% of the confidence level for right correct scores, left correct scores and double correct scores except right correct scores of first (7–7.11 year) and second (8–8.11 year) group and left correct score of second (8–8.11 year) and third (9–9.11 year) group.
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Yakovelev and Lecousis (1967) reported that dichotic listening performances do not reach adult values till around 10 to 11 years of age. The functional development time is consistent with the myelination time course. However, corpus callosum and certain auditory association areas may not have completed myelinogenesis until 10 to 12 years or older (Salamy, Mendelson, Tooley & Chapline, 1980). Hayakawa et al., (1989) reported that corpus callosum becomes adult like by the age of 11-12 year, whereas Johnson, Farnsworth, Pinkston, Bigler and Blatter (1994) reported that growth and efficiency of corpus callosum increases till early adult years. Pujal, Vendrell, Junque, Marti-Vilalta and Capdevila (1993) reported  that corpus callosum is the last structure to be fully developed and to show the age related changes. Due to incomplete maturation of corpus callosum and delay in myelination of higher cortical structure, there is not much information passed to the higher level and hence score may be reduced in the lower age group for dichotic listening task. As age increases, the myelination of the cortical structure especially corpus callosum gets completed and the scores of the dichotic listening increases.

Poor left ear performance in dichotic listening task in children may reflect a decrease ability of the corpus callosum to transfer complex stimuli from the right hemisphere to the left hemisphere. As age increases myelination of the corpus callosum is completed, the inter-hemispheric transfer of information improves and left ear scores approach to those found in adults (Musiek, Gollegly, & Baran, 1984).

Berlin, Hughes, Lowe-Bell and Berlin (1973) reported that when CV stimuli presented to both the right and left ear the single and double correct scores increased significantly with age, which suggests an increase in the brain’s ability to process two channel stimuli as

function of age. Similar finding were seen by Willeford and Burleigh (1994) who used sentence material which were presented dichotically. However, ear advantage varies with the type of stimuli used in the above two studies. Possible explanation for these findings is that CV nonsense syllable are less linguistically loaded than sentences. So, processing demand on two hemispheric and inter-hemispheric connections would be less complex. In contrast dichotic sentences are more linguistic loaded so require more inter-hemispheric communication via corpus callosum as well as integrity of both temporal lobes (Bellis, 1996). But dichotic words are an open stimulus set that may result in recognition performance in the middle of the difficulty continuum that is neither too easy (like the CV) nor too difficult (like sentences), yet sensitive to performance difference between ear and groups (Roup, et al., 2006).

Ear effect

The mean and standard deviation (SD) for right and left ear scores across the five age groups for both the list are tabulated in Table 1. From the Table 1 it can be inferred that mean scores of right ear was greater than that of left ear in both the list across all five age groups. Mixed ANOVA was done to find out the difference in score across two ears in both of the lists. Results showed significant difference in scores between right and left ears [F(1, 80)=383.93, p<0.01] for both the list. Paired t test was done to find out difference in the scores between the two ears across five age groups for both the lists. Paired t test results revealed a significant difference between the right ear scores and left ear scores for all the five age group in both list as evident in Table 4.

Berlin, Lowe-bell, Cullen, Thompson and  Loovis (1973) reported that dichotic CV had higher right ear

Table 4: Paired t test showing ‘t’ value, and its significant differences across two ears
Age (years)	Dependent variables	Mean differences	t- value ‘17’	Sig.(2 tailed) RCS I – LCS I		3.89		7.34		P<0.01

7 – 7.11

8 – 8.11

9 – 9.11

10 – 10.11

11 – 11.11

RCS II – LCS II	4.28	7.50	P<0.01
RCS I – LCS I	3.05	7.08	P<0.01
RCS II– LCS II	3.06	4.98	P<0.01
RCS I – LCS I	3.61	8.42	P<0.01
RCS II – LCS II	3.83	8.35	P<0.01
RCS I – LCS I	3.00		4.64	P<0.01 RCS II – LCS II	3.28	11.33	P<0.01 RCS I – LCS I	1.99	9.35	P<0.01
RCS II – LCS II	1.66	6.52	P<0.01



Note-   RCS I- Right correct score for list I; RCS II- Right correct score for list II LCS I- Left correct score for list I; LCS II- Left correct score for list II




advantage where as Willeford and Burleigh (1994) reported that dichotic sentence gave right ear advantage which reduces as the age increases. Right ear advantage in dichotic listening task was postulated by Kimura’s structural model (Kimura, 1967). This model postulated that, it is the bilaterally asymmetry in brain function as a stimulus type whichgive rise to the right ear advantage. Hugdhal (2005) said that the contralateral ascending auditory system consist more fibers and is consequently stronger leading to more cortical activity than the ipsilateral projection. Also, left hemisphere is dominant for speech in most cases which explains the right ear advantage (Rasmussen & Milner, 1977). Right ear advantage occurs in dichotic listening task because of stronger activity in the contralateral system which inhibits the ipsilateral side processing (Yasin, 2007).

Conclusions
The collected data was subjected to appropriate statistical analysis and results revealed no significant difference in list and gender for all the age groups whereas ear and age showed significant difference. Right ear scores were greater compared to left ear scores whereas mean double correct score values were less compared to single correct scores (Right & Left correct scores). All the correct scores (single and double correct scores) increased as the age increased for all the age groups irrespective of gender and list.

Future Research
In future this test can be administered on larger population for standardizing the developed test and to be used as a clinical tool for assessment of auditory processing disorder. This developed dichotic word test can be used in other clinical population such as learning disability, stutterer, ADHD. Preliminary data for this dichotic word test in adult population can also help in understanding the age of maturation for dichotic words.
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Abstract

The objective of the present study was to develop a questionnaire for evaluating hearing aid benefit in adults and also to compare the benefit perceived by family members and hearing aid users. Thirty adults diagnosed as having mild to moderately severe sensori-neural hearing loss in the age range of 18 to 50 years participated in the study. All the subjects were fitted with monaural hearing aid with the speech identification scores greater than 60%. Totally 84 questions were chosen under eight subscales in terms of communication in favorable condition, communication in unfavorable condition, listening over telephone, listening to music, annoyance, social and emotional behavior, care, usage and knowledge about hearing aids and perceived benefits by family members of the hearing aid users. Results showed that there was a significant difference between unaided and aided conditions in both analog and digital hearing aid users. But the findings were not significant in terms of perceived benefit between analog and digital hearing aid users. The study showed that there is no significant difference between the benefit perceived by hearing aid users and their family members. The study also revealed that hearing aid benefit questionnaire is an efficient tool in quantifying hearing aid benefit in adults.
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Introduction
The World Health Organization (2005) estimates indicated that 278 million people are affected by disabling hearing loss, two-thirds of whom live in developing countries. Hearing loss is a significant contributor to the global burden of disease in individuals, families, communities and countries.

The extent of auditory disability totally depends upon the degree (mild, moderate, moderately severe, severe and profound) and type of loss like conductive, mixed or sensori-neural hearing loss. Among all the types, sensori-neural hearing loss has grave consequences of hearing impaired individuals especially in adults. The ability to understand speech deteriorates and the distortion is another factor that causes the greatest difficulty. Northern and Downs (2002) stated that hearing loss affects social participation, emotional and behavioural well-being, employment status and quality of life. Fortunately, the effects of hearing loss can be limited by effective amplification and aural rehabilitation.

The first and fundamental step in  the  aural rehabilitation process involves amplification. A hearing aid is the primary tool in the rehabilitation process (Alpiner & McCarthy, 2000). Providing just amplification is not enough. The benefit through the
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hearing aid has to be measured for the overall outcome. A wide variety of hearing aid outcome measures have been developed over the past couple of decades. Most of these measures can be categorized as measures of aided performance, benefit, satisfaction, or use. In contrast to measures of aided performance, hearing aid benefit is established by comparing aided performance to unaided performance within the same wearer or group of wearers.

According to Humes (1999), objective measures of benefit include real-ear insertion gain (REIG= REAR- REUR) and changes in speech recognition scores associated with hearing aid use. Subjective measures of benefit can also be obtained as well. Hearing aid wearers can provide sound-quality judgments, for example, for a variety of stimuli with and without their hearing aids with the goal of improving sound quality in the aided condition. Hearing aid wearers can also be asked to establish subjectively their aided and unaided performance in a variety of specified listening situations with the difference providing a subjective measure of benefit. The Profile of Hearing Aid Benefit (PHAB; Cox, Gilmore & Alexander, 1991) and, more recently, the abbreviated version of this instrument, the APHAB (Cox & Alexander, 1995), have both proven useful in this regard.

One of the first published self-reports of hearing aid outcome was the Scale of Self-Assessment of Hearing Handicap (High, Fairbanks & Glorig, 1964). Self- report outcome measures with known psychometric properties are useful for determining the effectiveness of hearing aids. Effectiveness with amplification can be




measured across several dimensions, including handicap reduction, acceptance, benefit, and satisfaction. Several different self-report measures of hearing aid outcome have been developed over the past two decades addressing each one of these dimensions.

According to Cox (2003) there are at least three reasons to use self-report measures of benefit and satisfaction. First, for largely economic reasons, health care, it is critical to measure the real-world benefit and satisfaction of hearing aid use. A second reason is related to the fact that many of these real-world experiences simply cannot be measured effectively in laboratory conditions. Third, even when laboratory conditions are used to simulate real-world listening situations they do not always resemble the patient’s impression of the actual real-life situation.

Several questionnaires were developed to assess hearing aid satisfaction and benefit for the adult hearing users. These included Hearing  Aid Performance Inventory (HAPI), (Walden, Demorest & Hepler, 1984), the profile of hearing aid performance (Cox & Glimore, 1990), the profile of hearing aid benefit (Cox et al., 1991), the abbreviated profile of hearing aid benefit (APHAB) (Cox & Alexander, 1995), Client-Oriented Scale of Improvement (COSI), (Dillon, James & Ginnis, 1997), Glasgow hearing aid benefit profile (Gatehouse, 1999).

Hearing Aid Performance Inventory (HAPI), (Walden et al., 1984), it consists of 64 items and uses five point rating ranging from no help to very helpful. The goal of the HAPI is to assess the effectiveness of amplification on a variety of everyday listening situation. The HAPI has been normed on 128 hearing aids users.

The profile of hearing aid performance (Cox & Gilmore, 1990), consists of 66 items measuring two aspects of hearing aid performance: Speech and communication in a variety of everyday listening situations, and reaction to loudness or quality of environmental sounds.

The profile of hearing aid benefit (Cox et al., 1991) consists of 66 items under seven subscales. It uses seven point rating scale which includes: Always, almost always, generally, half of the time, occasionally, seldom and never. PHAB compares the unaided and aided scores to provide information about hearing aid benefit. Five subscales address speech understanding, which includes ease of communication, familiar talkers, reverberation, reduced cues, and background noise. And two subscales address problem related to environmental sounds and distorted sounds.

The abbreviated profile of hearing aid benefit (APHAB) given by Cox & Alexander, (1995), is a shorthand version of the PHAB. It consisted of four subscales with 24 items in four areas: ease of communication, reverberation, background noise, and aversiveness to sounds. Patient is asked to mark one of the following: 99%-always, 87%-almost always, 75%- generally, 50%- half of the time, 25%- occasionally, 12%-seldom and 1%-never.

Client-Oriented Scale of Improvement (COSI), (Dillon et al., 1997), it is an individualized questionnaire that directly assess benefit. It uses five point rating scale and contains questions related to different listening situations.

Glasgow hearing aid benefit profile (Gatehouse, 1999), is a client-centered questionnaire aimed at assessing aspects of auditory disability, handicap, and hearing- aid benefit. This questionnaire initially accesses four pre-specified listening circumstances which commonly occur in the lives of hearing-impaired clients and up to four client-specified listening situations. Each of these are evaluated on two scales prior to fit with hearing aid (initial disability and handicap) and four subscale regarding use, benefit, residual disability and satisfaction after being fit with hearing aid. A Similar questionnaire has been developed by Vanaja (2000), which primarily assess the hearing handicap more directly and systematically. This assess based on certain parameters such as communication in quiet and noise situation, Aversiveness, Psychological and for different environmental sounds such as telephone ringing, door knock etc.

Method
Participants

Thirty adults (19 males and 11 females) in the age range of 18-50 years, with a mean age of 40 years consented to participate in the study. All the subjects had pure-tone unaided thresholds in the range  from mild to moderately-severe sensori-neural hearing loss (in frequencies between 250 Hz and 8000 Hz) and the aided pure-tone threshold within the speech spectrum (in frequencies between 500 Hz to 4000 Hz). The speech identification scores would be in proportion to the pure-tone hearing thresholds. However, the aided speech identification scores should be more than 60%. All the participants were fitted with hearing aid (monaural) for at least 6 weeks and with the usage minimum 6 hours per day in most of the listening situation like home environment and outside environment. There was no otologic and neurological history.




Instrumentation

A calibrated (ANSI S 3.6-1996), dual channel diagnostic clinical audiometer OB-922 with TDH-39 headphone housed in MX-41/AR cushion with audio cups was used for pure tone audiometry and for measuring speech identification scores (using a calibrated microphone). Calibrated sound field audiometer (Madsen OB922 Version 2) was used for measuring functional performance of hearing aid. A calibrated Grason Stadler Tympstar (GSI-TS Version
2) was used to ensure the presence of normal middle ear function. A computer with Hi-PRO hardware and NOAH 3 software was used for programming the digital hearing aids.

Test environment

All the audiological tests were carried out in an acoustically sound treated room. The ambient noise levels would be within permissible limits (ANSI S3.1, 1991).

Procedure

The study was carried out in two phases:

Phase I - Development of the questionnaire: The questionnaire (APPENDIX) was developed in English language and questions were chosen based on different listening situations (communication in quiet, in noise, listening over telephone, listening music) faced by normal hearing individual, according to the Indian scenario and from few exiting questionnaire like the Abbreviated profile of hearing aid benefit, (Cox & Alexander, 1995), Client-Oriented Scale of Improvement (COSI), (Dillon et al., 1997), Glasgow Hearing Aid Benefit Profile (GHABP), (Gatehouse, 1999), Self assessment of hearing handicapped, (Vanaja, 2000). For the selection of questions appropriate suggestions were considered from the twenty    professionals    (audiologists    and    speech
&language pathologists).

Total 84 questions chosen were further divided into eight subscales in-terms of communication in favorable condition (quiet), communication in unfavorable condition (noisy condition & reverberation), listening over telephone, listening music, annoyance, social and emotional behavior, also care, usage and knowledge about hearing aids. The last subscale was based on the perceived benefits by family members of the hearing aid user.

The selected questions were evaluated by 20 speech and hearing professionals and 20 laymen for the validation   of   the   questionnaire.   Based   on   their

suggestions, appropriate modifications were incorporated in the questionnaire. Prior to the administration of the questionnaire, pure tone audiometry was done from 250 Hz to 8 kHz at octaves for air conduction stimuli and from 250 Hz to 4 kHz for bone conduction stimuli using modified Hughson- Westlake method (Carhart & Jerger, 1959). Speech audiometry was done using modified Tillman-Olsen method (1973); inbuilt talk back system was used for speech audiometry.

Functional gain measurement was done to evaluate the hearing aid performance. Based on the results of above mentioned test, suitable subjects who fulfilled our subject selection criteria were taken for the study.

Phase II - Administration of the questionnaire on the hearing aid users: Once the participants fulfill the selection criteria, the aim, objective and the need for the study was explained to the patients. Consent form was filled once the client approves his/her participation in the study. Clients were advised to read the questionnaire before filling. The questionnaire is self administered, however, if the client requires assistance, the questionnaire can be interviewed assisted.

The first seven subscale of the questionnaire were administered to the subjects who are using their hearing aids (analog or digital) with the experience of at least 6 weeks. The last subscale of same questionnaire was administered on family members of the hearing aid users. The rating and scoring would be similar to that used for the hearing aid users.

For each questions, participants were asked to make the judgment as to the percent of time. They were asked to rate each question on five point rating scale (A, B, C, D & E). There are five possible choices given:  A- never, B-Occasionally, C-half of the time, D-Generally and E-Always. Scoring for each point was 0% for response ‘A’, 25% for ‘B’, 50% for ‘C’, 75% for ‘D’ and 100% for ‘E’.

For the first five [communication in favorable condition (quiet), communication in unfavorable condition (noisy & reverberation), listening telephone, listening music, annoyance] and for the last two subscale [usage & knowledge about hearing aids and perceived benefit by family members of the hearing aid user], higher scores indicates more perceived benefit in particular situation and lower scores indicates less perceived benefit.

For the sixth subscale (social and emotional behavior), higher scores indicate poor social and emotional behavior and less score indicates a good social and emotional behavior. Again the same questionnaire was




administered to the randomly selected participants after two weeks, for the test-retest reliability of the questionnaire.

Scoring of questionnaire was carried out and initially values were assigned to each answer from the index. The values were denoted in percentage from 1% to 100%. For each subscale, average unaided score and average aided scores were calculated in  percentage. The global score is the mean of the scores for all items in the subscales i.e. communication in favorable condition (quiet), communication in unfavorable condition (noisy condition & reverberation), aversiveness of different sounds, listening over telephone, listening music, annoyance, social and emotional behavior, care, usage & knowledge about hearing aids and perceived benefit by family member of the hearing aid user.

In order to compare perceived benefit by family members and hearing aid users, scoring was differed. For comparison, same questions were selected from user’s responses and then values were averaged for unaided and aided responses, and then compared with the value obtained from family members.

Results
The data obtained after administration of hearing aid benefit questionnaire developed in phase I was subjected to statistical analysis, to check if the developed questionnaire is psychometrically robust, demonstrating adequate reliability and validity.

Comparison of the mean benefit scores between unaided and aided condition across  different subscales in analog hearing aid users and digital hearing aid users

In order to compare the mean benefit scores between unaided and aided in analog and digital hearing aid users across different subscales (communication in quiet, noise & reverberation, listening to music, annoyance and social & emotional behavior) mixed ANOVA was carried out. Non-parametric test was done for other subscales (listening over telephone, care and usage of hearing aid, perceived benefit by family member and user) because of an unequal number of participants responses. In order to compare the significant difference between both the conditions (unaided & aided) paired t-test and Wilcoxon Signed Rank test was carried out in each group.

Table 1 reveals mean percentage scores of analog and digital hearing aid users for all eight subscales in both unaided and aided condition. The mean percentage scores  of  the  aided  condition  are  higher  than  the

unaided condition except for two subscales i.e. annoyance and social and emotional behavior. Across groups, mean percentage scores are slightly higher for digital hearing aid users than analog hearing aid users.

In order to compare the scores between unaided and aided condition for different subscales, paired  t-test was carried out for five subscales (communication in quiet, noise, listening to music, annoyance and social & emotional behavior) and Wilcoxon signed rank test was carried out for other subscales (listening over telephone, usage & care, perceived benefit by family and user). Results showed that the aided condition are significantly higher than the unaided condition in both analog and digital hearing aid users except in one subscale for analog hearing aid users i.e. social and emotional behaviour which showed no significant difference in both the unaided and aided conditions [t(1,9)=0.344; p>0.05].

The mean percentage scores of unaided condition ranged from 34% to 89%. Lowest score obtained for communication in unfavorable condition (34.57%) which shows participants were having more difficulty in noise to understand speech and higher  score obtained for the annoyance subscale (88.67%) which shows participants were more comfortable with environmental sounds in unaided condition. In the unaided condition, standard deviations for scores are in between 19% to 30%. Standard deviation for the subscales are large enough to indicate that at the level of subscales there was considerable variability among the participants in terms of exposure and degree of hearing loss.

The mean percentage scores of aided condition ranged from 39% to 85%. The lowest score in aided condition was obtained for social and emotional behavior sub- scale (39.13%) which shows good social and emotional behavior with the hearing aid and highest scores was obtained for listening in a quiet situation (84.86%). They reported that with the hearing aid they were getting more benefit in quiet situation especially at home as compared to other situation like noise, listening over telephone, listening to music. In the aided condition, standard deviations for scores are in between 10% and 24%. Standard deviation for the subscales are large enough to indicate that at the level of subscales there was considerable variability among the participants in terms of their use of hearing aid and degree of hearing loss.


In order to compare the scores between analog and digital hearing aid users across different subscales, MANOVA   test   was   carried   out   for   5   subscales



Table 1: Mean and Standard deviation for unaided and aided scores across different conditions (unaided & aided) and subscales in (analog and digital hearing aid uses)


Analog hearing aid users	Digital hearing aid users

Subscales

 	UNAIDED 	AIDED 	

 	UNAIDED 	AIDED 	




 (
N
Mean
(%)
10
49.32
10
34.57
SD
Mean
(%)
SD
N
Mean
(%)
SD
Mean
(%)
SD
21.84
84.86
11.56
20
45.56
20.61
92.47
4.67
24.19
70.57
17.33
20
31.29
19.73
79.21
10.25
6
41.89
22.89
63.79
19.52
19
49.62
18.20
81.04
14.98
10
42.96
29.43
77.27
18.93
20
44.73
24.93
86.12
14.03
10
88.67
19.02
62.90
21.83
20
92.08
8.64
56.30
20.88
10
41.83
28.07
39.13
23.18
20
53.06
29.64
22.66
18.36
10
-
-
66.67
12.86
20
-
-
73.44
14.32
)Communication in
quiet situation Communication in noisy & reverberant situation
Listening over telephone
Listening to music


Annoyance
Social & emotional behaviour
Care and usage of hearing aid
Perceived benefit
by family	5	50.90	27.68	80.92	10.42	5	30.00	17.59	75.83








10.48





(communication in quiet, noise, music, annoyance, and social) and because of the unequal number of participation in other subscales (telephone listening, care & usage of hearing aid, perceived benefit by family members), Mann-Whitney test was carried out to find significant difference. Results  of  MANOVA and Mann-Whiteny test are given in Table 2 and 3.

From the Table 2, it can be observed that in unaided condition, for all the five subscales (communication in quiet, noise, listening music, annoyance and social & emotional behavior) there was no significant difference (p>0.05) between analog hearing aid users and digital hearing aid users in unaided condition.

In aided condition, two subscales (quiet and social & emotional bahavior) there was a significant difference (p<0.05) between the two groups. In quiet situations, digital hearing aid users had got higher scores than analog hearing aid users which shows that there is a more perceived benefit in quiet situations by digital hearing aid users than the analog hearing aid users. In social and emotional behavior subscale, digital hearing aid users had got lesser scores than analog hearing aid

users which shows that there is good social interaction with the outside environment by digital hearing aid users than the analog hearing aid users. Wood and Lutman (2004) showed advantages with advanced digital over simple linear analog aids in terms of both objective and subjective outcomes, although average differences are not large.

Result of MANOVA cross checked was with non- parametric Mann-Whitney test because of unequal sample size between the groups. Results of Mann- Whitney test matched with MANOVA.

From Table 3, it is evident that other 3 subscales in both the conditions (unaided and aided) had got p>0.05. So, there is a no significant difference between the analog and digital hearing aid users in both the conditions (unaided and aided).

Comparison of the benefit perceived by the family members and the hearing aid users

In order to compare perceived benefit by the family members and hearing aid user, first mean values were calculated and then the Mann-Whitney test was performed.



Table 2: Comparison between analog and digital hearing aid users for unaided condition and aided condition
by MANOVA


Analog vs Digital hearing aid users

 (
151
)
 (
150
)
Subscales


 (
AIDED
p
t(1, 28)
p
0.647
6.679
0.015
0.693
2.972
0.096
0.864
2.103
0.158
0.500
0.647
0.428
0.328
4.506
0.043
)UNAIDED t(1,28)

Communication in quiet	0.214

Communication in noise & reverberation

0.159

Listening to Music	0.030
Annoyance	0.467
Social & emotional behaviour	0.992
Table 3: Comparison between analog and digital hearing aid users for unaided and aided condition by Mann-
Whitney Test
Analog vs Digital Hearing aid users

	Subscales
	UNAIDED
	
	
	AIDED
	

	
	Z
	p
	Z
	
	p

	Listening over telephone
	-0.48
	0.63
	-2.29
	
	0.22

	Care and usage of hearing aid
	-
	-
	-1.524
	
	0.127

	Perceived benefit by family
	-1.358
	0.175
	-0.522
	
	0.602



Table 4: Mean scores and standard deviation of perceived benefit by family members and hearing aid users for unaided and aided condition in both analog and digital hearing aid users

Analog hearing aid users	Digital hearing aid users

Conditions


UNAIDED	AIDED	UNAIDED	AIDED

Mean
(%)	SD

Mean
(%)	SD

Mean
(%)	SD

Mean
(%)	SD

Perceived benefit by family Perceived

50.90	27.68	80.92	10.42	30.00	17.59	75.83	10.48

52.99	19.59	74.41	15.68	49.17	11.083	79.17	11.12

    benefit by user 	


Table 4 was obtained for the unaided and aided conditions for perceived benefit by family members of users of analog and digital hearing aid users to show the comparison between the two groups.

From the Table 4, in analog hearing aid users, unaided mean scores for family members and users are 50.9% to 52.99% and for aided condition scores are 80.92% to 74.4%. Family members showed slightly more perceived difficulty in unaided condition for user than the actual hearing aid users but in aided condition hearing aid users reported little benefit in aided condition than the family members.

In digital hearing aid users, unaided mean scores for family members and users are 30% and 49.17% and for aided condition scores are 75.83% and 79.17%. In both the condition (unaided and aided) family members

showed slight perceived difficulty in unaided condition and less perceived benefit for hearing aid users in aided condition. So as conclusion, family members feels less perceived benefit and more perceived difficulties for the hearing aid users than the actual hearing aid user. Newman and Weinstein (1986) showed that the hearing-impaired individual tended to perceive their hearing loss as more handicap than the spouses. As a measure of hearing aid benefit, Newman and Weinstein (1988) showed reduction in perceived handicap, as measured using the HHIE, was greater for the hearing aid users than for their spouses. In order to compare perceived benefit by family members and hearing aid users across analog and digital hearing aid users, Mann-Whitley Test was performed (Table 5). The value showed that there is no significance difference (p>0.05) between perceived benefit  by family    members    and    users    in    both    unaided



Table 5: Comparison between benefit perceived by family members and hearing aid users for unaided and aided
 	condition by Mann-Whitney Test 	
 (
Z
p
Z
p
Family unaided 
–
 
user
 unaided
-0.405
0.686
-2.023
0.043
Family aided
 –
 user
 
aided
-1.214
0.225
-1.051
0.500
)Conditions		Analog hearing aid users	Digital hearing aid users 	






and aided conditions, except for perceived benefit by family members and users in digital hearing users for unaided condition. This showed that there is a significant difference (p<0.05) in that family members showed more perceived difficulties than the digital hearing aid users.

To evaluate the test-retest reliability of the developed questionnaire

Test retest reliability of questionnaire was assessed by calculating the scores obtained on a retest after 2 weeks using the same questionnaire on a five randomly selected participants.

Test retest reliability for hearing aid benefit questionnaire was assessed by finding reliability coefficient “Cronbach’s α” that was not significant (unaided and aided) in all subscale. Results showed that reliability coefficient “Cronbach’s α” has got a value (p≥0.05), which indicates that there is good retest reliability for the hearing aid benefit questionnaire for all the subscales for both aided and unaided conditions.

Results showed that there is significant difference in mean percentage scores between unaided and aided conditions in both analog and digital hearing aid user groups. This result indicated that there is a perceived hearing aid benefit in both the groups (analog and digital hearing aid users). There was higher mean percentage scores in the favorable situations (quiet) as compared to unfavorable situations (noise and reverberation), which indicated more perceived hearing aid benefit in quiet listening situations than the more difficult listening situations (noisy & reverberant environment) in both analog and digital hearing aid users. The results are consistent with other studies using subjective measures that suggested decrease in perceived hearing aid benefit in unfavorable condition and also uncomfortable with the hearing aid (Cox & Alexander, 1995).

For the comparison of perceived hearing aid benefit between the groups, results showed that there is no significant difference in scores for communication in noise and reverberation, listening to telephone, listening to music, annoyance, care & usage of hearing aid and perceived benefit by family members, between


the analog and digital hearing aid users. But there is a significant difference between in scores for communication in quiet and social & emotional behavior, which was higher for digital hearing aid users. It indicated that digital hearing aid users were getting more perceived benefit in quiet situation than the analog hearing aid users because of the advantage of digital technology over the analog technology. Digital hearing aid users also showed good social and emotional behavior than the analog hearing aid user. This difference might be because of cosmetic appearance of the hearing aid. The highest mean percentage scores for digital hearing aid users in quiet situation may be because of the good processing technology for digital aids than the analog hearing aids. Wood and Lutman (2004) also showed advantages for digital hearing aid over simple linear analog hearing aids in terms of both objective and subjective outcomes. But differences noticed were not large. The questionnaire developed has got a reliability value of greater that 90% for all the subscales in both conditions (aided and unaided) in the present study  which indicates high test-retest reliability of the questionnaire as a clinical tool. So, the result of the study described above, proves that the hearing aid benefit questionnaire is an efficient tool in quantifying hearing aid benefit in adults.

Conclusions
The result of the study showed that the aided scores for different listening situations (quiet, noise, telephone, listening phone, listening music) were higher than the unaided scores which indicated observable hearing aid benefit in analog and digital hearing aid users. For annoyance, the aided scores were lower than the unaided scores in both analog and digital hearing aid users which indicated that they are not comfortable in hearing loud environmental sounds. But there is no significant difference between the analog and digital hearing aid users for different subscales except  for quiet and social & emotional behaviour, in which digital hearing aid users performed comparatively better.

This study also focused on measuring perceived benefit by  hearing  aid  user  and  their  family  members.  The
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)
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study showed that there is no significant difference between the benefit perceived by hearing aid users and their family members. But this information is very helpful in counselling for the hearing aid user and their family members which may help in increased in perceived benefit for the hearing aid user.

Implications
This questionnaire can be used to measure hearing aid benefit as a screening in outreach programs where facilities and manpower for carrying out objective evaluation are limited like rural areas. Also, it can be used to obtained information from an individual’s hearing complaints with the hearing which cannot be possible through conventional audiometric testing. The information from the questionnaire can also be utilized while counselling the hearing impaired individual and his/her family members. Information obtained  by means of the questionnaire can be very helpful to do fine tuning for digital hearing aid according to the patients need and also helpful in the selection of the hearing aid and assistive listening device according to persons difficulty like difficulty in listening telephone or music.

References
Alpiner, J. G., & McCarthy, P. A. (2000). Rehabilitative audiology: Children and adults (3rd ed.).Lippincott Williams & Wilkins. Philadelphia.
ANSI S3.1 (1991). American national standard: maximum permissible ambient noise level for audiometric test rooms. American National Standard Institute, Inc. New York.
ANSI S3.6 (1996). American national standard: specification for audiometers. New York: American National Standard Institute, Inc
Carhart, R., & Jerger, J. F. (1959). Prefered method for clinical determination of pure tone thresholds. Journal of Speech and Hearing Disorder, 36, 476- 483.
Cox, R. M. (2003). Assessment of subjective outcome of hearing aid fitting: getting the client’s point of view. International Journal of Audiology, 42, S90-S96.
Cox, R. M., & Alexander, G. C. (1995). The abbreviated profile of hearing aid benefit. Ear and Hearing, 16(2), 176-186.

Cox, R. M., & Gilmore, C. (1990). Development of the Profile of Hearing Aid Performance. Journal of Speech and Hearing Research, 33, 343-357.
Cox, R. M., Gilmore, C., & Alexander, G. C. (1991). Comparison of two questionnaires for patient- assessed hearing aid benefit. Journal of the American Academy of Audiology, 2(2), 134-145.
Dillon, H., James, A., & Ginis, J. (1997). Client Oriented Scale of Improvement (COSI) and its relationship to several other measures of benefit and satisfaction provided by hearing aids. Journal of the American Academy of Audiology, 8, 27-43.
Gatehouse, S. (1999). The Glasgow Hearing Aid Benefit profile: Derivation and validation of a client-centered outcome measure for hearing for hearing aid services. Journal of the American Academy of Audiology, 10, 80-103.
High, W., Fairbanks, G., & Glorig, A. (1964). Scale for self- assessment of hearing handicap. Journal of Speech and Hearing Disorders, 29, 215-230.
Humes, L. E., (1999). Dimensions of hearing aid outcome. Journal of the American Academy of Audiology, 10, 26-39.
Newman, C. W., & Weinstein, B. E. (1986). Judgements of perceived hearing handicap by hearing impaired elderly men and their spouses. Journal of the Academy of Rehabilitative Audiology, 19, 109-115.
Newman, C. W., & Weinstein, B. E. (1988). The Hearing Handicap Inventory for the Elderly as a measure of hearing aid benefit. Ear & Hearing, 9(2), 81-85.
Northern, J. L., & Downs, M. P. (2002). Hearing in children (5th ed.). Lippincott, Williams & Wilkins. Philadelphia.
Tillman, T. W., & Olsen, W. O. (1973). Speech audiometry. In J. Jerger (Ed.), Modern developments in audiology (pp. 37-74). Academic Press. New York.
Vanaja, C. S. (2000). Self-assessment of Hearing Handicap: A few audiological and non-audiological correlates. Unpublished doctoral thesis, University of Mysore, Mysore.
Walden, B. E., Demorest, M. E., & Hepler, E. E. (1984). Self-report approach to assessment benefit derived from amplification. Journal of Speech and HearingResearch, 27, 49-56.
Wood, S. A., & Lutman, M. E. (2004). Relative benefits of linear analogue and advanced digital hearing aids. International Journal of Audiology, 43, 144- 155.
World Health Organization (2005). Preventing chronic diseases – a vital investment. WHO. Geneva.



Appendix

Instruction: Please tick () the answer (A, B, C, D, and E) that comes close to your everyday experience. Notice that each choice includes a percentage. For example, if a statement is true about 50% of the time, circle ‘C’ for that question. If you have not experience the situation we describe, leave that item blank.

Scoring as follows:


A	B	C	D	E

	Never
	Occasionally
	Half of the time
	Generally
	Always

	(0%)
	(25%)
	(50%)
	(75%)
	(100%)



1. Communication in favourable condition (in quiet):

	Questions
	Without hearing aid
	With hearing aid

	Are you able to understand speech from a distance of 3-4 feet?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to understand speech from a distance of 4-5 feet?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to follow the family member’s conversation?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to interact at home without asking any repetition?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to listen to the soft speech?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to follow speaker conversation without feeling it’s too loud?
	A	B	C   D	E
	A	B	C   D	E




	Questions
	Without hearing aid
	With hearing aid

	Are you able to understand speech without looking for lip-movements?
	A	B	C   D	E
	A	B	C   D	E

	Do you understand speech without hearing any distortion?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to understand speaker’s speech (male/female)?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to hear the sound from front direction?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to hear the sound from side (right or left) direction?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to hear the sound from back direction?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to monitor your own voice while speaking to others?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to listen television with the same volume as others in your home?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to understand the dialogues while watching television?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to listen to the radio?
	A	B	C   D	E
	A	B	C   D	E





2. Communication in unfavourable condition (in noisy and reverberent condition):

	Questions
	Without hearing aid
	With hearing aid

	Are you able to understand speech from a distance of 3-4 feet in noisy situation (e.g. group, office)?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to understand speech from a distance of 4-5 feet in noisy situation (e.g. office, group discussion)?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to understand conversation of family members when the television is on?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to follow conversation with your friend or family member in a restaurant?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to follow conversation with shopkeeper in a market place?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to listen to conversations when you are in a group of friends?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to understand speech without looking for lip-movements in a noisy situation?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to localize sound from front direction in a noisy situation?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to localize sound from back direction in a noisy situation?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to understand conversations in social gatherings such as marriage, party etc?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to follow the conversation of your friend or family member in a park?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to understand the announcements in a railway station?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to understand the announcements in a bus stand?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to follow conversation inside a moving bus?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to follow conversation inside a car when stereo is on?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to follow the dialogues in a movie theatre?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to follow the lectures in a classroom?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to follow the conversation of your friend inside a shopping mall?
	A	B	C   D	E
	A	B	C   D	E



3. Listening over telephone:

	Questions
	Without hearing aid
	With hearing aid

	Are you able to hear the ringing of telephone?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to listen to telephone conversation in a quiet situation (e.g. bedroom, office cabin etc.)?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to converse through mobile phone in a market place (e.g. shopping mall, general store, vegetable market)?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to converse on telephone without asking any repetition?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to hear the voice clearly on telephone without hearing any distortion?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to follow the conversation without any tolerance problem?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to recognise male speaker’s voice through
	A    B	C   D	E
	A	B	C   D	E





	telephone?
	
	

	Are you able to recognise female speaker’s voice through telephone?
	A
	B
	C
	D
	E
	A
	B
	C
	D
	E

	Are you able to recognise child speaker’s through telephone?
	A
	B
	C
	D
	E
	A
	B
	C
	D
	E

	Are you able to listen to telephone/mobile phone conversation in telecoil mode?
	A
	B
	C
	D
	E
	A
	B
	C
	D
	E




4. Listening to music:

	Questions
	Without hearing aid
	With hearing aid

	Are you able to listen to the music in quiet situation (e.g. home, office cabin?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to follow the music playing in a high background noise (e.g. marriage, birthday party)?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to follow the music while driving the car?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to recognise the musical instruments (e.g. tabla, guitar, piano, and drum) while listening to music?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to follow the lyrics (wordings) of the song in quiet situation (e.g. home, office room)?
	A	B	C   D	E
	A	B	C   D	E



5. Annoyance:

	Questions
	Without hearing aid
	With hearing aid

	Do you feel comfortable listening to home environmental sounds (e.g. cooker whistle, door bell, alarm, telephone ring)?
	
A	B	C   D	E
	
A	B	C   D	E

	Do you feel comfortable hearing traffic noise (e.g. bike/scooter/truck)?
	A	B	C   D	E
	A	B	C   D	E

	Are you able to tolerate the sound when you pass through noisy environment (e.g. construction area, factory, office)?
	A	B	C   D	E
	A	B	C   D	E

	Do you feel comfortable about the sound produced while eating?
	A	B	C   D	E
	A	B	C   D	E

	Do you feel comfortable while listening to television?
	A   B	C   D	E
	A	B	C   D	E

	Are you able to tolerate children’s scream while playing without any irritation?
	A	B	C   D	E
	A	B	C   D	E



6. Social and emotional behaviour:

	Questions
	Without hearing aid
	With hearing aid

	Do you feel embarrassed when meeting new people?
	A	B	C   D	E
	A	B	C   D	E

	Do you feel frustrated when talking to members of your family?
	A	B	C   D	E
	A	B	C   D	E

	Do you avoid your friends?
	A	B	C   D	E
	A	B	C   D	E

	Do you feel frustrated when talking to co-workers or friends?
	A	B	C   D	E
	A	B	C   D	E

	Do you feel left out when you are with a group of people?
	A	B	C   D	E
	A	B	C   D	E

	Do you feel nervous in different noisy listening situations?
	A	B	C   D	E
	A	B	C   D	E

	Do you avoid family parties or office parties?
	A	B	C   D	E
	A	B	C   D	E





7. Care and usage of hearing aid:

	Questions
	With hearing aid

	Do you know when to change the hearing aid battery?
	A	B	C   D	E

	Do you check whether your hearing aid is in working condition, every time when you switch it on?
	A	B	C   D	E

	Do you wear the hearing aid in most of the listening conditions?
	A	B	C   D	E

	Are you able to change the program settings of your hearing aid appropriately according to the listening situation? (telecoil, noisy situation, music, etc.)
	A	B	C   D	E

	Are you comfortable in wearing your ear moulds?
	A	B	C   D	E

	Do you clean your ear moulds at a regular interval as advice?
	A	B	C   D	E

	Do you know what to do, if there is squealing in your hearing aid?
	A	B	C   D	E

	Do you go for reprogramming of your hearing aid periodically?
	A	B   C   D	E

	Are you concerned about hygiene of your hearing aid?
	A	B   C   D	E

	Do you visit your audiologist periodically for hearing testing?
	A	B	C   D	E



8. Perceived benefit by family members:

	Questions
	Without hearing aid
	With hearing aid

	Do you think that the person is able to follow the conversation with family member without missing any information?
	
A	B	C   D	E
	
A	B	C   D	E

	Do you think that he/she able to interact at home without asking any repetition?
	A	B	C   D	E
	A	B	C   D	E

	Do you think that he/she is able to understand soft speech while conversation?
	A	B	C   D	E
	A	B	C   D	E

	Do you think that he/she is able to understand family member’s conversation while television is on?
	A	B	C   D	E
	A	B	C   D	E

	Do you think that he/she is able to understand conversation in social gathering such as friend’s party, marriage?
	A	B	C   D	E
	A	B	C   D	E

	Do you think that he/she is able to listen to the telephone conversation in a quiet situation?
	A	B	C   D	E
	A	B	C   D	E

	Do you think that he/she is able to listen to the music in home?
	A	B	C   D	E
	A	B	C   D	E

	Do you think that he/she is feeling comfortable or not getting irritated in listening to home environment sounds (cooker whistle, door bell, alarm, telephone ring, water pump noise)
	
A	B	C   D	E
	
A	B	C   D	E

	Do you think that he/she is comfortable to hear traffic noises?
	A	B	C   D	E
	A	B	C   D	E

	Do you think he/she can converse you without frustration?
	A	B	C   D	E
	A	B	C   D	E

	Do you that he/she mixes with friends or group of people without avoiding them.
	A	B	C   D	E
	A	B	C   D	E

	Do you think he/she takes part in family parties or office parties?
	A	B	C   D	E
	A	B	C   D	E





[bookmark: Nike_Gnanateja]Relationship between Consonant Perception and Psychoacoustic Measures in Auditory Dys-Synchrony
1G. Nike Gnanateja & 2Animesh Barman
Abstract
The speech perception deficit has been attributed mainly to the impaired supra-threshold temporal processing abilities in individuals with auditory dys-synchrony. Most studies on speech perception in auditory dys-synchrony focus on the speech identification scores and not the specific pattern of errors seen. Simulation studies and temporal modifications of speech, hint that there is some other aspect of sound signal processing which affects the speech perception in addition to the impaired temporal processing. The current study aimed at analyzing the frequency and temporal resolution abilities and their relation to perception of the place and manner of articulation and the voicing feature of speech in individuals with auditory dys-synchrony and the comparison of the results in individuals with auditory dys-synchrony with that of individuals with cochlear hearing loss and individuals with normal hearing sensitivity. The results of the study showed that the auditory filters in individuals with auditory dys-synchrony were broader than that of the normal hearing and cochlear hearing loss ears with age and audiometric configuration matched to the individuals with auditory dys-synchrony. The impairment was more so in the lower frequencies. The peak sensitivity and the bandwidth of the temporal modulation transfer function were reduced relative to the controls. The voicing errors were most prominent followed by errors in place and manner. The errors in manner and place correlated with the temporal resolution and the frequency resolution at 500 Hz and 1000 Hz. The voicing errors were correlated with the frequency resolution at 500 Hz and 1000 Hz.
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.Introduction
Auditory dys-synchrony is a hearing disorder characterized by normal cochlear amplifier and disordered afferent neural transmission (Starr, Picton, Sininger, Hood & Berlin, 1996; Zeng, Kong, Michalewski, & Starr, 2004). The most striking feature that defines auditory dys-synchrony is the absence of the action potentials in spite of normal oto-acoustic emissions or cochlear microphonics (Berlin et al., 2005). Histopathological studies in individuals with auditory dys-synchrony have shown that there is colossal reduction in the number of spiral  ganglion cells and also nearly 30% loss in the number of outer hair cells (Starr et al., 1996; Varga et al., 2003).It is not clear as yet if the pathology in AN/AD lies at the level of the synapse of the inner hair  cell  and  auditory nerve, the auditory nerve itself or at the level of the inner hair cell (Starr et al., 1996). Hence, it is now being referred to as Auditory neuropathy/dys- synchrony (AN/AD) in the recent studies (Knox, 2005; Kundu & Rout, 2010; Rance et al., 2010).

The hearing sensitivity in individuals with AN/AD ranges  from  normal  hearing  sensitivity  to  profound
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degree of sensori-neural hearing loss (Zeng, Oba, Garde, Sininger & Starr,1999; Starr, Sininger & Pratt, 2000; Kumar & Jayaram, 2005).  The  speech perception, however, are disproportionate to the degree and configuration of hearing loss (Zeng et al., 2004; Rance, 2005), which implies that the poor speech perception is not just because of the reducedaudibility in individuals with auditory dys-synchrony. The disproportionately poor speech perception scores have been attributed to the supra-threshold processing deficits as a consequence of disrupted nerve activity.

The prominently discussed deficit in AN/AD across studies is the temporal processing deficit as evidenced by the large gap detection thresholds and also the reduced peak sensitivity and bandwidth of the temporal modulation transfer function (Zeng et al., 1999; Zeng et al., 2004; Kumar & Jayaram, 2005; Rance, 2005). The poor speech perception abilities have been predominantly attributed to the temporal processing deficit (Zeng et al., 1999; Rance, Fava, Chong, Barker, Corben & Delatycki, 2008; Rance et al., 2010). The frequency resolution results on the other hand  have been equivocal across different studies. The frequency difference limens in AN/AD have been reported to be poorer than that seen in normals and more so at the lower frequencies (Zeng et al., 2004; Rance, 2005; Barman, 2008). However, this is a measure of frequency discrimination and not frequency resolution, and  Moore  (1973)  and  Patterson  and  Moore  (1986)




reported no significant relationship between frequency discrimination and frequency resolution. Kraus et al., (2000) have shown that there is little change in threshold of the pure tone with change in notch width of a notched noise masker in individuals with AN/AD, which indicates at broadened auditory filters (Patterson
& Moore, 1986). Result contrasting to this was obtained by Rance, McKay and Grayden (2004) where they found that the threshold shift from a no notched to notched condition in a broadband noise in individuals with AN/AD and the normal hearing controls were similar, whereas the individuals with cochlear hearing loss had smaller threshold shifts. Vinay and Moore (2007) measured the psycho-acoustical tuning curves in individuals with AN/AD and reported that the PTCs were normal in shape and Q10 dB values were lower than those reported by Kluk and Moore (2004). The major deficit seen in individuals with AN/AD is the deficit in temporal resolution with relatively spared frequency resolution compared to individuals with cochlear hearing loss who have a major deficit in frequency resolution and relatively spared temporal resolution (Rance et al., 2008).

The voiced/voiceless confusion is the predominant error followed by errors in the perception of place and manner of articulation in individuals with AN/AD (Rance et al., 2008; Narne & Vanaja, 2008; Rance et al., 2010). Rance et al. (2010) found that the errors in voicing perception were correlated with the reduced temporal resolution abilities and the high frequency consonant perception was correlated with the difference limen at high frequencies. Narne and Vanaja (2008) found that envelope enhancement improved perception of manner and place of articulation in individuals with AN/AD, however, the voicing perception showed no significant improvement and this was attributed to the poor low frequency processing abilities in this population which is necessary for the perception of the voicing bars which are very important for voicing perception.

Need for the study

Most of the studies on speech perception in individuals with auditory dys-synchrony have concentrated on analysing the correlation of percentage speech identification scores with the psychoacoustic test results. However, the scores as such do not give information on what phonetic features a person is able to or not able to perceive, and it does not give a correct picture about the speech perception abilities in individuals with auditory dys-synchrony. There are only a handful of studies (Narne & Vanaja, 2008; Rance et al., 2010) which have assessed the perception per  se  based  on  the  phonetic  features  perceived  in

auditory dys-synchrony. However, psychoacoustic tests were not performed which could have helped to explain if the perception errors seen were because of a temporal or a spectral processing deficit.

Rance et al., (2010) analysed the open-set consonant perception in auditory dys-synchrony along with temporal modulation transfer function (TMTF) for modulation frequencies of 10, 50 and 150 Hz. However, the modulation frequencies below 10 Hz are the ones which significantly contribute to speech perception. Further, they also analysed the open set consonant perception results using information transfer analysis. But open set consonant identification task frequently gives rise to an irregular matrix and information transfer analysis results cannot be relied upon when performed on an irregular matrix (Wang & Bilger, 1973). To tap the ability to perceive the temporal envelope cues in speech it is necessary that the amplitude modulation detection ability be studied at more modulation frequencies within the range of 2 Hz to 50 Hz, as the temporal envelope of speech ranges from 2 Hz to 50 Hz (Rosen, 1992). Additionally data on modulation detection abilities in AN/AD suggests a relatively greater decrease in the modulation detection thresholds at frequencies lower than 10 Hz and greater than 64 Hz (Zeng et al., 2004; Kumar & Jayaram, 2005). Typical speech contains periodicity information in the range of 50 Hz to 500 Hz which suggests that individuals with AN/AD have difficulty processing the periodicity information too. These data suggest that, to analyse the temporal resolution in relation with speech perception in individuals with AN/AD, it is important to study the temporal resolution at more modulation frequencies between the range of 2 Hz to 50 Hz and also modulation frequencies above 50 Hz.

In addition to the above, there are only a handful of studies which have assessed the frequency resolution in auditory dys-synchrony. Vinay and Moore (2007) investigated frequency resolution using psychoacoustic tuning curves (PTCs) using a simultaneous narrow- band noise masking. But the simultaneous narrowband noise masking technique has its disadvantages i.e. the occurrence of beats and off-frequency listening. Glasberg and Moore (1986) have suggested the use of notched noise maskers to rule out the effects of beats and off-frequency listening. This suggests that further studies are needed to assess frequency resolution in individuals with AN/AD.

Hence, there is a need to study the closed set consonant identification and its relationship with the temporal resolution and frequency resolution measures obtained in a controlled and comprehensive manner. Also, these




measures in AN/AD should be compared with those seen in individuals with cochlear hearing loss.

The basic aim of this study was to observe the relationship between the consonant perception and the frequency and temporal resolution measures in individuals with AN/AD. The study also aimed at comparing the speech perception and frequency and temporal resolution in individuals with AN/AD and individuals with cochlear hearing loss.

Method
Participants

A total of 25 participants were included in the study. They were divided into two clinical groups and one control group. All the participants were literate with mother tongue being Kannada and they could read the Kannada script without any difficulty.

Table 1: The Audiometric details of the participants with AN/AD

SIS

brainstem responses and acoustic stapedial  reflexes, and all of them had normal click evoked oto-acoustic emissions. Additionally, all of them had disproportionately poor speech identification scores with respect to the audiometric thresholds or abnormal speech identification scores in the presence of noise in those with good speech identification in quiet. The audiometric details of the participants with AN/AD are shown in Table 1.

Clinical Group 2 - Cochlear hearing loss (CochHL): Seven ears from four participants clinically diagnosed as having cochlear hearing loss were taken up for the study. The participants in this group had audiometric configuration matched to the participants with auditory dys-synchrony who had hearing loss. Three ears with cochlear loss had mild hearing loss with peak at 2 kHz (CochHL-Peak) and the other 4 had mild flat cochlear hearing loss (CochHL-Flat). The age range of the participants in this group was 19–35 years with a mean age of 25 years.

All of them had ‘A’ type tympanogram with acoustic reflexes proportional to their degree of hearing loss.

Ear	Age
(years)

Hearing
sensitivity

quiet
(%)

Audiometric
pattern

Auditory brainstem responses were proportional to the degree of hearing loss, which indicated no indication of

AN1	27	Normal	70	Flat
AN2	27	Normal	70	Flat
AN3	19	Normal	64	Flat
AN4	19	Normal	68	Flat
AN6	34	Normal	44	Flat
AN5	34	Normal	40	Flat
AN7	18	Normal	20	Flat
AN8	18	Normal	16	Flat
AN9	21	Normal	80	Flat
AN10	21	Normal	80	Flat
AN11	13	Mild	36	Flat
AN12	13	Mild	36	Peaked
AN13	31	Mild	40	Peaked
AN14	31	Mild	36	Peaked
AN15	31	Mild	32	Flat
AN16	31	Mild	36	Flat
AN17	35	Mild	24	Flat
AN18	17	Mild	12	Flat Note: SIS - percentage correct speech identification scores for phonemically balanced word list.
Clinical Group 1 - Auditory Dys-synchrony (AN/AD): Eighteen ears from eleven participants clinically diagnosed as having auditory dys-synchrony were included in Clinical Group I (AN/AD group). Participants with pure-tone thresholds ranging from normal to moderate sensorineural hearing loss were taken. The age-range of the participants was 13–34 years with a mean age of 24.4 years. None of the participants  in  this  group  had  replicable  auditory

retro-cochlear pathology. Click evoked oto-acoustic emissions were absent in all the participants. Speech identification scores were proportionate to their degree of hearing.

Control Group - Normal hearing group (Normal): Ten participants with an age range of 18 to 26 with a mean age of 21 years were considered for the study. All the participants had pure tone thresholds within 15 dB HL through octave frequencies from 250 Hz to 8000 Hz and speech identification scores greater than 60% at 0 dB SNR for PB word list. Additionally all the participants had A or As type tympanograms with acoustic stapedial reflex thresholds within 95 dBHL and normal click evoked oto-acoustic emissions.

Procedure

The main procedure used to obtain the data consisted was divided into three experiments. All the participants underwent three experiments. Experiment I involved the assessment of temporal resolution. Experiment II involved the assessment of the frequency resolution. Experiment III involved the assessment of consonant Perception.

Experiment I – Assessment of Temporal Resolution

Stimuli: Broadband noise was used as  a  carrier stimulus on which sinusoidal modulations were
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Figure 1: The unmodulated noise signals (left and right) and the modulated noise signal (middle)


imposed to test for the amplitude modulation detection threshold. The Noise carrier denoted as n(t) with a total duration (t) of 500 ms. Sine waves of frequencies equal to 2, 4, 8, 16, 32, 64, 128, 256 Hz and these were used to modulate the broad band noise carrier, as shown in equation 1.

Modulated noise=c[1 + m sin (2 πfmt + Ǿm)] × n(t) {as in Viemeister 1979}	.....Equation 1

Where, ‘m’ is the modulation depth (0≤ m≤ 1), ‘fm’ is the modulation frequency (fmwas 2, 4, 8, 16, 32, 64, 128, 256 and 512 Hz), and ‘ɸm’ is the starting phase of the modulation, randomized on each interval. The term ‘c’ is a multiplicative compensation term (Viemeister, 1979) set such that the overall power will remain the same in all intervals. The intensity of the modulated noise was set to 60 dB SPL and the modulation depths considered here were in the logarithmic units of 0 to -
40 dB{modulation depth (dB)=20 log(m)}. The waveforms of the modulated and unmodulated noise signals are shown in figure 1.

Experiment II – Assessment of the frequency resolution

Stimuli: Pure tones of frequencies (Fc) 500 Hz, 1000 Hz and 2000 Hz with durations of 300 msec were used as the test stimuli. Notched noises centered at frequencies (Fc) 500 Hz, 1000 Hz and 2000 Hz were used as the masking stimuli. To generate the notched noise, first, a random noise was band filtered by limiting the outer edges of the band on either side of Fc to  [image: ].  Notches  in  this  band  pass  noise  were
created by setting the amplitudes of all frequency components between Fc and [image: ]   (‘Fc’ is the probe signal frequency and ‘g’ is the normalized notchwidth   [image: ], where f is the edge frequency of the notch on either side of Fc) to zero amplitudes. The intensity of the notched noise was set to 50 dBSPL across all the noise components, such that the resulting noise had a spectrum level of 50 dBSPL/Hz. The spectrum of notched noise centered at 1 kHz is shown in Figure 2.

Notched noises centered at 500 Hz, 1000 Hz and 2000 Hz were generated using the above mentioned method. The normalized notchwidths used were, g equal to 0.0, 0.1, 0.2, 0.3, 0.4, and 0.5. The notched noises were then mixed with the probe signals to constitute the variable signal with the pure tone placed temporally at the center of the masking stimuli. A 400 msec notched noise alone token constituted the standard signal. Figure 3 shows the spectrum of the notched noise along with the probes signal.

Procedure for Experiment I and Experiment II

A 3 Interval - 3 Alternative Forced Choice procedure was used in both the experiments using psychoacoustics toolbox in Matlab developed  by Grassi and Soranzo (2009). The variable signal was varied adaptively using a 2 Down-1Up stepping rule to converge on to the 70.7% point on the psychometric function at each notch width for each probe frequency. The starting size in experiment I was 8 dB and after the first reversal the step size was reduced to 2 dB. The starting step size in experiment II was 8 dB and after the first reversal the step size was reduced to 5 dB and the following reversals had a step size of 2 dB. A total of six reversals were considered, and the average of the midpoints of the six reversals was considered as the threshold.

The participants were made to indicate verbally or by pressing the keys on the keyboard as to which of the three tokens presented had a pure tone or modulated noise in them. If the participant did not hear any pure tone or modulated noise, (s)he was asked to respond with a random guess.

Experiment III - Assessment of consonant perception

Stimuli: Twenty consonants | p t k b d g th dh ʧ ʤ l r m n h j ņ w ļ s ʃ | were chosen to study the perception of all the consonants in Kannada by those with Auditory dys-synchrony. These consonants were recorded in the context of vowel |a| to obtain Vowel-Consonant-Vowel combinations (VCV). Each VCV was recorded by three adult male native speakers of Kannada in a
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Figure 2: Spectrum of notched noise with Fc= 1000 Hz and g = 0.5.

[image: ]

Figure 3: Spectrum of notched noise centered at 1000 Hz with g = 0.5 along with the 1000 Hz probe tone.


clearly articulated manner to obtain a set of sixty multitalker VCV stimuli. The recording was done using Adobe Audition (Version 1.5) software at a sampling frequency of 44100 Hz and resolution of 16 bits.

Procedure

The monoaural consonant perception testing was performed using APEX 3 software developed at ExpORL (Francart, van Wieringen, & Wouters, 2008). The presentation of the stimulus was in a random order and the each stimulus was presented 200 ms after the participant’s response. All the speech stimuli were presented monaurally at the most comfortable levels.

Response pattern

Twenty VCV combinations were displayed on a computer screen in Kannada script using a graphical user interface on an APEX 3 platform. The participants were made to respond to the speech stimuli which (s)he heard by clicking on the appropriate VCV combination out of the twenty VCV combinations displayed on the computer screen.

Instrumentation

Matlab version 7 was used for the stimulus generation in Experiment 1 and Experiment 2, and all the stimuli were gated using a cosine ramp with 20 msec rise/fall time. In all the experiments the stimuli from the sound card of the PC were reproduced by the RP2.1 processor (TDT sys3) at 50 kHz sampling rate and attenuated

using a PA5 programmable attenuator to achieve desired intensity levels. The PA5 output was then used to drive a pair of Sennheisser HDA200 headphones through an HB7 headphone buffer. All the experiments were done in a sound treated room and the ambient noise levels in the testing room were within the permissible limits as per ANSI S3.1 (1991).

Analyses

The AN/AD group were divided into three subgroups based on the degree and pattern of hearing loss. The first group consisted of 11 ears with normal hearing sensitivity (AN/AD normal), the second consisted of 3 ears with mild low frequency hearing loss with peak at 2 kHz (AN/AD-Peak) and the third group consisted of 4 ears with mild flat hearing loss (AN/AD-Flat). The CochHL group consisted of3ears with low frequency cochlear hearing loss and peak at 2 kHz (CochHL- Peak) and 4 ears with mild flat cochlear hearing loss (CochHL-Flat). The control group consisted of 18 ears with normal hearing sensitivity (Normal). All the comparisons were made both across groups and across sub-groups.

Temporal Resolution

Temporal modulation transfer function (TMTF) was obtained from the temporal modulation detection data by fitting the data to a lowpass butterworth filter of first order as in Zeng et al.(2004). The parameters peak sensitivity of the TMTF denoted by ‘Pk’ and bandwidth of the TMTF denoted by ‘BW’ were derived from the filter function. These two parameters




‘Pk’ and ‘BW’ were the measures of temporal resolution and were used for further analysis.

Frequency resolution

Auditory filter shapes were derived by fitting the notched noise data to a double rounded exponential function as used by Glasberg and Moore (1990). The roex parameters ‘p’, ‘r’ and ‘ERB’ are derived. The parameter ‘p’ denotes the slope of the pass band of the auditory filter, the parameter ‘r’ denotes the slope of the tail of the filter and the parameter ERB denotes the equivalent rectangular bandwidth of the derived auditory filters. The p, r and ERB parameters for 500 Hz, 1000 Hz and 2000 Hz are denoted as p500, r500 and  ERB500;    p1000,  r1000  and  ERB1000;  p2000,
r2000 and ERB 2000 respectively.

Consonant Perception

Consonant confusion matrices were drawn based on the responses to the VCV combinations. The confusion matrices were then subjected to Sequential Information Transfer Function Analysis (SINFA) using FIX to analyze the pattern of errors. The matrices were analyzed according to parameters of manner, place and voicing features. The conditional information is calculated as number of bits of information transmitted per each feature out of the total number of bits of information held by the available per feature.

Results and Discussion

The deficits in the frequency resolution and temporal resolution were compared across the groups using non- parametric Kruskal-Wallis test and pairwise comparison of the groups was done further using the Mann-Whitney U test. The Pearson’s product-moment correlation between the parameters of frequency resolution and temporal resolution with that of the information transmitted for manner, place and voicing feature was evaluated. The parameters which yielded the best correlation were then used to fit a model through linear regression using a least squares design to investigate the relationship between each speech feature and the temporal resolution and frequency resolution in AN/AD.

Temporal resolution

The mean TMTF had a low pass shape in the Normal group and the CochHL-Flat sub-group, whereas, all the AN-AD subgroups and the CochHL-Peak had a TMTF which was band pass in shape. Figure 4 shows the TMTFs across the groups and sub-groups. The mean modulation detection thresholds were the best in the

Normal group followed by the CochHL group and least in the AN/AD group. Comparison across the groups showed that the peak sensitivity varied significantly across the groups [χ2(2, N)=32.012, p<0.000]. The AN/AD group had significantly lower peak sensitivity (-10.78 dB) and bandwidth (23 Hz) compared to the Normal and CochHL group. There was no significant difference between the peak sensitivity of the Normal (-21.72 dB) and the CochHL group (-20.25 dB). However, the bandwidth of the TMTF was significantly lower in the CochHL group (54.91 Hz) compared to the Normal group (72.7 Hz). Comparison across sub-groups of AN/AD showed that there was no difference between the sub-groups of AN/AD for both peak sensitivity and bandwidth of the TMTF. This finding implies that the peak sensitivity and bandwidth of the TMTF in the AN/AD group is not dependant on the audibility factor, as the sub-groups of AN/AD had different audiometric patterns yet they had similar TMTFs. The TMTFs in this study were measured at a
constant intensity level of 65 dB SPL and if there were any difference in the modulation sensitivity because of the effect of audibility it would have shown as a difference in peak sensitivity and bandwidth across the sub-groups of AN/AD.

The CochHL-Peak and CochHL-Flat sub-groups were not significantly different from that of the Normal group in terms of the peak sensitivity of the TMTF. However, the Bandwidth was significantly different across the sub-groups [χ2(2, N)=31.844, p<0.000]. The bandwidth in CochHL-Flat subgroup was significantly lower (BW=55.85) than that of the Normal group. But, the bandwidth in the CochHL-Peak (53.67) was not significantly different from the Normal group. The lower bandwidth in the CochHL-Flat group can be explained in two ways. The first being disrupted gross temporal resolution because of the  cochlear  damage and the second explanation being the effect of audibility. Bacon and Viemeister (1985) and Formby and Muir (1988) have shown that individuals with cochlear hearing loss had poorer sensitivity for detecting the modulations at higher modulation rates. The reasons they cited was the poorer audibility at the high frequency regions in the cochlea i.e. the higher frequency regions are more responsible for providing
the accurate temporal envelope information as they have lesser inherent fluctuations. Moore (2007) also reported the same as above and concluded that the reduced temporal resolution in cochlear hearing loss is because of the reduced audible bandwidth, and when this was increased by increasing the sensation level, then individuals with cochlear hearing loss performed similar to that of the normal hearing listeners. This would give weight to the second explanation causing reduction  in  the  bandwidth  of  the  TMTF  in  the






Figure 4: The TMTF across the groups (left panel) and the sub-groups (right panel).


CochHL group. The CochHL-Peak subgroup did not show any significant difference from that of the Normal group. It would be convenient to assume that this finding could have been because of the better hearing in the high frequencies in this sub-group, but it should be noted that the mean bandwidth in this sub- group was lower than that of the CochHL-Flat subgroup. This discrepancy can be attributed to the higher standard deviation in the CochHL-Peak which might have masked any difference and similarities in the TMTF between this sub-group and the Normal group.

The comparison of the AN/AD group with that of the cochlear group showed that the peak sensitivity and bandwidth of the TMTF are significantly lower in the AN/AD group. This is in accordance to Zeng et al., (1999, 2004), Kumar and Jayaram (2005) and Rance et al. (2008). This can be attributed to the well- established fact that AN/AD is a predominantly timing

It is evident from the TMTF that the low and the high modulation frequencies are more affected hence, giving the TMTF a band pass shape in those with AN/AD as opposed to the low pass shape in normal hearing listeners. All in all, individuals with AN/AD had poorer temporal resolution abilities irrespective of the audibility factor compared to cochlear hearing loss, in whom temporal resolution abilities are affected by the audibility factor.

Frequency resolution

The parameters r500, ERB500, ERB1000, p2000, and ERB2000 were the ones which were significantly different across the sub-groups. Table 2 gives the results of Kruskal-Wallis test for frequency resolution parameters across the sub-groups.

Table 2: Results of Kruskal-Wallis test across the sub- groups

related disorder because of loss of neural synchrony

roex

Frequency	2

which affect temporal resolution markedly (Starr et al., 1996; Zeng et al., 1999, 2004; Rance, 2005; Rance et

parameter

resolution	χ

df	Sig.

al., 2008). Thus, temporal  resolution  is  clearly different in cochlear hearing loss and auditory dys- synchrony.
The bandwidths of the TMTFs obtained in this study are in accordance with that of Formby and Muir (1988) and Eddins (1993) but do not go along with the bandwidths measured by Zeng et al., (1999). Zeng et al., (1999) obtained a mean bandwidth of 237 Hz in normal hearing listeners as opposed to a mean of 72 Hz in the current study. This might be because of the use of larger frequency intervals used by Zeng et al. (1999) which  might  have  smoothened  off  the  TMTF  and


p



r



ERB

p500	4.237	2	.120
p1000	5.831	2	.054
p2000	1.233	2	.540
r500	22.15	2	.000
r1000	9.818	2	.007
r2000	1.573	2	.455
ERB500	32.62	2	.000
ERB1000	32.59	2	.000
ERB2000	18.63	2	.000

overestimated the bandwidth.

Figure 5 shows the means and standard deviations for
the parameters p and r for the three frequencies across the groups and sub-groups. The parameter r500 which




decides the tails of the auditory filters, was significantly higher in the individuals with AN/AD which indicates at a steep tail of the auditory filter compared to the normal hearing individuals. However, the slope of the tail of the auditory filter at 500 Hz was not significantly different from that of the cochlear hearing loss group. The increased slope of the tail of the auditory filters in the AN/AD groups would lead to greater susceptibility to masking from spectral components even far away from the centre frequency. The mean equivalent rectangular bandwidth (ERB) at
500 Hz was nearly four times that of the normal hearing group and the cochlear loss with peak sub- were not the major reasons for the poorer frequency resolution abilities. The equivalent rectangular bandwidth at 1000 Hz was three and a half to four times greater in individuals with AN/AD compared to normal hearing listeners, which means that individuals with AN/AD have very broad auditory filters at 1000 Hz. But ERB at 1000 Hz in the AN/AD group was similar to that of the cochlear group. Additionally ERB at 1000 Hz in the cochlear hearing loss sub-group with mild flat hearing loss was greater than ERB seen in the normal group. This finding indicates at similarities in the frequency resolution between the cochlear hearing loss sub-group with a peaked audiogram and AN/AD group at 1000 Hz.

Findings similar to the raw notched noise data in the current study was reported by Kraus et al., (2000) where they found only a 3 dB change in threshold for change in notchwidth to 0.25 from 0.00. They attribute this factor to the over masking effect taking place in individuals with AN/AD as explained by Zeng et al., (2004). This small threshold shift with increase in notchwidth is what is seen even in individuals with cochlear hearing loss with broadened auditory filters
i.e. individuals with broadened auditory filters show very small change in the masked threshold with changes in the notchwidth (Glasberg & Moore, 1986). Though, this was not cited as one of the possible reasons for the results reported by Kraus et al., (2000), the results of this study suggest that this small change in threshold seen in individuals with AN/AD at 1000 Hz could be because of the broadened auditory filters.

The parameter p2000 depicts the slope parameter ‘p’ which describes the slope of the pass band of the auditory filter (nearly the upper half of the auditory filter). This slope of the auditory filter pass band was significantly shallower in the subgroups of AN/AD with flat hearing loss when compared to the normal group. But the other sub-groups of AN/AD had ‘p’ similar to that of normal. This implies that the AN/AD subgroup with flat hearing loss had a shallower tip in their 2000 Hz auditory filter. This would also imply

group. This was evidenced even in the raw notched noise data as no shift or 5 to 10 dB shift in threshold of detection of the tone, obtained in the notched noise even after varying the notchwidth in most of the individuals with AN/AD. The ERB at 500 Hz in the sub-group with flat cochlear hearing loss was higher than that of the Normal group and the sub-group of cochlear hearing loss with peak at 2 kHz. The bandwidth of the auditory filter in AN/AD was not significantly different across sub-groups. This implies that the pure-tone thresholds and the audiometric patterns

that the slope of the auditory filter at 2000 Hz was related to the absolute threshold at 2000 Hz in the AN/AD group. The slope of the auditory filter at 2000 Hz in the cochlear hearing loss group with peak at 2000 Hz was also shallower compared to the normal group. However, the same was not noticed in the cochlear hearing loss sub-group with flat hearing loss. This indicates that shallower auditory filter tips (pass band) are not necessarily related to the absolute thresholds in individuals with cochlear hearing loss.

The ERB at 2000 Hz in the AN/AD group was nearly one and half to two times that of the 2000 Hz ERB in the normal group. The ERB at 2000 Hz in AN/AD sub- group with flat hearing loss was significantly larger than ERB at 2000 Hz in the other AN/AD subgroups with lesser degrees of hearing loss. This shows a relation between the absolute threshold and the frequency resolution in AN/AD for 2000 Hz. And it was also seen that there was no difference in ERB at 2000 Hz for all AN/AD sub-groups compared to the cochlear hearing loss sub-group with flat audiometric pattern. This points towards similarities in  the frequency resolution abilities between the cochlear hearing loss group and the AN/AD sub-groups for the higher frequencies.

The results of frequency resolution showed broader auditory filters at lower frequencies compared to the higher frequencies in individuals with AN/AD. This might also be the additional reason why the DLFs at lower frequencies are more impaired compared to the higher frequencies as seen in Zeng et al., (2004) and Barman (2008) apart from the explanation of place and temporal coding.

The results of the study showed poorer frequency resolution at 500 Hz through 2000 Hz in individuals with AN/AD. Though AN/AD is reported in literature to be a significantly timing related deficit, the results of the current study indicate that temporal resolution deficits coexist with frequency resolution in individuals with AN/AD. These results could be supported with the
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Figure 5: The means of parameter ‘p’ (left panel) and ‘r’ (right panel) across the groups/sub-groups. The error bars represent +/- 1 S.D.
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Figure 6: Equivalent rectangular bandwidth across the groups/sub-groups for the three frequencies. The error bars represent +/- 1 S.D.
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Figure 7: Conditional information transmitted for manner, place and voicing features across the subgroups. The error bars represent +/- 1 S.D.




findings of Starr et al., (2003) where they found 30% loss of outer hair cells in the apical turns of the cochlea in an individual with AN/AD. This suggests that individuals with AN/AD might have a dysfunction right at the level of the cochlea which might hamper the frequency selectivity. However, the results of the current study and that of Kraus et al., (2000) are not in accordance with the that of Rance et al., (2004) where they reported no difference in the threshold shift between a notched noise and a broadband noise across normal hearing listeners and individuals with AN/AD. This might be the consequence of the difference in procedure used, i.e. the masker stimuli were similar in the current study and Kraus et al., (2000), and however, Rance et al., (2004) used broadband noises (with and without notch) as maskers and also used a low intensity pink noise in their normal hearing listeners to simulate the effect of the elevated threshold.

Consonant perception

The results of consonant perception evaluation show that AN/AD group had the most difficulty in perception of manner, place and voicing compared to the cochlear hearing loss group. Voicing feature was perceived the least, followed by place feature. Manner was the best perceived feature. However, in the cochlear hearing loss group, manner feature was the best perceived, followed by voicing and place features. Manner was the best perceived feature in both AN/AD and the cochlear hearing loss groups. There was no significant difference in the perception of manner, place and voicing across sub-groups of AN/AD. This implies that there was no relationship between the audiometric pattern and speech perception in individuals with AN/AD. The consonant perception results are in accordance with reports by Rance et al., (2008), Narne and Vanaja (2008). They reported that the voicing errors are the predominant errors in AN/AD followed by place and manner errors. Figure 7 shows the conditional information transmitted for the three speech features assessed across the sub-groups.

Relationship between consonant perception and temporal and frequency resolution

The analysis of correlation between consonant features perceived and the temporal and frequency resolution parameters showed significant correlation between the consonant features perceived and the temporal and frequency resolution in individuals with  AN/AD. Figure 8 shows the scatter plot of temporal resolution parameters as a function of the speech feature perceived. Figures 8 and 9 show the scatter plots of the frequency resolution parameters as a function of the speech features perceived. The perception of place and

manner features correlated significantly with the peak sensitivity of the TMTF. This implies that individuals with AN/AD are not able to utilise the temporal cues which are important for the perception of manner and place cues. The temporal parameters which are most important for the perception of manner cues are the consonant duration and the temporal  envelope.  And any deficits in the temporal resolution would thus hamper the perception of the manner feature. The temporal parameters important for perception of place features are the rapid formant transitions which are again impaired because of the temporal resolution (especially the fine structure coding) deficit. The voicing feature however did not correlate with temporal resolution deficit. This however is in contrast to the results of Rance et al., (2010), wherein they reported good correlation between the perception of voicing feature and the gap detection threshold. This would mean that, the voice onset time might not have been an important cue, in the stimuli used in this study which were VCV combinations. This is in fair accordance with the results of Narne and Vanaja (2008) where they reported negligible improvement in the voicing perception after temporal envelope enhancement. They explain this by saying that the envelope enhancement changes the depth of the temporal envelope enhancing the voice onset time. They conclude that envelope enhancement does not bring about changes in the voicing bars and the first formant frequency and thus, the perception of the lower frequencies is important for voicing perception.

The errors in consonant feature perception for manner and place correlated with the frequency resolution parameter r1000 and ERB500. This implies that the errors in perception of the consonant features significantly correlated with the tail of the 1000 Hz auditory filter and the bandwidth of the 500 Hz auditory filter. The broader tail of the auditory filter at 1000 Hz might have led to increased susceptibility to the spread of masking, and poorer resolution of important spectral components of the speech sounds on the basilar membrane. The important frequency related parameters for perception of place feature are consonant spectrum, formant transition and formant frequencies of the preceding and succeeding vowels in a VCV combination. Affected place feature perception is also a consequence of significant frequency resolution deficit in the AN/AD group in the current study. This is in accordance to studies by Thibodeau and VanTasell (1987), Preminger and  Wiley  (1985) and Turner and Henn (1989) in individuals with cochlear hearing loss, and they attributed the poorer speech perception (place and manner) to affected frequency selectivity. The voicing feature correlated with the bandwidth of the auditory filter at 500 Hz and
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Figure 8: Scatter plot of the peak sensitivity against manner (left panel) and place features (right panel)
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Figure 9: Scatter plot of erb500 and manner (left) and place features (right).
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Figure 10: Scatter plot of r1000 and manner (left) and place features (right).


the slope of the tail of 1000 Hz auditory filter, and not the temporal resolution deficit. This could be because of the fact that the voicing murmur was probably the greater cue in the VCV stimuli used in our study compared to the voice onset time. Thus, this voicing murmur cue could have been significantly affected by the frequency resolution at low frequencies as the voicing murmur is a low frequency cue. This is in accordance to the findings of Narne and Vanaja (2008).

For the derivation of the model for manner and place, the ERB500 and Pk and r1000 were considered and for

the derivation of the model for voicing, the ERB500 and the r1000 were considered. Only the above mentioned parameters were considered for the regression analysis as these were the parameters which showed significant correlation with the consonant perception measures. The regression analysis was carried out by fitting a range of linear equations (models) to the data, with the speech parameters as the dependent variables and the temporal and frequency resolution parameters as the independent variables. The models with the highest r-square value were chosen and have been given below.
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Figure 11: Fitted model plot of voicing based on ERB500 and r1000.


The model for predicting manner information transmitted in bits per feature based on ERB500 and Pk is as in equation 2. The model had an R-square value of 0.581 with F(3, 14)=6.462 at p=0.006.

Manner=0.39102-(0.0066 x Pk) – (0.00021 x erb500) – (0.0025 x r1000)

...Equation 2.

The place feature was also fitted with a model based on the ERB500, r1000 and Pk using a least squares method as shown in equation 3 to predict the place information transmitted in bits per feature. This model had an R-square value of 0.597 with F(3,14)=6.904 at p=0.004.

Regression analysis of the relationship between manner and feature perception and frequency and temporal resolution was carried out to fit a model to investigate the extent of relationship between frequency and temporal resolution as shown in equations 2, 3 and 4. The model clearly gives lesser weightage to the bandwidth of the 500 Hz auditory filter and greater weightage to peak sensitivity of the TMTF and greatest weightage to the tail of the 1000 Hz auditory filter for the place and manner perception. The peak sensitivity had greatest weightage for the place perception, followed by r1000 and ERB 500. However, this model should be used with caution, as a linear model has been fitted for the data only for ease of calculation and this does not guarantee hundred per cent prediction accuracy.





…Equation 3.

The model for predicting voicing feature based on ERB500 and r1000 is as in equation 4. The model had an R-square value of 0.691 with F (2, 15) = 16.808 at p
= 0.0001.

[image: ]
…Equation 4.

Figure 11 shows the fitted model plot for the voicing feature based on ERB500 and r1000. The dark shaded region shows the prediction region of the model for the voicing based on ERB500 and r1000. The  dots represent the voicing feature transmitted across the ERB500 and r1000 for each subject.

Conclusions
It can be concluded from the current study that the frequency and temporal resolution are affected in individuals with AN/AD and this deficit is greater than what is seen in individuals with cochlear hearing loss. The errors in the perception of place and manner features in individuals with AN/AD are because of inefficient processing of the temporal cues in speech and the inefficient processing of the lower frequency components of speech. The voicing related errors in speech perception in individuals with AN/AD is primarily due to inefficient processing of the lower frequency information in the speech signal in the VCV combinations used in the study.
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Abstract
In general, auditory cortex located in the left hemisphere is specialized for processing of acoustic stimuli with complex temporal and spectral structure, while the right hemisphere is primarily responsible for processing of tonal and music stimuli. This asymmetry is reflected in tasks involving processing such stimuli which are spectrally or temporally different. Also, it is not clear whether cortical reorganization may exist following loss of function in one ear particularly in the case of unilateral profound hearing loss. The present study was aimed to investigate the temporal processing abilities in two groups of right handed listeners: a group of normal hearing listeners and group of listeners with unilateral deafness. Gap detection and temporal modulation transfer function  were  used  as measure of temporal resolution. Gap detection thresholds were determined using broadband noise, 400 and 2000 Hz pure tones individually for the right and left ears. Temporal modulation transfer function was examined using amplitude modulated broadband noise for both right and left ears. These experiments were conducted in the ear with normal hearing for the group with unilateral deafness. It was found that the gap detection abilities of listeners with unilateral deafness show the presence of ear effect in context of temporally complex and simple stimuli. Therefore, a significant effect of asymmetric stimulation has not been revealed in the present study due to absence of any kind of compensation with respect to gap resolution. Invariably, the temporal modulation transfer functions obtained from the two groups of subjects also have a fair amount of similarity. No ear differences were found to be present with respect to processing of modulation detection.
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Introduction
Important cues to the perception of speech, music, and environmental sounds are carried in the temporal fluctuations of the waveforms associated with such signals. Temporal cues are conveyed both in the long- term properties of the temporal envelope and in short- term fluctuations. In addition, temporal processing may be related to ability to understand speech in background noise when listeners take advantage of transient changes in speech-to-noise ratio to improve reception. Thus, the ability to detect and discriminate temporal properties of acoustic waveforms is very important for recognition of speech and other signals both in quiet and noise by listeners with or without hearing impairment.

Temporal analysis can be considered as resulting from two main processes: analysis of the time pattern occurring within each frequency channel and comparison of the time patterns across channels. Temporal processing has been studied using several psychoacoustic measures over the years. Gap-detection tasks test listeners’ abilities to follow rapid changes in continuous sound over time by measuring the shortest interval  of  silence  that  is  detectable;  modulation-
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detection tasks measure how listeners’ abilities to perceive rapid fluctuations (or modulation) in a continuous signal change as the rate of modulation is varied; and forward - masking tasks can measure how rapidly      the      thresholds      for       a       brief signal recover after stimulation by a masking sound. All these measures are concerned with the limits of our ability to follow rapid changes and are collectively referred to as measures of temporal resolution.

Hearing impairment can produce two types of deficits that degrade the perception of auditory signals. The first type arises from a reduction in audibility due to elevated detection thresholds. The second type of deficit is defined as the loss in auditory abilities beyond those due to elevated thresholds. Such supra-threshold deficits might be manifested, for example, as poorer- than-normal frequency selectivity or temporal resolution for signals that are clearly audible (De Filippo & Snell, 1986; Lister & Roberts, 2005; Reed, Braida, & Zurek, 2009).

Many investigators have demonstrated that temporal processing is very important for understanding speech in quiet and noise (Reed et al, 2009; Shailer & Moore, 1987 etc). Gap detection has been used has one of tools to assess temporal resolution of the auditory system by many investigators (eg: Reed et al, 2009). Gap- detection thresholds decrease rapidly for the first 20-30 dB SL and reach an asymptote value at levels beyond




30 dB SL. In studies that have compared the performance of age-matched hearing impaired and normal hearing listeners (De Filippo & Snell, 1986; Fitzgibbons & Wightman, 1982) or the normal and impaired ears of listeners with unilateral hearing loss (Glasberg, Moore & Bacon, 1987; Moore & Glasberg, 1988), gap-detection thresholds are more similar for comparisons made at equal SL than at equal SPL; though there are large individual differences observed in the data of hearing impaired listeners, with many of their thresholds falling within the ranges observed for normal hearing listeners (Glasberg, Moore & Bacon, 1987; Hall, Grose, Buus & Hatch, 1998).

Another such measure of temporal processing is Temporal Modulation Detection wherein, temporal resolution is examined through measurements of the minimal amounts of Sinusoidal Amplitude Modulation necessary for the listener to discriminate between a modulated and an unmodulated noise. Studies have been conducted over the years with the aim of comparison between TMTF (Temporal Modulation Transfer Function) in normal hearing and hearing impaired listeners. For signals presented at equal SPL or at equal SL, there is an indication of general similarity in performance between the two groups of listeners both in the overall shape of the TMTF and in magnitude of the modulation thresholds (Bacon & Viemeister, 1985; Bacon & Gleitman, 1992; Moore, 1992).

A sub-group of such studies have aimed at examining these processes in listeners with bilateral cochlear hearing impairment through a wide range of tasks, conditions, and listener characteristics.  The researchers have in consensus found degraded temporal processing abilities when compared to normal hearing listeners at equal SPLs. While the focus of the research with respect to temporal resolution has been concentrated towards the performance in listeners with bilateral cochlear hearing impairment, little has been studied about the temporal resolution abilities in listeners with unilateral hearing impairment.

In specific, the impact of unilateral deafness on processing of acoustic signals varying in temporal and spectral complexity is of investigable interest on account of the variable stimulation each ear is receiving. Such variable auditory inputs are speculated to develop neuronal rewiring in the cortical neuron networks and consequently may alter the physiological processing route of the existing template. Therefore, while a major bulk of the research have been conducted in studying the ear with hearing impairment, there is dearth  of  literature existing on  the compensatory or

plastic changes occurring in physiology of the normally functioning ear of listeners with unilateral deafness.

Evidence of central nervous system (CNS) plasticity, defined as an experience-related change in function or activity (Greenough, 1975), has been observed in all sensory systems and the auditory system is found to be no exception. In tonotopically organized areas of auditory cortex, regions deprived of their normal peripheral input often become responsive to intact adjacent frequencies (Robertson & Irvine, 1989; Kaltenbach, Czaja & Kaplan,1992; Rajan, Irvine, Wise
& Heil, 1993). This altered activation results in increased interhemispheric correlations which in turn can be demonstrated by (1) a change in the timing of activity between the hemispheres, and (2) a more consistent pattern of ipsilateral/ contralateral response amplitudes across individuals. Often these results are based on the amplitude and latency measures of long latency auditory evoked responses following experimentally induced monaural deafness (e.g., Popelar, Erre, Aran & Cazals, 1994). Changes in central auditory pathway activation tend to be more extensive when sensory experience is modified soon after birth (e.g., Popelar et al. 1994). However, experience related changes in CNS sensory and motor pathways have been reported in the adult brain of many mammals, including humans (Donoghue, 1995).

Functional specialization of the auditory system is yet another area of exponentially growing research. This form of specialization i.e. of the left and right cerebral cortex has been documented primarily using imaging studies (fMRI), and magnetoencephalography. The general findings indicate that auditory areas of the right hemisphere are specialized for spectral processing of tonal stimuli and music. On the other hand, these areas of auditory cortex of left hemisphere are primarily responsible for processing of temporally complex and rapidly changing stimuli (Zatorre & Belin, 2001).

Nicholls et al. (1999) observed that perceptual asymmetry is due to left hemisphere’s specialization for the detection of brief temporal events based on the findings that right ear performance on gap detection task required shorter reaction time and lesser error probability. These findings were correlated and supported well with the increased beta activity in the left temporal lobe in contrast with the right temporal lobe. Robin, Tranel and Damasio (1990) concluded from their findings based on subjects with lesions in the temporoparietal regions of left or right hemisphere that left temporal lobe lesions led to impaired perception of temporal information in a gap detection task than right temporal lobe lesion.




One special case of asymmetric hearing is described by one ear with essentially normal hearing (audiometric thresholds ≤ to 25 dB HL) and the other ear with severe-to-profound hearing loss (thresholds ≥ 70 dB HL) (Cozad, 1977). This is sometimes categorized as unilateral hearing loss (UHL). It leads to asymmetric hearing and in turn causes an imbalanced auditory input to the brain. Focus has recently turned to listeners with UHL in order to explore the plasticity and capabilities of the auditory pathways in the brain with asymmetrical auditory input. There are only a handful of studies which evaluated performance using both temporally complex and tonal stimuli, comparing performance of right and left ears individually in listeners with UHL (Sininger & De bode, 2008). In addition, less importance is given  on  administration and designing of psychophysical experiments for comparison of performance on measures of temporal resolution across stimuli and evaluation of ear differences. Psychophysical experiments involving gap detection and temporal modulation detection will provide information regarding the nature of asymmetrical processing, salience of stimulus and task effects on laterality through both temporally complex wide band noise and tonal stimuli. Therefore, there is a need to evaluate and implement the utility of assessing temporal resolution abilities in listeners with unilateral deafness. The present study is aimed to study the asymmetry of processing if any, of tonal and complex (hemisphere-favored) stimuli in a group of listeners with unilateral deafness and normal hearing listeners.

Method
Participants

Participants in the present study were divided in to two groups. Group I included normal hearing listeners while Group II included participants with unilateral deafness.

Normal Hearing (Group I): The present study was performed on 15 participants (7 males & 8 females) in the age range of 18 and 30 years with mean age of 23.7 years. All participants had hearing sensitivity in normal limits in both ears, that is pure-tone thresholds of 15 dB HL or better at octave frequencies between
0.25 kHz and 8.0 kHz (ANSI, 1969). They also had bilateral normal middle ear functioning as indicated by a type ‘A’ tympanogram and present acoustic reflexes . None of them had a history of ear infections, noise exposure or ototoxicity. All the participants were right handed listeners (to form a homogenous group), as was ascertained by administering the Hand Laterality Preference Schedule (modified version) developed by Venkatesan (2010).   Unilateral deafness (Group II):

Fifteen right handed participants with unilateral deafness in the age range of 18 and 40 years with mean age of 29.8 years participated in the study. All the participants had average (500, 1000 & 2000 Hz) hearing loss of 70 dB HL or greater in the poor ear for duration of 6 months to 5 years with mean duration of
3.35 years. The better ear of these participants had an average pure-tone thresholds of 20 dB HL or lesser at octave frequencies between 0.25 kHz and 8.0 kHz (ANSI, 1969), with normal middle ear functioning as indicated by a type ‘A’ tympanogram with acoustic reflex present. None of the participants had a history of ear infections, noise exposure or ototoxicity in the better ear. Four participants had left ear as their normal hearing ear while Six participants had right ear as the normal hearing ear. The demographic and audiological data of the participants is presented in the Table 1.

Stimulus

Gap detection task (GDT)

Gap detection was performed for three  different stimuli, namely broad band noise (BBN), 4000 Hz and 400 Hz sinusoidal stimuli.

Broad band noise GDT: A white noise was digitally generated and band pass filtered from 20-14,000 Hz with 100 dB/octave. Duration of the stimulus was 500 ms with cosine squared ramp of 20 ms. The gap was generated by introducing the silence at the midpoint of signal. The overall duration of signal was minted by reducing the duration of the leading and trailing edge of the signal. The approximate duration of the leading and trailing edge was calculated, by subtracting the gap duration f r o m 500 ms and then dividing it by two. The duration of the gap was varied from 1 ms to 20 ms with an initial step size of 5 ms which was reduced to 1 ms after two reversals.

Sinusoidal signal GDT: Sinusoidal signal of frequency 400 Hz and 4000 Hz were digitally generated at 44.1 kHz sampling rate. Duration of the stimulus was 500 ms with cosine squared ramp of 20 ms. The gap was generated by introducing the silence at the center of signal. The overall duration of signal is minted by reducing duration of the signal leading and trailing edge. The approximate duration of the leading and trailing edge was calculated, by subtracting the gap duration f r o m 500 ms and then dividing it by two. The duration of the portion of the signal preceding the gap was then rounded to the  nearest whole cycle, so that it both started and  ended with a positive going and zero crossing. To preserve the phase the signal started at the end of the gap with the phase that it would have had if the signal would have continued.



Table 1: Demographic and audiological data for group II participants



Subject
No.	Age	Gender

Normal
ear

PTA
(Poor ear)

Duration
(years)

S1	25	Male	Right	>90	4
S2	30	Male	Right	85	0.5
S3	32	Male	Right	85	3
S4	40	Female	Right	75	5
S5	25	Male	Right	>90	5
S6	26	Male	Right	90	2
S7	32	Male	Left	>90	4
S8	33	Male	Left	75	3.5
S9	28	Male	Left	80	4.5
S10	27	Male	Left	85	2



The portion of the signal following the gap was terminated a t the positive-going zero crossing that would give an overall duration as close as possible to 500 ms. These stimuli were presented at a level that was barely audible in the background noise, but not so high as to cause an audible spectral splatter. To avoid the spectral splatter, signal was mixed with band stop noise in such way that side lobe (splatter) was well below 15 dB from the main lobe and also well within the pass band of the noise.

b). Stimuli for detection of temporal modulation task: Two stimuli, unmodulated white noise and sinusoidally amplitude modulated white noise, of 500 ms duration with ramp of 20 ms were used. The stimuli were generated using a 16-bit digital to analogue converter with a sampling frequency of 44100 Hz and were low pass filtered with a cut off frequency of 20,000 Hz. The modulated signal was derived by multiplying the white noise by a dc-shifted sine wave. The depth of the modulation was controlled by varying the amplitude of the modulating sine wave. Equation (1) gives the expression describing the sinusoidally amplitude modulated stimuli.

s(t) c[1 m sin(2fmt)]n(t) (1)



randomized over a range of 10 dB with mean level of presentation of approximately 60 dB SPL. The level was varied over 10dB to avoid the intensity cues.

Procedure

Psycho-acoustic procedure: Threshold estimation was made based on a 3 AFC procedure with a 2-down 1-up tracking method, estimating the 70.7% correct point on psychometric function. In this procedure, target signal (amplitude & frequency modulation) was reduced after 2 correct responses, and target signal was increased after 1 in-correct response. In the above two tasks, stimuli were presented at a 40 dB SL (ref to PTA). The stimuli were played from a computer and routed through an audiometer (Madsen OB-922).  The listeners received the signal from the headphones (TDH-39).

Gap detection: In the gap detection experiment, the participant’s task was to identify the interval containing the silent interval. No feedback was given. The step size was initially 5 ms and was reduced to 1 ms after two reversals. The mean of the level at the last eight reversals in a block of 14 was taken as threshold. The worst threshold that could be measured was 20 ms. In this procedure GDTs were measured using a two down, one   up   paradigm.      Stimulus   order   and   ear   of
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where m is the modulation depth (0<m<1), fm is the modulation frequency in Hz (2, 4, 8, 16, 32, 64, 128, 256, 512), and n (t) is the waveform of the white noise. The term c, as given in equation (2), is a multiplicative compensation term (Viemeister, 1979) set such that the overall power was same for modulated and unmodulated stimuli. The level of presentation was

Amplitude modulation detection: In the TMTF experiment, the participant’s task was to identify the interval containing the amplitude modulation. No feedback was given. The step size and modulation thresholds were based on the modulation depth in decibels [20×log10 (m)]. The step size was initially 4 dB and was reduced to 2 dB after two reversals. The mean of the level at the last eight reversals in a block




of 14 was taken as threshold. The worst threshold that could be measured was 0 dB, and it corresponded to a modulation depth of one (100% modulated noise). While estimating the TMTF threshold, it was noticed that many listeners could not detect even 100% at some modulation frequencies. The procedure was terminated at that level and the data of those frequencies were not considered for further analysis.

The data obtained through the administration of the two tasks involved in the present study was tabulated and subjected to statistical analysis.

Results and Discussion
Gap Detection Threshold

Normal hearing listeners (Group I): From the Figure1, one can read that the mean values for GDT shows an increasing trend as the stimulus changed from broadband noise to 2 kHz sinusoidal stimulus. This trend was noticed irrespective of the ear to which the stimuli were presented. To assess whether this mean difference reaches significance, a paired sample t-test was carried out. The results revealed a significant effect of stimulus on Gap detection thresholds within Group I. This implies that the Gap detection thresholds obtained using three stimuli used in this study namely; broadband noise, 400 Hz sinusoid and 2 kHz sinusoid were different. The t-value and level of significance is also presented in Figure1.

On the basis of the above findings, it can be contemplated that gap resolution performance of normal hearing listeners in the current study were in general agreement with other studies (Snell, Ison & Frisina, 1994; Forrest & Green 1987; Shailer & Moore, 1987) wherein, GDTs were lower for BBN and higher for tonal stimuli. For the tonal stimuli GDT obtained in the present study were similar to those obtained by Shailer and Moore (1987). These results might be attributed to the differential processing of complex versus simple temporally varying stimuli.

From the Figure 1 one can note that, mean GDT values were similar between right ear and left ear for BBN, but they were slightly higher for right ear when compared to left ear for 400 Hz and 2 kHz. A paired sample t-test was used for this comparison and the results revealed no significant difference in GDT for broadband noise between the ears while the GDT values for 400 Hz and 2 kHz sinusoids were significantly different for right (t= 2.98, p < 0.05) and left ears (t= 2.69, p < 0.05). Similar to the present study, Sininger and De Bode (2008) also reported a left ear  advantage  for  tonal  stimuli  in  GDT  task.  This

clearly indicates better ability of the left ear (right hemisphere) to process temporally simple stimuli like sinusoids i.e. a processing advantage for such stimuli is shifted to the right hemisphere. However, Sininger and De Bode (2008) and Sulakhe, Elis and Lejbak (2003) have reported a right ear advantage for BBN condition, in contrast to the present study wherein, no ear advantage was revealed.

The lack of laterality for GDT in broad band stimulus has been reported by other studies which therefore, supports the findings of the present study (Efron et al., 1985; Oxenham, 2000). Hence, absence of ear differences with respect to the gap resolution performance for broadband stimuli do not completely support a lateralized processing of auditory signal i.e. in the present study temporal processing of complex signal between ears is not significantly different.

However, based on the results obtained, the temporally simple stimuli like sinusoids are best analyzed by the left ear and right hemisphere contributing to partial lateralization for processing of such stimuli. It has been shown in the literature that pure-tone stimuli have deterministic temporal properties that facilitate spectral analysis and this distinguishes left ear processing. Therefore, the presence of a right or left ear advantage is driven by the type of stimulus employed.

Listeners with Unilateral Deafness (Group II): The mean and standard deviation values for GDT in Group II are depicted in Figure 2. The values, on observation, appear to be slightly different across stimuli and between ears.

Wilcoxon signed rank test was carried out to investigate the effect of stimulus on GDT values for each subgroup i.e. right ear only (N=6) and left ear only (N=4) individually. The results revealed no effect of stimuli on GDT values in left ear only condition (i.e. temporal complexity of the stimulus does not affect the temporal resolution ability when stimuli are presented to the normally functioning left ear of the unilaterally deaf listeners). On the contrary, for right ear only condition, the results revealed a significant difference in GDT values across stimulus namely: GDT for broadband noise and 2 kHz sinusoidal stimulus as well as GDT for 400 Hz and 2 kHz sinusoidal stimulus (p < 0.05).

The above findings imply a significant effect of temporal complexity of the stimulus on gap resolution when the stimuli are presented to typically functioning right ear of the unilaterally deaf listeners. These findings are consistent with those reported by Sininger and De Bode (2008), and Nicholls et al. (1999), who showed a clear right ear advantage for temporally





Figure 1: Mean and SD of GDT across different stimuli group I for left ear and right ear.
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Figure 2: Mean and SD of GDT across stimuli for Group I in right ear and left ear.
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p < 0.05.
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affected while the same may not hold good for the subjects with left sided unilateral deafness. Owing to the above reason, a poorer temporal resolution for complex stimuli like broadband noise can be speculated.

Based on the average duration of unilateral deafness in the participants (3.35 years), it can be assumed that the plastic changes speculated to be occurring in such a condition, is not adequate enough to allow for complete compensation of processing of stimuli of varying complexity. Sininger and De Bode (2008) also noticed similar kind of differences for the processing of temporally complex and simple stimuli for the participants who were unilaterally deaf with congenital or early childhood onset (< 5 years). They attributed this to no significant reorganization of the central auditory system. Therefore, a persistence of ear advantage is still noticed in these listeners with unilateral deafness despite the asymmetric stimulation of the two ears over a particular duration of time. Hence, the laterality of processing of temporally complex stimuli is not altered by the occurrence of unilateral deafness in the present study.

Normal hearing listeners versus listeners  with unilateral deafness: Between group comparison was made with respect to GDT values for different stimuli for left and right ears individually. Mann-Whitney test was used to derive a comparison across the groups. No significant difference was found between the right ears of Group 1 and Group 2 (p > 0.05) for any of the stimuli. A significant difference was found between the left ears of Group 1 and Group 2 (p < 0.05) only for the

broadband noise condition. The results for the same are summarized in Table 2 and Table 3.

In listeners with unilateral deafness (Group II), right ear only GDTs showed a trend of poorer temporal resolution as the stimulus changed from broadband to sinusoidal. Additionally, left ear only GDTs depicted best gap resolution abilities for sinusoidal stimuli in comparison to broadband stimulus. Therefore, for listeners with unilateral deafness, when the functioning ear is the right ear, gap resolution is best for noise stimuli and when left ear is the functioning ear, gap resolution is better for tonal stimuli than noise.

These findings clearly indicate that no central compensation for the loss of hearing in one ear has taken place. Comparison across the two groups for gap resolution did not reveal a significant difference except for the GDT values for broadband noise when presented to left ear indicating that processing of simple stimuli is similar in both the groups. In other words, individual ears of listeners with unilateral deafness have the same temporal processing abilities for simple stimuli as the corresponding ear of binaurally normal hearing individuals. On the other hand, performance was found to be poor for complex signal and this probably suggests that no cortical reorganization or no compensation has been taken for complex stimuli. However, an appropriate conclusion cannot be made in this regard due to a very small sample size, different nature of eitiologies associated with the hearing loss and scarce literature available in this regard.


Table 2: Mean and standard deviation GDT values across Group I and Group II (right ear only) Group (RE)	GDT (BBN)	GDT (400 Hz)	GDT (2KHz)

	
	Mean(ms)
	S.D.
	Mean(ms)
	S.D.
	Mean(ms)
	SD

	Group I (N=15)
	2.62
	0.58
	4.60
	1.58
	6.62
	2.25

	Group  II (N=6)
	3.66
	1.63
	5.72
	2.30
	8.28
	2.35




Table 3: Mean and standard deviation GDT values across Group I and Group II (left ear only)


Group (LE)	GDT (BBN)	GDT (400 Hz)	GDT (2KHz)

	
	Mean(ms)
	S.D.
	Mean(ms)
	S.D.
	Mean(ms)
	S.D.

	Group I(N=15)
	2.82
	0.68
	3.42
	0.88
	5.40
	1.31

	Group II (N=4)
	5.66
	1.78
	3.66
	1.56
	4.00
	1.82








Temporal Modulation Detection
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Figure 3: TMTF for listeners with normal hearing (Group I) in both ears.



Figure 4: TMTF for Group I and Group II participants (between ear comparisons).




According to Lorenzi et al., (2000), bandwidth is a parameter which is an approximate measure of temporal resolution. This implies that temporal processing is impaired when temporally complex stimulus is presented to left ear of the listeners with unilateral deafness in comparison to right. Above findings also imply no significant effect of temporal complexity of the stimulus on gap resolution when the stimuli are presented to typically functioning right ear of the unilaterally deaf listeners for similar reasons as described in context to GDT.

In summary, based on the results, it can be concluded that the gap detection abilities of listeners  with unilateral deafness show the presence of ear effect in context of temporally complex and simple stimuli. Therefore, a significant effect of asymmetric stimulation has not been revealed in the present study due to absence of any kind of compensation with respect to gap resolution. Invariably, the temporal modulation transfer functions obtained from the two groups of subjects also show a fair amount  of similarity. No ear differences were found to be present with respect to processing of modulation detection.

Conclusions
In general, results of the study show that compensation or reorganization had not yet taken place in the subjects taken for the study. On the other hand, some kinds of deprivation effects were noticed in terms of poorer performance for BBN when right ear is damaged and for tonal stimuli when left ear is damaged. However, results should be interpreted with caution due to the reduced sample size considered for the study.
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Abstract
Meniere’s disease is an idiopathic inner ear disorder which is characterized by episodes of vertigo, fluctuating hearing loss, aural fullness and tinnitus or a combination of these symptoms. Diagnosing Meniere’s disease is always a matter of controversies because of its so frequent fluctuation of symptoms. Recent researches are focused on Cochlear hydrops analysis masking procedure (CHAMP) and electrocochleography (ECochG), as these tools are more reliable. The present study was undertaken to investigate the correlation between these two tests to diagnose Meniere’s disease and also. The study was conducted on two groups, individuals with Meniere’s disease (experimental group) and individuals with normal hearing (control group). ECochG and CHAMP were administered on both the groups. Results revealed that, in CHAMP, wave V latency was significantly shorter in experimental group as compared to control group. In ECochG, there was a significant difference between the two groups with respect to(a) longer latency and larger amplitude of action potential (AP) in experimental group, (b) larger amplitude of summating potential (SP) in experimental group and c) larger SP/AP amplitude ratio in experimental group. Thus it can be concluded that both test give reliable results to diagnose Meniere’s disease, but the correlation of both the tests was found to be low negative. Therefore, along with these two tools, other aspects like ENT confirmation and other tests should also be administered for confirm diagnosis of Meniere’s disease.
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Introduction
Meniere’s disease is an idiopathic inner ear disorder, an abnormal increase in the volume of the cochlear fluid (endolymph) in the inner ear (Ries, Rickert & Schlauch, 1999). Further, it is characterized by recurrent, spontaneous episodes of vertigo, fluctuating hearing loss, aural fullness and tinnitus or with a combination of these signs and symptoms fluctuating over months and years (Sajjadi & Paparella, 2008). The Reissner’s membrane as being displaced from the basilar membrane in some instance and at the apex of the cochlea, the membrane was seen to bulge through the helicotrema (Morrison, Moffat & O’Conor, 1980).

The etiology of Meniere’s disease has been linked to endolymphatic hydrops, with evidence from histological studies (Hallpike & Cairns, 1938; Horner, 1991). Endolymphatic hydrops refers to swelling of cochlea at the boundaries of the scala media from excessive accumulation of the endolymph (Hall, 2007).

There are various subjective and objective tests to measure the extent of Meniere’s disease. In recent studies, to diagnose Meniere’s disease, electrocochleography (ECochG) and cochlear hydrops
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analysis masking procedure (CHAMP) are found to be most popular tests. However, the histological findings, which help in the confirmation of a Meniere’s disease diagnosis, can only be obtained through post-mortem biopsies (Roeser, Valente & Hosford, 2000).

ECochG is an ideal test for the diagnosis of Meniere’s disease (Levin, Margolis & Daly, 1998). It is thought to reflect changes in the anatomic position of the hair cells and this change in position of the hair cell is what is expected to occur in active Meniere’s disease (Levine et al., 1998). It was shown that the amplitude ratio of summating potential (SP) and action potential (AP) is much more useful indication for detecting endolymphatic hydrops. A mean values of SP/AP amplitude ratio being near 0.25. From 0.30 to 0.40 of SP/AP amplitude ratio was considered adequate as the upper limit (Aso, Watanabe & Mizukoshi, 1991). Ferraro and Durrant (2006) also reported that ECochG is an important tool in the diagnosis/assessment/monitoring of Meniere’s disease. Al-momani, Ferraro, Gajewski, and Ator, (2009) suggested that more sensitive and specific ECochG parameters include SP amplitude and area, total SP-AP area, and SP/AP area ratio to click stimuli. Sensitivity and specificity values associated with these measures are 92% and 84%, respectively.

CHAMP was introduced as a method to distinguish objectively active Meniere’s disease individuals (Don, Kwong  &  Tanaka,  2005).    The  method  consists  of




measurement of the change of the latency of wave V response in the auditory brainstem response, caused by the addition of high-pass making noise to the click stimulus. Abnormal ABR latencies obtained with high pass masking noise in individuals with Meniere’s disease is due to abnormally high travelling wave velocities (Thornton & Ferrell, 1991; Donaldson & Ruth, 1996). Thus, in individuals with Meniere’s disease it is assumed that increased endolymphatic pressure alters basilar membrane’s mechanical properties which in turn increase the apparent travelling wave velocity (Don et al., 2005). CHAMP findings are consistent with the  excellent  sensitivity and specificity (Don et al., 2005; Kingma & Wit, 2010; Singh, 2010). But different studies considered different cut-off criteria for latency shift to confirm a diagnosis of Meniere’s disease in CHAMP. Don et al., (2005) and Singh (2010) considered less than 0.3 ms as cutoff criteria but Kingma and Wit (2010) reported if less than 2 ms is considered as cutoff criteria then the sensitivity can be improved. Other studies however opposed these finding and found low sensitivity and specificity of CHAMP by considering wave V latency shift less than 3 ms as a criterion and hence, it cannot be used as a clinical tool to diagnose individual with Meniere’s disease (De Valck, Claes, Wuyts & Paul, 2007).

Hence, the aim of the present study were to determine
(1) the summating potential (SP) and action potential (AP) amplitude and the ratio (SP/AP) between the two potentials in individuals with normal hearing and with Meniere’s disease, (2) the diagnostic value of CHAMP in individuals with normal hearing and individuals with Meniere’s disease and (3) the correlation in the findings of ECochG and CHAMP in individual with normal hearing and individuals with Meniere’s disease.

Method
Participants

Two groups, individuals with normal hearing (control group) and individuals with Meniere’s disease (experimental group) participated in the study. The control group comprising of thirty three ears of 10 females and 7 males with the age range of 20 to 40 years, with the mean age was 22.2 years. They all had pure tone thresholds better than 15 dBHL at octave frequencies between 250 Hz to 8000 Hz in both the ears. The overall mean pure tone average (0.5 kHz, 1 kHz & 2 kHz) was 6.01 dBHL. They had no indication of middle ear pathology, revealed by ‘A’ type tympanogram with present reflexes. In experimental group, thirty ears of 9 females and 8 males with the mean age of 32.1 years were considered. The pure tone

thresholds were within the range of 26 to 55 dBHL and the overall mean pure tone threshold was 35.69 dBHL at octave frequencies between 250 Hz to 8000  Hz. They all had no indication of middle ear pathology, as per immittance finding. Auditory brainstem response and oto-acoustic emissions were done on each individual, to rule out retrocochlear pathology and those individuals indicating retrocochlear pathology were excluded. They all had at least 3 of the 4 hallmark symptoms (tinnitus, vertigo, fluctuating hearing loss & fullness) used in the diagnosis of Meniere’s disease (Committee on Hearing and Equilibrium, 1995). Tinnitus and vertigo were reported in all affected ears. Eighteen ears had fluctuating hearing loss, fifteen ears with aural fullness and nine ears had all the four symptoms. A detailed case history was taken for each individual and the individuals who fulfilled the above mentioned criteria along with the ENT provisional diagnosis of Meniere’s disease were included.

Procedure

CHAMP and ECochG recording was done on both the groups. All individuals were tested in an acoustically sound treated room with adequate illuminations as per ANSI (1991). Pure tone thresholds were obtained at octave frequencies between 250 Hz and 8 kHz for air conduction and between 250 Hz and 4 kHz for bone conduction thresholds. Tympanometry was carried out with a probe tone frequency of 226 Hz and acoustic reflexes thresholds were measured for 500 Hz, 1 kHz, 2 kHz, and 4 kHz ipsilaterally and contralaterally. OAEs were obtained using click presented at 70 dBSPL. The probe tip was positioned in the external ear canal and was adjusted to give flat stimulus spectrum across the frequency range. Responses with the reproducibility more than and equal to 80% was accepted.

CHAMP Recording: Individuals were made to relax on a reclining chair. CHAMP was recorded from a single channel. The site of electrode placement was prepared with skin preparation gel. Silver chloride electrodes with conducting gel were used. Non inverting electrode was placed on vertex, inverting on mastoid of the test ear and ground electrode at opposite ear. It was ensured that impedance for each electrode  was  less than 5 kOhms. Repetition rate was 45.1/seconds. CHAMP was recorded with rarefaction polarity using click and click with different high pass masking (HPM) noise (click+8 kHz HPM, click+4 kHz HPM, click+2 kHz HPM, click+1kHz HPM, click+0.5 kHz HPM). Broadband insert earphones were used to record the CHAMP waveforms.

ECochG Recording: Individuals were made to relax on reclining chair. ECochG was recorded from a single




channel. The site of electrode placement was prepared with skin preparation gel. Silver chloride electrodes with conducting gel were used. TIPtrode was used as non-inverting electrode and placed in the ear canal, inverting was on opposite ear while ground electrode was on forehead. It was ensured that impedance for each electrode was less than 5 kOhms. Alternating polarity was used with the repetition rate of 7.1/seconds to record ECochG. Click was used as stimulus for ECochG recording. Both the test was done on control and experimental groups separately.

Results and Discussion
CHAMP and ECochG were administered on both the groups. For CHAMP recording, the latency of wave V in six conditions (click alone, click+8 kHz HPM, click+4 kHz HPM, click+2 kHz HPM, click+1 kHz HPM & click+0.5 kHz HPM) was measured in each group. The latency and amplitude of SP and AP and the SP/AP amplitude ratio were measured while recording ECochG. Mean and standard deviation were calculated for each group separately. Independent sample t-test was carried out to check if there is a statistical difference in ECochG recording between individuals with normal hearing and with Meniere’s disease. Descriptive statistics was done to measure the significant difference between the values obtained from each group. Pearson correlation two tailed test was carried out to measure the correlation between the two tests administered on two groups. The Wilcoxon sign rank test was administered to check whether there is a significant difference in CHAMP recording between individuals with normal hearing and with Meniere’s disease.

Findings of CHAMP

Absolute latency of wave V responses was measured in six different high pass masking noise conditions i.e., click alone, click+8 kHz HPM, click+4 kHz HPM, click+2 kHz HPM, click+1 kHz HPM and 0.5 kHz HPM in both the groups. In control group, all thirty three ears had wave V responses in click alone, click+8 kHz, click+4 kHz and click+2 kHz HPM condition. However, 87.87 % ears had wave V responses in click+1 kHz HPM condition and only 72.72 % ears had wave V response in click+0.5 kHz HPM condition. The absence of wave V responses in individuals with normal hearing could be because of undermasking condition (Don et al., 2005). In experimental group, all thirty ears had wave V response in click alone condition but only 86.66% ears had wave V responses in click+0.5 kHz HPM condition. The absence of wave

V at 500 Hz HPM along with click may be because of noise contamination or presence of PAM artifact. Furthermore, sometimes in Meniere’s disease individuals, the amplitude is so low at lower frequencies with high pass masking  noise  condition that it is difficult to interpret wave V response. Also, as literature suggests that there may be multiple points or peaks in an undermasked condition, probably due to noise contamination (Don, Kwong & Tanaka, 2007). Even the present study, could not trace wave V for all individuals with Meniere’s disease at lower frequencies high pass masking noise, this may be because of the reasons mentioned above.

It was noticed that the latency shift was lesser for individuals with Meniere’s disease than individuals with normal hearing group. The  minimum  mean latency shift seen for click+8 kHz HPM condition was
0.15 ms (0.35 ms in control group) and the maximum mean latency shift was 0.74 ms (1.78 ms in control group) for click+0.5 kHz HPM condition. The lesser shift in Meniere’s disease could be explained in terms of presence of endolymph in the inner ear which is suppressing the effect of masking in affected ear or making the basilar membrane stiffen, therefore restricting the normal movement of it. The present finding is in consonance with previous studies in literature (Don et al., 2005; De Valck et al., 2007; Ordonez-Ordonez et al., 2009; Kingma & Wit, 2010; Singh, 2010). The comparison of  mean  absolute latency of wave V in both the groups is summarized in the Figure 1.


The comparison of latency shift of wave V responses for different high pass masking noise conditions (click+8 kHz, click+4 kHz, click+2 kHz, click+1 kHz
& click+0.5 kHz) with wave V responses for  click alone condition was done across the two groups using Wilcoxon signed ranks test. It was concluded that two groups are significantly different (at the level p<0.01) with respect to wave V latency in different noise conditions. This difference is expected as the physiology of inner ear differs in individuals with normal hearing and those with Meniere’s disease. The basic principle is that the endolymphatic hydrops in Meniere’s disease causes changes in the physical properties of the basilar membrane. These changes lead to significant undermasking of the high frequency regions by the noise, resulting in a large undermasked component in the 500 Hz high pass response. This undermasked component is valuable in the detection of endolymphatic hydrops. The findings of the comparisons are given in the Table 1.
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Figure 1: Comparison of absolute latency of wave V responses between individuals with normal hearing and Meniere’s disease (Note in x-axis: 1 - Click alone; 2 - Clicks+8 kHz; 3 - Clicks+4 kHz; 4 - Clicks+2 kHz; 5 - Clicks+1 kHz; 6 - Clicks+500 Hz).


The results of the present study also revealed that there is a significant difference in the latency shift of wave V for click alone and click+0.5 kHz HPM conditions between the two groups. The comparison summary is also given in Figure 2. This significant difference in the latency between two groups could be explained in terms of stiffness of the basilar membrane. The Endolymphatic hydrops might be confined at the apical part of the basilar membrane (Tonndorf, 1957) whereas in normal ears such stiffness is not seen. Therefore the cochlea can easily be masked by 0.5 kHz high pass noise, hence there is more shift in latency of wave V in normal ears compared to Meniere’s ears.

Don et al., (2005) suggested the cutoff criterion  of wave V latency shifts in click + 0.5 kHz HPM from click alone condition should be less than 0.3 ms to confirm Meniere’s disease. On the other hand, Kingma and Wit (2010) reported that with latency shift less than 0.3 ms diagnostic criterion, the sensitivity of the CHAMP reduces. Therefore they suggested using 2 msec as cutoff criterion the sensitivity of the CHAMP can be increases. In the present study only 23.3% Meniere’s diseased ears showed wave V latency shift less than 0.3 ms. But the sensitivity will improve to
96.6 % if the cutoff criterion is set to 2 ms. Hence

present study is also supported by findings of Kingma and Wit (2010).

For the control group, none of the ears had an abnormally short latency with a separation at 0.3 ms. But 66.66% showed abnormality with a separation at 2 ms. Therefore, in the present study both the criteria are not sensitive to distinguish normal ears from Meniere’s ears. If the cutoff latency value to diagnose Meniere’s disease is considered to be 1 ms then 62.5% normal hearing ears can be separated from Meniere’s disease ears and 88.45% Meniere’s disease ears will have abnormal short latency shift, which will confirm the diagnosis of Meniere’s disease.

Findings of the ECochG

ECochG waveforms were recorded in both the groups. In control group, SP waveform was traced for only 75.75% ears. Literature also suggests that only in 60% of individuals with normal hearing SP is traceable (Kitahara, Takeda, Yazawa & Matsubara, 1981). In experimental group also, SP and AP waveforms were recorded. Only twenty two ears out of thirty ears (73.33%) had AP waveforms, however fourteen ears out of thirty ears (46.66%) had SP waveforms. The mean      latency      and      amplitude      of      SP      is


Table 1: Comparison of latency shift of wave V responses obtained from the difference of click alone and different high pass masking noise condition (click + 8 kHz HPM, click + 4 kHz HPM, click + 2 kHz HPM, click + 1 kHz HPM & click + 0.5 kHz HPM) between individuals with normal hearing and Meniere’s disease

	Different conditions
	Z-Value
	p-Value

	(click+8 kHz HPM) – click alone
	-2.87
	0.005*

	(click+4 kHz HPM) – click alone
	-4.43
	0.000*

	(click+2 kHz HPM) – click alone
	-4.71
	0.004*

	(click+1 kHz HPM) – click alone
	-4.74
	0.002*

	(click+0.5 kHz HPM) – click alone
	-4.46
	0.002*


* - significant difference at p<0.01
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Figure 2: Comparison of latency shift of wave V responses between individuals with normal hearing and Meniere’s disease {Note in x-axis: 1 (click+8 kHz - click alone); 2 (click+4 kHz-click alone); 3 (click+2 kHz - click alone); 4 (click+1 kHz-click alone); 5 (click+500 Hz - click alone)}.
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Figure 3: Comparison of mean SP and AP latency and amplitude for individuals with normal hearing and Meniere’s disease. {Note in x-axis: 1 (Latency of SP); 2 (Amplitude of SP); 3 (Latency of AP); 4 (Amplitude of AP)}.


0.93 ms and 0.29 µV in experimental group whereas in control group, it was 0.86 ms and 0.11 µV respectively. It indicates that the SP values increase both in terms of latency and amplitude in pathological condition. These findings could be explained by the fact that the SP is thought to result from the sum of the alternating current of the cochlear microphonic, resulting in a direct current shift from the baseline. This shift is exacerbated by asymmetrical basilar membrane movement, as found in hydrops (Conlon & Gibson, 2000). Hence the amplitude of SP in the experimental group is abnormally larger than the control group.

The difference of SP and AP amplitude and latency between the two groups was statistically analyzed using independent sample t-test. Results showed that the SP amplitude is significantly different (t=-2.40; p<0.005) in both groups whereas no significant difference is found in SP latency (t=-0.87; p>0.05). However significant difference was reported for both amplitude (t=-1.05; p<0.002) and latency (t=-3.20; p<0.001) for AP in both groups. The differences in SP and AP amplitude between both the groups are summarized in Figure 3.

The SP/ AP amplitude ratio was measured separately for each group. The mean SP/AP amplitude ratio for




normal hearing ear was 0.12 whereas for individuals with Meniere’s disease, it was 0.28. In the present study, the SP/AP amplitude ratio value in control groups is little lower than the value mentioned in literature using extra tympanic recording (Kitahara et al., 1981; Ferrao, Best & Arenberg, 1983). Researches using either extratympanic recording or transtympanic (Gibson, Moffat & Ramsden, 1977; Kitahara et. al., 1981; Ferrao et al., 1983; Aso et al., 1991; Conlon & Gibson, 2000) accept this fact that SP/AP ratio considerably differentiates Meniere’s disease from normal group and same findings are also illustrated from the present study.

The difference in SP/AP amplitude ratio of each group was measured by using Wilcoxon signed rank test. It was found that there is a significant difference (Z=2.98, p=0.003, significance level at p<0.05) in SP/AP amplitude ratio between control and experimental group. Hence with these findings it can be concluded that SP/AP amplitude ratio can differentiate individuals with Meniere’s disease from normal hearing.

The correlation in the finding of EcochG & CHAMP in individuals with normal hearing and those with Meniere’s disease.

In the present study, by taking all the measurements into consideration from both the tests, CHAMP and EcochG of both group, the correlation was measured using Pearson correlation two-tailed test and it was found that there is a low negative correlation (r=-0.09, n=16, p>0.05) between the two tests for Meniere’s disease. Similarly correlation between CHAMP and EcochG was measured using Pearson correlation test for individuals with normal hearing and it was found that there is a low positive correlation (r=0.09, n=20, p>0.05) between the two test.

Hence, it can be concluded from the present study that both the test can be used to diagnose the Meniere’s disease as both the test showed significant differences in the findings, but there is low correlation between the two tests. This could be because of differences in recording technique and interpretation of these two tests irrespective of same pathological condition. One limitation with the both tests could be higher degree of hearing loss.

Conclusions
The purpose of the present study was to find the diagnostic value of CHAMP and ECochG in Meniere’s disease and also the inter-method reliability in the detection of Meniere’s disease using these two methods.  These  two  diagnostic  tests  (CHAMP  &

ECochG) were administered on individuals with normal hearing and with Meniere’s disease. Through this study it can be concluded that ECochG and CHAMP are effective diagnostic tool and these should be used as assessment tool for the diagnosis of Meniere’s disease. ECochG and CHAMP are generally in agreement regarding a patient’s diagnosis of Meniere’s disease.

On examining the data of the present study, several conclusions can be drawn. Analyzing CHAMP separately one can conclude that it can be used as a diagnostic tool for Meniere’s disease. Abnormality in wave V latency can distinguish Meniere’s disease but the cutoff latency criteria should be revised so that the sensitivity of the test will improve. ECochG can also be used as a tool to diagnose Meniere’s disease as this test has shown. In present study, the significant difference in amplitude and latency of SP and AP waveforms between Meniere’s disease and normal ears. Literature has also suggested the significant importance of these tools in the diagnoses of Meniere’s disease. Further research can be warranted by taking a cut-off criterion of wave V latency shift less than 1 msec in CHAMP. Bilaterality, ear effect and also the gender effect can be considered in further researches.
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Abstract
Spectral ripple discrimination test assesses the frequency resolution of an individual’s auditory system. In this study, spectral ripple discrimination ability was investigated in normal and hearing impaired listeners. The task involved discriminating between two rippled noise stimuli in which the frequency positions of the decibel amplitude-spaced peaks and valleys were interchanged. The ripple spacing was varied adaptively from 1.000 to 11.31 ripple/octave, and the minimum ripple spacing at which a reversal in peak and trough positions could be detected was determined as the spectral ripple discrimination threshold for each listener. Results showed that, the spectral ripple discrimination was best, on average, in normal listeners compared to hearing impaired listeners. SNR loss for compressed speech was greater than that for original speech and also it was found that SNR loss for slow-acting compression was less, indicating good speech intelligibility compared to fast-acting compression in hearing impaired listeners. Results of the study revealed that spectral ripple discrimination method can be reliably used to study individual’s frequency resolution ability and be used to predict SNR loss. Thus the ability to process fine structure information may lead to implications for the choice of compression speed in hearing aids.
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Introduction
Human speech is highly redundant with spectral and temporal cues. Speech signals contain two forms of information; envelope and temporal fine structure (TFS). Envelope cues (also called as amplitude modulations) correspond to the slow amplitude variations that rate below 50 Hz and fine structure cues correspond to rapid frequency fluctuations that rate above 250 Hz (Rosen, 1992). Importance of these cues for speech recognition has been the research interest in the recent decades. The temporal envelope cues from 3 to 4 bands are sufficient for the speech recognition in quiet (Shannon et al., 1995). However, recent studies have indicated that the envelope cues alone are not sufficient for the robust speech recognition in noise (Fu
& Shannon, 1999; Zeng & Galvin, 1999; Stickney, Zeng, Litovsky & Assmann, 2004; Nie, Stickney & Zeng, 2005). It has been found that adding fine structure cues along with envelope, significantly improves the speech recognition under background noise (Nie, Stickney & Zeng, 2005; Hopkins & Moore, 2008; Lorenzi & Moore, 2008).

Physiologically, information about both the envelope and the TFS is carried by the timing of the auditory nerve discharges. It is commonly believed that envelope cues are represented in the auditory system as fluctuations in the short-term rate of firing in auditory
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neurons, while TFS is represented by the synchronization of nerve spikes to a specific phase of the carrier (phase locking). In most mammals, phase locking is weak for frequencies above about 5000 Hz (Palmer & Russell, 1986), so TFS information is presumably not conveyed to the brain, or is conveyed with reduced accuracy, for frequencies above 5000 Hz. A reduced ability to use TFS information could explain some of the perceptual problems of hearing-impaired subjects (Lorenzi, Gilbert & Carn, 2006)

Recent research evidences suggest that cochlear hearing loss adversely affects the ability to use TFS information for speech perception (Qin & Oxenham, 2003; Stickney et al, 2005; Lorenzi et al., 2006; Hopkins, Moore & Stone, 2008; Lorenzi & Moore, 2008). This seems likely to be one factor that contributes to the difficulty experienced by cochlear hearing loss individuals when trying to understand speech in the presence of background especially when the noise is also modulated (Festen & Plomp, 1990; Hopkins et al., 2008). The ability to use TFS information can vary markedly across hearing-impaired individuals (Hopkins & Moore, 2009).

Henry, Turner and Behrens (2005) studied spectral peak resolution in normal hearing, hearing impaired, and cochlear implant listeners. The task involved discriminating between two rippled noise stimuli in which the frequency positions of the log-spaced peaks and valleys were interchanged. The ripple spacing was varied adaptively from 0.13 to 11.31  ripples/octave, and the minimum ripple spacing at which a reversal in




peak and trough positions could be detected was determined as the spectral peak resolution threshold for each listener. The results revealed that the normal listeners had the best spectral peak resolution, with an average threshold across listeners of 4.84 ripple/octave and a range of 2.03-7.55 ripples/octave, while cochlear implant listeners had the poorest spectral peak resolution, with an average threshold across listeners of
0.62 ripples/octave, and a range of 0.13-1.66 ripples/octave. The average spectral peak resolution threshold of 1.77 ripples/octave for the hearing- impaired listeners was between those of the normal and the cochlear implant listeners. The  results  indicated that the degree of spectral peak resolution required for accurate vowel and consonant recognition in quiet backgrounds is around 4 ripples/octave, and that spectral peak resolution poorer than around 1-2 ripples/octave may result in highly degraded speech recognition. These results suggest that efforts to improve spectral peak resolution for HI and CI users may lead to improved speech recognition.

Furthermore, measurements of frequency resolution may be helpful in selecting listener appropriate hearing-aid characteristics (Thornton & Abbas, 1980; Hannley & Dorman, 1983; Tyler et al., 1984). Ability to process TFS may have implications for the choice of compression speed in hearing aids (Moore, 2008a). Compression is one of the essential components in hearing aids to fit the wide range of signal levels occurring in everyday life (Levitt, 1982) into the typically small dynamic range of the hearing-impaired person (Miskolczy-Fodor, 1960). An individual  who has little or no ability to process TFS information will rely largely on temporal envelope cues in different frequency channels to understand speech. Even though compression offers comfortable hearing to hearing impaired individuals, it also has adverse effect on speech intelligibility by altering temporal envelope cues. Stone and Moore (2003, 2004, & 2008) have shown that fast-acting compression can disrupt the ability to use envelope cues more when compared to slow-acting compression.

Most important information that TFS carries is harmonics of the signal (Moore, Glasberg & Hopkins, 2006). Perception of harmonics are important for perception of pitch and thus for source segregation (Oxenham, 2008). Frequency resolving ability is one factor which determines the perception of harmonics and thus for stream segregation (Bernstein & Oxenham, 2006). Two stimuli (target and interferer) having different harmonic structure but unresolved at cochlear level may form single auditory stream and result in poor discrimination.

As discussed earlier when individual cannot perceive fine structure due to reduced frequency resolution, he/she might rely on envelope. So, clinicians must be cautious while prescribing compression parameters which are deleterious to envelope. Spectral ripple discrimination test assesses the frequency resolution of an individual’s auditory system. The present study was conducted to investigate whether spectral ripple discrimination test can be used for prescription of compression time constants, and also to correlate between perceptions of spectral ripples with amplitude compressed speech by individuals with cochlear hearing loss. The aim of the study was to compare the spectral ripple discrimination sensitivity between individuals with normal hearing and cochlear hearing loss. The study aimed at measuring the SNR loss in three conditions namely original speech, speech stimuli compressed using slow-acting compressor and speech stimuli compressed using fast-acting compressor. The study also investigated possible correlation between SNR loss and spectral ripple discrimination sensitivity in cochlear hearing loss individuals.

Method
Participants

A total of 20 participants were recruited for the current study. All participants were native Kannada speaking adults. The participants were divided into two groups namely, control and clinical group. The control group comprised of 8 participants (N=15 ears) with normal hearing sensitivity. Normal hearing was defined as having pure-tone air conduction thresholds ≤15 dB HL at octave frequencies from 125 to 8000 Hz in the tested ear. They were age matched to compare spectral ripple discrimination threshold.

The clinical group comprised of 12 participants (N=17 ears) with hearing impairment. The hearing losses were diagnosed as sensorineural (and assumed to be of cochlear origin) based on the lack of an air-bone gap and tympanograms consistent with normal middle ear function. The ear with the better pure tone thresholds was selected as the test ear. The degree of hearing loss ranged from mild to moderate with flat audiometric configurations.

Stimuli

Spectral ripple discrimination: Ripple noises were generated using MATLAB as described by Won, Drennan and Rubinstein (2007). Two hundred pure- tone frequency components with the duration of 500 ms were summed to generate the rippled noise stimuli..




[image: ]
Figure 1: Rippled noise spectra. Standard and inverted peak positions for ripple frequencies of 0.25, 1 and 2
ripples/octave are shown.
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The starting phases of the components  were randomized for each presentation.

Speech identification task: The amplitudes of the components were determined by a full-wave rectified sinusoidal envelope on a logarithmic amplitude scale. The ripple peaks had equal space on a logarithmic frequency scale. The overall bandwidth of rippled stimuli was 100 to 5,000 Hz with a peak-to-valley ratio of 30 dB. The ripple stimuli were generated with 8 different densities, measured in ripples per octave, those were 1.000, 1.414, 2.000, 2.828, 4.000, 5.657,
8.000 and 11.314. For standard ripples, the phase of the full-wave rectified sinusoidal spectral envelope was created using ‘sin’ function and for inverted ripples, it was ‘cos’ function (Figure 1). The stimuli were ramped with 150 ms rise/fall times.

Compression algorithms were implemented using Adobe Audition 3 software with following parameters: A compression ratio of 3:1 was used for both fast- acting and slow-acting compression. An  attack  time and release time of <5ms and 50ms respectively were used for fast-acting compression (Walker & Dillon, 1982). Similarly an attack time and release time of around 500 ms (Plomp, 1988; Festen & Plomp 1990) were used for slow-acting compression.

The quick speech-in-noise sentence lists developed by Avinash, Meti and Kumar (2009) were used. Each list consisted  of  seven  sentences  recorded  at  +20,  +15,
+10, +5, 0, -5 and -10 respectively. The present study consisted of six lists of which four lists were digitally compressed. Among compressed lists two lists simulated slow-acting compression and two simulated fast-acting compression. The remaining two lists were retained (uncompressed). The speech identification was tested in uncompressed and compressed conditions. Under compressed condition, speech identification was

assessed for both slow-acting compression and fast- acting compression.

Procedure

All subjects were tested in a sound treated room and noise levels within permissible limits as per ANSI (1991). The rippled noise and speech stimuli were presented to normal and hearing impaired listeners monaurally through calibrated two channel diagnostic audiometer (Madsen Model Orbiter 922 version 2) coupled with acoustically matched TDH 39 headphones housed in MX-41/AR. The presentation level for both speech and rippled noise stimuli was 40 dB SL for the normal-hearing listeners. The presentation level was set on an individual basis for each of the hearing impaired listeners’ most comfortable level as determined in pilot test sessions.

Spectral ripple discrimination test: Ripple resolution thresholds were determined using a three interval forced-choice adaptive procedure, based on the method developed by Henry and Turner (2003). One interval contained stimuli with standard and reverse phase separated by 10 ms (we refer this as variable interval) where another interval contained stimuli with standard and standard or reversed and reversed phase (we refer this as standard interval). The position of the standard and variable interval were randomized across the presentation, and also variable interval position of standard and reverse phase stimuli was randomized. Highest ripple density at which phase reversal could be perceived by participants were estimated using simple up-down procedure (Levitt, 1971). Three numerically labeled buttons were displayed on the computer monitor, corresponding to the three intervals, and subjects were instructed to press the button corresponding to the interval that sounded ‘different’ (i.e.,  that  contained  the  test  stimulus),  ignoring  any




loudness variation between intervals. Correct answer feedback was provided throughout the experiment. Each  test  run  commenced  at  a  ripple  frequency  of
1.000 ripples/octave, and the ripple frequency was varied in a one-down, one-up procedure. After each incorrect response the ripple frequency was decreased by a step, and it was increased after a correct response and thresholds corresponded to 50% point on psychometric function.

Speech identification task: The sentences were presented monaurally through the headphones across all three conditions. Prior to the test session, three prototype lists were administered at 40 dB SL or most comfortable level to familiarize the subjects with the task.

Scoring: One point was given for each of five key words repeated correctly in each sentence. Half credit was given for words close to the target word. The SNR-50 was calculated for each sentence using a formula as recommended by Avinash, Meti and Kumar (2009) for obtaining spondee thresholds:

SNR loss = 28.67 – (total words correct)

Results
Shapiro-Wilk’s test was administered to test whether data of spectral ripple discrimination thresholds from both the groups were normally distributed. Shapiro- Wilk’s test for normality compared the distribution of current data against the normal distribution. Results revealed that data of spectral ripple discrimination threshold from both groups are normally distributed (Experimental group; W=0.98, p=0.93 &  Control group; W=0.88, p=0.06). So, a parametric independent sample ‘t’ test was chosen to investigate the main effect of hearing loss on spectral ripple discrimination threshold. Independent sample ‘t’ test revealed that spectral ripple discrimination thresholds obtained from

both groups are significantly different [t(30)=-0.85, p<0.05]. Levene’s test for equality of variances indicated an equal variances between both groups (F=0.01, p=0.92). So, no adjustments were done to degrees of freedom. Spectral ripple discrimination thresholds were significantly better in normal hearing individuals (Mean=3.5 ripples/octave) when compared to individuals with cochlear hearing loss (Mean=1.6 ripples/octave) which can be observed from Figure 2. This result confirms the previous studies by Hopkins and Moore (2006), that individual  with  cochlear hearing loss has poor sensitivity to spectral fine structure.

Speech identification abilities by individuals with cochlear hearing loss were assessed using QuickSIN protocol (Killion, 1997). QuickSIN does not measure speech identification scores instead it measures SNR loss. SNR loss indicates loss in ability to understand speech at the SNR used by those with normal hearing (Killion, 1997). SNR loss was calculated for each individual using following formula as recommended by Avinash, Meti and Kumar (2009). SNR loss was measured for three conditions which are: (i) Speech stimuli compressed using fast-acting compressor hence forth this condition will be regarded as ‘fast-acting compression’ (ii) Speech stimuli compressed using slow-acting compressor, here after this condition will be regarded as ‘slow-acting compression’ and (iii) original speech which will regarded as ‘original’ in following section.

Gaussian nature of the data was assessed using Shapiro-Wilk’s test for normality and the results revealed that SNR loss for all the three conditions are not normally distributed [fast-acting compression (W=0.85, p=0.01), slow-acting compression (W=0.87, p=0.02)      and      original      (W=0.74,      p<0.001)].
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Figure 2: Bars represent mean ±1 SD Spectral ripple discrimination thresholds in individuals with normal hearing and hearing impairment.



Table 1: Median, range and inter quartile range for SNR loss in original, slow-acting compression and fast-acting compression conditions.
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Conditions	Median (dB)	Range (dB) (Min-Max)

Inter-quartile range (dB) (Q1-A3)

Original	4.67	0.67-23.67	3.67-8.17
Slow acting compression	5.67	1.67-22.67	3.67-13.67
Fast acting compression	8.67	2.67-28.67	4.67-13.17



Since, data from all the three conditions are not normally distributed the non-parametric Friedman’s test was used to investigate the main effect of compression on SNR loss. Friedman’s test  revealed that compression had significant main effect [X2(2)=6.89, p=0.03] on SNR loss.

Pair-wise comparisons across the three conditions were performed using Wilcoxon signed rank test. Bonferroni’s adjustments were made for each pair-wise comparisons to account for the multiple comparisons. Results of the Wilcoxon signed rank test was considered to be significant when, p<0.016 as the significance level was adjusted for Bonferroni’s correction factor. Pair-wise comparison revealed that SNR loss for original signal was significantly different (Z=-2.99, p=0.001) from the SNR loss for fast-acting compression. SNR loss for original signal was lower when compared to fast-acting compression (Table 1). Even though median SNR loss for slow-acting compression was lower than the SNR loss for fast- acting compression (see Table 1), the difference was not statistically significant  (Z=-0.98,  p=0.34). Similarly, median SNR loss for original signal was lower than the SNR loss for slow-acting compression (Table 1) but statistically, the difference was not significant      (Z=-1.87, p=0.062).

To investigate the possible association between the types of compression and SNR loss Spearman’s rank



correlation analysis was performed. Results of the Spearman correlation was considered to be significant when p<0.016 due to multiple correlations. Correlation analysis revealed that there is no association (rs=-0.33, p=0.097) between spectral ripple discrimination threshold and SNR loss for original speech, which means that spectral fine structure sensitivity or frequency selectivity did not play a major role in perception of original speech in the presence of noise.

There was a negative correlation observed between spectral ripple discrimination threshold and SNR loss for fast compression (rs=-0.54, p=0.013) as well as between spectral ripple discrimination threshold and SNR loss for slow-acting compression (rs=-0.69, p=0.001) which can be seen in Figure 3 and Figure 4 respectively. As the spectral ripple discrimination threshold increases SNR loss decreases for compressed speech. In other words, if the frequency selectivity or spectral fine structure sensitivity is better, SNR loss will be smaller. Statistically significant correlation suggests that, spectral fine structure sensitivity had played a role in perception of speech in the presence of noise under compressed conditions.

Linear regression analysis was performed to investigate whether SNR loss can be predicted from spectral ripple discrimination threshold. Linear model well suited to describe the relationship between spectral ripple discrimination	threshold	and
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Figure 3: Scatter plots showing a linear relationship between spectral ripple discrimination threshold and SNR loss for fast-acting compression conditions.
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Figure 4: Scatter plots showing a linear relationship between spectral ripple discrimination threshold and SNR loss for slow-acting compression conditions.


SNR loss for fast-acting compression [F(1,15)=6.19, p<0.05]. Similarly, regression analysis revealed that SNR loss for slow-acting compression can be predicted from spectral ripple discrimination threshold using linear model [F(1,15)=13.50, p<0.05]. Regression equations are as follows:

SNR loss fc = 15.80-3.81*Srdt SNR loss sc = 16.38-4.72*Srdt

In the above equations ‘fc’ stands for fast-acting compression, ‘sc’ stands for slow-acting compression and ‘Srdt’ stands for spectral ripple discrimination threshold.
Observation of R2 values suggested that 47% variance in SNR loss for slow-acting compression could be attributed to the variability in spectral ripple discrimination threshold. Similarly, 29% variance in SNR loss for fast-acting compression could be attributed to the variability in spectral ripple discrimination threshold.

Discussion
Spectral ripple discrimination thresholds revealed that individuals with cochlear hearing loss required less ripple density to perceive the phase reversal when compared to individuals with normal hearing. Mean spectral ripple discrimination threshold for normal hearing individuals is 3.5 ripples/octave and mean spectral ripple discrimination threshold for hearing impaired individuals is 1.6 ripples/octave. This result suggests that frequency resolving ability of individual with cochlear hearing loss is worse than normal hearing individuals. In the phase reversal task both the stimuli have same spectral band but opposite positions of spectral maxima and minima on the frequency scale. The phase reversal effect will be detected only if the rippled structure of the spectrum can be resolved. If the fine  structure  of  the  spectrum  is  unresolved,  phase

reversal cannot be detected (Supin, Popov, Milekhina
& Tarakanov, 2003). As the ripple density increases, position between the maxima and minima decreases hence, becoming irresolvable at cochlear level. Since cochlear hearing loss results in broadening of auditory filter (Tyler et al., 1984; Glasberg & Moore, 1986; Dubno & Dirks, 1989; Laroche, Quoc, Josserand & Glasberg, 1992; Peters & Moore, 1992; Stone, Glasberg
& Moore, 1992; Leek & Summers, 1993; Sommers & Humes, 1993; Leeuw & Dreschler, 1994), they require less ripple density to perceive the phase reversal. Similarly, Henry, Turner and Behrens (2005) also reported that spectral ripple thresholds were poor in hearing impaired individuals when compared to normal hearing listeners. Normal hearing individuals obtained threshold of 4.84 ripples/octave and hearing impaired individuals obtained threshold of 1.77 ripples/octave. The values obtained in the current study are slightly worse when compared to results of Henry, Turner and Behrens (2005). This might be due to the age effect; participants in the current study are slightly older than the previous study. Other reason could be technique used to generate spectral ripples. Current study used the spectral ripples which were sinusoidal in decibel amplitude space, whereas the former study used the spectral ripples which were sinusoidal in a linear amplitude space.

SNR loss in hearing impaired individuals was measured for following three conditions; original speech, fast-acting compression and slow-acting compression. For original speech, hearing impaired subjects required 4.67 dB (median) more SNR than normal hearing subjects. This finding confirms previous several other studies (Plomp, 1978, 1986; Dreschler & Plomp, 1980; Humes, Dirks & Kincaid, 1987; Zurek & Delhorne, 1987; Lee & Humes, 1993; Glasberg & Moore, 1989) that individual with cochlear hearing loss perform poor in the presence of background noise. Spectral differences especially the difference  in  F0   help  the  individual  to  perceptually




segregate the target speech and competing speech maskers. When the individual is unable to utilize the spectral differences between target speech and competing speech, he/she may not form separate perceptual streams for target speech and masker (Oxenham, 2008). Poor spectral ripple perception by the participants of the study indicated that they had poor spectral resolution, which would have disabled them from utilizing the spectral difference between the target and masker.

SNR loss for compressed speech was greater than for original speech. Median SNR loss for slow-acting compression was 5.67 dB and for fast-acting compression is 8.67 dB indicating, worst performance with fast-acting compression among the three conditions. In the present study, it was found that SNR loss for slow-acting compression was less, indicating good speech intelligibility compared to fast-acting compression. Poor performance with  compression could be attributed to the reduced dip listening ability. Listener ability to take advantage of dips in the background sound when trying to understand a target signal is denoted as dip listening (Gatehouse, Naylor,
& Elberling, 2003). Dip listening is important in situations where communication takes place in the presence of modulated background noise, like current study where multi-talker babble was used. Use of compression reduces the temporal contrast or modulations thus resulting poor dip listening (Stone & Moore, 2004, 2008). It reduces intensity contrasts and the modulation depth of speech, which may have an adverse effect on the perception of certain speech cues, especially when high compression ratios are used (Plomp, 1988).

Moore (2008b) reported that, the benefit obtained from listening in the dips may be related to the ability to process the TFS of sounds. Changes in the TFS during dips in the background help the listener to determine that target speech is present and to determine what the properties of the target speech are (Moore, 2008b). Difference in TFS cues enables the listener to form separate perceptual streams for target speech and competing speech (Nie, Stickney & Zeng, 2005). There is evidence that moderate cochlear hearing loss reduces or abolishes the ability to process TFS (Hopkins & Moore, 2007; Moore, Glasberg, & Hopkins, 2006). Most important information that TFS carries is harmonicity of the signal (Moore, Glasberg & Hopkins, 2006). Perception of harmonics are important for perception of pitch and thus for source segregation (Oxenham, 2008). Auditory frequency selectivity and the resolvability of harmonics can predict pitch discrimination, suggesting that peripheral filtering is important  for  pitch  coding  (Bernstein  &  Oxenham,

2006). Resolvability of harmonics in hearing impaired participants would have been affected by their poor frequency selectivity, thus resulting in poor speech perception in the presence of noise.

Better performance under slow-acting compression could be attributed to the fact that the deleterious effect on temporal envelope is minimal. This finding was in accordance with a study done by Drullman, Festen, and Plomp (1994), where they reported limited distortion in temporal envelope. Also, the envelope fluctuations at syllabic rates are preserved when using slow-acting compression systems, thus may be important for maintaining speech intelligibility. Poor performance of fast-acting compression could be attributed to the fact that it induces greater distortion in temporal envelope while preserving some amount of fine structure information. This was confirmed by previous studies which suggested that fast-acting compression reduces the temporal contrast to greater extent than slow-acting compression resulting in impaired speech perception (Plomp, 1994; Noordhoek & Drullman, 1997). It was also reported that it could introduce spurious changes in the shape of the temporal envelope of sounds (e.g., overshoot and undershoot effects; Stone & Moore, 2008). Therefore, it can be speculated that, in individuals with moderate cochlear hearing loss, the ability to use fine structure information is reduced and hence they rely more on information carried in the temporal envelope of speech signal. A recent study by Moore, Glasberg & Hopkins, (2006) confirms reduced ability to process fine structure information in individuals with moderate cochlear hearing loss. Hence, in the current study SNR loss for slow-acting compression is relatively better than fast-acting compression. The role of fine-structure information in speech perception remains somewhat controversial. While envelope information in a few frequency bands appears sufficient to give reasonably high intelligibility for speech presented in quiet (Shannon et al., 1995), the perception of speech in noise, especially modulated noise, seems to depend at least partly on the use of fine structure information (Lorenzi et al., 2006; Hopkins et al, 2008; Hopkins & Moore, 2008; Lorenzi & Moore, 2008b).

Results of the study revealed that spectral ripple discrimination method can be reliably used to study individual’s frequency resolution ability and be used to predict SNR loss. Individual with good spectral ripple threshold can be fitted with fast-acting compression since they can utilize spectral differences  to differentiate speech and noise. But individual with poor spectral ripple threshold, slow-acting compression may be preferred as they may have to rely more on information provided by the envelope rather than the




spectral fine structure. Rippled noise has been used to estimate frequency selectivity in neurophysiological single-unit studies (Bilsen & Wieman, 1980; Evans, 1975), in psychophysical studies using a masking paradigm (Houtgast, 1974, 1977; Pick et al.,  1977; Pick, 1980), and in studies of pitch perception of complex sounds (Yost, Hill & Perez-Falcon, 1977; Bilsen & Wieman, 1980; Yost, 1982). However, to study the frequency resolving power dependence on frequency, measurements can be made using narrow- band noises of various central frequencies. Thus, frequency resolving power data can be used to derive the auditory filter bandwidth. According to Supin et al., (1994), equivalent rectangular bandwidth (ERB) is given by the simple expression:

ERB	0.71   F0/D
where the ERB is given in Hz, ‘F0’is the central frequency, kHz and ‘D’ is the rippled density expressed in number of ripples per kHz, which determines the limit of resolvable ripple density.

Conclusions
Overall, it can be concluded that normal hearing individuals perform spectral ripple discrimination task using TFS cues implying the superior ability to process TFS information. On the other hand, individuals with cochlear hearing loss show difficulty in processing TFS information. Therefore, it can be concluded  that hearing loss significantly reduces the ability to analyze and utilize TFS cues to perform spectral ripple discrimination task. Hence, individuals with cochlear hearing loss rely more on temporal envelope cues rather than TFS for understanding speech. Fast-acting compression induces greater distortions in the temporal envelope and preserves TFS information which results in significant difficulty in speech perception compared to slow-acting compression.

In summary, the results demonstrate a dramatic loss of the ability of hearing-impaired subjects to use  TFS cues for speech perception. The conclusion from all this is that measures of the ability to use TFS information might be useful in determining the most appropriate speed of compression for a hearing- impaired individual. It is possible that the ability to process TFS is related in a more general way to the speed and accuracy of neural processing in the brain. If this were the case, the ability to process TFS could be related to cognitive abilities. This might explain the link between cognitive abilities and the benefit of fast- acting compression for listening in the dips (Gatehouse, Naylor, & Elberling, 2003).
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Abstract
An ideal hearing aid is expected to have an output that is an exact replica of the input signal in terms of its spectral and temporal parameters. However, all of the commercially available hearing aids produce distortions in terms of spectral and temporal parameters of the signal. Such distortions of stimulus may affect the neuro-physiological processing and in turn the perception. In order to experimentally investigate this, the present study was taken up. Twenty nine adults with normal hearing and 22 adults with sensori-neural hearing loss participated in this study. A synthesized stimulus /da/ was processed through analog and digital hearing aids. Brainstem responses  were recorded for the hearing aid processed /da/ as well as for unprocessed /da/ in normal and hearing impaired adults. Findings of this study suggest that hearing-aid-induced distortions affect amplitude and latency of the brainstem responses. Due to reduced temporal and spectral resolution in individuals with hearing impairment, auditory brainstem responses elicited from them were poorer compared to normal hearing individuals.
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Introduction
Based on the technology, hearing aids can be classified into analog and digital hearing aids (Sandlin, 2000). Although both types of hearing aids (analog & digital) enhance speech perception in individuals with conductive hearing loss, their ability to enhance speech perception in individuals with sensori-neural hearing loss has not been satisfactory (Dillon, 2001). This is because of the fact that individuals with sensori-neural hearing loss, in addition to their reduced sensitivity, present deficits in temporal resolution (Rawool, 2006), spectral resolution (Turner, Chi, Ling & Flock, 1999), speech perception in noise (Dubno, Dirks & Morgan, 1984; Helfer & Wilber, 1990) reduced ability to perceive high frequency formant as well as a reduced phase locking (Miller, Schilling, Franck, & Young, 1997). Any device that is provided to enhance speech perception must address these issues for a successful hearing aid fitting. An ideal hearing aid is expected to have an output that is an exact replica of the input speech in terms of its spectral and temporal parameters. On the contrary, electro-acoustic measures of hearing aids show a permissible percentage of distortion up to 10% (Nielsen, Nielsen & Parving, 1990).

The difference between the output and input speech signals, termed as distortion, could be either in terms of spectral parameters like formant frequencies, formant transition, spectrum of the onset burst etc., or in terms of temporal parameters like VOT, burst duration, transition duration, vowel duration etc. Although the
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percentage of distortion is correlated well with the extent of reduction in speech perception (Dempsey, 1997), the type of distortion (spectral and temporal) should also be a primary determining factor in the reduction of speech perception. Characterization of distortions introduced by the hearing aid hence becomes necessary. Digital hearing aids have been reported to approximate natural signal more compared to analog hearing aids (Wood & Lutman, 2004), which support a lesser signal distortion in digital hearing aids. Hence, it is also necessary to characterize the distortion separately for analog and digital hearing aids.

The primary purpose of the study is to characterize the distortion induced in analog and digital hearing aids in terms of their spectral and temporal parameters. The secondary purpose is to investigate the effects of such distortion on the signal processing in the auditory brainstem of subjects with normal hearing sensitivity and those with sensori-neural hearing loss. Because brainstem responses elicited by speech are reported to evidence even the subtle changes in the signals (Tremblay, Billings, Friesen & Souza, 2003), the present study adopted auditory brainstem responses to speech as a tool to study the effects of signal processing of speech on the neurophysiology.

It is well established that a hearing aid introduces distortions into the speech output (Licklider, 1946). However, the percentage of distortion introduced by the 2 types of hearing aids (analog and digital) is not similar (Dillon, 2001). Hence, it is warranted to examine the acoustic properties of the  output,  from both the types of hearing aids, before it is used for any further investigations.
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Individuals with sensori-neural hearing loss are known to have inherent deficit in spectral and temporal processing due to the damage of sensory hairs cells. In such situation, the negative influence of hearing aid induced distortions is expected to be more. However, none of the earlier studies documented such effects.

Further it is also important to know as to what kind of influence such distortions are going to have on the brainstem signal processing. The majority of studies that have tried to measure the hearing aid benefit using the electro-physiological measures have used long latency response (cortical auditory evoked  potential) and revealed confounding findings. Billings, Tremblay, Souza and Binns (2007) recorded cortical evoked potentials in normals and found that there was no significant effect of amplification on latencies or amplitudes. Korczak, Kurtzberg and Stapells (2005) also studied the benefits of personal hearing aids on subjects with sensori-neural hearing loss through cortical ERPs. They found that cortical ERPs were dependent on the degree of sensori-neural loss, the intensity of the stimuli, and the level of cortical auditory processing that the response measure is assessing.

The primary objective of the present study was to examine the effect of hearing-aid induced distortion on brainstem responses. The secondary objective was to characterize the hearing-aid-induced distortions. The tertiary objective was to study the effect of cochlear hearing loss on the brainstem processing of hearing-aid processed signal.

Method
The present study hypothesized that there is no difference in the brain stem responses recorded for hearing aid processed speech compared that to that elicited by original unprocessed stimulus. The study used a true experimental design, standard group comparison design and the following method to test the null hypothesis.

Subjects

Fifty one subjects participated in the study. They were divided into two groups; a control group having 29 adults with normal hearing sensitivity and clinical group having 22 adults with mild to moderate degree of sensori-neural hearing loss. They were in the age range of 18 to 45 years. Subjects in the Group-1 were required to have three important qualifications. First, they had to have normal hearing (hearing acuity within 15 dBHL) at octave frequencies between 250 Hz and 8000 Hz for air conduction and, between 250 Hz and

4000 Hz for bone conduction. Puretone  audiometry was done using a calibrated diagnostic audiometer (Grason Stadler, Inc. SI-61) with TDH 39 supra aural earphones and Radio ear B-71 BC vibrator as transducers. Second, they had normal middle ear function as assessed on Immittance audiometry using calibrated middle ear analyzer (GSI Tympstar). Only those with type ‘A’- tympanogram with normal ipsilateral and contralateral reflexes were considered for the study. There was no history of relevant otological or neurological dysfunction, and all of them were screened for auditory processing disorder by administrating speech perception in noise test at 0dB SNR. A score of more than 60% was the third qualifying criteria.

On the other hand, subjects in Group 2 had mild or moderate degree of sensori-neural hearing loss which was either flat or gradually sloping in configuration. They had type-A tympanogram and absent oto-acoustic emissions indicative of dysfunction of outer hair cells.

Procedure

The experiment involved 3 phases, phase-1 (Generation of the test stimuli),  phase-2  (perceptual and acoustic analysis of the generated stimuli) and phase-3 (recording of the auditory brainstem responses).

Phase-1 involved stimulus generation. Auditory brainstem responses were recorded by using speech syllable /da/ borrowed from Professor Kraus, Principal Investigator, Auditory neuroscience lab, Northwestern University, Chicogo. The stimulus was 40 ms in duration (generated using Klatt synthesizer) (Klatt, 1980). It comprised of an initial noise burst and formant transition between the consonant and the vowel. It included an onset burst frication at F3, F4, and F5 during the first 10ms, followed by 30 ms F1 and F2 transitions ceasing immediately before the steady state portion of the vowel. The F0 and the first three formants (F1, F2, & F3) changed over the duration of the stimulus: F0 from 103 to 125 Hz; F1 from 220 to 720 Hz; F2 from 1700 to 1240 Hz; and F3 from 2580 to 2500 Hz. F4 and F5 were constant at 3600 and 4500 Hz respectively. Figure 1 shows the waveform and spectrogram of the stimulus /da/.

Syllable /da/ was used because of 2 reasons. One, being a stop consonant it consists of evident onset burst and formant transition which could elicit better electro- physiological responses. Second, because of its complex spectral structure, any subtle distortions in the spectrum secondary to signal  processing throughhearing aid would be evident. A short duration
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Figure1: (A) Time-amplitude waveform and (B) Spectrogram of Synthetic Syllable /da/.

Table1: Electro-acoustic Characteristics of two hearing aids


Hearing Aid

Measurement Parameter



Alps N (analog hearing aid)	Alps DH+ (Digital Hearing aid)


OSPL90

1kHz	- 119.34 dB
HFA Level	- 116.4 dB

1 kHz- 119.5 dB
HFA Level-116.9 dB

Full on gain	HFA level	- 44.2d B	HFA Level-44.3 dB Frequency response	200 Hz   to 4477 Hz	200 Hz to 5000 Hz Equivalent input noise	17.9 dB		9 dB
Battery current drain	1.5 mA	0.9 mA
Harmonic distortion	2.48%	1.89%
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Figure 2: Block diagram of instrumentation and setup used for recording the processed stimuli.


syllable was preferred, as a longer analysis Window (that is - necessary to record responses elicited by longer duration stimulus) restricts the repetition rate which in turn prolongs the duration of testing.

To compare the processed and the natural stimulus in phase 2 and phase 3, stimulus /da/ was processed through a digital (DH+Alps) and an analog (Alps N) hearing aid. Two hearing aids were of same company (Alps international limited). The characteristics of the hearing aids were matched to maintain the uniformity. Both were moderate gain hearing aids. Analog hearing aid was with a trimmer control while the digital hearing aid was multi channel with WDRC (wide dynamic range compression) and noise reduction algorithm features. However, WDRC and Noise reduction algorithm were switched off to rule out the influence of those      features.      The      EAC      (Electro-acoustic

characteristic) of the 2 hearing aids as measured by Fonix 7000 are as given in Table1.

To record the stimulus processed through the hearing aids, stimulus was initially fed into a computer. The audio output of computer was routed into a calibrated diagnostic audiometer. The syllables were then played at 40 dB HL and 45 degree azimuth through the sound field speaker. An analog hearing aid or a programmed digital hearing aid was placed in the subject’s position at a 1 meter distance. The receiver of the hearing aid was connected to a 2 cc coupler. The other end of the coupler was attached to a Sound Level Meter (SLM). The SLM in turn was connected to another computer which received the processed stimulus. The so recorded stimulus was then normalized to maintain the overall amplitude constant across stimuli. A block diagram of the set up is shown in Figure 2.
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Phase-2 involved acoustic and perceptual analysis of unprocessed and processed /da/ syllables. In the acoustic analysis, spectral and temporal aspects of the unprocessed stimulus and the processed stimuli were studied using PRAAT (Version 4.1.21) software. Comparison was made across unprocessed stimulus, stimulus processed through analog hearing aid and stimulus processed through digital hearing aid. The parameters analyzed included Fundamental frequency, F1, F2, F3, F4, total stimulus duration, burst duration,

for the higher harmonics (721-1155 Hz) were measured for all the subjects. A 2 ms on 2 ms off Hanning ramp was applied to the waveform. Zero-padding was employed to increase the number of frequency points

Table  2:  Protocol  for  recording  auditory  brainstem
  responses 	
Parameters	Target Settings


Stimulus Parameters

1. /da/- unprocessed

and  formant  transition  duration.  The  analysis  was
carried out  by speech  pathologists  with  expertise  in acoustic analysis.

In the perceptual analysis, stimuli were perceptually

Stimulus
2. 
Hearing aid processed
-/da/-digital hearing aid
-/da/ - analog hearing aid

analyzed for the quality. The three syllables were played to 20 sophisticated listeners at comfortable levels through audio deck. The participants were instructed to rate the naturalness on a five-point rating scale wherein ‘1’ is most natural, ‘2’- near natural, ‘3’- moderately natural, ‘4’- almost unnatural and ‘5’- completely unnatural.

In phase-3, auditory brainstem response (ABR) was recorded for the 3 target stimuli in a sound treated room where the noise levels were as per the guidelines

Duration	40 ms
Polarity	Rarefaction Stimulus Intensity	70 dBnHL Repetition Rate	7.1 Hz

Acquisition Parameters

Mode	Ipsilateral
Analysis Time	60 ms
Band Pass Filter	30 to 3000 Hz
Electrode Montage	Vertical - Fpz, Cz, Nape Sweeps		1500
Transducer	Insert ER-3A

in ANSI S 3.1 (1991). The clients were seated comfortably in a reclining chair. The skin surface at the vertex (Cz), nape of the neck, and forehead (Fz) was cleaned with skin abrasive gel, to obtain the absolute electrode  impedance  of  less  than  5  kΩ  and  inter-

Electrode
Impedance
No. of  Channels No. of  Replications

<5 kOhms

One Two

electrode impedance of less than 2 kΩ. The electrodes were placed with the help of skin conduction paste and secured tightly in their respective places using surgical plaster. Participants were instructed to relax and refrain from extraneous body movements to minimize artifacts. The testing was done monaurally in both the ears. The stimulus and acquisition parameters used for recording brainstem responses are given in Table 2.

Brainstem responses elicited by speech were visually analyzed independently by two audiologists, experienced in the area of electrophysiology. Only the replicated waves were considered for the analysis. Both transient and sustained elements of the responses were analyzed. Each individual wave was analyzed to record latency and amplitude of wave V, A, C, D, E, F and O.

The sustained portion was further analyzed using Fast Fourier Transformation to record the energy at frequencies corresponding to F0 and F1. The Fast Fourier transformation was performed on the recorded waveforms. Activity occurred in the frequency range of the response corresponding to the fundamental frequency of the speech stimulus (103– 121 Hz), first formant frequencies of the stimulus (454-719 Hz) and

where spectral estimates were obtained. An auditory evoked response from the subjects was required to be above the noise floor in order to be included in the analyses (Russo, Nicol, Musacchia & Kraus, 2004). This calculation was performed by comparing the spectral magnitude of the pre-stimulus period to that of the response. If the quotient of the magnitude of the F0, F1 and higher harmonics frequency component of the FFR divided by that of the prestimulus period was greater than or equal to one, the response was considered to be present. The analysis of F0 and F1was done with the MATLAB software.

Results
The results of the study are discussed under 3 headings; results of acoustic analysis, results of perceptual analysis and results of brainstem responses.

Results of Acoustic Analysis

Acoustic analysis was carried out on the 3 test stimuli to identify the spectral and temporal parameters, which were then compared for any differences. Results of the acoustic  analysis  revealed  that  the  signal  processing




influenced spectral as well as temporal parameters of the syllable /da/. For the acoustic analysis, the spectral parameters considered were fundamental frequency and the subsequent higher formants (first, second, third and fourth). Among these parameters, fundamental frequency did not vary between unprocessed /da/ and processed /da/ stimuli, while first, second, third and the fourth formants were different (higher), in processed stimuli compared to that in unprocessed stimulus. The temporal parameters considered in the spectral analyses were burst duration, transition duration and the overall duration of the stimulus. Among these measures (burst duration & transition duration) marginal differences were seen in burst as well as transition durations. Burst duration was increased while the transition  duration was decreased in the processed stimuli compared to the original /da/. There was no considerable difference between temporal measures of stimulus processed through analog and digital hearing aids.

Results of Perceptual Analysis

It can be seen in the Figure 3 that most of the listeners rated original unprocessed /da/ as either natural, near natural or moderately natural. None of them perceived it to be almost unnatural or completely unnatural. However, this was not the case with processed stimuli. Neither of the processed stimuli was rated most natural by any of the listener. Within the 2 processed stimuli, output of the analog hearing aid was perceptually rated poorer than the digital hearing aid.

To see whether these observed differences in the perceptual rating were statistically significant, ‘Equality of Proportions’ was used. In this, the number of listeners who rated the 3 stimuli as natural were compared. Results showed that the number of individuals who rated the unprocessed stimulus as natural were significantly higher [Z=4.50, p<0.05] compared to that of processed stimuli. But when they were compared on ‘near natural rating’, results showed no significant difference [Z=0.38, p>0.05] between them.

Results of Brainstem Responses

The latency and amplitude measures of waves V, A, C, D, E, F and O were recorded by 3 different stimuli in 2 groups of subjects. Waves V, A, D, E, and F were present 100% of the time while waves C and O were present in very few individuals in all the conditions. Hence for all further statistical procedures only measures of V, A, D, E and F were considered.

Results of Onset Responses: Brainstem responses were recorded for 3 stimuli and in 2 groups. The statistical

results of the latency and amplitude are discussed separately.

Results of Latency of Onset Responses: The data in Table 3 shows that there were mean differences across the responses elicited by 3 stimuli and in 2 groups. Both wave V and A were prolonged when elicited by the processed stimuli compared to the original, unprocessed /da/. Further, onset responses elicited by
/da/-digital was more prolonged  than  /da/-analog. These mean differences were present in both the groups.

The data also showed mean differences between the two groups. Mean latencies were prolonged in the Sensori-neural hearing loss (SNHL) group compared to normal hearing group. This was true for all the 3 stimuli and both the waves.

To verify whether these mean differences were statistically significant, the data was tested on Mixed ANOVA taking stimulus and the group as independent variables. The results of Mixed ANOVA for wave V latency showed an overall significant effect of stimulus [F(2, 98)=116.27, p<0.05] but not group [F(1, 49)=1.23, p>0.05]. On the other hand, the results of Mixed ANOVA for wave A showed over all significant effect of stimulus [F(2, 98)=20.47, p<0.05] as well as group [F(1, 49)=4.47, p<0.05]. There was no interaction between group and stimulus in either wave V latency [F(2, 98)=1.43, p>0.05] or wave A latency [F (2, 98)=2.43, p>0.05].

Because Mixed ANOVA showed overall effect of stimulus, Bonferroni test was used for pair-wise comparison. Results showed that there was significant difference across all 3 pairs (Unprocessed /da/ - Analog
/da/; Unprocessed /da/- Digital /da/; Digital /da/ - Analog /da/). Figure 4 (a & b) shows the delayed onset response elicited by processed stimuli in representative normal (a) and SNHL (b) subjects.

Furthermore, MANOVA was done to see the group differences in each stimulus. Results showed no difference between normal group and SNHL group in any of the stimuli; Unprocessed /da/ stimulus - [F(1, 49)=0.073, p>0.05], Analog hearing aid processed /da/ stimulus- [F(1, 49)=0.529, p>0.05], Digital hearing aid processed stimulus- [F(1, 49)=3.06, p>0.05].

As the Mixed ANOVA showed significant difference in wave V and A latencies across the stimulus taking data from both the groups, repeated measure ANOVA was done within group to see which group had significant difference in wave V and A latency across the three stimuli.  Repeated measures ANOVA was
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Figure 3: Perceptual judgment of unprocessed /da/, /da/ processed through digital hearing aid and /da/ processed through analog hearing aid on a five point rating scale by 20 sophisticated listeners.

Table 3: Mean and Standard Deviation (SD) of latency and amplitude of wave V and A, recorded for the three test stimuli and in the target groups


Peak	Group	Parameter

Unprocessed stimulus  /da/

Analog Hearing aid processed stimulus /da/

Digital Hearing aid processed stimulus/da/





Wave ‘V’


Wave ‘A’

Normal SNHL
 (
Mean
SD
Mean
SD
Mean
SD
Latency (ms)
5.73
0.37
6.26
0.31
6.33
0.36
Amplitude
 
(µV)
0.25
0.09
0.22
0.09
0.20
0.07
Latency (ms)
5.75
0.35
6.32
0.31
6.55
0.55
Amplitude
 
(µV)
0.20
0.08
0.16
0.07
0.16
0.08
Latency (ms)
6.60
1.17
7.19
0.35
7.30
0.31
Amplitude
 
(µV)
0.35
0.09
0.29
0.05
0.26
0.06
Latency (ms)
6.88
0.46
7.37
0.44
7.61
0.61
Amplitude
 
(µV)
0.32
0.10
0.30
0.14
0.25
0.08
)Normal SNHL

done separately for normal and SNHL groups. Results showed significant difference across stimuli in both normal   [F(2,   56)=83.83,   p<0.05],   [F(2,   56)=7.65,
p<0.05] and SNHL [F(2,42)=43.00, p<0.05], [F(2, 42)
=39.98, p<0.05] groups for wave V latency and wave A latency respectively. Pair-wise comparison on Bonferroni test showed significant difference in all 3 pairs  (Unprocessed  /da/  -  Analog  /da/;  Unprocessed
/da/- Digital /da/; Digital /da/ - Analog /da/) in both wave V and A latencies, in both the groups.

Results of Amplitude of Onset Responses: Both V and A amplitude were decreased when elicited by the processed stimuli compared to  the original, unprocessed /da/. Within processed stimuli, in most instances, Digit-/da/ elicited lesser amplitude compared to analog-/da/. This was true in both the groups. On comparing the means of 2 groups, in most instances,

normal group had higher mean amplitude of wave V and A compared to SNHL group. This was true with all the 3 stimuli.

To verify whether these mean differences were significantly different, mixed ANOVA was done. Results showed significant main effect of stimulus on both wave V [F (2, 98)=8.54, p<0.05] and wave A [F(2, 98)=14.76, p<0.05] amplitudes. On the other hand, main effect of group was seen only on wave V amplitude [F(1, 49)=9.65, p<0.05] and not on wave A amplitude [F (1, 49)=0.35, p>0.05].

There were no significant interactions either in wave V [F(2,  98)=2.37,  p>0.05]  or  wave  A  [F(2,  98)=0.55,
p>0.05]. Consequent to main effect of stimulus seen in Mixed ANOVA, pair-wise comparison was tested on Bonferroni. Results of wave V amplitude showed that there was significant difference between unprocessed
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)Figure 4(a): Responses recorded in a representative Normal hearing subject.
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Figure 4(b): Responses recorded in a representative SNHL subject.


stimulus and digital-/da/ only. There were no significant differences in the other 2 pairs. Whereas, results of wave A amplitude showed that all 3 pairs (Unprocessed /da/ - Analog /da/; Unprocessed /da/- Digital /da/; Digital /da/ - Analog /da/) were significantly different.

To verify whether group differences in the amplitude of wave V and A within each stimulus are significantly different, MANOVA was done. Results of wave V showed significant difference between two groups in analog hearing aid processed stimulus [F(1, 49)=14.18, p<0.05]. But there was no significant difference between groups in unprocessed stimulus  [F(1, 49)=3.89, p>0.05] and digital hearing aid processed stimulus [F(1, 49)= 3.00, p>0.05]. On the contrary, results of wave A did not show significant difference between the two groups in any of the three stimuli (unprocessed stimulus [F(1, 49)=0.79, p>0.05], analog hearing aid processed stimulus [F(1, 49)=0.03, p>0.05], digital hearing aid processed stimulus [F(1, 49)=0.57, p>0.05]).

Repeated measure ANOVA was done within each group (normal & SNHL separately) to test the significance of difference in wave V amplitude across the 3 stimuli. In normals, there was significant main effect  of  stimulus  in  both  wave  V  [F(2,  56)=5.88,

p<0.05]   and   wave   A   [F(2,   56)=11.17,   p<0.05]
amplitudes consequent to which Bonferroni test was done. Results of pair-wise comparison of wave V amplitude showed significant difference between unprocessed stimulus and digital hearing aid processed stimulus and, analog hearing aid processed stimulus and digital hearing aid processed stimulus. But wave V amplitude of unprocessed stimulus and analog hearing aid processed stimulus were not different. On the other hand, pair-wise comparison of wave A amplitude showed significant difference between unprocessed stimulus and digital hearing aid  processed  stimulus, and also between unprocessed stimulus and analog hearing aid processed stimulus. But wave A amplitude of analog hearing aid processed stimulus and digital hearing aid processed stimulus were not different. In SNHL group, there was significant main effect of stimulus on wave V [F (2,42=6.04, p<0.05) and wave A [F(2,42)=5.19, p<0.05] amplitudes. On pair-wise comparison it was seen that, for wave V, there was significant difference between unprocessed stimulus and both the processed stimuli. But there was no difference between analog /da/ and digital /da/. On the other hand wave A amplitude was significantly different only between unprocessed stimulus  and digital /da/ stimulus. Readers can refer to Figure 4 (a) and (b) for amplitude differences.



Table 4: Mean and standard deviations (S.D) of F0, F1 and higher harmonics (HF) amplitude elicited by three different stimuli cross the group




Peak F0 F1 HF

Stimulus→	Unprocessed /da/	Analog hearing aid
 (
Group↓
Mean
 
(dB)
S.D
Mean
 
(dB)
S.D
Mean
 
(dB)
S.D
Normal
7.50
3.41
7.11
2.04
6.61
2.29
SNHL
7.09
3.77
6.05
2.55
5.15
2.4
Normal
1.03
0.42
0.96
0.33
0.87
0.31
SNHL
0.92
0.38
0.82
0.40
0.77
0.43
Normal
0.39
0.08
0.37
0.12
0.33
0.09
SNHL
0.31
0.10
0.28
0.06
0.26
0.06
)processed /da/

Digital hearing aid processed /da/



Results of FFR Responses: FFRs (D, E & F) recorded were subjectively analyzed to note down the peak latencies and amplitudes and, objectively analyzed on FFT. The results of subjective analysis of FFR are not mentioned in the article. However, the information is available in the complete dissertation. The interested readers can refer to the dissertation.

Results of FFT: The amplitudes of synchronous neural response at frequencies corresponding to F0, F1, and higher harmonics (HF) were analyzed for the speech evoked ABR for three different stimuli (Unprocessed
/da/, analog hearing aid processed /da/, and digital hearing aid processed /da/) and in 2 groups of subjects. The mean and standard deviations (S.D) of amplitude of the F0, F1 and higher harmonics (HF) of speech evoked FFR recorded by the 3 different stimuli, in 2 groups are given in Table 4. Amplitudes of all three frequencies (F0, F1 & F2) were more in normal compared to SNHL group. Also, amplitude was maximum for unprocessed stimuli and minimum for digital hearing aid processed stimulus.

To see the effect of different stimuli on the amplitude of F0, F1 and higher harmonics in both groups, Mixed ANOVA was done. Results of F0 showed that there was neither a stimulus effect [F (2, 98) =1.46, p>0.05] nor a group effect [F (1, 49) = 3.96, p>0.05] on F0 amplitude. Also, there was no interaction between stimulus and group. For F1 amplitude, the results of Mixed ANOVA showed significant effect of stimulus [F(2, 98)=7.84, p<0.05) while there was no significant effect of group [F(1, 49)=1.31, p>0.05]. There was also no interaction between stimulus and group [F(2, 98)=0.174, p>0.05). Bonferroni test showed significant difference only between unprocessed stimulus and digital hearing aid processed stimulus. There was no significant difference in the other 2 pairs of stimuli. MANOVA was done to see group difference in each stimulus. It did not show significant difference between two groups in any stimulus (Unprocessed [F(1, 49)=0.78, p>0.05], analog hearing aid processed [F(1,

49)=1.81, p>0.05], analog hearing aid processed [F(1,49)=0.84, p>0.05]). Repeated measure ANOVA was done to see the difference between stimuli within a group (normal and SNHL). In normal, there is significant difference across stimuli [F(2, 56)=14.95, p<0.05]. From Bonferroni test, it was seen that there was significant difference between unprocessed stimuli and digital hearing aid processed stimulus. But there was no significant difference in other 2 pairs of stimuli. In SNHL, there was no significant difference in any of the pairs of the stimuli.

In the amplitude of HF, Mixed ANOVA showed significant effect of stimulus [F 2, 98)=8.20, p<0.05] as well as group [F(1, 49)=10.89, p<0.05]. No interaction was seen between stimulus and group [F(2, 98)=0.34, p<0.05). Bonferroni test revealed significant difference between unprocessed stimulus and digital hearing aid processed stimulus. But no significant difference was seen in other 2 pairs of stimuli. MANOVA was done to see group difference in different stimuli. It showed significant difference between two groups in all three stimuli (Unprocessed [F(1, 49)=7.33, p<0.05], analog hearing aid processed [F(1, 49)=7.80, p<0.05], analog hearing aid processed [F(1, 49)=6.48, p<0.05]). Repeated measure ANOVA was done to see the difference between stimuli within a group (normal and SNHL). There was significant difference across stimuli in both normal [F(2, 56)=5.11, p<0.05] and  SNHL [F(2, 42)=3.88, p<0.05] groups. From Bonferroni test, it was seen in both the groups that there was significant difference only between unprocessed stimuli  and digital hearing aid processed stimulus. There was no significant difference in other 2 pairs.

Discussion
The present study was designed with a null hypothesis that there is no difference in the speech processed through the hearing aids compared to the input signal. It was also hypothesized that there are no differences between the normal and SNHL groups in terms of their




brainstem neural processing. However, the results of the study did not support these hypotheses. Brainstem responses elicited in the 2 groups and by the 3 stimuli were different in terms of latency as well as amplitude.

Hearing Aid Induced Distortions

The results of present study showed that processing of synthetically generated /da/ through hearing aids added distortions to the speech stimulus. This was true in both analog as well as digital hearing aids.

Distortions were in terms of both spectral as well as temporal parameters. In terms of spectral measures, there was a difference in absolute frequency as well as ratio of the formants (F3/F2, F2/F1, and F1/F0) after processing the through the hearing aid. The differences in the ratio are given in Table 5.

This finding has important implications in speech perception. Miller (1953) reported that formant frequency ratio acts as a cue for vowel discrimination. It can be seen from Table 5 that there is large difference in the formant ratio between processed and unprocessed /da/ stimuli. Such changes in formant ratio may not influence speech intelligibility significantly as vowel contributes little (only about 5%) to intelligibility (Kent & Read, 1995). However, one should realize that such changes may be detrimental during the development of speech and language in pre- lingually deaf children. It can also be seen from the table that the difference in the ratios were most evident when the F1 was taken into consideration for the calculation of the ratio. This indicates that the major reason for the discrepancy of these ratios is probably the difference in the frequency of F1 between the processed and unprocessed stimuli. Furthermore, even in terms of temporal measures, distortion was added into the speech stimulus while processing through the hearing aids. Major distortion was due to the reduction in the transition duration while the burst duration changed little after processing through hearing aids. A similar distortion was noticed in both the hearing aid processed stimuli. Reduction in duration of transient cues (Transition duration & burst duration), even by few milliseconds is expected to degrade consonant perception (Tallal, Merzenich, Miller & Jerkins, 1998). Also, Voice onset time (VOT) being major cue for the perception of voicing, such temporal distortions if cut down VOT will affect the distinction between voiced and unvoiced speech sounds. Another type of distortion that can be seen in the waveforms of the processed stimuli in comparison to the unprocessed stimulus is the evidence of prolonged ringing within the total duration of the stimuli. This increased ringing, which can be seen to have a relatively higher frequency, has

probably led to the frequency of F1 being shifted up to
789.29 and 758.31 (for the analog and digital processed stimuli respectively) from the F1 frequency of 493.45 in the unprocessed stimulus.

Perceptual Changes in Hearing Aid Processed Speech

Perceptually, unprocessed stimulus was found to be more natural than both hearing aid processed stimuli while both the processed stimuli had comparable ratings for the naturalness. This means that although hearing aids are facilitating hearing impaired individuals in terms of audibility, the naturalness of the signal is lost during amplification. However, one is cautioned about the fact that the present study analyzed output of a single syllable and any inferences drawn about naturalness of continuous speech will be premature. Perceptual differences in naturalness observed between unprocessed and hearing aid processed stimuli may have been partly due to changes in formant ratio.

Brainstem Encoding of Hearing Aid Processed Speech

The primary aim of the study was to understand how unprocessed and processed stimuli are coded neuro- physiologically in individuals with normal hearing and sensori-neural hearing loss. Results showed that both onset and sustained responses elicited by the hearing aid processed speech were poorer than that elicited by unprocessed speech syllable. The latencies were prolonged and the amplitudes were reduced. This was true is both the groups. This shows that the distortions produced by the hearing aids are affecting the signal to an extent that the onset and sustained portions of the stimulus will not be coded effectively. Reduced amplitude and prolonged latency indicates poorer synchronization at the level inferior colliculous, which is attributed to the altered rise time of the signal. The responses elicited by /da/-digital were poorer than that of /da/-analog. The exact reason for this is not clear.

The results of the present study are not in agreement with Garvita and Sandeep (2011). Unlike the results of present study, Garvita and Sandeep (2011) reported shorter latency and higher amplitude in the processed stimuli than unprocessed stimulus. The difference in the results could be because of difference in the stimuli and hearing aids used. Garvita and Sandeep  (2011) used a natural utterance while the present study used a synthetically generated stimulus and thus ensured better control.

Delay and reduction in amplitude was also observed in wave E which is a component of FFR. FFR codes for




the periodicity and is generated at Brainstem nuclei (Marsh, Brown, & Smith, 1974; Smith, Marsh, & Brown, 1975). The present result indicates that the hearing aid induced distortions affect the encoding of periodicity  in signal which in turn  is important  to

encode pitch of the signal. The additional ringing reported in the acoustic analysis may be contributing for the poor processing of periodicity. Results of FFT further supported this notion. Amplitude at F1 frequency range was significantly less when the response was elicited by /da/-digital compared to that of unprocessed stimulus. These results are contradicting the findings of Garvita and Sandeep (2011) who reported enhanced F0 and F1 when elicited by processed stimuli. The results of FFT of brainstem response showed that energy at F0 was higher compared to F1 and F2 in all condition (in both groups and all the three stimulus conditions) which is in agreement with the study done by Russo, Nicol, Musacchia and Kraus, (2004) where they reported F0 region in the responses showed a greater energy compared to its harmonics.

Effect of Sensori-neural Hearing Loss on Brainstem Encoding of Speech

The secondary aim of the study was to examine the effect of sensori-neural hearing loss on the brainstem encoding of unprocessed and hearing aid processed speech. Results showed that there was group difference only for the brainstem onset responses (wave ‘V’ and ‘A’). Amplitudes of both waves ‘V’ & ‘A’ were found to be significantly reduced in the individuals with hearing impairment compared to the normal hearing group. This could be due to difference in the audibility of the 2 groups. Because of sensori-neural hearing loss, intensity reaching the brainstem will be lesser and in turn leading to lesser amplitude. However, this notion is not supported by the results of latency. If only there was difference in the intensity between the  groups, there should have been significant increase in the latency too. Significant difference was absent in the present results.

Lesser amplitude of onset response means that the onset of the stimulus is poorly coded in sensori-neural hearing loss compared to normals. Coding of the onset of responses require synchronous firing of auditory nerve fibers and is important for processing burst of the stop consonants. The reduced amplitude observed in mild to moderate sensori-neural hearing loss individuals could be either because of reduced synchronous firing of nerve fibers or due to reduced number of participating nerve fibers.   Goldstein and

Srulovicz (1977) reported that there was a reduced temporal processing ability even in individuals with sensory hearing impairment owing to a changed (reduced/altered) traveling wave velocity. Such a change in traveling wave velocity might alter the synchronous firing of the auditory nerve fibres, thus leading to reduced amplitudes of the compound action potential which in turn leads to reduced amplitudes of the wave V. Furthermore, the present finding may be also influenced by the distortions in the stimuli. Introduction of temporal and spectral distortion that are added to the stimuli may be leading to reduced synchronous firing.

In the wave A, there was a clear difference between the two groups in terms of the wave ‘A’ latency. Among the groups, the latency of the wave A in the hearing impaired group was significantly delayed compared to that of the normal hearing group. This effect is possibly due to two reasons. As mentioned before, a cochlear hearing loss also reduces the synchronicity of the neural firing, thus leading to relatively delayed wave
A. Another possible reason might be the broadening of the waves because of a relatively more dominant low frequency  response  from  the  post  synaptic potentials. It is generally agreed that the response spectrum of the post synaptic potential is dominated in the low frequency (Selverston, Kleindienst & Huber., 1985; Schildberger, Milde & Horner, 1988).

There was also significant difference of the wave A between the across stimuli. For the normal hearing group, there was significant difference between the processed stimuli and the unprocessed stimulus whereas, for the hearing impaired group, there was significant difference between all the three stimuli. The difference in the latency for the processed versus the unprocessed might be because of the addition of spectral and temporal distortions into the processed signal. It was observed that the wave A latencies didn’t significantly change for the two processed signal in the normal group, whereas there was significant difference between the two processed signal in the hearing impaired group. This might be possible because, a normal auditory system might compensate for the slight changes in the signal (as seen in the analog Vs digital hearing aid processed stimuli), whereas an impaired auditory system might not be able to off-set these changes in the stimuli, which are also evidenced in the wave A latencies for the analog and digital hearing aid processed stimuli. Acoustical analysis also revealed similar finding where in the burst duration was slightly longer for the digital stimuli compare to analog. And the same is seen in the wave A latency as



Table 5: Ratio of formant frequencies for three stimuli.

Measure	Unprocessed
/da/

Analog hearing aid processed /da/

Digital hearing aid processed /da/

F1/F0	4.22	6.79 	6.48
F2/F1	2.97	1.96 	1.98
F3/F2	1.77	1.62 	1.71



well where in latencies of wave A for the digitally processed signal was slightly delayed than compare to that of analog processed signal.

FFT shows decrease in energy of F0, F1 and HF in Hearing aid processed stimuli  compared  to unprocessed stimuli. In all frequencies (F0, F1 and HF) there is trend of decreasing energy. In F0 and F1 there is no group difference but in HF, significant amplitude difference is present between individuals with normal and SNHL. This may be due the reduced ability to code high frequency formants in SNHL group secondary to reduced phase locking (Miller, Schilling, Franck & Young, 1997). Acoustic analysis shows that in hearing aid processed stimuli, there is increase in frequency of F1 and F2 but F0 remained the same. Decrease in amplitude (energy) may reduce the perception of manner as F2 cues for place of articulation (Kent & Read, 1995).

Thus, it can be inferred that speech cues are likely to be disrupted when processed through hearing aids. Such disruptions are more in individuals with sensori-neural hearing loss as the cochlear pathology acts as an additional degrading factor. The present day hearing aids mainly help in improving the audibility, and improve signal to noise ratio to some an extent. However, there are hearing aid induced distortions which may be detrimental to speech perception. This issue needs to be seriously considered and the respective group must work towards improving the hearing aid technology.

Conclusions
Thus, from the results of the present study it can be concluded that hearing aids create distortion in both spectral and temporal aspects of speech which in turn affects the processing at the level of brainstem. Such distortions are more deleterious in individuals with sensori-neural hearing loss. Individuals with sensori- neural hearing loss need better quality of signal compared to individuals with normal hearing for equivalent perception. So, hearing aid technology should be improved to minimize the distortions which are detrimental to speech perception.
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The present study aimed to evaluate the effects of plasticity in behavioural and electrophysiological measures in naïve monaural hearing aid users before and after a period of hearing aid usage. Eight participants were evaluated in two phases, i.e., at the time of hearing aid fitting (baseline) and a follow-up after two to  three  months. Behavioural measures included aided and unaided speech identification scores (SIS) and signal-to-noise ratio 50 (SNR-50). Electrophysiological measures were unaided speech-evoked ABR and LLR. The results revealed no significant difference between baseline and follow-up evaluations for unaided SIS, SNR-50, amplitude and latency of peak V, P1, N1, P2, N2 in the unaided ear. However, in the aided ear, there was a significant difference between baseline and follow-up for unaided and aided SIS, aided SNR-50, amplitude of N1-P2 complex. Better synchronization of nerve fibres and acclimatization to listening to sounds at a higher presentation level might be the reasons for improvement noted in the aided ear. In the aided and the unaided ear, though changes were seen in the evoked potentials, no significant differences were noted. More changes were seen in the cortical potentials than the brainstem potentials. This information will be useful in counseling naïve monaural hearing aid users to wear their hearing aids for a longer time, use binaural hearing aids or to alternate the hearing aid between the two ears.
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Introduction
Hearing devices such as hearing aids and cochlear implants, help individuals with hearing impairment. Evidence from literature reflects that there is a lot of variability in performance with such devices across individuals (Tremblay, 2003). Kochkin (2003) has reported that over 16% of people receiving hearing aids completely rejected them, and only 60% are satisfied with their aids. Despite much research focusing on the technology used in such devices, research still cannot fully explain the reason for two individuals with the same configuration and degree of hearing loss demonstrating significantly different improvements in speech understanding with similar devices. One possible explanation for performance variability may lie beyond the ear, i.e., central auditory plasticity could be a factor (Tremblay, 2003).

Changes in performance are noticed when the individuals with hearing impairment start using their hearing aids for the first time. These changes in performance may be related to the two effects of plasticity namely, auditory acclimatization and auditory deprivation. The auditory acclimatization is defined as ‘a systematic change in auditory performance with time, linked to a change in the acoustic   information   available   to   the   listener.   It
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involves improvement in performance that cannot be attributed purely to task, procedural, or training effects’ (Arlinger et al., 1996, p.87S). While, auditory deprivation effect is the ‘systematic decrease, over time in auditory performance associated with the reduced availability of acoustic information.’ (Arlinger et al., 1996).

Plasticity implies a physiologic basis for change in auditory function due to auditory learning. Auditory learning is defined as a functional change in auditory ability for the better (acclimatization) or for the worse (deprivation). Acclimatization and deprivation can be characterized as components of auditory learning that are going in two different directions (Palmer, Nelson & Lindlay, 1998). Physiological plasticity of the auditory system is examined as the possible underlying mechanism for auditory learning that is measured through functional abilities.

Decrements in performance of the unaided ear in monaural hearing aid users have been reported by several investigators (Silman, Gelfand & Silverman, 1984; Gelfand, Silman & Ross, 1987; Hattori, 1993; Gelfand & Silman, 1993). Gatehouse (1989) reported that in monaural hearing aid users with symmetrical hearing loss, aided ear performs better at higher presentation levels whereas the unaided ear performs better at lower presentation levels. The intensity dependence suggests that an ear which is used to receiving a high level of stimulation, and hence the associated pattern of speech cues, will ‘adapt’ to the
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pattern of cues presented and be most efficient at analyzing at high presentation levels. It can be inferred from the findings of this study that the effects of deprivation and acclimatization might be noticed only at higher presentation levels. Hurley (1999) reported that deprivation effect required at least two years of monaural hearing aid usage.

Studies have reported improvements in speech measures over time (Cox, Alexander, Taylor & Gray, 1996; Arkis & Burkey, 1994). Following a period of hearing aid usage increased Uncomfortable Loudness Level (ULL) in the aided ear (Munro & Trotter, 2006), differences in loudness scaling (Philibert, Collet, Vesson & Veuillet, 2002; Philibert, Collet, Vesson & Veuillet, 2005), changes in intensity discrimination (Robinson & Gatehouse, 1996; Philibert et al., 2002, 2005), and changes in frequency discrimination (Gabriel, Veuillet, Vesson & Collet, 2006) have also been reported.

Philibert et al., (2005) reported shortening of wave V latency in the right ear in binaural hearing aid users. Munro, Pisareva, Parker and Purdy (2007) reported larger mean peak-to-peak amplitude of wave V to SN10 in the aided ear of long term monaural hearing aid users. Sakhuja, Munjal and Panda (2010) noted a significant decrement in the latencies and improvement in the amplitudes of BSER and MLR during the two month follow-up conducted in monaural hearing aid users. McCullagh (2009) found no significant differences between baseline and  follow-up  sessions for the Nonsense Syllable Test, N1 amplitude, P2 amplitude, and P2 latency between naïve hearing aid users and a control group who did not wear any amplification. However, statistically significant differences did exist for the change in N1 latency measure between the two groups.

As discussed above, there are abundant studies in literature that have evaluated the change in subjective measures following hearing aid usage (Cox & Alexander 1992; Cox et al., 1996). Other studies have focused on psychophysical measures (DLI, DLF) to evaluate plasticity following hearing aid usage (Robinson & Gatehouse, 1995, 1996). Several retrospective studies have evaluated physiological changes such as changes in ABR in fitting ear of adults (Hamilton, 2007 as cited in Munro, 2008; Munro et al., 2007). The present study is a prospective study to monitor the changes in behavioural measures and electro-physiological measures following hearing aid usage. The aim of the present study is to document the changes in behavioural and electro-physiological measures in monaural hearing aid users before  and after a period of hearing aid usage.   There were two

main objectives of the study. The first objective was to compare the unaided performance on the measures such as speech identification scores (SIS), signal-to- noise Ratio-50 (SNR-50), auditory brainstem response (ABR), and auditory long latency responses (ALLR) in the unaided and aided ear at the time of baseline and follow-up evaluations. Another objective was to compare, the aided performance in speech identification scores (SIS) and signal-to-noise ratio-50 (SNR-50), the aided ear at the time of baseline and follow-up evaluations.

Method
Participants

Phase I: In total, 10 individuals between the age of 18 and 65 years (Mean=3.40 years, SD=14.62 years) participated in the study. The participants had bilateral moderate sensori-neural hearing loss. The hearing loss was symmetrical with a difference in pure tone average between the ears being less than or equal to 15 dB. Tympanometric findings fell within normal limits i.e., static compliance between 0.4 and 1.6 cc (Jerger, 1970) and peak pressure between-100 and 50 daPa (Jerger, 1970). The participants were fitted  with  an appropriate hearing aid and optimized such that the aided thresholds of all participants were within the speech spectrum from 500 Hz to 4000 Hz. Naïve hearing aid users were taken for the study. Aided speech identification scores were at least 80%. The participants did not have history of any neurological, cognitive, speech and language problems. Informed consent was obtained prior to data collection.

Phase II: Individuals who were evaluated in Phase I were evaluated again in Phase II, i.e., after two to three months of hearing aid usage. However, out of the ten individuals who participated in Phase I, eight individuals participated in Phase II. Attrition and lack of consistent hearing aid use were the major reasons for decreased number of participants in Phase II.

Stimulus Recording and Preparation

Three adult male speakers with normal voice whose mother tongue was Kannada (Dravidian language widely spoken in Karnataka, South India) were chosen to utter the Consonant Vowel (CV) token /da/ using normal vocal effort. Adobe Audition (V-3) software, installed in a personal computer was used to record and store the CV tokens. CV tokens were obtained using a microphone (Ahuja, AUD-101XLR) which was placed at a distance of 10 cm from the lips of the speaker. The test stimulus /da/ was a naturally produced voiced alveolar   stop   speech   sound,   in   consonant-vowel




combination. The total duration of /da/ was 49.71 ms with burst duration of 7.1 ms, CV boundary of 5.51 ms and the formant transition of 37.1 ms.

The recorded stimulus was digitized using a 32-bit processor at 44,100 Hz sampling frequency. A total of 3 CV /da/ stimulus (uttered from three speakers) tokens obtained were subjected to rating for naturalness and quality from 10 listeners with normal hearing. The token with the highest rating for goodness was selected to be used as the stimulus for recording the speech- evoked ABR and LLR.

Procedure

To document the changes in behavioural and electrophysiological measures in monaural hearing aid users following a period of hearing aid usage, the testing was conducted in two Phases. In Phase I, speech-evoked ABR and LLR measures were obtained in the unaided condition for the participants. In addition, behavioural measures such as speech identification scores (SIS) and the Signal-to-Noise Ratio-50 (SNR-50) i.e., the difference in intensity between the speech and speech noise needed for correct repetition of at least 50% of the phonemically balanced words, were obtained.

To evaluate the change in performance, the measures obtained in Phase I (speech-evoked ABR, LLR, SIS & SNR-50) were repeated in Phase II. At the time of testing for Phase II, the participants had used the hearing aid for at least two to three months and had a self-reported hearing aid usage of at least 5-6 hours per day (range 5- 9 hours per day) .

Phase I: Baseline evaluation

Baseline evaluation was performed at the time when the participant came to collect his/her hearing aid. Electrophysiological measures and behavioural measures were obtained.

Electrophysiological measures - ABR and LLR A new session for each participant was created in the patient’s demographics of the Bio-Logic Navigator Pro. After obtaining the required skin impedance, disc type silver electrodes coated with conduction gel were placed in vertical montage.

The stimulus /da/ was presented through the insert receiver to the participant, who was seated in an air- conditioned sound-treated room. The stimulus and recording parameters for speech evoked ABR and LLR are given in Table 1. At least two recordings were obtained for both ABR and LLR. Weighted average of the recordings was taken. The latency of wave V, P1,

N1, P2 and amplitude of wave V and the N1-P2 complex in the two recordings were identified, and marked visually by three experienced audiologists. The latencies of the peaks, as identified by the three audiologists were tabulated for wave V, P1, N1, and P2.

Analysis of frequency following response (FFR) waveforms: Additionally, to know the different aspects of speech i.e., the coding of fundamental frequency, first formant frequency and higher harmonics, an FFT analysis of the sustained response of the speech evoked ABR was done. This was executed using the MATLAB R 2009a platform and software (Brainstem toolbox) developed by Kraus (2004) at Northwestern University. Fourier analysis was performed on the 12 to 53 ms epoch of the frequency following response (FFR).

Information regarding the coding of fundamental frequency, first formant frequency and higher harmonics was extracted in order to assess the amount of activity occurring over all these three frequencies. Activity occurring in the frequency range of the response corresponding to the fundamental frequency of the speech stimulus (103-130 Hz), first formant frequencies of the stimulus (455-580 Hz) and for the higher harmonics (585-1200 Hz) was measured for all the participants. To avoid the spectral splatter, a 2 ms ‘on’ and a 2 ms ‘off’ Hanning ramp was applied to all the waveforms. Zero-padding was employed to increase the number of frequency points where spectral estimates were obtained.

An auditory evoked response from the participants is required to be above the noise floor in order to be included in the analyses (Russo, Nicol, Musacchia & Kraus, 2004). This calculation is performed by comparing the spectral magnitude of the pre-stimulus period to that of the response (Russo et al., 2004). If the quotient of the magnitude of the F0, F1 and higher harmonics frequency component of the FFR divided by that of the pre-stimulus period was greater than  or equal to one, the response was deemed to be above the noise floor (Russo et al., 2004). If the response amplitude was above the noise floor, the raw amplitude values of the F0, F1 frequency and higher frequency component of the FFR were then measured and noted. The same procedure was followed for each participant.

Behavioural measures

Speech identification scores: In the unaided and aided conditions, speech identification scores were obtained in sound field using the PB bisyllabic word lists in Kannada (Yathiraj & Vijayalakshmi, 2005). The presentation level was 40 dB SL (re: SRT) in the unaided condition and at 45 dB HL in the aided



Table 1: Stimulus and recording parameters used for recording ABR and LLR


Stimulus parameters

	
	ABR
	
	LLR

	Stimulus
	Speech stimulus /da/ of
	49.71 ms
	Speech stimulus /da/ of 49.71 ms

	Polarity
	Alternate
	
	Alternate

	Number of sweeps
	2000
	
	200

	Stimulus rate
	5.1/second
	
	1.1/second

	Intensity
	80 dBnHL
	
	80 dBnHL

	Transducer
	ER 3A insert receiver
	
	ER 3A insert receiver





Mode of

Recording parameters
ABR	ALLR

stimulation	Monoaural	Monoaural
No. of channel	One channel	One channel

Electrode montage	Vertical Montage
Fz:  Non-inverting electrode Non test ear: Ground electrode Test ear: Inverting electrode

Vertical Montage
Fz:  Non-inverting electrode Non test ear: Ground electrode Test ear: Inverting electrode

Filter setting	100 to 3000 Hz	0.1 to 30 Hz
Amplification	1,00,000	50,000
Notch filter	On	-
Recording time
window	- 15 to + 83.3 ms	-30 to +533 ms
Replicability	Twice	Twice



condition. Speech stimuli were presented using monitored live voice and routed through the loudspeaker of the audiometer. The loudspeaker was situated at a distance of one meter and at an azimuth of 45 degrees from the test ear. The number of words repeated correctly, out of 25 words in the  list,  was noted as the speech identification scores in the unaided and aided conditions.

Speech recognition threshold in noise to obtain signal- to-noise ratio-50 (SNR-50): SNR-50 was obtained by determining the difference in intensity of the speech and the intensity of speech noise, in dB, when the participant correctly repeated at least two out of four words presented.

The participant was seated in an air-conditioned sound- treated room. Both speech and speech noise were presented through the same loudspeaker at 45 degrees azimuth from the test ear. An adaptive procedure was used to obtain SNR-50 for each participant in the unaided and aided conditions. The unaided and aided SNR-50 was obtained with the monitored live speech signal presented at a constant level of 45 dBHL. The level of the noise was varied with the initial level being 30 dB HL, i.e., 15 dB less than the level of speech. The participant was instructed to repeat the words heard. The noise level was increased in 5 dB steps

until the participant obtained a score of 50%. From this point, the noise was varied, either increased or reduced in 2 dB steps so as to obtain a 50% correct word recognition score for determining SNR-50. The difference between the level of the speech and the speech noise, at this stage, was noted as the SNR-50.

Phase II: Testing after a period of hearing aid usage

Follow-up assessment of participants of Phase I was carried out. The participants had a self reported hearing aid usage of at least 5 to 6 hours per day. Electrophysiological and behavioural measures were assessed using a similar procedure as in Phase I.

Results and Discussion
Descriptive statistics and analysis of variance (ANOVA) were carried out on the data collected to evaluate the objectives.

Speech Identification Scores (SIS)

Descriptive statistics was used to find out the mean and standard deviation. Table 2 depicts the mean and standard deviation for the raw scores obtained for unaided and aided SIS at the time of baseline and follow-up.




Table 2: Mean and Standard Deviation (in parenthesis) for the raw unaided and aided speech identification
  scores during the baseline and follow-up evaluations
 	Aided Ear	Unaided ear 	

Table 3: Mean and Standard Deviation (in parenthesis) for unaided and aided SNR-50 values during the baseline and follow-up evaluations


Aided Ear	Unaided ear

Measure

Base-

Follow-

Base-

Follow-

Measure

Base-

Follow-

Base-

Follow-

 	line	up	line	up 	


Unaided

line

up	line	up

 (
Unaided
21.63
22.38
21.00
21.13
SIS
(1.85)
(1.85)
(1.93)
(2.17)
)Aided SIS

22.6
(1.60)

23.5
(1.39)	-	-

SNR-50 (dB)
 (
4.20
-0.25
5.40
2.75
(5.83)
(5.65)
(5.56)
(5.18)
4.75
0.50
-
-
)Aided

Two-way repeated measures ANOVA was done to compare the unaided performance in the unaided and aided ear for the speech identification scores (SIS), at

SNR-50 (dB)

(3.11)

(3.16)

the time of baseline evaluation and after a period of two to three months (follow-up). Interaction between the evaluations (baseline & follow-up) and conditions (aided & unaided ear) was statistically significant [F(1, 7)=0.011; p<0.01]. Hence, the data were subjected to paired t-test. Statistically significant difference was not present between the two evaluations for the unaided ear. However, in the aided ear, the follow-up evaluation revealed a significant improvement  in speech identification scores [t(7)=3.00; p<0.05]. This finding is in consonance with that reported by Gatehouse (1992) and Arkis and Burkey (1994) who reported that the mean word recognition scores remained stable in the unaided ears but improved for the aided ears.

The speech identification scores are measured at supra- threshold level. It can be postulated that aided ears acclimatize to the higher sound levels due to amplification and hence perform better on the supra- threshold task. Gatehouse (1989) has reported that at higher presentation levels, the aided ear performs better than the unaided ear.

To compare, the aided performance in the aided ear for the speech identification scores (SIS) at the time of baseline and follow-up evaluation, paired t-test was done. Statistically significant difference was noted between the two evaluations [t(7)=2.83; p<0.05] with the SIS after a period of hearing aid usage being better than at the baseline. This finding is supported by the findings reported by Cox et al., 1996 who have also reported improvement in speech intelligibility measures for the aided condition over time.

Signal-to-Noise Ratio-50 (SNR-50)

Descriptive statistics was used to find out the mean and standard deviation of SNR-50 during baseline and follow-up evaluations. Table 3 depicts mean, standard deviation (SD) for unaided and aided SNR-50 values during the baseline and follow-up evaluations.

To compare the unaided performance in the unaided
and aided ear for SNR-50, at the time of baseline evaluation and follow-up evaluations non-parametric Wilcoxon Signed Ranks test was used. This was done as there was a large variability in the data obtained as can be seen in Table 3. Statistically significant difference was not seen in the unaided SIS for the unaided ear [Z=0.42; p>0.05] and the aided ear [Z=1.53; p>0.05]. However, SNR-50 was better in the follow-up evaluation compared to the baseline evaluation. Silman, Silverman, Emmer, and Gelfand (1993) found that speech performance in noise worsened from the test to re-test in the unaided ear and improved from test to re-test in the aided ear, but there was no significant difference between initial and follow-up testing. Initial testing was done 6 to 12 weeks post hearing aid fitting and follow-up was done one year after initial testing. Similar results were reported by Bentler, Niebuhr, Getta, and Anderson (1993) in a follow-up study. No significant improvement in Hearing in Noise test and Nonsense syllable test scores in noise was seen 1, 3, 6 and 12 months post hearing aid fitting. However, visual inspection of the raw data indicated an improvement in scores between initial testing and follow-up at one month. Taken together, these findings suggest that though there may be a difference in the aided ear, a significant difference may not be noted. It could be hypothesized that longer duration of hearing aid usage could result in more apparent differences between the aided and unaided ear.

To compare the aided performance for SNR-50 during the two evaluations, Wilcoxon Signed Ranks test was used. It was noted that the individuals required a lower SNR in the follow-up evaluation and this difference was statistically significant [Z=0.763; p<0.05]). Gatehouse (1992) also reported a benefit in signal-to- noise ratio in the aided ear of monaural hearing aid users 6 to12 weeks post-hearing aid fitting. This could be because an individual becomes more accustomed to the    amplified    sound    through    the    hearing    aid




(Gatehouse, 1992) and therefore, better performance is seen after a period of hearing aid usage.

Speech-Evoked ABR

A clear, replicable wave V could be visually identified in only four out of eight of the participants. Therefore, Wilcoxon Signed Ranks test was used to compare the two evaluations. Table 4 depicts the mean and standard deviation for latency and amplitude of V peak. The Z values obtained from the Wilcoxon Signed Ranks test are also given.

A slight delay in the latency of V peak was seen for the unaided ear during the follow-up evaluation when compared to the baseline evaluation. Whereas, a slightly earlier peak V was seen on follow-up for the aided ear. However, the difference between baseline and follow-up evaluations was not statistically significant in the unaided as well as the aided ears (p>0.05). There are mixed results in literature too regarding hearing aid usage and ABR  measures. Munro et al. (2007) have also reported similar latency values for click-evoked ABR in the fitted and non- fitted ears, in listeners with at least two years of monaural hearing aid experience.

In the present study, a slight decrease in the amplitude of wave V for the unaided ear was noted at the follow- up evaluation. Also, a slight increase in the amplitude of wave V for the aided ear was seen at follow-up.

These differences were not statistically significant (p>0.05). Munro et al. (2007) reported an increase in the mean amplitude of wave V to SN-10 for the fitted ear with at least two years of hearing aid usage. Changes with presentation level were also reported suggesting intensity dependence of plasticity effects. Sakhuja et al., (2010) reported shortening of wave V as well as increase in amplitude following monaural hearing aid usage. Philibert et al., (2005) found shortening of wave V latency only for the right ear in bilateral hearing aid users.

Absence of visually identifiable wave V in some of the participants in the present study may be related to the stimulus characteristics, degree of hearing loss and the age of the individuals. For those individuals in whom wave V could be identified, an increase in amplitude and a slight decrease in latency was noted for the aided ear. Probably with longer duration of hearing aid usage these changes may become more apparent or the changes may even saturate.

Information regarding the coding of fundamental frequency, first formant frequency and higher harmonics was extracted using FFT in order to assess the amount of activity occurring over all these three frequencies. Table 5 depicts the mean and standard deviation for the amplitude of fundamental frequency (F0), first formant (F1) and higher harmonics. Due to the large variability seen in the data Wilcoxon Signed Ranks  test  was  used  to  compare  F1  amplitude  and


Table 4: Mean, Standard Deviation (in parenthesis), and Z values for latency and amplitude of wave V, in aided and unaided ear, during the baseline and follow-up evaluation


Unaided Ear	Aided Ear

Parameter



Baseline	Follow-up	Z	Baseline	Follow-up	Z

Latency (ms)	8.56
(3.80)

9.16
(4.97)

0.53	8.79
(2.92)

8.30
(2.82)	1.76

Amplitude (µV)

0.29
(0.12)

0.27
(0.10)	0.18

0.22
(0.06)

0.24
(0.03)	0.41

Table 5: Mean, Standard Deviation (in parenthesis), and Z values for amplitude of F0, F1 and higher harmonics in aided and unaided ear during the baseline and follow-up evaluations.
Unaided Ear	Aided Ear

Parameter

Baseline	Follow-up	Z	Baseline	Follow-up	Z

F0 Amplitude	5.27
(1.81)
F1 Amplitude	0.79
(0.32)

4.97
(2.57)
1.03
(0.54)

-	5.50
(4.61)
1.82	0.71
(0.29)

6.09
(2.33)	-
0.72
(0.26)	0.14

Higher harmonics amplitude	0.34
(0.10)

0.33
(0.08)

0.28	0.30
(0.09)

0.34
(0.07)

1.40






higher harmonics amplitude across baseline and follow-up evaluations for the two ears. The Z values obtained on comparing the baseline and follow-up evaluations F1 amplitude and higher harmonics amplitude are also given in table 5. Two way repeated measure ANOVA was used to compare F0 amplitude across the two evaluations [F(1, 7)=0.02; p>0.05).

Statistically significant difference was not seen for any of the parameters (F0, F1 and higher harmonics amplitudes) in any of the conditions or evaluations. A thorough survey of the literature did not reveal any study using speech-evoked ABR for evaluating plasticity and/or acclimatization effects in hearing aid users. FFR coding is impaired in sensori-neural hearing loss and second formant information is not encoded (Plyler & Ananthanarayan, 2001). In the present study, F0 coding was preserved in the participants and poor encoding of F1 and higher harmonics was seen. Preserved sustained brainstem responses in mild to moderate sensori-neural hearing loss has also been reported by Sumesh and Barman (2007).

Speech-Evoked LLR

ALLR was also done at the two evaluations and P1, N1, P2, N2 peaks were visually identified. Table 6 depicts mean and standard deviation for latency and amplitude of each of the peaks.

Two-way repeated measures ANOVA was done to compare the P1 latency during the two evaluations for

both the ears. There was statistically no significant difference in the two ears between the two evaluations [F(1, 7)=1.30; p>0.05]. However, on close observation, it can be noted that the latency of P1 for the unaided ear is more prolonged than in the aided ear at the follow-up evaluation.

Due to high variability in the data obtained for P1 amplitude, Wilcoxon Signed Ranks test was used. There was statistically no significant difference in the amplitude for the unaided ear [Z=0.56; p>0.05]. As compared to the baseline evaluation, a statistically significant decrease in amplitude of P1 was noted for the aided ear [Z=2.1; p<0.05].

No significant difference was noted for amplitude and latency of N1, P2 and N2 between the two evaluations. However, paired t-test for N1-P2 amplitude revealed a significant increase in the N1-P2 amplitude in the aided ear as compared to the unaided ear [t(7)=4.66; p<0.005]. Seven out of eight participants wore hearing aids on the left side. Paired t-test, comparing the performance of left and right ears for the seven individuals, revealed a significant increase in the N1- P2 amplitude for only the left ear at follow-up evaluation only [t(6)=4.99; p<0.005.

There was no difference between the two ears at the baseline evaluation [t(8=0.77; p>0.05]. This suggests that the changes seen in N1-P2 amplitude was not due to auditory pathway asymmetry as reported by Philibert et al., (2005).



Table 6: Mean and Standard Deviation (in parenthesis) for latency and amplitude of P1, N1, P2, and N2 in aided and unaided ear during the baseline and follow-up evaluations.


 (
Baseline
Follow-up
Baseline
Follow-up
47.66
67.09
44.43
52.15
(8.68)
(41.84)
(4.36)
(17.29)
95.29
116.99
99.27
99.95
(14.02)
(42.66)
(19.30)
(19.12)
187.92
208.80
181.43
187.79
(33.62)
(29.60)
(31.42)
(24.21)
303.36
311.92
293.34
289.74
(41.69)
(31.71)
(47.09)
(38.66)
1.37
1.19
1.46
1.00
(1.19)
(0.98)
(1.11)
(1.10)
3.77
3.35
3.67
4.12
(1.62)
(1.62)
(1.83)
(1.66)
2.92
2.74
3.29
2.90
(2.30)
(1.87)
(2.31)
(2.04)
6.69
6.08
6.93
7.90
(3.33)
(3.11)
(3.52)
(3.66)
0.83
0.86
1.21
0.49
) 		Parameter	Unaided Ear	Aided Ear 	 Measure	Peak

P1



Latency (ms)







Amplitude (µV)

N1 P2 N2 P1 N1 P2
N1-P2

N2

 	(1.12)	(0.72)	(1.11)	(0.56) 	




Two-way repeated measures ANOVA for N2 latency revealed no significant difference between the two evaluations for both ears [F(1,7 )=0.04; p>0.05]. Due to high variability in the data, Wilcoxon Signed Ranks test was used to compare the amplitude of N2. There was no statistically significant difference between the two evaluations for the amplitude of N2 for the aided ear [Z=0.56; p>0.05] and the unaided ear [Z=1.68; p>0.05].

Inconsistencies in the behavioural and electro- physiological findings following hearing aid usage has been reported in literature (McCullagh, 2009). Even though participants showed an improvement in measures of speech intelligibility following hearing aid usage, similar changes in electrophysiological measures was not evident. There is paucity of research assessing plasticity changes using electrophysiological measures following hearing aid usage. The N1-P2 complex is thought to reflect synchronous neural activation of structures in the thalamic-cortical segment of the central nervous system in response to auditory stimulation (Naatanen & Picton, 1987). Significant increase in the N1-P2 complex amplitude for the aided ear reflects greater synchronization in  the  structures due to introduction of new amplified signal. Also, experience-induced changes can be reflected in the N1- P2 complex (Ponton et al., 2001; Tremblay, Kraus, McGee, Ponton & Otis, 2001). Auditory pathway asymmetry cannot be used to explain the changes seen in the aided ear of the individuals as no difference was found between the two ears at baseline evaluation. Therefore, the changes in N1-P2 amplitude may be taken to be evidence for changes due to experienced induced plasticity.

In the present study, more changes were noticed in the cortical potentials than in the brainstem  potentials. This suggests that plasticity occurs earlier/ may be more evident in cortical than in brainstem structures. Madhok and Maruthy (2010) also noted earlier and larger changes in cortical than brainstem potentials following training in individuals with normal hearing. They attributed these changes to difference in the number of cortical and brainstem neurons. Higher number of neurons in the cortex could result in greater scope for neural arborization and in turn plasticity. Statistically, no significant changes were seen in any other latency or amplitude measure (except P1). This finding is in consonance with McCullagh (2009) who reported changes only in N1 latency. However, it should be kept in mind that amplitude measures are more susceptible to fluctuations in signal-to-noise ratios  during  different  test  sessions  (Munro  et  al.,

2007). A slight prolongation of all peaks in the unaided ear as against stability of latencies in the aided ear could be an indicator towards early onset of auditory deprivation. It could be that the amplification period was not long enough to elicit more pronounced changes in the aided ear.

Conclusions
There is a paucity of research in evaluating changes due to plasticity in behavioural and electro- physiological measures in naïve hearing aid users. The present study aimed to shed more light in this area of research. The most significant finding of the study was the change seen in N1-P2 amplitude between the two evaluations. This implies that longer  duration  of hearing aid usage can result in further improvement in the performance of the aided ear. This finding can be useful in counselling individuals with hearing impairment towards using their hearing aids for longer periods of time during the day. Although not statistically significant, close observation of the data revealed that the unaided ear performed poorer on all the measures. It could be speculated that the performance of the unaided ear might worsen more if amplification is not provided, suggesting a possible deprivation effect. Therefore, this finding may be used to counsel individuals with aidable hearing- impairment, to use binaural hearing aids or to at least alternate the hearing aid between the two ears on a regular basis. The findings of this study can also be used to counsel naïve hearing aid users who have difficulty in adjusting to amplification. The brain requires time to adjust to amplification i.e., Hearing Aid Brain Rewiring Accommodation Time (Gatehouse
& Killion, 1993). Therefore, hearing aid users may be motivated to start using their hearing aid for increasingly longer periods of time in order to obtain more benefit. A common problem in individuals with hearing impairment understands speech in the presence of background noise. Kochkin (2002a) reported that only 30% of the hearing aid users were satisfied with their hearing aids in noisy situations. Kochkin (2002b) also reported that better speech understanding in the presence of background noise is the highest improvement desired by hearing aid users. The findings of the present study reveal that there was a significant improvement in aided SNR-50 following a period of hearing aid usage. Consistent hearing aid usage could lead to larger improvements in SNR and therefore could result in more satisfaction with the hearing aid. This finding too would be useful while counselling a naïve hearing aid user.
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Abstract

Appreciation of music is the next most commonly expressed requirement after speech by the users of hearing aids. Use of hearing aids brings about improvement in perception of speech. However, this may not apply for music. The present study attempted to evaluate the effects of varying the number of channels and compression knee-point on perception of music. This was done in individuals with flat (N=12) vs. sloping (N=12) mild-moderate sensorineural hearing loss. Music perception in these individuals was assessed using the Music Perception Test Battery (MPTB) and a five-point perceptual rating scale using the default setting for music vs. the high knee-point of compression setting, for the two and eight channel hearing aids. The results indicated that, for most of the parameters, there was no significant difference between the two groups (flat vs. sloping) or the channels (two vs. eight). However, significant difference was observed between the hearing aid settings (default vs. high knee-point of compression) for both the hearing aids (two vs. eight channels); with the performance on most of the parameters tested being better when the knee-point of compression was high. This result is in agreement with studies which stated that the compression knee-point for music should be set 5 to 8 dB higher than for equivalent intensities of speech, as the crest factor for musical instruments is 18 to 20 dB. This prevents the music from forcing the hearing aid to operate in its non-linear mode prematurely.
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Introduction
To many people, in many cultures, music is an important part of their way of life. A sensorineural hearing loss affects the perception of sound in many ways. Difficulty in perceptual analysis of complex sounds such as speech and music is one such aspect. In individuals with hearing loss, the existence of pitch anomalies, such as diplacusis and exaggerated pitch intensity effects, may affect the enjoyment of music.

Hearing loss also affects timbre perception which depends on both spectral and temporal aspects of sounds. The aspects of timbre perception that are affected by spectral shape depend on frequency selectivity of the ear which is reduced in individuals with cochlear damage. Hence, the excitation pattern contains less information about the spectrum. This leads to reduced ability to distinguish sounds based on their spectral shape (Summers & Leek, 1994).

Studies on music perception in individuals with hearing impairment have shown that sensorineural hearing loss (SNHL) impairs the perception of musical elements. de Laat and Plomp (1985) found that participants with SNHL had greater difficulty recognizing a melody presented simultaneously with two other melodies than
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individuals with normal hearing. Santurette and Dau (2007) investigated melody recognition using different types of binaural pitches and found that listeners with hearing impairment performed poorly in melody recognition compared to listeners having normal hearing.

The main focus of hearing aid research and development has so far been on improving the perception of speech through hearing aid. However, a hearing aid that performs well with speech signals need not necessarily perform well with music. This is because music signals are much more variable than speech, and our perception of music is more sensitive to distortion. According to Chasin and Russo (2004) a hearing aid that is optimally set for music can be optimally set for speech, even though the converse may not necessarily be true. This is because of the four primary physical differences between speech  and music. These include, the long-term spectrum, differing overall intensities, crest factors, and phonetic vs. phonemic perceptual requirements of different musicians. These serve as the basis for differing electro-acoustic settings of a hearing aid for inputs of speech and music.

Chasin and Russo (2004) have defined a set of electro acoustic parameters in a hearing aid that are optimal for enjoying music. This includes 1) a sufficiently high- peak input-limiting level so that the more intense components of music are not distorted at the front-end




of the hearing aid; 2) a single-channel or a multi- channel system with all channels set for similar compression ratios and knee-points; 3) an  RMS detector of compression scheme with knee-point set to engage at inputs 5 to 8 dB higher than that for speech; and 4) disabled feedback and noise reduction circuits.

The prescriptive fitting formulae commonly used for fitting hearing aids are based on two principles, loudness normalization and loudness equalizations (Smeds & Leijon, 2001). Loudness normalization aims at amplifying the sounds in such a way that they sound as close as possible to the way in which an individual with normal hearing perceives the loudness of the same sound. Loudness equalization maximizes the speech intelligibility for every input level without exceeding the overall loudness above the overall normal loudness for speech. This is achieved by presenting all the speech bands at equal loudness. Dillon, Byrne, Brewer, Kitsch, Ching, and Keidser (1998), and Keidser, Brew, and Peck (2003) found that NAL-NL1, being a fitting procedure based on loudness equalization, prescribes lesser low frequency gain than other fitting procedures based on loudness normalization such as DSL (i/o) and FIG 6. Music is generally more intense than speech, with larger peaks; greater crest factor and slightly more low-frequency and high-frequency energy content (Chasin & Russo, 2004). The present study uses the DSL (i/o) version5 prescriptive formula. This prescriptive formula was used as it provides slightly higher gain in the low frequencies when compared to other formulae as it aims to normalize loudness and extend the dynamic range (Byrne, 2001). This improves the perception of music in terms of quality. Also, in an unpublished study done by Chowdhury (2008), participants with hearing loss preferred the hearing aid programmed with DSL (i/o) curvilinear formula compared to NAL-NL1 for listening to music. DSL (i/o) formula was also ranked higher by adult hearing aid users with moderate to moderately-severe sensorineural hearing loss than FIG6 and NAL-NL1 for clarity, melody, and naturalness of the music sample (Fathima & Basavaraj, 2010).

Following the perception of speech, appreciation of music is next most commonly expressed requirement by the users of hearing aids. When individuals who enjoy listening to music acquire hearing impairment, it will have significant effect on music perception. Although there is improvement in speech perception through hearing aids, it is questionable whether a hearing aid could process music in a way such that the user can hear and enjoy the music to the same extent as was prior to acquiring hearing loss.

Earlier, the use of analogue technology in hearing aids limited the options of manipulating the parameters of hearing aid to optimize it for speech or music. The advent of digital technology enables manipulation of various algorithms like noise reduction, adaptive directionality, adaptive feedback suppression and compression. It also allows for sound processing in different channels having different compression settings.

There have been studies in literature on varying different parameters of hearing aids and its effect on music perception. However, majority of these have been carried out in listeners with normal hearing by simulation of hearing loss. Also, most of the hearing aid users who enjoy music have hearing impairment with a sloping configuration. Therefore, music perception through hearing aids needs to be evaluated in individuals with hearing impairment. Further, this helps the audiologist to decide whether to choose the default music program stored in the hearing aid for listening to music (default setting for music) or to manually adjust certain parameters for better perception of music. Thus, the effect of manipulating the number of channels and knee-point of compression on music perception was evaluated, using a controlled study design.

The present study attempted to evaluate the effect of varying the hearing aid parameters on perception of music, based on perceptual measures of music sample. The specific objectives include comparison of music perception through a hearing aid using the default setting for music vs. a high knee-point of compression, for a two-channel hearing aid and comparison of music perception through a hearing aid using the default setting for music vs. a high knee-point of compression, for a eight-channel hearing aid.

Method
Participants

A total of 24 participants in the age range from 39 to 59 years (Mean = 48.3, SD = 6.38) were a part of this study. They were divided into two groups. Group I consisted of twelve participants who were non- musicians. They had mild to moderate flat sensorineural hearing loss in the test ear which was the better ear. Flat configuration of hearing loss being operationally defined as the difference between the least and the highest air-conduction threshold of the test ear being less than 20 dB from 250 to 8000Hz (Pittman & Stelmachowicz, 2003). Group II consisted of twelve participants who were non-musicians with sloping sensorineural hearing loss in the test ear which was the better ear. Sloping configuration of hearing




loss being operationally defined as the air-conduction thresholds occurring at successively higher levels from 250 to 8000Hz and air-conduction threshold at 250 and 8000 Hz differing by 20 dB or more (Pittman & Stelmachowicz, 2003). All the participants had post- lingually acquired hearing loss. History of otologic, cognitive or neurological problems was not there. All the participants had speech identification scores of at least 80% on phonemically balanced bi-syllabic word list in Kannada (Yathiraj & Vijayalakshmi, 2005).

Test Stimuli

Stimuli from the Music Perception Test Battery (MPTB) (Das & Manjula, 2010) were used to evaluate the efficacy of hearing aid for processing the music (Appendix A).

Procedure

Testing involved collection of data from the selected participants for the purpose of verifying the objectives of the study. A detailed case history was taken to confirm if the participants met the inclusion criteria. Music training and experience questionnaire (adapted from Looi, McDermott, McKay, & Hickson, 2008) was administered to evaluate the competency of the participant in music. Only the participants who had knowledge of the instruments and melodies used in MPTB but without professional music training were considered for the study. A cut-off criterion of 15 out of the maximum score of 25 was followed in order to consider a participant as ‘experienced’ in music (Looi et al. 2008). For the purpose of this study, a participant was considered as being ‘inexperienced’ in music if he/she obtained a cut-off score of less than 15 out of the maximum score of 25. Later, two digital behind the ear hearing aids were programmed for each test ear of the participant.

The participants were fitted with the two/eight channel digital behind the ear hearing aid. The hearing aid was connected to HiPro which in turn was connected to a PC with NOAH and the hearing aid software for programming. The hearing thresholds were entered and the hearing aid was programmed using DSL (i/o) v.5 prescriptive formula with acclimatization level of 2. This prescriptive formula was used as it provides slightly higher gain in the low frequencies when compared to other formulae as it aims to normalize loudness and extend the dynamic range (Byrne, 2001). This improves the perception of music in terms of quality. Also, in an unpublished study done by Chowdhury (2008), participants with hearing loss preferred the hearing aid programmed with DSL (i/o) curvilinear formula for listening to music than NAL-

NL1. DSL (i/o) formula was also ranked higher by adult hearing aid users with moderate to moderately- severe sensorineural hearing loss than FIG6 and NAL- NL1 for clarity, melody, and naturalness of the music sample (Fathima & Basavaraj, 2010). Only the knee- point of compression was manipulated and all other parameters were kept constant between the two settings (default vs. high knee-point).

The MPTB was administered in the following settings; two channel digital hearing aid programmed for two settings/programs (default settings for music and with high compression knee-point as was permissible) and an eight channel digital hearing aid programmed for two settings/programs (default settings for music and with high compression knee-point as was permissible).

Presentation of the music

A laptop was used to play the music of the MPTB which was recorded on the CD. This was routed to the loudspeaker through the auxiliary input of the audiometer. The loudspeaker was located at 45 degree Azimuth and at one meter distance from the aided ear of the participant. The presentation level of the music was set to 45 dBHL for all participants. The music sample was presented to the participant fitted with one of the two hearing aids programmed with one of the two settings (default vs. high knee-point). This was repeated with the other setting and with another hearing aid. The hearing aids and the settings were randomly selected so that the participant was not aware of the number of channels in hearing aid or the settings within a particular hearing aid. The stimuli from the MPTB were also randomized to prevent practice effect.

Instructions for Administration of Music Perception Test Battery

Pitch discrimination task: A pair of musical notes, i.e.,
/sa/ note at low pitch and /sa/ note at high pitch, was played. The task was to indicate whether the given stimuli had ‘same’ or ‘different’ notes or pitches. There were 12 pairs of notes, two practice items and ten test items. For each of the two conditions (default knee- point of compression vs. high knee-point of compression) five test items were presented randomly.

Pitch ranking task: The participant was presented with a pair of musical (vocal) notes in differing pitches. The task of the participant was to identify the higher note of each stimuli pair. This was carried out for the three sub-tests; Subtests-A, B and C with stimuli pairs having a difference of one octave, half octave and quarter octave intervals between the two notes in a given  stimulus  pair  respectively.  Three  items  were




presented randomly for each sub-test for each of the two hearing aid settings.

Rhythm discrimination task: The participant was presented with a pair of rhythm excerpts. The task of the participant was to discriminate whether the pair of excerpts was ‘same’ or ‘different’. There were 12 pairs of notes, two practice items and ten test items. For each of the two settings (default knee-point of compression vs. high knee-point of compression), five test items were presented randomly.

Melody recognition task: The participant was presented with a melody played on a violin, one at a time. The task of the participant was to identify (name or hum) the melody perceived following presentation of each test stimuli. There were 12 melodies which included two practice items and ten test items. For each of the two hearing aid settings (default knee-point of compression vs. high knee-point of compression), five melodies were presented randomly.

Instrument identification task: The participant was presented with a musical piece of an instrument/s at a time. The task of the participant was to identify the instrument or instruments, present in a given test stimulus. This test comprised of two sub-tests, single instrument identification sub-test and music ensemble sub-test. In each of the two sub-tests, five items were presented in each of the two settings.

Scoring for music perception test battery

For each of the subtests on the MPTB i.e. pitch discrimination, pitch ranking, rhythm discrimination, melody recognition and instrument identification, for each item, a score of ‘1’ was given for every correct response and a score of ‘0’ for every incorrect or no response. Maximum score was five for each of the two aided settings with each hearing aid for the pitch discrimination, rhythm discrimination, melody recognition and instrument identification tasks while for pitch ranking task, maximum score was nine (3 sub-tests * 3).for each of the two aided settings with each of the two hearing aids.

In addition to the administration of the MPTB, in the two aided settings, with each of the two hearing aids, subjective analysis was done using a five-point perceptual rating scale for quality which is a modification of the scale given by Gabrielsson , Rosenberg, and Sjogren (1979) and used by Chasin and Russo (2004). The participant was asked to rate from 1 (poorest) to 5 (best) on five perceptual parameters. A perfect perceptual reproduction of music through the hearing aid would get a maximum score of 25 points i.e., a maximum rating of 5*5 parameters.

The participants were instructed on the five perceptual parameters used to study the perceived quality of music through hearing aids. They were told that for the parameter of Loudness, they were supposed to judge whether the music was sufficiently loud, in contrast to soft or faint; for the parameter of Fullness, they were supposed to judge whether the music was full, in contrast to thin; for the parameter of Clearness, they were supposed to judge whether the music was clear and distinct, in contrast to blurred and diffuse; for the parameter of Naturalness, they were supposed to judge whether the music seems to be as if there was no hearing aid, and it sounded as “they remember it” and for the parameter of Overall Fidelity, they were supposed to judge whether the reproduction of sound was with little distortion, giving a result very similar to the original.

Determining subjective preference: After listening and rating the music sample, the participant was asked to rate each of the aided condition in terms of their overall preference in listening to music. The participant had to choose between a two vs. eight channel hearing aid. Later, with the best hearing aid they had to choose between the defaults vs. high knee-point setting. This procedure was followed for each of the participant in Groups I and II.

Results
Mean and standard deviation values for the scores on the music perception test battery (MPTB) and for the parameters on the perceptual rating scale were calculated for the participants in both the groups. Mixed Analysis of Variance, a two-way repeated measure ANOVA was carried out to find out the overall interaction between the hearing aids and the settings with groups as the independent variable. Multivariate analysis of variance (MANOVA) was carried out to compare between the two groups. Paired t-test was carried out to compare between the hearing aid settings (default vs. high knee-point) and the hearing aid channels (two vs. eight). Mann-Whitney U test was carried out to compare between the two groups of participants on the five-point perceptual rating scale and for the pitch ranking task of the MPTB. Table 1 represents the summary of the findings on the pitch discrimination, rhythm discrimination, melody recognition and instrument identification tasks of the MPTB from participants in the two groups. Table 2 represents the summary of the findings of the pitch ranking task and overall findings of the MPTB from participants in the two groups. Table 3 represents the summary of the findings given by the participants in the two groups on quality perception on a five point rating scale.




From the results of the MPTB and the rating on the perceptual rating scale, the following inferences were drawn; there was no significant effect of configuration of the audiogram of the participants on music perception for all the tasks on the MPTB and the perceptual  rating  scale.  For  music  perception,  the

scores were better for the two channel hearing aid compared to the eight channel hearing aid for the majority of the tasks on the MPTB and for quality rating. However, this difference was not significant and for the perception of music, high knee-point of compression  setting  was  favored  over  the  default


Table 1: Summary of findings on different tasks of MPTB from participants in the two groups



Music Perception Test Battery (MPTB)


Flat hearing loss	Sloping hearing loss


Pitch discrimination task



Rhythm discrimination task




Melody recognition test


Instrument identification

Single instrument identification test




Music ensemble identification test
· 
8 channel better than 2 channel(for both default and high knee-point of compression setting)
· High knee-point setting better than default setting
· 8 channel better than 2 channel (for both default and high knee-point of compression setting)
· High knee-point setting better than default setting

· 2 channel better than 8 channel (for default setting)
· 2 channel equivalent to 8 channel (for high knee-point of compression setting)
· High knee-point setting better than default setting
· 2 channel better than 8 channel (for both default and high knee-point of compression setting)
· High knee-point setting better than default setting
· 8 channel better than 2 channel (for default setting)
· 2 channel better than 8 channel (for high knee-point of compression setting)
· High knee-point setting better than default  setting
· 
8 channel equivalent to 2 channel (for both default and high knee-point of compression setting)
· High knee-point setting better than default setting
· 8 channel equivalent to 2 channel (for default setting)
· 8 channel better than 2 channel (for high knee-point of compression setting)
· High knee-point setting better than default setting
· 8 channel better than 2 channel (for default setting)
· 2 channel equivalent to 8 channel (for high knee-point of compression setting)
· High knee-point setting better than default setting
· 8 channel better than 2 channel (for default setting)
· 2 channel better than 8 channel (for high knee-point of compression setting)
· High knee-point setting better than default setting
· 2 channel better than 8 channel (for default setting)
· 8 channel equivalent to 2 channel (for high knee-point of compression setting )
· High knee-point setting better than

 	default setting 	


Table 2: Summary of findings on pitch ranking task of MPTB and the overall findings of MPTB from participants in the two groups



Music Perception Test Battery (MPTB)


Flat hearing loss	Sloping hearing loss

Pitch ranking test

Sub-test A
· 
2 channel better than 8 channel (for both default & high knee-point of compression setting)
· High knee-point setting > default
· 2 channel better than 8 channel (for both
· 
8 channel better than 2 channel (for both default & high knee-point of compression setting)
· High knee-point setting > default
· 8 channel equivalent to 2 channel (for default setting)












Sub-test B


Sub-test C Overall performance on the MPTB

default & high knee-point of compression setting)
· High knee-point setting better than default setting
· 2 channel better than 8 channel (for both default & high knee-point of compression setting)
· High knee-point setting better than default setting
· 2 channel better than 8 channel (for both default & high knee-point of compression setting)
· High knee-point setting better than
· 
8 channel better than 2 channel (for high knee- point of compression setting)
· High knee-point setting better than default setting
· 2 channel better than 8 channel (for both default & high knee-point of compression setting)
· Default setting better than high knee-point of compression setting (for 2 channel hearing aid)
· High knee-point setting better than default setting (for 8 channel hearing aid)
· 8 channel better than 2 channel (for both default and high knee-point of compression setting)
· High knee-point setting better than default setting

 	default setting 	


Table 3: Summary of the findings given by participants in the two groups on quality perception on a five point rating scale.


Perceptual rating scale
- Parameters	Flat hearing loss	Sloping hearing loss



1. Loudness




2. Fullness





3. Clearness






4. Naturalness






5. Overall fidelity



Overall performance on the perceptual rating
· 
2 channel better than 8 channel (for both default and high knee-point of compression setting)

· High knee-point setting better than default setting

· 2 channel better than 8 channel (for both default and high knee-point of compression setting)
· High knee-point setting better than default setting
· 2 channel better than 8 channel (for both default and high knee-point of compression setting)
· High knee-point setting better than default setting


· 2 channel better than 8 channel (for default setting)
· 8 channel better than 2 channel (for high knee-point of compression setting)
· High knee-point setting better than default setting

· 2 channel better than 8 channel (for both default and high knee-point of compression setting)

· High knee-point setting better than default setting

· 2 channel better than 8 channel (for both default and high knee-point of compression
· 
2 channel better than 8 channel (for default setting)
· 8 channel better than 2 channel (for high knee-point of compression setting)
· High knee-point setting better than default setting
· 2 channel better than 8 channel (for both default and high knee-point of compression setting)
· High knee-point setting better than default setting
· 2 channel better than 8 channel (for default setting)
· 8 channel better than 2 channel (for high knee-point of compression setting)
· High knee-point setting better than default setting
· 2 channel better than 8 channel (for default setting)
· 8 channel better than 2 channel (for high knee-point of compression setting)
· High knee-point setting better than default setting
· 2 channel better than 8 channel (for default setting)
· 8 channel better than 2 channel (for high knee-point of compression setting)
· High knee-point setting better than default setting
· 2 channel better than 8 channel (for default setting)







Scale	setting)

· High knee-point setting better than default setting
· 
8 channel better than 2 channel
(for high knee-point of compression setting)
· High knee-point setting better

 	than default setting 	


setting by participants with hearing loss in both the groups.

Discussion
The discussion on the results of MPTB and perceptual rating scale will be on cconfiguration of the audiogram, number of channels and hearing aid settings. This is done separately for MPTB and perceptual rating scale.

Music perception test battery

Configuration of the audiogram (Flat vs. Sloping): For majority of the tasks on the MPTB, there was no significant effect of configuration of the audiogram of the participants (flat vs. sloping). The possible reasons for this could be that the tasks of pitch discrimination, melody recognition, and single instrument identification were relatively easy when compared to the other tasks. For example, in the pitch discrimination task, there was a wider difference between the stimuli pairs being used which made the task easier. Further, Olson (1967) has reported that the pitch discrimination is least affected by hearing loss. Studies have also reported that individuals with hearing impairment, including both cochlear implant and users of hearing aid, perceive musical rhythm almost as well as those with normal hearing (Darrow, 1979; Gfeller, Woodworth, Robin, Witt, and Knutson, 1997). In addition, the degree of hearing loss considered in this study was of mild - moderate degree. This degree of hearing loss relatively preserves most of the spectral and temporal cues which become more distorted as the degree of hearing loss increases.

Number of channels (two- vs. eight- channels): The scores were better for the two-channel hearing aid compared to the eight-channel hearing aid for the majority of the tasks on the MPTB. However, this difference was not significant. This could be because, use of either a single-channel or a multi-channel hearing aid (all channels set for similar compression ratios and knee-points) is optimal for music perception as it helps to maintain a balance between the lower and higher harmonics (Chasin & Russo, 2004). In the present study, there were a few parameters where there was a significant effect of number of channels. This included the music ensemble identification task wherein the participants with sloping configuration of audiogram  performed  better  with  the  eight-channel

hearing aid, whereas those with flat configuration performed better with two-channel hearing aid. This can be attributed to the level of difficulty with respect to the task of music ensemble identification which may require increase in the number of channels for better timbre perception in participants with sloping configuration.

Hearing aid settings (default vs. high knee-point): High knee-point of compression setting in the hearing aid was favoured over the default music program setting by participants with hearing loss, in both the groups, for all the tasks on the MPTB. As described by Chasin and Russo (2004), this could be attributed to the crest factor for musical instruments which is 18 to 20 dB, whereas it is 12 dB for speech. Therefore, higher knee- point of compression prevents the music from forcing the hearing aid to operate in its non-linear mode prematurely. Chasin and Russo (2004) recommended a compression knee-point of 5 to 8 dB higher than that for equivalent intensities of speech.

Five-point perceptual rating scale

Configuration of the audiogram (Flat vs. Sloping): For majority of the parameters on the quality rating, there was no significant effect of configuration of the audiogram of the participants (Group I with flat hearing loss vs. Group II with sloping hearing loss). This could be because only participants with lesser degree of hearing loss were considered in the present study.

Number of channels (two vs. eight): Participants with flat configuration rated the two-channel hearing aid higher when compared to the eight channel hearing aid; whereas those with sloping configuration of audiogram rated the eight channel hearing aid higher for the majority of the parameters. However, this difference was not significant. This could be because a single channel hearing aid maintains the optimal balance between the lower and higher harmonics; while a multi-channel hearing aid with different compression thresholds and knee-points in each channel may distort the information in participants with flat configuration (Chasin & Russo, 2004). For participants with sloping configuration, an eight-channel hearing aid was reported to be more suitable as gain could be adjusted for in different channels according to their needs.




Hearing aid settings (default vs. high knee-point): Hearing aid with high knee-point of compression setting was given a higher rating over the default setting by the participants with hearing loss in both the groups on the perceptual rating scale. Higher knee- point of compression prevents the music from forcing the hearing aid to operate in its non-linear mode prematurely. This is because the crest factor for musical instruments is 18 to 20 dB, whereas that for speech is 12 dB. Due to these differences, Chasin and Russo (2004) have recommended that compression knee-point for music be set at 5 to 8 dB higher than that for equivalent intensities of speech.

Thus, it can be inferred from the results of the present study that, two channel hearing aid set with high knee- point of compression provides better perception of music.

Conclusions
The results indicated that, for most of the parameters, there was no significant difference between the two groups (flat vs. sloping) or the channels (two vs. eight). However, a significant difference was observed between the hearing aid settings (default vs. high knee- point of compression) for both the hearing aids (two vs. eight channels). The performance for most of the parameters tested was better when a high knee-point of compression was used. This was true for both MPTB and five-point perceptual rating scale. The above result is in agreement with that reported by Chasin and Russo (2004) which stated that the compression knee-point for music should be set 5 to 8 dB higher than for equivalent intensities of speech as the crest factor for musical instruments are 18 to 20 dB. This prevents the music from forcing the hearing aid to operate in its non-linear mode prematurely.

Clinical Implications
The present study impresses upon the need to make special changes in the hearing aid parameters for individuals with hearing loss who like listening to music or are musicians. The parameters for optimal music perception must be manipulated based on individual requirements of the client with hearing loss.
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Appendix

The CD form of the Music Perception Test Battery (MPTB) included the following tests –

Pitch discrimination: Pairs of musical notes recorded from the harmonium was used for the pitch discrimination task. There were four pairs of ‘sa’ notes, each note having either high or low pitch. Within each pair, there was a silence interval of two seconds.

Pitch ranking: Pair of recorded musical notes was used for the pitch ranking task. The notes consisted of sustained phonation of the vowel /a/ by a trained female and male singer at different notes. The duration of each note was three seconds and the gap between the pair was five seconds. This test was further divided into three sub-tests. Each sub-test had two practice items and six test items. In sub-test A, the two notes were separated by an interval of one octave; in sub-test B, the two notes were separated by an interval of half-octave, and in sub-test C, the two notes were separated by an interval of quarter octave.

Melody recognition: A list of five recorded melodies played on the violin was presented to the participants; one melody played at a time. The melodies included were ‘Saare jahaan se achha’, ‘Vande maataram’, ‘Hum honge kaamyab’, Raghupati raaghav rajaram ’ and ‘Ae maalik tere bande hum’.

Rhythm discrimination: A recorded pair of rhythm excerpts composed on a tabla served as the stimuli for this task. There were five different rhythms of 15 seconds duration each. Between the two rhythm excerpts, there was a gap of five seconds.

Instrument identification: This test had two sub-tests. The first sub-test was single instrument identification task which consisted of identification of ten musical instruments. The other sub-test was music ensemble identification task, which consisted of identification of ten music instrumental duets.
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Optimization and Evaluation of a Hearing Aid in the Ear Contralateral to that with Cochlear Implant
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Abstract
It is well documented that the individuals with normal hearing combine information from both ears in order to understand speech better in complex listening conditions and to locate sounds. Whenever an individual has hearing loss in both ears, it is a standard procedure to fit hearing devices in both ears. These devices can be hearing aids or cochlear implants or a combination of the two. The present research aimed to evaluate the benefit of using a hearing aid in the ear contralateral to that with cochlear implant on speech perception in quiet and in noise; and horizontal localization abilities in children. The measures Speech Identification Scores (SIS), Signal-to-noise ratio- 50 (SNR-50) and degree of errors on a localization task (rmsDOE) were used to quantify the performance on speech perception in quiet, speech perception in noise and horizontal localization abilities respectively. These measures were carried out in three different aided conditions namely; hearing aid alone (HA alone), cochlear implant alone (CI alone) and cochlear implant plus hearing aid (CI+HA). Results revealed that there were significant improvement in CI+HA condition on all the three measures when compared to CI clone condition followed by the performance in HA alone condition. Thus, it is research recommended that a hearing aid is to be used in the ear contralateral to that with a cochlear implant, whenever there is an aidable residual hearing in the contralateral ear, to avail the binaural benefits.
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Introduction
It is well documented that the individuals with normal hearing combine auditory information from both ears in order to understand speech, better in complex listening conditions and tolocate the sources of sounds. The ability to locate sounds is reported to be important for one’s safety and survival (Ching, Wanrooy, Hill, & Incerti, 2006). Human auditory system makes use of inter-aural time and level differences to localize the source of sounds in the horizontal plane which would be possible only in the binaural hearing situation (Moore, 2004). Hence, individuals with hearing loss need to be provided with an alternative means of auditory input through hearing aids, cochlear implants and assistive listening devices in both ears in case of binaural aidable hearing loss.

The benefit obtained by fitting the hearing devices to children with hearing loss (Fujikawa & Owens, 1978; Haggard, Foster, & Iredale, 1981) has been well documented. These devices can be either hearing aids or cochlear implants. Traditionally, children with hearing-impairment are being fitted with hearing aids over the past many decades. However, the number of children with hearing impairment using cochlear implants has increased (Dowell, 2005).
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For individuals with bilateral severe to profound hearing loss, cochlear implant provides better speech perception ability when compared to hearing aids. Although the concept of binaural cochlear implant is proposed to be beneficial in providing binaural advantage, majority of the children in India who undergo cochlear implant surgery are implanted unilaterally and they continue to use a cochlear implant in only one ear which is evident from the studies reported in literature (Desa Souza, D’Souza, Kochure,
& D’Souza, 2004; Deka et al., 2010). Since cochlear implant is expensive, it is not an affordable solution to recommend bilateral cochlear implants for majority of the individuals. Hence, the concept of fitting the contralateral ear having residual hearing with a conventional amplification device is being recommended from the past few years. Using a hearing aid and a cochlear implant in the opposite ears simultaneously refers to a bimodal condition (Clark, 2003). Bimodal stimulation was initiated at the Human Communication Research Centre (HCRC) at the university of Melbourne / Bionic ear Institute in 1989 (Clark, 2003). Studies have indicated that the bimodal stimulation may help to serve the purpose of binaural benefits in individuals using unilateral cochlear implant.

Very few individuals with unilateral cochlear implant continue to use a hearing aid in the contralateral ear. The binaural advantage for perceiving speech in noise can be explained in terms of three different effects:
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binaural summation, head shadow, and binaural release from masking. Binaural hearing allows listeners to localize sound sources by attending to the ear with the better signal-to-noise (SNR) ratio and use of inter-aural level and inter-aural time differences (Litovsky, 2005).

The reason for understanding speech better through binaural condition than monaural condition in a noisy situation, can be explained by head shadow effect, head diffraction, binaural redundancy and binaural squelch (Ching, Incerti, Hill, & Brew, 2004). Several studies have demonstrated the binaural squelch effect in normals (Van deun, Van Wieringen & Wouters, 2010) and also in individuals with hearing-impairment using binaural hearing aids (Dillon, 2001; McCullough, & Abbas, 1992) or bilateral cochlear implants (Laske et al., 2009; Chan, Freed, Vermiglio, & Soli, 2008; Ricketts, Grantham, Ashmead, Haynes, & Labadie, 2006) or bimodal conditions (Tyler et al., 2002; Ching, Incerti, Hill, & Brew, 2004; Ching, 2005; Keilmann, Bohnert, Gospeth & Mann, 2009). Since head shadow effect is a physical phenomenon, it will occur whenever the sounds are audible to the human ears whether the stimulation is acoustic or electric or the combination of both (Ching, 2005).

Bimodal amplification and Speech perception in quiet and noisy situation: Studies conducted after optimizing the hearing aid with cochlear implant in the contralateral ear, using BKB sentence list and VCV consonant lists in the presence of noise (Ching, Incerti& Hill, 2003), Freiburger numbers, Freiburger Monosyllables and Innsbrucker Sentence Test (Hamzavi, Pok, Gstoettner& Baumgartner, 2004); phoneme recognition in quiet and in noise; consonant recognition (Incerti, Ching & Hill, 2011) in three aided conditions namely, HA alone, CI alone and CI+HA conditions, revealed significantly better speech perception abilities in CI+HA condition than CI alone condition followed by HA alone condition. The evidence of binaural squelch was also reported when the speech and noise was presented from front (0o Azimuth) when compared to speech from front and noise from other azimuths (Tyler et al., 2002; Berritini, Passetti, Giannareli & Forli, 2010)

A two article series by Ching, Hill, Dillon, and Wanrooy (2004a, b) evaluated the fitting of hearing aid and found that the using hearing aid in-the-ear contralateral to that of cochlear implant can help to improve the quality of life of the recipient and the recipient’s family. It also can eliminate the negative impact of auditory deprivation in  the  non-implanted ear. This may enhance the speech perception in noise and provide enhanced sound quality. Hence, they recommended that the bimodal fitting should be made

mandatory, provided there is a useful residual hearing in the ear contralateral to that of cochlear implant.Lim et al., (2009) conducted a study on 19 children in Korean language who underwent unilateral cochlear implant. The results revealed that the participants benefited by fitting a hearing aid in the contralateral ear, in terms of speech perception in noise. Whereas, no significant difference was reported for speech perception in quiet between CI+HA and CI alone condition. Litovsky, Johnstone, and Godar (2006), Ching, Wanrooy, and Dillon (2007), Cullington and Zeng (2011), Sammeth, Bundy, and Miller (2011) reported that although binaural condition (CI+CI) condition revealed significantly better benefits when compared to CI+HA condition, they recommended that the use of bimodal devices (CI+HA) is more effective for the speech perception in noise, with respect to the cost and risks involved as in case of binaural cochlear implants (CI+CI).

Bimodal amplification and horizontal localization: The ability to locate sounds is reported to be important for one’s safety and survival (Ching et al., 2006). Human auditory system makes use of inter-aural time and inter-aural level differences to localize the source of sounds on the horizontal plane which would be possible only in the binaural hearing situation (Moore, 2004). Binaural hearing helps the listeners with normal hearing sensitivity to localize sound sources by attending to the ear with the better signal-to-noise ratio (SNR) (Litovsky, 2005; Ching, 2005). Hence, for an individual with hearing loss in both ears, it is a standard procedure to fit them with hearing devices in both ears in order to help them in localization of sound sources.

Ching, Psarros, Hill, Dillon and Incerti (2001) and Tyler et al., (2002) evaluated the benefit on localization of using a hearing aid in the contralateral ear using the measures rmsDOE and percentage of correct scores respectively. They concluded that simultaneous use of cochlear implant and hearing aid in opposite ears resulted in better localization benefits when compared to CI alone condition. Seeber, Baumann and Fastl (2004) compared the localization abilities in individuals using binaural cochlear implants (CI+CI) who used bimodal stimulation (CI+HA) earlier to second cochlear implant. Although CI+CI condition resulted in better performance on a horizontal localization task when compared to CI+HA condition, CI+HA condition resulted in a significantly better performance when compared to CI alone condition. Ullauri, Crofts, Wilson and Titley (2007) collected feedback from parents and teachers and seven children, who used a hearing aid in the ear contralateral to the ear with cochlear implant for period of eight to nine
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weeks. Although participants reported mixed results regarding the benefit on bimodal stimulation, parents and teachers of all the participants reported better performance on localization tasks in real-life situations. Thus from the studies reported in the literature, it is evident that the use of hearing aid in the ear contralateral to that with cochlear implant, would benefit the individuals. The benefit is in terms of better speech perception in quiet, also in the presence of noise and improved localization abilities. However, there is a dearth in literature regarding the same in pediatric population. The present research is an attempt to study the benefit of bimodal stimulation in children.

Ching (2005) and Lovett, Kitterick, Hewitt, and Summerfield (2010) have proposed the main motivation for aiding the contralateral ear so as to (1) to create the potential for binaural hearing which will help to understand speech better, especially in noisy situation, and to help an individual to better localize the sounds (2) to ensure that the more responsive auditory nerve is stimulated i.e., to avoid auditory deprivation,
(3) to provide a back-up in the event of device failures, and (4) to provide an opportunity for the future advances in hearing restoration.

Binaural cochlear implants may not be an affordable option for many individuals.  Cochlear  implants provide better high frequency cues; whereas hearing aids would provide better low frequency cues (Ching et al., 2003; Chang, Bai & Zeng, 2006). Thus, an added advantage of bimodal fitting was that the low frequency cues provided by acoustic hearing complemented the high frequency cues conveyed by the electric hearing in the perception of speech and music (Ching, Massie, Wanrooy, Rushbrooke, & Psarros, 2009; Chang et al., 2006). Hence, there is a need to establish a protocol to fit a hearing aid in the ear contralateral to the implanted ear for the individuals who may not be able to afford binaural cochlear implant.

Thus, most of the earlier studies conducted on adult population have reported better perception of speech in quiet, as well as in noise, and better localization abilities in individuals using cochlear implant and a hearing aid in opposite ears. Hence, the present research attempts to evaluate the role of binaural hearing through bimodal stimulation, in children, on speech perception in quiet, as well as in noise and localization tasks.

The objectives were to evaluate the following in children who were using cochlear implant in one ear and fitted with a hearing aid in the contralateral ear: (1) to validate a protocol in order to optimize the hearing

aid in the ear contralateral to that with a cochlear implant. (2) To compare the speech identification scores (SIS) in quiet in three aided conditions, hearing aid alone (HA alone), cochlear implant alone (CI alone), and cochlear implant plus hearing aid (CI+HA) conditions. (3) To compare the performance on speech in noise, through the SNR-50 measure (i.e., signal-to- noise ratio required for 50% of identification scores) in three aided conditions, HA alone, CI alone and CI+HA conditions. (4) To compare the performance on a localization task through the measure of root mean square degree of errors (rmsDOE) in three aided conditions, viz: HA alone, CI alone and CI+HA conditions.

Method
Participants

The data were collected from a total of 10 participants who were using a unilateral cochlear implant. The participants were assigned to one of the two groups based upon the task that they were supposed to carry out. The first group (Group I) consisted of nine children, who were evaluated on speech perception in quiet and speech perception in noise (SNR 50) tasks. The degree of hearing loss in the ear with cochlear implant before the implantation was found to be severe to profound hearing loss with pure tone average ranging from 85 to 120 dBHL. In the contralateral ear, they had severe to profound degree of hearing loss with a pure tone average ranging from 88.3 to 120 dB HL. Their age ranged from 5;5 years to 17;10years, with mean age of 10 years and standard deviation of
3.8 years. They had undergone cochlear implantation in one ear and were using a stabilized map for a period of at least three months. The age at which the participants were implanted unilaterally ranged from 3.2years to 10.2 years.

The second group (Group II) who had to carry out the localization task consisted of eight children with hearing-impairment. The degree of hearing loss in the ear with cochlear implant before the implantation was found to be severe to profound hearing loss with pure tone average ranging from 90 to 120 dBHL. In the contralateral ear, they had greater than severe degree of hearing loss with a pure tone average ranging from
88.3 to 103.3 dBHL. Their age ranged from 5.5 years to 17.10 years, with a mean age of 10.5 years and a standard deviation of 7.3 years. They had undergone cochlear implantation in one ear and were using a stabilized map, for a period of at least three months. The age at which the participants were implanted ranged from 3.2 years to 10.2 years.




Instrumentation and localization set-up

A calibrated two channel diagnostic audiometer, Madsen Orbiter 922 with Madsen loud speakers were used for performing speech identification and localization tasks in different aided conditions. For carrying out the localization task, five loudspeakers were connected to the audiometer. One loud speaker each was placed at +90oA, +45oA, 0oA, -45oA, and - 90oA. The loudspeakers were located at a distance of one meter away from the participant, in a semicircle. One channel of the audiometer was connected to the loudspeaker placed at 0o A. During the localization task, a toggle switch was used to route the signal of the other channel of the audiometer to any of the four speakers placed at +45o A, +90o A, -45o A, or -90o A. The loud speakers were calibrated to emit the output that would result in equal dB HL at the microphone at a distance of one metre.

The other devices used in the study included: A digitally programmable two channel and eight band behind-the-ear hearing aid with a fitting range for severe-to-profound hearing loss, coupled to a custom made soft shell ear mould was used for evaluating the aided performances, a personal computer with NOAH- 3 and hearing aid specific softwares and the Hearing Instrument Programmer (HiPro) interface were used to program the digital behind-the-ear (BTE) hearing aids, cochlear implant with either ear level or a body level speech processor owned by the  participant, programmed with a stable map, a laptop computer, installed with Adobe Audition software (Version 3.0) was used to route the test stimuli through the auxiliary input of the audiometer for the localization task. All the testingswere done in an air-conditioned sound treated double room situation. The ambient noise levels were within permissible limits.

Procedure

The data were collected in three phases.

Phase I

Hearing aid fitting and optimization of the loudness between the ear with the cochlear implant and the ear with the hearing aid in the contralateral ear was done. Each participant was fitted with a two-channel, eight band digital behind-the-ear (BTE) hearing aid with a custom ear mould in the ear contralateral to that with cochlear implant.The hearing aid was programmed using a personal computer and a HiPro interface unit using NOAH-3 and hearing aid softwares with the acclimatization level set at 3, as the participants were experienced hearing aid users. Once the individual hearing aid gain was prescribed, the aided thresholds of

the participants were obtained for warble tones from 500 to 4000 Hz, from a loudspeaker of the audiometer, placed at 0o Azimuth at a distance of one meter. The gain of the hearing aid was optimized such that the aided thresholds were within speech spectrum, from 500 to 4000 Hz, at least up to 2000 Hz. After this step, narrow band noise centred at 500 Hz and 2000 Hz were presented at 45 dBHL from a loudspeaker at 00 Azimuth. Two frequency bands were chosen since the test hearing aid had two channels. The hearing aid settings were manipulated (increase or decrease in the gain) such that the signal in the ear with hearing aid matched in loudness with that in the ear with cochlear implant. The cochlear implant programming parameters were not altered while achieving equal loudness. If the participant reported that the sound is heard louder in the ear with hearing aid, then the gain of the hearing aid was decreased. Conversely, if the participant reported that the sound heard was louder in the ear with cochlear implant, the gain of the hearing aid was increased. Once the loudness balancing was
achieved with both 500 Hz and 2000 Hz narrow band noise stimuli, the same procedure was carried out using a white noise. The overall gain was systematically varied to achieve loudness balance.

The procedure for optimizing the loudness of hearing aid was followed for each participant. Once the hearing aid was optimized in the ear contralateral to that with the cochlear implant, the data were collected in three aided conditions. The aided conditions were hearing aid alone (HA), cochlear implant alone (CI), and cochlear implant plus hearing aid (CI+HA) conditions.

Phase II

Data on aided speech identification in quiet and  in noise were collected in three different aided conditions.

Aided open set Speech Identification Scores (SIS) in quiet: The SIS in quiet was obtained in each test condition, for each participant in Group I, using phonemically balanced word list in Kannada  for children (Vandana, 1998). This was obtained in a sound field condition through monitored live voice presentation. The presentation level (PL) of speech stimuli was fixed at 45 dBHL. The stimuli were presented through the calibrated loudspeaker of the audiometer from 0o  Azimuth placed at a distance of
one meter from the participant. In each of the aided conditions, the SIS was obtained by presenting one complete word-list of 25 words. The SIS was obtained in three different aided conditions namely hearing aid alone (HA), cochlear implant alone (CI) and cochlear implant plus hearing aid (CI+HA) conditions. Thus, in quiet, three speech identification scores (SIS), one for




each of the aided condition (i.e., HA alone, CI alone and CI+HA conditions) were obtained. This was repeated for each participant in Group I.

Aided open set Speech Identification Scores (SIS) in noise: To obtain the aided speech identification performance in noise, SNR-50 was measured.For the purpose of the study, SNR-50 is defined as the difference between the intensity of speech stimuli and the intensity of the competing speech-shaped noise in dB when the participant correctly repeats at least two words in a set of four words (50% of the words) being presented in the presence of competing speech noise. The SNR-50 was measured in a sound-field condition using the words from the phonemically balanced word list in Kannada for children (Vandana, 1998). The speech stimuli were presented at a constant level of 45 dBHL through monitored live voice mode from a loudspeaker at 0o Azimuth at a distance of one meter. The level of speech noise was varied to obtain the SNR-50. Both speech signal and the speech noise were presented through the loudspeaker of the audiometer located at 0o Azimuth, placed at a distance of one meter from the participant. The initial presentation level of the noise was 30 dBHL which was varied systematically to measure the SNR-50.

The participant was instructed to repeat the words heard in the presence of the competing speech noise. The participant was presented with a set of four words taken from the phonemically balanced word list in Kannada (Vandana, 1998) at each presentation level of noise. If the participant repeated at least two words out of four words correctly, then the level of noise was increased in 2 dB steps. At each of the steps, four words were presented. If the participant failed to repeat at least two of the four words correctly, the level of noise was decreased in 4 dB steps. If the speech of the participant was unintelligible, written responses were obtained. This was continued until the highest level of speech noise that was enough for the participant to repeat at least two out of four words, was measured. At this point, the difference between the intensity of speech and the competing speech noise, in dB, was considered as the SNR-50. Thus, the maximum level of noise at which the participant could correctly repeat at least two out of four words was measured and noted. This level was subtracted from 45 dB HL (presentation level of the speech signal) to obtain SNR-50. The SNR-50 was measured in three aided conditions, i.e., HA alone, CI alone and CI+HA conditions. Thus, for each participant, three SNR-50 values were obtained in different aided conditions and tabulated.

Phase III

Localization abilities in different aided conditions were compared. Each participant was seated in the centre of the array of five loudspeakers connected to the audiometer as explained earlier. A train of white noise pulses recorded on a compact disk was routed via auxiliary input to the audiometer to different loudspeakers. A set of stimuli consisting of 25 similar trains of white noise pulses, five times from each loudspeaker, were presented in each of the three different aided conditions (HA alone, CI alone and CI+HA conditions) at 45 dBHL. Before the presentation of the stimuli, the level of the presentation was monitored with the calibration tone of 1000 Hz. Six trial presentations were given to make sure that the participant had understood the instructions. During the test, the participant was instructed to maintain the designated position/orientation of the head. The order of 25 stimuli presented in each set was randomized through a ‘lottery without replacement’ / ‘simple random sampling’ method (Kalton, 1983). Thus, three different sets of the stimuli were prepared which were randomized across participants through ‘lottery without replacement’ / ‘simple random sampling’ method (Kalton, 1983). The stimulus was routed to different loudspeakers from the audiometer through a toggle switch.

The participant was instructed that he/she would be hearing to a train of noise stimuli from any one of the five speakers at a time. Each time, he or she had to report the loudspeaker from which the stimulus was heard. The response mode from the participant was through a pointing task. The location of the loudspeaker to which participants pointed was noted down in terms of Azimuth. A single representation of degree of errors in each aided condition was done by the calculation of root mean square degree of error (rmsDOE) (Ching, Incerti, & Hill, 2004; Van Deun et al., 2010). The rmsDOE is defined as the square root of the average of squared degrees of errors in each set. Thus, each participant had  three  rmsDOEs, representing the localization abilities of the participants in each of the three aided conditions (HA, CI and CI+HA conditions). It is calculated using the formula (Ching, 2004) given below. Thus from the three aided conditions (HA alone, CI alone and CI+HA), the following data were collected in each test condition from each participant: SIS in quiet, SNR-50 and rmsDOE for localization task. The above data were tabulated and subjected to appropriate statistical analyses.



Results and Discussion
The present study was conducted to compare speech perception- in quiet and in noise, and localization abilities in HA alone, CI alone and CI+HA conditions. The data obtained from the participants in the three different conditions were subjected to statistical analyses using Predictive Analysis Software (PASW, Version 18).


Speech identification scores in quiet (SIS) in HA alone, CI alone and CI+HA conditions: The SIS obtained for each of the participant (N=9) are as shown in the Figure 1. From the Figure 1, it can be noted that the performance on a speech identification task (SIS) was zero in HA alone condition in all the participants. All the participants scored better in the CI alone condition when compared to HA alone condition. The scores in CI+HA condition were better when compared to CI alone condition in all the participants except for the participant number six and participant number nine.

Among the three aided conditions, the  performance was the best in CI+HA condition followed by the performance in CI alone and then in HA alone condition. The participants did not repeat any word in the HA alone condition (i.e., SIS=0). The SIS ranged from 16 to 23 for CI alone condition, with mean score of 17.55 and SD of 2.24. The SIS for the CI+HA condition varied from 17 to 23 with mean of 19 and SD of 2.24. Repeated measures ANOVA revealed that there was a significant difference between SIS obtained in the three different aided conditions [F(2, 16)=534.388; p<0.001]. Hence, Bonferroni (post-hoc) pair-wise analysis was carried out which revealed a significant difference in the SIS between HA alone and CI alone condition (p<0.001), between HA alone and CI+HA condition (p<0.001) and between CI alone and CI+HA condition (p<0.05). A non-parametric, Wilcoxon signed rank test was also administered to cross-check the results of the parametric tests which revealed a significant difference in the SIS between HA alone and CI alone condition (p<0.01), between HA and CI+HA condition (p<0.01) and between CI and CI+HA conditions (p<0.05).

The results of the present study are in agreement with the studies who reported that the speech perception abilities in quiet were significantly better in CI+HA condition compared to CI alone condition on BKB sentence list (Ching et al., 2003; Ching et al., 2004), VCV consonant lists (Ching, 2003) Freiburger numbers, Freiburger Monosyllables and Innsbrucker Sentence Test (Hamzavi et al., 2004) Word lists and sentence list (Tyler et al., 2002) also reported a significantly  better  performance on VCV non-sense
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Figure 1: Speech Identification Scores (max. score=25) obtained from each of the nine participants in HA alone, CI alone and CI+HA conditions.

syllable test (Incerti et al., 2011); phoneme recognition task (Beijen, Mylanus, Leeuw & Snik, 2008). However, the results of study contradict the results of the study by Lim et al., (2009) who reported that there was no significant difference on speech perception score in quiet between CI alone and CI+HA condition although the hearing aid was loudness balanced with the cochlear implant in the contralateral ear. These contradicting results may be due to the language used in the study (Korean), which is a tonal language, used in the speech perception test of the study.

The better performance observed in the bimodal (CI+HA) condition when compared to monaural conditions, either CI alone or HA alone condition, on a speech perception task in quiet may be due to access to binaural cues and binaural redundancy.

Speech identification scores in noise (SNR-50) in HA alone, CI alone and CI+HA conditions: The signal-to- noise ratio required for the 50% of correct scores on speech identification task (SNR-50) obtained for each of the nine participants are as shown in the Figure 2. It must be noted that since the SIS in quiet was zero in the HA alone condition, SNR-50 in HA alone condition was not measured. The aided thresholds with hearing aid in the contralateral ear were within  speech spectrum at least up to 2 kHz for all the participants. Hence, the SNR-50 was carried out only in CI alone and CI+HA conditions. It is seen from the Figure 4.2 that all the participants required lesser signal-to-noise ratio to obtain 50% scores on a speech identification task (SNR-50) in CI+HA condition when compared to CI alone condition. Lesser the value of SNR-50, better is the performance in that particular aided condition. That is, the performance was good even when the difference between the speech and speech noise was




lesser, in the CI+HA condition when compared to CI alone condition in all the participants.

The SNR-50 values could not be obtained in HA alone condition since the speech identification scores were zero for all the participants in HA alone condition. The SNR-50 for the CI alone condition ranged from 1 dB to 11 dB, with mean of 4.78 and SD of 3.67. The SNR- 50 for the CI+HA condition varied from -3 dB to 5 dB, with a mean of 1 dB and SD of 3.60. The standard deviation reflects the variation in the duration of use of cochlear implant and age at which the participants underwent cochlear implantation. These results reveal that the signal-to-noise ratio required for 50% of the correct identification, is lesser in case of CI+HA condition when compared to CI alone condition. i.e., the performance in noise is better in the CI+HA condition compared to CI alone condition.

The standard deviation for the SNR-50 in CI+HA was found to be more than the mean SNR-50. This may be because the SNR-50 of the individual data consisted of negative values. The results of the paired t-test revealed that there was a significant difference between SNR-50 obtained in CI alone and CI+HA conditions (p<0.001). A non-parametric test, Wilcoxon signed rank test, was also administered to cross-check the results of the parametric test which revealed a significant difference in the SNR-50 between CI condition and CI+HA conditions (p<0.01).


Figure 2: SNR-50 values obtained from each of the nine participants in CI alone and CI+HA conditions.

These results conform to the findings reported by Tyler et al., (2002), Berretini et al., (2010) and Ullauri (2007) who reported that the speech perception in noise improved with the bimodal condition when compared to that with monaural CI alone condition. They reported that the bimodal benefit was evident when the speech and noise were presented from the front when compared  to  speech  presented  from  front  and  noise

from +90o or-90o, which supports the binaural squelch phenomenon. Iwaki, Blamey and Kubo (2008) reported that the use of ADRO technology in the bimodal devices showed better speech perception abilities in noise when compared to the use of WDRC in the hearing aid. Ching et al., (2007) used SNR-50 as a measure in two adults and reported that CI+HA condition led to better understanding of speech in the presence of noise when compared to CI alone condition. Although they reported that the bilateral cochlear implant (CI+CI) condition provided superior benefit for the speech perception in noise when compared to the CI+HA condition, CI+HA  still remains the option of choice because of the affordability. Keilmann et al., (2009) also reported an improvement among all the participants who needed lesser SNR to obtain SNR-50 in CI+HA condition when compared to CI alone condition.

The results of the present study are in concurrence with the results of the study by Beijen et al., (2008) and Lim et al., (2009), who reported significantly better speech perception in CI+HA condition when compared to CI alone condition on a phoneme recognition task in noise. Better perception of speech in the presence of noise are due to the fact that an individual gets  to access the binaural cues which lead to binaural advantage as seen in individuals with normal hearing sensitivity. This supports the evidence that the phenomenon of binaural squelch is evident even in individuals who use different types of stimulation in each of the ears i.e., bimodal stimulation (electric+ acoustic).

The root mean square degree of errors (rmsDOE) in localization in HA alone, CI alone and CI+HA aided conditions: The root mean square degrees of errors (rmsDOE) in localization obtained for each of the eight participants are as shown in the Figure 3. It can be inferred from the Figure 3 that all the participants had lesser rmsDOE in CI+HA condition when compared to CI alone condition followed by HA alone condition. It must be noted that the lesser the rmsDOE, better is the performance in that particular aided condition.

The results of the repeated measures ANOVA revealed that there was a significant difference between the rmsDOE obtained in three different aided conditions [F(2, 14)=54.63; p<0.001]. Hence, Bonferroni (post- hoc) pair-wise analysis was carried out which revealed a significant difference in the rmsDOE between HA alone condition and CI alone condition (p<0.001), between HA alone and CI+HA  condition  (p<0.001) and between CI alone and CI+HA condition (p<0.001). A non-parametric, Wilcoxon signed rank test was also administered  to   cross-check  the  results  of  the



stimulation has to be recommended, i.e., (1) Patients with residual hearing in the non-implanted ear  (2) Those having good performance in the non-implanted ear with a hearing aid (3) For those who want to avail the benefit of binaural hearing (4) All young children.










Figure 3: Root mean square degree of error (rmsDOE) on a localization task obtained from each of the eight participants in HA alone, CI alone and CI+HA conditions.

parametric test, also revealed a significant difference in the rmsDOE between HA alone and CI alone condition (p<0.05), between HA and CI+HA condition (p<0.05) and between CI and CI+HA condition (p<0.05).

The results of the present study support the results of the study by Ching et al., (2003) and Seeber et al., (2004) who reported that the errors were found to be the least in CI+HA condition followed by CI alone. Similar results were reported by Tyler et al., (2002) who reported an improvement on the percentage of correct scores on a localization task in two out of three participants tested. The results of the present study are supported by the results of the study by Litovsky, et al. (2006) who used a measure of minimal audible angle (MAA) to represent the localization abilities in children. All the participants showed significantly better performance on MAA task on CI+HA condition compared to CI alone condition. Although Ching et al. (2007) reported lesser rmsDOE on a localization task in CI+HA condition when compared to CI alone condition, they reported that localization abilities to be better with binaural (CI+CI) condition when compared to CI+HA condition. However, CI+CI may not be an affordable solution for many individuals when compared to bimodal (CI+HA) condition.

The results of the present study are in agreement with the findings by Ullauri et al., (2007) and Berrettinni et al., (2010) where four of the seven participants included in the study reported better localization abilities in the real-life situation. However, the parents and the teachers of all the participants reported a better localization abilities in CI+HA condition when compared to CI alone condition, through a questionnaire. Ching (2005) and Sammeth et al., (2011) summarized the situations where the bimodal

The results of the present study also strongly recommend the use of hearing aid in the ear contralateral that with cochlear implant, whenever there is useful residual hearing in that ear. The CI+HA condition provides a better or an equivalent performance but is never poorer compared to CI alone or HA alone conditions. Hence, a hearing aid should be recommended whenever there is aidable hearing in the contralateral ear. Thus, the overall results of the present study reveal that a bimodal stimulation i.e., using a hearing aid in the ear contralateral to that with cochlear implant, help to perceive speech better in quiet,  in noise and also to provide better horizontal plane localization abilities in children.

Summary and Conclusions
The study aimed to optimize and evaluate the benefit of a hearing aid in the ear contralateral to that with a cochlear implant, in children. A  total  of  10 participants were included in the study. These participants were divided into two groups based on the task they were supposed to carry out. The participants of the Group I (N=9) were evaluated on speech perception in quiet and speech perception in noise. The participants of the Group II (N=8) were evaluated on the horizontal plane localization task. The results were analyzed using appropriate statistical tools such as, descriptive statistics, repeated measures ANOVA, Bonferroni (post-hoc) pair-wise comparison (if indicated), paired-t test, and Wilcoxon Signed  Rank test. Speech perception in quiet (SIS) administered for participants in Group I revealed a significantly better scores in CI+HA condition followed by CI alone and HA alone condition. SNR-50, administered on participants of Group I revealed that the participants needed lesser SNR in CI+HA condition followed by CI alone and HA alone, .i.e., performance was better with CI+HA condition followed by CI alone and HA alone condition. These results on speech perception in quiet and in noise reveals that individuals using a bimodal stimulation are also able to avail binaural advantage through the phenomenon of binaural redundancy and binaural squelch. Performance on a horizontal localization task revealed that the participants had lesser degrees of errors in CI+HA condition followed by CI alone and HA alone condition. Thus this study strongly recommends the use of hearing aid in the ear contra lateral to that with cochlear implant whenever there is residual hearing.




Clinical implications of the study and Future directions for research
The present study throws light on the binaural benefit and reveals significant benefit with the use of hearing aid in the contralateral ear. Due to the extension of the cochlear implant candidacy criteria, the number children who have useful residual hearing in the contralateral ear is increasing. Hence, optimization and fitting of hearing aid must be made mandatory in all the children who undergo cochlear implant surgery in one ear provided there is a useful residual hearing in the contralateral ear in order to avail the binaural benefit. Optimizing and use of a hearing aid in the contralateral ear would help in speech perception in quiet, in noise and in the localization. In addition, it prevents the auditory deprivation in the contralateral ear.

Further research could be carried out to compare the effect of number of channels and other features in the hearing aid in order to derive binaural benefit in a bimodal stimulation. The effect of noise on speech perception with speech presented from front and noise from different Azimuths, i.e., the phenomenon of binaural squelch can be evaluated. Research could be carried out with more number of loudspeakers with lesser intervals between the two consecutive loudspeakers, for a better representation of the root mean square degree of errors (rmsDOE) on a localization task. Detailed phoneme errors analysis / feature error analysis (place, manner and voicing) on speech perception in bimodal condition as compared to other aided conditions can be carried out. Also the effects of age of implantation and long-term usage of bimodal stimulation on speech perception and localization and evaluation of bimodal stimulation through the use of outcome measures can be carried- out.
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Abstract
The study aimed to construct and compile the vocal emotion recognition battery in Kannada language and also to assess vocal emotion perception in group of individuals with normal hearing, sensori-neural hearing loss and auditory dys-synchrony. Using vocal emotion recognition battery in Kannada language 20 normal hearing ears (Group-A) and 10 ears of individuals with sensori-neural hearing loss(Group-B) and auditory dys-synchrony (Group-C) each were assessed. Comparison of performance across the three groups on vocal emotion perception recognition revealed that there was a significant difference across all the five emotions. Between Group-A and Group-B, there was significantly different seen across all the five emotions. Similar findings were also obtained between Group-A and Group-C. Whereas when the performance of Group-B and Group-C were compared, result revealed significant difference across all the emotions except the emotion ‘fear’. For the emotion ‘fear’ the perception was not significantly different between the Group-B and Group-C, which indicates that perception ability of the participants in both the groups were similar in perceiving ‘fear’, which could be because of the underlying acoustic parameters of the stimuli. The vocal emotion perception battery developed as a part of this study is a useful is assessing the vocal emotion perception abilities of individuals with normal hearing, sensori- neural hearing loss and auditory dys-synchrony/neuropathy.

Key words: Sensorineural hearing loss, auditory dys-synchrony, vocal emotion recognition.
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Introduction
Speech is a major form of communication that conveys both linguistic and non-linguistic cues. The linguistic component of the speech includes the properties of the speech signal and word sequence and it deals more with what is being said, not how it is said. The non- linguistic component of speech deals more with talker attributes such as age, gender, dialect, and emotion. Cues to non-linguistic properties can also be provided in non-speech vocalizations, such as laughter or crying (Peters, 2006). According to Luo, Fu and Galvin (2007) imperative element of speech communication involves identification of a talker’s emotional state, using only acoustic cues. Although facial expressions may be strong indicators of a talker’s emotional state, vocal emotion recognition is an important component of auditory-only communication such as telephone conversation or listening to the radio.

Ear is the most essential part for the communication. Perception of any acoustic stimuli involves various steps, which includes conversion of an auditory stimulus into electrical signal at the receptor level, transmission of the electrical signal through the peripheral nerve, and processing and interpretation of the electrical signal in the central nervous system. Any breakdown   in   the   process   results   in   the   major
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consequences in the perception. There is abundant literature on the perceptual consequences of both peripheral and central auditory disorders. For example, peripheral damage in the inner ear and auditory nerve leads to threshold elevation, abnormal loudness, pitch and temporal processing (Ryan & Dallos, 1975; Nienhuys & Clark, 1978; Prosen, Moody, Stebbins, & Hawkins, 1981;  Formby, 1986; Moore, 1996; Moore
& Oxenham, 1998; Buss, Labadie, Brown, Gross, Grose, & Pillsbury, 2002; Oxenham & Bacon, 2003) whereas, central auditory disorders produces complex processing deficits in speech and sound object recognition (Levine et al., 1993; Wright, Lombardino, King, Puranik, Leonard & Merzenich, 1997; Cacace & McFarland, 1998; Gordon-Salant & Fitzgibbons 1999).

The most noticeable indication of cochlear hearing loss is a reduced ability to detect weak sounds. However cochlear hearing loss is also accompanied by a variety of other changes in the way that sound is perceived. According to Moore (1996) severe to profound cochlear hearing loss not only reduces the functional bandwidth of hearing but also reduces frequency selectivity, impaired intensity and temporal resolution, and also results in making detection of the subtle acoustic features contained in vocal emotion difficult to detect.

Auditory dys-synchrony/neuropathy (AD) is a clinical syndrome which has disrupted auditory nerve activity with concurrently normal or near normal cochlear amplification function (Starr, Picton, Sininger, Hood &




Berlin, 1996). Clinically, the disrupted auditory nerve activity is reflected by highly distorted or absent auditory brainstem responses, whereas the normal cochlear amplification function is reflected by the presence of oto-acoustic emission and/or cochlear microphonics (Rance et al., 1999; Starr et al., 1996; Hood, Berlin, Bordelon & Rose, 2003). The other main characteristic of AD is a significantly impaired ability for temporal processing and difficulty in speech understanding, especially in noise, that is disproportionate to the degree of hearing loss measured by puretone thresholds (Zeng, Oba, Garde, Sininger & Starr, 1999; Kraus, Bradlow, Cheatham, Cunningham, King & Koch, 2000; Rance, Cone-Wesson, Wunderlich & Dowell, 2002; Rance, McKay & Grayden, 2004; Zeng, Kong, Michalewski & Starr, 2005). The above mentioned difficulties in temporal processing and speech understanding may also result in difficulty in recognizing vocal emotions.

In Indian scenario, incorporating assessment tool for the evaluation of speech perception abilities exists, findings of which can be utilised in the management of individuals with cochlear hearing loss as well as for those with auditory dys-synchrony/neuropathy. It is comparatively easy to measure speech intelligibility through metrics like the word recognition scores. Listeners are asked to identify spoken words under various conditions and their recognition score is taken as a measure of intelligibility. But we don’t have such straightforward method to assess vocal emotion perception in general especially in Indian scenario. Instead we can assess its constituent elements such as pitch, duration, and intensity.

Disruption in the perception of temporal cues has been demonstrated in both children and adults with auditory dys-synchrony/neuropathy (Starr et al., 1996; Zeng et al., 1999; Kraus et al., 2000; Rance, et al., 2004; Michalewski, Starr, Nguyen, Kong & Zeng, 2005). In addition to distortion of the spectral information that is seen in cochlear hearing impaired individuals, individuals with AD also possess distortion in temporal information (Zeng et al., 1999; Kraus et al., 2000; Rance et al., 2004). Hence the input signal in the auditory system is lot more distorted  in  individuals with AD compared to those with cochlear pathologies.

Reviewing the literature, the perception of segmental aspects of speech in AD had been proposed but researchers are lacking in the knowledge of vocal emotion perception in the hearing impaired group and AD population. As the features of suprasegmentals in terms of rhythm, stress, intonation, prosody, are included in acoustic feature of vocal emotion, an attempt is required to understand the recognition of

different vocal emotion by normal hearing adults, hearing impaired individuals and individuals with AD.

The aims of the present study were  to compile/construct vocal emotion perception battery in the context of Kannada language. To investigate the recognition of vocal emotions perception abilities of individuals with normal hearing. minimal to mild sensori-neural hearing loss and auditory dys-synchrony (AD)/neuropathy. To compare the performance across the groups on the vocal emotion perception task.

Method
The study was carried out in four phases.

Phase I: Generation of stimulus (vocal emotion perception battery)

The test stimulus consisted of 5 sentences each in 5 target emotions: happy, sad, angry, fear and neutral. Initially fifty 3-4 words sentences in Kannada language which were more appropriate to fit into all the five emotions were selected. Out of those fifty sentences; five 3-word sentences were selected for the study, which were further evaluated by the five Audiologists and Speech Language Pathologists on the basis of their simplicity and appropriateness. Each target stimuli sentences (Kannada) were recorded in five different emotions. Hence total of 25 stimuli sentences was developed. Overall amplitude differences between the stimuli was either preserved or normalized.

The recording was done in the sound treated room where the noise level were as per the ANSI guidelines (1991) on a data acquisition system with a 16 bit analog to digital convertor at a sampling frequency of
44.1 kHz. The material was edited and scaling was done using audition version 3 software with a calibrated microphone. Interval of 10 seconds is added between the sentences to function as a response time. Professional stage actors of native Kannada language were taken for the recording of the  stimulus.  They were instructed to say the sentences with different emotions. Recording was done for 2 male and 2 female actors and then the ‘goodness test’ was performed by the 2 Audiologists and 2 Speech Language Pathologists to choose the best clarity voice for the final recording. A female voice was taken for the final recording of the stimulus. Randomly 2 sentences from the 25 sentences were taken as the ‘trial’ sentences. Hence the final battery consisted of 2 trial stimuli with 25 test stimuli. Recorded stimulus was then stored into a compact disk (CD).
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Phase II: Selection of participants under different groups

Participants

Three groups of participants were included in the study; the groups were named as Group-A, Group-B and Group-C. Participants in all the groups were native speaker of Kannada language within an age range of
15 to 40 years. 20 ears were included in Group-A whereas Group-B & Group-C consisted each of  10 ears.

Participants with hearing sensitivity within normal limits formed the group-A. Their hearing threshold were <15 dBHL at octave intervals between 250 Hz and 8000 Hz for air conduction and between 250 Hz to 4000 Hz for bone conduction. Speech identification scores of all the 20 ears were above 90% in quite. All the ears had normal middle ear functioning with type ‘A’ tympanogram with normal ipsilateral as well as contralateral reflex threshold. All the ears had bilateral normal cochlear outer hair cell functioning with presence of transient evoked oto-acoustic emissions (TEOAEs). Normal click evoked auditory brainstem responses (ABR) were obtained, with the occurrence of wave ‘V’ within the stimulus level of 30 dBnHL for all the ears. The participants did not have any past or present history of otological abnormalities and/or neurological deficit. No physical illness was seen on the day of testing.

Participants with minimal to mild sensori-neural hearing loss were included in Group-B with the hearing thresholds ranged from 15 dBHL to 40 dBHL  at octave intervals between 250 Hz and 8000 Hz for air conduction and between 250 Hz to 4000 Hz for bone conduction. Speech identification scores of all the 10 ears were proportionate to their pure tone average in quite. All the ears had normal middle ear functioning with type ‘A’ tympanogram with normal ipsilateral as well as contralateral reflex threshold. All the ears had normal cochlear outer hair cell functioning with presence of transient evoked otoacoustic emissions (TEOAEs). Wave ‘V’ of click evoked auditory brainstem responses was obtained till 50 dBnHL for all the ears. They did not have any past or present history of otological abnormalities and/or neurological deficit. No physical illness was seen on the day of testing.

Ears with minimal to mild sensorineural hearing loss were included in Group-B with the hearing thresholds ranged from 15 dBHL to 40 dBHL at octave intervals between 250 Hz and 8000 Hz for air conduction and between 250 Hz to 4000 Hz for bone conduction. Speech identification scores of all the 10 ears were not

proportionate to their pure tone average scores in quite (poorer as compared to their pure tone average scores).

All the ears had normal middle ear functioning with type ‘A’ tympanogram with absence of ipsilateral as well as contralateral reflexes. All the ears had normal cochlear outer hair cell functioning with presence of transient evoked oto-acoustic emissions (TEOAEs). Abnormal/Absent click evoked auditory brainstem responses were obtained for all the ears. No physical illness was seen on the day of testing.

Test environment

Audiometric testing and administration of the test battery were carried out in sound treated room with the ambient noise levels within permissible limits (ANSI S 3.1-1991).

Instrumentation and test protocol

A calibrated diagnostic audiometer, GSI-61 with TDH-
39 earphones was used for estimating the air conduction thresholds. Radio ear B-71 bone vibrator was used for bone conduction testing. A calibrated diagnostic audiometer MAICO MA 53 with TDH 39 earphones was used to present the developed stimulus to administer vocal emotion perception battery. A calibrated middle ear analyzer GSI tympstar was used to record tympanogram with a probe tone frequency of
226 Hz and the acoustic reflexes thresholds were measured for 500 Hz, 1000 Hz, 2000 Hz, and 4000 Hz. Brainstem responses to click stimuli were recorded using Biologic Navigator Pro evoked potential systems. The site of electrode placement was prepared with skin preparation gel. Silver chloride electrodes were used with a conducting pate. Responses were differentially recorded from Ag-AgCl electrodes with each electrode impedance of < 5 kΩ. The following test protocol (Table 1) was used for the recording of ABR;

ILO version 6.0 was used to record the transient evoked oto-acoustic emissions (TEOAEs). The test stimulus was recorded on Adobe audition version 3 installed in a personal computer via a microphone (Ahuja, AUD-101XLR) placed at a distance of 10 cm from the lips of the speaker while recording.

Phase III: Assessment of vocal emotion perception battery

Participants were made to be seated in a sound treated room (two room situation) and were made to listen to the stimuli. The vocal emotion perception battery from the laptop computer was routed via auxiliary input to the audiometer. The prepared stimulus  was administered through headphone at most comfortable



Table 1: Parameters used to acquire ABR


Stimulus parameters	Acquisition parameters

Type of stimulus	Click	Low pass filter	100 Hz

	Polarity
	Rarefaction
	High pass filter
	3000 Hz

	Intensity
	Variable
	Notch filter
	On

	Number of stimuli
	1500
	Artifact rejection
	On

	Repetition rate
	30.1/s
	Time window
	15ms


 	Electrode montage	A1-Fz-A2 	


level (40dBSL) of the participants in each of the three groups. Before administering the vocal emotion perception battery, a response sheet was given to each of the participants along with  an  appropriate instruction.

A closed set, 5 alternative identification tasks was used to measure vocal emotion recognition. In each trail, a sentence was randomly selected (without replacement) from the stimulus set and presented to the participants. The participants were instructed torespond by ticking (√) on the 5 response choices (picture along with label- happy, sad, angry, fear and neutral). In the commencement of test, two sentences were given as a trial. No feedback was provided. Response were collected and scored in terms of raw correct scores.

A scoring sheet was also developed which was used to score the responses given by the participants. Scoring was done separately for each of the emotion. A score of ‘1’ was given for every correct response and ‘0’ for every incorrect response. The maximum score for each emotion was 5 and the maximum overall score was 25.

Phase IV: Test-Retest reliability

Test to retest reliability of vocal emotion perception battery was checked by administering it to randomly selected one-half of the participants from all the three groups for a second time after duration of two weeks. The procedure for the carrying out test-retest reliability was same as it was done for the first time.

Statistical analysis

Descriptive statistical analysis of the scores in terms of mean, standard deviation, and other non-parametric tests such as Kruskal-Wallis test, Mann-Whitney test, Friedman Test, Wilcoxon Signed Rank test were performed using the SPSS (10.0 & 17.0) software. The results obtained are presented and discussed in the subsequent section.

Results and Discussion
Audiological      findings      of      the      participants
Audiological assessment was carried out to divide the

participants into Group-A, Group-B and Group-C. Different audiological tests such as pure tone audiometry, Speech audiometry (speech identification scores), immittance evaluation (tympanogram, ipsilateral and contralateral acoustic reflexes), TEOAEs, ABR were administered on each of the ears participated in the study. Before performing the audiological testing, all the participants went underwent Otoscopic examination which revealed no otological problem.

Audiological findings of participants in Group-A: Group-A included 20 ears with hearing sensitivity within normal limits. The audiological findings revealed hearing sensitivity within normal limits in all the 20 ears, and their speech scores were proportionate to the pure tone audiometric thresholds with >90% scores in quite. On immittance evaluation, all the ears showed type ‘A’ tympanogram with presence of ipsilateral as well as and contralateral reflexes. Normal outer hair cell functioning was established in all the ears with presence TEOAEs. All the ears had normal click evoked ABR with presence of wave ‘V’ till the intensity level of 30 dBnHL.

The audiological findings of Group-A is in congruence with the results obtained by Clark (1981) that pure tone average of three frequencies (500 Hz, 1 kHz and 2 kHz) ranged from -10 to 15 dBHL that indicated normal hearing sensitivity. According to Harris (1991) and Glattke (2002) oto-acoustic emissions (OAEs) are the sounds of cochlear origin and Transient evoked OAEs are highly sensitive to cochlear pathology and in a frequency-specific way. TEOAE responses are typically absent at frequencies at which hearing thresholds exceed 20 to 30dBHL, therefore TEOAEs of all the ears included in the Group-A were present with thresholds’ not exceeding beyond 20 to 30 dBHL. In normal hearing listeners wave ‘V’ of ABR is the most visible peak at the lower intensity level of 25 to 30 dBnHL, which is an indication of normal auditory brainstem functioning. Wave ‘V’ was present within the intensity level of 30dBnHL in all the ears in Group-
A. Jerger (1970), Jerger, Jerger and Mauldin (1972) and Liden, Harford and Hallen  (1974)  classified various  tympanogram  according  to  their  height  and




location of peaks, according to these authors type ‘A’ tympanogram shows normal peak height and is characteristic of normal middle ear functioning. Similar findings of immittance evaluation was seen in Group-
A. Jerger et al., (1972) stated that ARTs at the sensation level less than 60 dBSL are consistent with cochlear hearing impairment where as ARTs more than
60 dBSL are consistent with retrochochlear hearing impairment in sensori-neural hearing impaired ears.

Audiological findings of participants in Group-B: To include the participants into Group-B, various audiological tests were performed such as pure tone audiometry, immittance evaluation, OAEs and ABR to confirm the sensori-neural hearing impairment with a degree of minimal to mild. All the ears included in Group-B were diagnosed as minimal/mild sensori- neural hearing loss depending upon their hearing thresholds. Pure tone thresholds for all the ears ranged between 15 dBHL and 40 dBHL with speech identification score proportionate to their pure tone average scores with not less than 90% in quite. Immittance evaluation revealed type ‘A’ tympanogram with present ipsilateral as well as contralateral reflexes for all the ears included in this group. OAEs revealed normal cochlear outer hair cell functioning with the presence of TEOAEs in all the ears except the ear 5 and 6 where TEOAEs were absent indicating the cochlear outer hair cell damage. Wave ‘V’ of ABR was obtained till 50dBnHL for all the ears who were included in the Group-B.

The audiological findings of Group-B is in congruence with the results obtained by Clark (1981) that pure tone average of minimal and mild sensori-neural  hearing loss ranges from 15 to 25 dBHL and 25 to 40 dBHL respectively. According to Harris (1991) and Glattke (2002), OAEs are the sounds of cochlear origin and TEOAEs are highly sensitive to cochlear pathology and in a frequency-specific way. TEOAE responses are typically absent at frequencies at which hearing thresholds exceed 20-30dBHL, this results supports the findings of the present study with the absence of TEOAEs in the ear 5 and 6. In minimal to mild sensori- neural hearing loss wave ‘V’ of ABR usually appears till the intensity level of 50 dBnHL. Jerger (1970), Jerger et al., (1972) and Liden et al. (1974) have described various tympanogram according to their height and location of peaks, according to these authors middle ear function is indicated by type ‘A’ tympanogram.

Audiological findings of the participants in Group-C: Ears which were considered in the Group-C were diagnosed with minimal or mild sensori-neural hearing loss   with   auditory   dys-synchrony(AD)/neuropathy

based on their audiological findings of behavioural and electrophysiological tests. Results of behavioural and electrophysiological test performed on the participants showed ears which were selected under Group-C were diagnosed as minimal or mild sensori-neural hearing loss with AD/ neuropathy. Speech identification score were not proportionate to their pure tone average with scores poorer than the expected score in quite condition, except for the ear 5 and 6 where the speech identification scores were proportionate to their pure tone average scores. Immittance evaluation results showed type ‘A’ tympanogram with absent ipsilateral as well as contralateral reflexes for all the ears. No click evoked ABR were recorded for any of the ear included in Group-C.

The Audiological findings of Group-C is in congruence with the results obtained by Starr et al. (1991) that auditory dys-synchrony/neuropathy is a clinical syndrome which has disrupted auditory nerve activity with concurrently normal or near normal cochlear amplification function. Clinically, the disrupted auditory nerve activity is reflected by highly distorted or absent auditory brainstem responses, whereas the normal cochlear amplification function is reflected by the presence of oto-acoustic emission and/or cochlear microphonics (Starr et al., 1996; Rance et al., 1999; Hood et al., 2003). The other main characteristic of AN is a significantly impaired ability for temporal processing and difficulty in speech understanding, mainly in noise, that is disproportionate to the degree of hearing loss measured by pure-tone thresholds (Zeng et al., 1999; Kraus et al., 2000; Rance wt al., 2002; Rance et al., 2004; Zeng et al., 2005). Absent or severely abnormal ABR which does not correlate with audiometric thresholds and preserved otoacoustic emissions (Starr et al., 1991, Berlin et al., 1993, Starr et al., 1996).

Mean and standard deviation (SD) of different emotions among different groups

Vocal emotion perception battery was administered on all the ears included under three groups mentioned above to assess their vocal emotion recognition abilities. Assessment of the vocal emotion perception battery was done monaurally under headphone condition at the most comfortable level of the listeners.

As it can be seen in the Graph 1 the scores obtained by the participants of Group-A were the highest as compared to the Group-B and Group-C. In Group-A, 100% scores were obtained for the emotion ‘sad’, ‘anger’ and ‘fear’ with a mean value of 5.00 each. For the emotion ‘happy’ and ‘neutral’ the mean  scores were 4.75 and 4.90 respectively.
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Figure 1: Comparison of different emotions among different groups.


In Group-B, the highest mean score was seen for the emotion ‘sad’ with the value of 3.90 followed by the emotion ‘anger’ with the mean value of 3.70. The least mean value of 2.70 was seen for the emotion ‘fear’, whereas the emotions ‘happy’ and ‘neutral’ are intermediate with a mean score of 3.40 and 3.20 respectively.

In Group-C, the overall scores for all the different emotions were comparatively less from the Group-A and Group-B. The emotion ‘happy’ and ‘neutral’ shared same mean scores of 1.90, for ‘anger’ the mean score was 1.70, whereas for ‘sad’ and ‘fear’ the mean score was least of 1.60 each.

Comparison of emotions among different groups

Comparison across different emotions was carried out using Kruskal-Wallis test (non-parametric tests). Non- parametric test (Table 2) was applied due to large variability of the sample size among the groups. Results of Kruskal-Wallis test showed significant difference (p<0.05) across the five emotions.

Comparison of emotions between Group-A and Group-B

Mann-Whitney Test (non-parametric test) was applied for the comparison of different vocal emotions among Group-A and Group-B. Non-parametric test was applied due to the large variability in the sample size between the Group-A and Group-B.

Table 3 summarises the statistical results  of comparison of different emotions between  Group-A and Group-B. Findings reveal significant difference (p<0.05) among Group-A and Group-B across all the five emotions, which indicates that the vocal emotion perception by individuals with normal hearing is different from those individuals with minimal to mild sensori-neural hearing loss.

Comparison of different emotions between Group-A and Group-C

Mann-Whitney Test (Non-parametric test) was applied for the comparison of emotions between Group-A and Group-C.


Table 2: Result of Kruskal-Wallis test comparing across different emotions

	
	Happy
	Sad
	Anger
	Fear
	Neutral

	Chi-Square
	23.927
	32.013
	29.391
	25.242
	26.804

	df
	2
	2
	2
	2
	2

	Asymp. Sig.
	0.000
	0.000
	0.000
	0.000
	0.000



Table 3: Results of Mann- Whitney test comparing different emotions between Group-A and Group-B.

	
	
	
	Group-B
	

	
	Happy
	Sad
	Anger
	Fear
	Neutral

	
	Happy
	-
	SD
	SD
	SD
	SD

	Group-A
	Sad
	SD
	-
	SD
	SD
	SD

	
	Anger
	SD
	SD
	-
	SD
	SD

	
	Fear
	SD
	SD
	SD
	-
	SD

	
	Neutral
	SD
	SD
	SD
	SD
	-


Note: ‘SD’ indicates ‘significant difference’.



Table 4: Results of Mann- Whitney test comparing different emotions between Group-A and Group-C


Group-C
	
	
	Happy
	Sad
	Anger
	Fear
	Neutral

	
	Happy
	-
	SD
	SD
	SD
	SD

	
	Sad
	SD
	-
	SD
	SD
	SD

	Group-A
	Anger
	SD
	SD
	-
	SD
	SD

	
	Fear
	SD
	SD
	SD
	-
	SD

	
	Neutral
	SD
	SD
	SD
	SD
	-


Note: ‘SD’ indicates ‘significant difference’.


Table 4 revealed a significant difference (p<0.05) between both the groups across all the five emotions, which indicates that the vocal emotion perception by normal hearing listeners is different from those individuals with minimal or mild sensori-neural hearing	loss	with	auditory	dys- synchrony(AD)/neuropathy.

Comparison of emotions among Group-B and Group-C

Group-B and Group-C were also compared across different emotions using Mann-Whitney Test. Table 5 shows the findings of statistical analysis applied to Group-B and Group-C for the comparison of different vocal emotions. Results showed a significant difference of p<0.05 among both the groups across all the five emotions except the emotion ‘fear’. The emotions ‘happy’, ‘sad’, ‘anger’ and ‘neutral’ were significantly different between the two groups indicating that the perception of these four emotions were different in individuals with minimal to mild  sensori-neural hearing loss from those with auditory dys-synchrony (AD)/neuropathy. For the emotion ‘fear’ the perception was not significantly different between the Group-B and Group-C, which indicates that perception ability of participants in both the group in perceiving the emotion ‘fear’ is similar. The acoustic parameters of the ‘fear’ stimuli are, pitch of 300.61 Hz, F1 of 885.8 Hz, intensity  of  76.8  dB  with  duration  of  2.1  seconds,

which infers that in both groups it is affected in a similar way.

Within group comparison across different emotions.

Friedman test (non-parametric test) was applied as a statistical tool for the analysis of within group comparisons across different emotions. Table 6 summarises the different emotions across groups separately. In Group-A some difference is seen across the emotions whereas for Group-B and Group-C, no difference is seen across different emotions.

Comparison among different emotions

Comparison of different emotions was done with respect to the responses obtained by the participants in all the three groups as well as based on the acoustic analysis of the stimuli used in the vocal emotion perception battery. Wilcoxon Signed Rank test was applied for the comparison of different emotions. Table
7 reveals that the results of various pair wise comparison across different emotions such as sad with happy, anger with happy, fear with happy, neutral with happy, anger with sad, fear with sad, neutral with sad, fear with anger, neutral with anger and neutral with fear. Difference is seen among all the pairs listed above. These findings were supported by the findings of the acoustical analysis of the stimuli which is discussed further in the following subsection.


Table 5: Results of Mann- Whitney test comparing different emotions between Group-B and Group-C


Group-C

	
Happy
	Happy
-
	Sad
SD
	Anger
SD
	Fear
SD
	Neutral
SD

	Sad
	SD
	-
	SD
	SD
	SD

	Anger
	SD
	SD
	-
	SD
	SD

	Fear
	SD
	SD
	SD
	-
	SD

	Neutral
	SD
	SD
	SD
	SD
	-


 (
Group-B
)Note: ‘SD’ indicates ‘significant difference’.



Table 6: Results of Friedman test comparing different emotions within each group



Statistical parameters

Group- A

Group- B

Group- C

Chi-Square	13.714	1.246	4.946
df	4	4	4
p	0.008	0.871	0.293
Table 7 : Results of Wilcoxon signed rank test comparing different emotions based on the responses

	
	Z
	Asymp. Sig. (2-tailed)

	S-H
	-2.236
	0.025

	A- H
	-2.236
	0.025

	F-H
	-2.236
	0.025

	N-H
	-1.134
	0.257

	A-S
	0.000
	1.000

	F-S
	0.000
	1.000

	N-S
	-1.414
	0.157

	F-A
	0.000
	1.000

	N-A
	-1.414
	0.157

	N-F
	-1.414
	0.157



Table 8:  Results of Signed rank test comparing different emotion based on their acoustic characteristics

	
	Happy
	Sad
	Anger
	Fear
	Neutral

	Pitch (Hz)
	395.65
	257.81
	324.01
	300.61
	238.73

	F1
	856.89
	776.80
	861.91
	885.80
	781.83

	F2
	1927.46
	1869.65
	1994.45
	1963.6
	1949.07

	F3
	2985.17
	3033.95
	3181.91
	3099.15
	3106.95

	F4
	3852.63
	4012.27
	3974.20
	4022.41
	4054.35

	Intensity (dB)
	78.66
	77.6
	79
	76.80
	73.92

	Duration (sec)
	1.7
	1.8
	1.55
	2.1
	1.53




Table 8 shows the findings of the acoustic analysis of the stimuli used in the vocal emotion perception battery. Difference in pitch values (Hz) was seen in all the emotions. The target emotions were ordered in terms of their pitch values (from high to low) as ‘happy’, ‘anger’, ‘fear’, ‘sad’ and ‘neutral’ with a pitch values of 395.65 Hz, 324.01 Hz, 300.61 Hz, 257.81 Hz
and 238.73 Hz respectively. Intensity difference was also seen across the emotions, the target emotions were ordered in terms of their intensity values (from high to low) as ‘anger’, ‘happy’, ‘sad’, ‘fear’ and ‘neutral’ with the a values of 79 dB, 78.66 dB, 77.6 dB, 76.80 dB, and 73.92 dB respectively. These findings are in congruence with the findings of Petrushin (2000), Scherer (2003) and Yildirim et al., (2004) that relative to neutral speech, anger and happy speech exhibits higher mean pitch, wider pitch range, greater intensity, faster speaking rate. On the other hand, sad speech exhibits lower mean pitch, narrower pitch range, lower intensity and slow speaking rate.

The target emotions were ordered in terms of their F1 values (from high to low) as ‘fear’, ‘anger’, ‘happy’, ‘neutral’ and ‘sad’ with a values of F1 as 885.80 Hz, 861.91  Hz,  856.89  Hz,  781.83  Hz  and  776.80  Hz
respectively. Luo et al., (2007) found similar findings for male talker with mean F1 values (from high to low) as ‘anger’, ‘anxious’, ‘happy’, ‘neutral’ and ‘sad’.

According to Williams and Stevens (1972), when the speaker is angry the basic opening and closing articulatory gestures characteristic of the vowel- consonant alteration in speech appeared to be more extreme. The vowels tended to be produced with more open vocal tract and hence have higher first-formant frequencies, and the consonants were generated with a more clearly defined closure. In the present study also, higher first formant frequency was found for the emotion ‘anger’ as compared to other emotions. The vowel and consonants produced in a fear situation were often  more  precisely  articulated  than  they  were  in




neutral situation and the average Fo for fear was found to be lower than that observed for anger and for some voices it was found to be close to that of the utterance spoken in the neutral situation. The finding of Fo of fear in the present study correlates with the findings of Williams and Stevens (1972). These authors also concluded that the average fundamental frequency for the utterances spoken in the sorrow situation was considerably lower than that for neutral situations and the range of Fo was usually found to be quite narrower. In the present study, Fo for the emotion ‘sad’  was found to be higher than the emotion ‘neutral’.

In the present study, acoustic characteristic in terms of the duration of the stimuli was also taken into consideration. The target emotions were ordered in terms of their duration values (from high to low) as ‘fear’, ‘sad’, ‘happy’, ‘anger’, and ‘neutral’. Williams and Stevens (1972) also summarised the duration parameters associated with various parameters. They concluded that the duration of utterances spoken in ‘anger’ were usually longer, but this effect was not great and was not always consistent in all voices. Whereas the duration of an utterance in fear situation tended to be longer than in the case of ‘anger’ or ‘neutral’ situation. Increased duration of the stimulus is also seen for the emotion ‘sad’ which resulted from longer vowels and consonants and from pauses that were often inserted in a sentence.

Therefore it can be concluded from the findings given in Table 7 and Table 8 that all the emotions differ from each other in terms of their acoustic properties as well as the responses given by the participants of the present study.

Results of reliability assessment of the test

Test to retest reliability of the vocal emotion perception battery was checked by administering it to randomly selected one-half of the participants from all the three groups for a second time after duration of two weeks. The number of correct responses given by each participant in each of the group for the test was noted. The results were compared with the respective participant’s results obtained during the first test. Alpha coefficient was used for the reliability assessment. For Group-A the alpha value was 0.7, for Group-B, it was 0.98, where as for Group-C   it was
0.90. The results showed a good test-retest reliability in all the three groups.

Conclusions
Vocal emotion perception battery developed as a part of this study was useful is assessing the vocal emotion

perception abilities of individuals with normal hearing, sensori-neural hearing loss and auditory dys- synchrony/neuropathy. Mean and standard deviation of scores obtained for different emotions showed significant difference among all the three groups. Comparison of performance across the three groups on vocal emotion perception recognition revealed that there was a significant difference across all the five emotions. It was observed for within Group comparison, Group-A showed some difference among the emotions whereas for Group-B and Group-C, no difference was seen among the emotions. Results obtained from comparison among different emotions with respect to both responses obtained from the participants and the acoustic characteristic of the stimulus reveals that the difference is seen among all the various pair wise comparison across different emotions such as sad with happy, anger with happy, fear with happy, neutral with happy, anger with sad, fear with sad, neutral with sad, fear with anger, neutral with anger and neutral with fear. Comparison of the acoustic characteristics of the stimulus reveals the difference in the pitch, intensity and duration values of all the five emotions
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Abstract
Temporal processing that utilized the Auditory Brainstem Response audiometry (ABR) responses recorded  at different rates have not studied the developmental changes during childhood. Aim of the present study: The primary aim of the present study was to investigate the interactions between auditory temporal processing and stimulus complexity by examining the effects of stimulus rate on speech and click-evoked ABR and Frequency following responses (FFR) in children. The secondary aim was to develop a data base regarding how the non-speech stimulus and the speech stimulus coded at brainstem during early developmental period. A total of fifty seven (57) subjects participated in the study. Subject’s age between 5 to 10 years were selected. All the participants were then divided into five groups.ABR and FFR were recorded using Biologic Navigator Pro evoked potential systems (Version-7.0). Results showed that there was no effect of repetition rate on latency and amplitude of click evoked ABR within group and across groups. Significant interaction was seen on the latency of speech evoked ABR and FFR within group, however it did not show significant interaction across groups. There was no significant interaction was seen on the amplitude of speech evoked ABR, but there was significant interaction on amplitude of FFR and F1 amplitude within group, but there was no significant interaction for F0 and F2. However there was no significant interaction for speech evoked ABR, FFR, F0, F1 & F2 latency & amplitude across groups. Developmental time course of speech encoding in the brainstem of neural maturation occur at the age of 5 years). Peripheral mechanism responsible for encoding temporal aspects of the acoustic signal appeared to be well developed in young listeners (4-5years) and this may be the reason for no difference was not noticed across age. Hence to study the temporal processing latency of speech evoked ABR and FFR waves should be considered. Amplitude of any wave is not a good parameter to study the rate effect.

Key words: Temporal processing, fundamental frequency, myelinization.
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Introduction
The neural encoding of sound stimulus begins at auditory nerve and continues till the cortex via auditory brainstem. Brainstem responses to simple stimuli are well defined and used widely in the clinical practice in the evaluation of the auditory pathway integrity (Moller, 1999; Starr & Don, 1988). The role of brainstem in processing a complex signal varying in many acoustic dimension continuously over time, such as a speech syllable have recently become popular among audiologist as it can be easily recorded with the help of conventional auditory techniques. The ABR is ideally suited for evaluating difficult to test patients because it passively elicits neurophysiological response to auditory stimuli and does not require the patient to actively attend or respond to the stimulus.

The click-evoked ABR is used widely by clinicians to evaluate hearing and the integrity of the auditory brainstem in certain populations such as, infants or neurologically impaired patients (Starr & Don, 1988).
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Speech syllables are being used to record evoked potentials as they have got the potential to understand neural processing of speech stimuli. ABRs recorded to speech reflect the acoustics with such accuracy that when the evoked response is played back as an auditory stimulus, it is perceived as intelligible speech (Galbraith, Arbagey, Branski, Comerci &  Rector, 1995).

Temporal processing is critical to a wide variety of everyday listening tasks including speech perception and perception of music (Hirsh, 1959). Temporal processing is one of the functions necessary for the discrimination of subtle cues such as voicing and discrimination of similar words. Auditory temporal processing is not a unitary construct and temporal phenomena present in acoustic stimuli manifest themselves in different ways depending on the task (Green, 1984) and also based on the relevant timescales and the presumed underlying neural mechanisms. According to Klein (2002), temporal processing deficits could involve a hierarchy of temporal information-processing functions ranging from the perception and identification of stimuli to individualizing and perceiving multiple stimuli presented in the correct sequences.
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Early studies of the ABR used simple stimuli such as clicks and sinusoidal tones to tap and maximize these transient and sustained ABRs. Although clicks and tones have been instrumental in defining these basic response patterns, they are poor approximations of the behaviorally relevant sounds that we encounter outside the laboratory (e.g., speech and music, non-speech vocal sounds, and environmental sounds). Therefore there is a need to study the processing of speech sound at the brainstem level.

In children it is difficult to get the  behavioral responses. Speech evoked ABR is an electrophysiological test which does not require the co- operations from the client and gives the information about brainstem encoding of speech sounds. Speech evoked ABR has been found very useful in the diagnosis of children with learning disability (Johnson, Nicol & Kraus, 2005; Kraus & Nicol 2005; Banai, Abrams, D & Kraus, 2007). Secondly, the processing of speech and speech sounds is potentially more “meaningful” with respect to psychological and linguistic issues, than the processing of clicks. Speech- evoked ABR recordings may have diagnostic and management implications to help screen or identify patients with abnormal speech processing or perhaps those with auditory processing disorders (Khaladkar, Kartik, & Vanaja, 2005). Thus, there is a need to study processing of speech sound in normal children.

Temporal processing that utilized brainstem auditory evoked responses recorded at different rates by Cunningham, Nicol, Zecker, Bradlow and Kraus, (2001); King, Warrier, Hayes, and Kraus, (2002). Wible, Nicol and Kraus, (2004) done study in children with specific language impairment age between 4 to 11 years in 11 children and age matched control group was taken to compare the data. However, subject in the control group was not categorized into different groups to observe developmental changes. Thus, there is need to study how temporal processing is limited during developmental changes in normal hearing children.

Aim of the study
The primary aim of the present study was to investigate the interactions between auditory temporal processing and stimulus complexity by examining the effects of stimulus rate on speech and click-evoked ABR  and FFR in children & secondary aim of the present study was to develop a data base regarding how the non- speech stimulus and speech stimulus coded at the brainstem during early developmental period.

Method
A total of fifty seven subjects participated in the study. Age of the subjects was between 5 to 10 years. All the participants were then divided into the following five groups based on their age.
Group I: 5 years to 5 years 11 months, (10 children)
Group II: 6 years to 6 years 11 months, (11 children)
Group III: 7 years to 7 years 11 months, (13 children)
Group IV: 8 years to 8 years 11 months, (13 children)
Group V: 9 years to 9 years 11 months, (10 children) These groups were made to observe the developmental change.

The behavioral thresholds of all subjects were within 15 dBHL at octave frequencies from 250 Hz to 8 kHz and 250 Hz to 4 kHz for air conduction and bone conduction respectively in both ears. All had type a tympanograms with normal acoustic reflex thresholds in both ears. All of them passed the screening checklist for auditory processing (SCAP) developed by Yathiraj and Mascarenhas (2004) indicating absent auditory processing disorder. None of them reported to have any history of neurological or otological problems. No illness on the day of testing was reported by the subjects. They did have normal click-evoked ABR at lower (11.1/sec) and higher (90.1/sec) repetition rate, indicating absence of retrocochlear pathology (RCP).

Test Stimulus

A 40 ms duration is a synthesized /da/ stimulus generated using KLATT synthesizer (Klatt, 1980) available in the Biologic Navigator Pro-AEP system was used to record FFR.

Test Procedure

All the tests were carried out in a well illuminated air conditioned rooms which was acoustically treated. The noise levels were within the permissible levels as recommended by ANSI-S.3 (1991).

ABR and FFR were recorded using Biologic Navigator Pro evoked potential systems (Version-7.0). The non- inverting electrode was placed on forehead, the inverting electrode was placed on test ear and the ground electrode was placed on non-test ear respectively. ER-3A insert ear phones were used to present the stimuli. The parameters used to record ABR are given in Table 1.

For all the three repetition rates the latency and amplitude of wave V were calculated. Speech evoked ABR and FFR were also recorded at 3 repetition rate. In the present study latency and amplitude of transient



Table 1: Parameters used to record click and speech evoked ABR


Parameters	Click ABR	Speech ABR Acquisition Parameters
	Band-pass filter
Analysis time
	100-3000 Hz
10 ms
	100-3000 Hz
64  ms  which  included  a

	
	
	prestimulus time of 10 ms

	Notch filter
	50 Hz
	50 Hz

	Gain
No. of channels
	100000
Single
	100000
Single

	Stimulus Parameters

	Stimulus Polarity Repetition rate
	Click (100µs) Alternate      6.9, 10.9 & 15.4
	/da/ (40 ms) Alternate      6.9, 10.9 & 15.4

	Intensity
	80 dBSPL
	80 dBSPL

	Total number of stimulus
	2000
	2000
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as well as sustained responses were evaluated. Transient response consists of peak V and A latency whereas the sustained responses consists of peaks D, E, F, and O. For measuring the latency of the sustained responses, the response waveform was shifted 7 ms to compensate for neural lag in the response.

Procedure to obtain F0, F1 and F2 amplitude

Speech-evoked ABR waveforms were first converted into "ASCII" format using the software called ‘AEP TO ASCII’. ASCII format data was then analyzed using ‘BRAINSTEM TOOLBOX’ developed a Northwestern University. This software runs on MATLAB platform and does the FFT of the waveforms and analyses the FFR.
Fourier analysis was performed on the 11.4–40.6 ms epoch of the FFR to extract the information regarding the coding of fundamental frequency (103– 121 Hz), first formant (454- 719 Hz) and the higher harmonics (721-1155 Hz) of the speech stimulus for all the subjects. A 2 ms on 2 ms off Hanning ramp was applied to the waveform to prevent the frequency splattering during the Fourier analysis. Zero-padding was employed to increase the number of frequency points where spectral estimates were obtained. If the quotient of the magnitude of the F0, F1 and higher harmonics frequency component of the FFR divided by that of the prestimulus period was greater than or equal to one, the response was deemed above the noise floor (Russo et al., 2004). The raw amplitude value of the F0, F1 and the higher frequency component of the FFR were then measured.

To check for temporal processing and also developmental changes in latency and amplitude of click evoked ABR, wave V were compared. Latency

and amplitude of speech evoked transient and sustained waves were also compared. Extracted information regarding the coding of fundamental frequency, first formant frequency and higher frequency or F2 for speech evoked ABR at different repetition rates were also compared.

Results
Latency of click evoked ABR
The mean and the standard deviations of the wave V latency were calculated for the click evoked ABR recorded at three repetition rates (Table 2).

Table 2 shows that, as the repetition rate increased, there is an increase in latency of the wave V elicited by clicks. Figure- 1 shows a ABR waveform elicited by clicks at three repetition rates in a normal hearing subject.

To see the effects of repetition rates and age on latency of click evoked wave V, Mixed ANOVA (3 repetition rates & 5 groups) was done. The results of the Mixed ANOVA did not show any significant effect of group [F(4, 52)=1.01, p>0.05] and also there was no interaction (groups vs repetition rates) [F(8, 104)=1.30, p>0.05]. However, a significant interaction across the repetition rates [F(2, 104)=8.75, p<0.05] was observed. Bonferroni post hoc test was done to see in which two repetition rates wave V latency differed significantly from each other. Details of the Bonferroni post hoc test is shown in Table 3. Repeated measure ANOVA (3 repetition rates) was done within the group to see which group had significant difference in wave V latency across the repetition rates. Results showed that there  is  no  significant  difference  across  the  three




repetition rates for Group I [F(2, 18)=0.45, p>0.05], Group II [F (2, 20)=3.20, p>0.05], Group III [F (2, 24)=0.73,   p>0.05]   and   Group   V   [F2,   18)=2.52,
p>0.05]. However, the results showed that there is a significant difference across the three repetition rates for Group IV [F(2, 24)=4.44, p<0.05]. However, Bonferroni post hoc test did not show any significant difference between any two repetition rates.

Paired t-test was done as Bonferroni post hoc test did not show significant difference, though repeated measures ANOVA showed significant difference. The test results showed significant difference between wave V latency obtained at 6.9 and 10.9 [t(12)=2.55, p<0.05] and also between 6.9 and 15.4


Table 2: Mean and Standard deviations (S.D) of click- evoked wave V latency obtained at three repetition rates across the groups
	Repetition rate
	10.9
	15.4

	6.9
	Not Significant, p>0.05
	Significant p<0.05

	10.9
	
	Significant p<0.05
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Figure 1: Click- evoked ABR recorded at three different repetition rates.

Table 3: Results for the Bonferroni Post Hoc Test showing pairwise comparison of click-evoked wave V latency in different repetition rates


Repetition rates

Groups


 	6.9	10.9	15.4 	


	
	Mean (ms)
	S.D
	Mean (ms)
	S.D
	Mean (ms)
	S.D

	5-5.11 years
	5.31
	0.23
	5.31
	0.23
	5.32
	0.25

	6-6.11 years
	5.22
	0.27
	5.22
	0.27
	5.27
	0.21

	7- 7.11 years
	5.41
	0.14
	5.39
	0.13
	5.40
	0.14

	8-8.11 years
	5.22
	0.23
	5.24
	0.22
	5.28
	0.18

	9-9.11 years
	5.29
	0.29
	5.29
	0.28
	5.33
	0.26
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Figure 2: Speech evoked ABR and FFR recorded at three different repetition rates.




Table 4: Mean and Standard deviations (S.D) of different speech evoked ABR and FFR wave latencies obtained at three repetition rates across the groups

	Wave Latency
	Variable
	df
	F-value
	Sig. level

	
	Repetition rate
	(2, 104)
	451.64
	p<0.05

	Wave V
	Across age
	(4, 52)
	0.82,
	p>0.05

	
	Rate & age
	(8, 104)
	1.37
	p>0.05

	
	Repetition rate
	(2, 104)
	277.36
	p<0.05

	Wave A
	Across age
	(4, 52)
	0.77
	p>0.05

	
	Rate & age
	(8, 104)
	0.68
	p>0.05

	
	Repetition rate
	(2, 104)
	104.02
	p<0.05

	Wave D
	Across age
	(4, 52)
	0.92
	p>0.05

	
	Rate & age
	(8, 104)
	0.86
	p>0.05

	
	Repetition rate
	(2, 104)
	104.02
	p<0.05

	Wave E
	Across age
	(4, 52)
	0.92
	p>0.05

	
	Rate & age
	(8, 104)
	0.86
	p>0.05

	
	Repetition rate
	(2, 104)
	63.97
	p<0.05

	Wave F
	Across age
	(4, 52)
	0.77
	p>0.05


 	Rate & age	(8, 104)    1.26	p>0.05 	

Table 5: Degree of freedom, F-value and significance level of different speech evoked ABR and FFR wave latencies obtained at three repetition rates across the groups

Age Groups	5-5.11 years	6-6.11 years	7-7.11years	8-8.11years	9-9.11 years
Wave    	

	
	Repetition
rates
	Mean
(ms)
	S.D
	Mean
(ms)
	S.D
	Mean
(ms)
	S.D
	Mean
(ms)
	S.D
	Mean
(ms)
	S.D

	
	6.9
	5.98
	0.30
	6.11
	0.32
	6.11
	0.21
	6.11
	0.25
	6.19
	0.20

	V
	10.9
	6.43
	0.30
	6.38
	0.31
	6.40
	0.34
	6.45
	0.27
	6.59
	0.19

	
	15.4
	6.69
	0.33
	6.68
	0.34
	6.73
	0.33
	6.76
	0.33
	6.93
	0.20

	
	6.9
	6.80
	0.23
	6.92
	0.47
	7.09
	0.42
	6.95
	0.31
	7.07
	0.20

	A
	10.9
	7.26
	0.26
	7.36
	0.47
	7.42
	0.37
	7.35
	0.37
	7.49
	0.21

	
	15.4
	7.64
	0.29
	7.71
	0.44
	7.75
	0.32
	7.78
	0.32
	7.81
	0.15

	
	6.9
	21.62
	0.31
	22.10
	0.59
	22.11
	0.55
	21.82
	0.84
	22.11
	0.60

	D
	10.9
	22.01
	0.52
	22.29
	0.59
	22.31
	0.47
	22.14
	0.85
	22.35
	0.48

	
	15.4
	22.18
	0.51
	22.48
	0.64
	22.56
	0.47
	22.33
	0.85
	22.56
	0.47

	
	6.9
	30.30
	0.47
	30.44
	0.54
	30.56
	0.67
	30.57
	0.51
	30.67
	0.38

	E
	10.9
	30.53
	0.43
	30.58
	0.50
	30.79
	0.65
	30.81
	0.62
	30.84
	0.39

	
	15.4
	30.69
	0.37
	30.72
	0.40
	31.15
	0.80
	30.96
	0.60
	30.92
	0.35

	
	6.9
	38.85
	0.30
	38.95
	0.46
	38.97
	0.35
	38.99
	0.30
	38.77
	1.29

	F
	10.9
	39.08
	0.33
	39.08
	0.40
	39.09
	0.35
	39.06
	0.31
	38.97
	1.35

	
	15.4
	39.29
	0.44
	39.17
	0.43
	39.32
	0.35
	39.28
	0.32
	39.24
	1.36




[t(12)=2.24, p<0.05] repetition rates. However, it did not show significant difference between wave V latency obtained at 10.9 and 15.4 [t(12)=1.83, p>0.05] repetition rates.

Latency of speech evoked ABR and FFR waves
The mean and standard deviations of the different wave latencies were calculated for the speech evoked ABR and FFR recorded at three repetition rates (Table 4). It

can be seen from the Table 4 that, as the repetition rate increased, there is an increase in latency of all the peaks. However, latency shift for transient  response was more than the shift noticed for FFR waves.

Figure- 2 Shows syllable /da/ evoked ABR and FFR waveform at three repetition rates obtained from one of the normal hearing subject continuity with to see the effects of repetition rates and age on the latency of




transient and sustain responses elicited by syllable /da/ Mixed ANOVA (3 repetition rates and 5 groups) was done. The results are given in Table 5.

The results showed a significant interaction between rate and age for all waves elicited by syllable /da/. Bonferroni post-hoc test was done to see which two repetition rates for wave V latency differ significantly. Details of the Bonferroni post-hoc test is shown in Table 6.

Repeated measure ANOVA was done within the groupto see significant different in data obtained across the repetition rates by considering data from all the groups.

As the repeated measure ANOVA showed significant difference across the repetition rates for all most all the groups, Bonferroni post-hoc test was done to see, which two repletion rates wave latency, differed significantly. The results obtained from Bonferroni post-hoc test results is shown in Table 8.

Effect of repetition rate and age on amplitude of click evoked ABR wave V

The mean and the standard deviations of the wave V amplitude were calculated for the click evoked ABR wave V recorded at three repetition rates (Table 9).

It can be seen from the Table 9 wave V amplitude did not show any specific trend with the change in repetition rate. However, most of the groups have shown a reduced wave V amplitude obtained at 15.4 rate, compared to that obtained at 6.9 repetition rate. To see the effects of repetition rates and age on amplitude of click evoked Wave V, Mixed ANOVA (3 repetition rates and 5 groups) was done. The results of the Mixed ANOVA did not show any significant interaction across the groups [F(4, 52)=0.75, p>0.05] groups and repetition rates [F(8, 104)=1.23, p>0.05] and also across the repetition rates [F (2, 104)=2.56, p>0.05].

Table 6: Bonferroni Post Hoc Test results for the /da/ evoked Wave V, A, D, E & F latency across the three repetition rates
	Repetition rate
	10.9
	15.4

	6.9
	Significant p<0.05
	Significant p<0.05

	10.9
	
	Significant p<0.05



Table 7: Repeated measure ANOVA results of different speech evoked ABR and FFR wave latencies obtained at three repetition rates across the groups

	Wave
	Group
	df
	F-Value
	Sig. level

	
	I
	(2,18)
	90.22
	p<0.05

	
	II
	(2,20)
	98.76
	p<0.05

	Wave V
	III
	(2,24)
	52.79
	p<0.05

	
	IV
	(2,24)
	126.34
	p<0.05

	
	V
	(2,18)
	177.39
	p<0.05

	
	I
	(2,18)
	50.38
	p<0.05

	
	II
	(2,20)
	61.81
	p<0.05

	Wave A
	III
	(2,24)
	28.14
	p<0.05

	
	IV
	(2,24)
	113.20
	p<0.05

	
	V
	(2,18)
	93.57
	p<0.05

	
	I
	(2,18)
	20.57
	p<0.05

	
	II
	(2,20)
	22.15
	p<0.05

	Wave D
	III
	(2,24)
	18.88
	p<0.05

	
	IV
	(2,24)
	26.44
	p<0.05

	
	V
	(2,18)
	21.86
	p<0.05

	
	I
	(2,18)
	31.64
	p<0.05

	
	II
	(2,20)
	5.32
	p<0.05

	Wave E
	III
	(2,24)
	31.29
	p<0.05

	
	IV
	(2,24)
	19.40
	p<0.05

	
	V
	(2,18)
	6.33
	p>0.05

	
	I
	(2,18)
	26.04
	p<0.05

	
	II
	(2,20)
	3.88
	p<0.05

	Wave F
	III
	(2,24)
	11.65
	p<0.05

	
	IV
	(2,24)
	8.73
	p<0.05


 	V	(2,18)	48.16	p<0.05 	



Table 8: Bonferroni Post hoc Test results for the latency of transient & sustained response across the group & across the three repetition rates

 (
Group/s
Repetition rates
10.9
15.4
I,
 II,
 
III, 
IV
 
&
 
V
6.9
S
S
10.9
NC
S
I,
 II,
 
III, 
IV
 
&
 
V
6.9
S
S
10.9
NC
S
I,
 II,
 
III, 
IV
 
&
 
V
6.9
S
S
10.9
NC
S
I &
 III
6.9
S
S
10.9
NC
S
II
6.9
S
NS
10.9
NC
NS
IV
6.9
S
S
10.9
NC
NS
I &
 
IV
6.9
S
S
10.9
NC
S
II
6.9
NS
NS
10.9
NC
S
III
 &
 IV
6.9
NS
S
10.9
NC
S
)Wave/s V
A D


E





F




Note: S-p<0.05, NS-p>0.05, NC-Not compared

Table 9: Mean and Standard deviations (S.D) of wave V amplitude obtained at three repetition rates across the groups

5-5.11 years	6-6.11 years	7-7.11years	8-8.11years	9-9.11 years Peak	 					




 (
Mean
S.D
Mean
S.D
Mean
S.D
Mean
S.D
Mean
S.D
(ms)
(ms)
(ms)
(ms)
(ms)
0.19
0.10
0.18
0.08
0.24
0.13
0.22
0.9
0.24
0.11
0.20
0.11
0.22
0.16
0.28
0.16
0.23
0.10
0.16
0.09
0.13
0.10
0.21
0.07
0.18
0.06
0.20
0.13
0.18
0.09
)Wave V





Effect of repetition rate and age on amplitude of
/da/ evoked transient, FFR waves, F0, F1 and Higher harmonics (F2) across groups.

The mean and the standard deviations of the different wave amplitude were calculated for the speech evoked ABR and FFR, recorded at three repetition rates (Table 10).

It can be seen from the Table 10 that, as the repetition rate increased, there is a decrease in amplitude of all most all the peaks of speech evoked transient and FFR waves in all the groups.

The mean and the standard deviations of the F0, F1 and higher harmonics amplitude were calculated for the speech evoked FFR recorded at three repetition rates

(Table 11). It can be seen from the Table 11 that, as the repetition rate increased, there is a decrease in amplitude of the F0, F1 and also higher harmonics (F2) of speech evoked FFR. To see the effects of repetition rates and age on significantly from each other. Details of the Bonferroni post-hoc test is shown in Table 13.

Repeated measure ANOVA was done within the group to see significant difference in data obtained across the repetition rates as the Mixed ANOVA showed a significant interaction across the repetition rates by considering data from all the group.

Bonferroni post hoc test was done to see between which two repetition rates wave V amplitude, differed significantly. Details of the Bonferroni post hoc test results is shown in Table 15.



Table 10: Mean and standard deviations (S.D) of different speech evoked transient and FFR waves amplitude obtained at three repetition rates across the groups




Age

5-5.11 years	6-6.11 years	7-7.11years	8-8.11years	9-9.11 years


	Wave
	Groups

	
	Repetition
	Mean
	S.D
	Mean
	S.D
	Mean
	S.D
	Mean
	S.D
	Mean
	S.D

	
	rates
	(ms)
	
	(ms)
	
	(ms)
	
	(ms)
	
	(ms)
	

	
	6.9
	0.12
	0.07
	0.12
	0.07
	0.13
	0.06
	0.12
	0.05
	0.13
	0.05

	V
	10.9
	0.09
	0.06
	0.10
	0.05
	0.11
	0.06
	0.09
	0.04
	0.08
	0.04

	
	15.4
	0.06
	0.03
	0.08
	0.02
	0.09
	0.06
	0.08
	0.05
	0.06
	0.03

	
	6.9
	0.22
	0.11
	0.28
	0.11
	0.23
	0.11
	0.20
	0.12
	0.22
	0.06

	A
	10.9
	0.24
	0.06
	0.24
	0.11
	0.20
	0.09
	0.23
	0.11
	0.23
	0.05

	
	15.4
	0.20
	0.06
	0.25
	0.09
	0.18
	0.06
	0.20
	0.04
	0.24
	0.09

	
	6.9
	0.19
	0.12
	0.17
	0.08
	0.17
	0.10
	0.17
	0.08
	0.12
	0.06

	D
	10.9
	0.17
	0.07
	0.18
	0.05
	0.16
	0.06
	0.18
	0.09
	0.13
	0.07

	
	15.4
	0.15
	0.06
	0.17
	0.05
	0.14
	0.07
	0.12
	0.07
	0.14
	0.03

	
	6.9
	0.26
	0.06
	0.25
	0.10
	0.21
	0.08
	0.25
	0.15
	0.24
	0.09

	E
	10.9
	0.22
	0.05
	0.20
	0.13
	0.19
	0.08
	0.21
	0.11
	0.19
	0.08

	
	15.4
	0.14
	0.06
	0.16
	0.06
	0.16
	0.05
	0.19
	0.07
	0.15
	0.09

	
	6.9
	0.30
	0.14
	0.25
	0.16
	0.35
	0.36
	0.27
	0.15
	0.21
	0.10

	F
	10.9
	0.25
	0.11
	0.26
	0.11
	0.19
	0.07
	0.24
	0.13
	0.18
	0.13

	
	15.4
	0.18
	0.09
	0.18
	0.13
	0.21
	0.09
	0.16
	0.10
	0.18
	0.12




Table 11: Mean and Standard deviations (S.D) of F0, F1 and higher harmonics (F2) amplitude elicited by syllable
/da/ obtained at three repetition rates across the groups


Age
Groups	5-5.11 years	6-6.11 years	7-7.11years	8-8.11years	9-9.11 years

Peak

Repetition rates


Mean
(ms)	S.D

Mean
S.D
(ms)

Mean
S.D
(ms)

Mean
S.D
(ms)

Mean (ms)

S.D

	
	6.9
	5.14
	1.94
	5.06
	2.11
	4.76
	2.33
	4.60
	2.12
	4.23
	1.80

	F0
	10.9
	4.58
	1.37
	5.40
	2.03
	4.73
	2.23
	3.53
	1.66
	3.51
	1.05

	
	15.4
	4.25
	1.85
	4.42
	2.24
	4.42
	2.09
	3.82
	2.06
	4.31
	1.76

	
	6.9
	0.70
	0.26
	0.60
	0.28
	0.59
	0.21
	0.65
	0.28
	0.64
	0.22

	F1
	10.9
	0.59
	0.20
	0.55
	0.19
	0.56
	0.13
	0.51
	0.18
	0.55
	0.18

	
	15.4
	0.65
	0.20
	0.60
	0.20
	0.55
	0.16
	0.59
	0.24
	0.53
	0.15

	
	6.9
	0.31
	0.84
	0.28
	0.08
	0.25
	0.05
	0.28
	0.07
	0.29
	0.06

	F2
	10.9
	0.28
	0.07
	0.28
	0.07
	0.28
	0.08
	0.27
	0.08
	0.27
	0.07

	
	15.4
	0.26
	0.07
	0.27
	0.10
	0.24
	0.60
	0.26
	0.07
	0.25
	0.06






Table 12 : Mixed ANOVA result of wave V, E and F amplitude, across repetition rate, across
age and rate and	age

Table 13: Bonferroni Post hoc Test results for the amplitude of wave V, E, F & F1 amplitude
across the three repetition rates


	

 (
Variable
df
F-value
Sig. 
level
Repetition
 
rate
(2, 104)
16.96
p<0.05
Across
 
age
(4, 52)
0.52
p>0.05
Rate
 & 
age
(8,
 
104)
0.46
p>0.05
Repetition
 
rate
(2, 104)
0.96
p>0.05
Across
 
age
(4, 52)
0.93
p>0.05
Rate
 & 
age
(8,
 
104)
1.07
p>0.05
Repetition
 
rate
(2, 104)
2.85
p>0.05
Across
 
age
(4, 52)
0.76
p>0.05
Rate
 & 
age
(8,
 
104)
1.12
p>0.05
Repetition
 
rate
(2, 104)
35.78
p<0.05
Across
 
age
(4, 52)
0.21
p>0.05
Rate
 & 
age
(8,
 
104)
1.02
p>0.05
Repetition
 
rate
(2, 104)
9.78
p<0.05
Across
 
age
(4, 52)
0.40
p>0.05
Rate
 & 
age
(8,
 
104)
1.27
p>0.05
Repetition
 
rate
(2, 104)
1.50
p>0.05
Across
 
age
(4, 52)
1.05
p>0.05
Rate
 & 
age
(8,
 
104)
0.61
p>0.05
Repetition
 
rate
(2, 104)
5.37
P<0.05
Across
 
age
(4, 52)
0.31
p>0.05
Rate
 & 
age
(8,
 
104)
0.51
p>0.05
Repetition
 
rate
(2, 104)
2.84
p>0.05
Across
 
age
(4, 52)
0.35
p>0.05
Rate
 & 
age
(8,
 
104)
0.50
p>0.05
)Wave	Group	df	F-

Sig.

 	Value	level 	
I	(2,18)	7.79	P<0.05
II	(2,20)	1.82	p>0.05

Wav V



Wave A




Wave D




Wave E

Wave V




Wave E




Wave F




F1

III	(2,24)	2.01	p>0.05
IV	(2,44)	7.98	P<0.05
V	(2,18)	9.13	P<0.05
I	(2,18)	26.83	P<0.05
II	(2,20)	7.00	P<0.05
III	(2,24)	5.14	P<0.05
IV	(2,26)	3.15	p>0.05
V	(2,20)	7.38	P<0.05
I	(2,18)	13.16	P<0.05
II	(2,20)	4.51	P<0.05
III	(2,24)	2.44	P>0.05
IV	(2,24)	5.92	P<0.05
V	(2,18)	1.56	P>0.05
I	(2,18)	1.00	P>0.05
II	(2,20)	0.59	P>0.05
III	(2,24)	0.61	P>0.05
IV	(2,24)	3.57	P<0.05
V	(2,20)	1.45	P>0.05


Wave F


Note: S-p<0.05, NS-p>0.05, NC-Not compared


Table 14: Repeated measure ANOVA results for wave V, E, F and F1 amplitude across the repetition rates

Wave/s	Repetition rate
F0

10.9	15.4

V & E
F F1
F1	amplitude

6.9	S	S
10.9	NC	S
6.9	NS	S
10.9	NC	S
6.9	S	NS
10.9	NC	NS







F2








A paired t-test was done as Boneferoni post hoc test did not show any significant difference, though repeated measures ANOVA showed significant difference. A paired t-test results showed a significant difference between F1 amplitude obtained at 6.9 and 10.9 [t(12)=2.63, p<0.05] repetition rates. However, it did not show any significant difference between 6.9 and 15.4 [t(12)=1.07, p<0.05], and also between 10.9 and 15.4 [t(12)=1.64, p>0.05] repetition rates.

Discussion
Effect of repetition rate on latency of click evoked ABR, Speech evoked ABR, FFR, F0, F1 & F2

In the present study repetition rate did not show significant effect on the timing of the onset portion of the click evoked ABR, except for IV group. Present study supports the study by Fowler & Noffsinger (1983), where they reported no change in latency of click evoked ABR waves with increase in repetition rate between 2-20 Hz. Krizman, Skoe and Kraus (2010) also reported no change in latency of click evoked ABR with increase in repetition rate. However there are studies which report that there will be prolonged latency with increase in repetition rate in adults by Don, Allen & Starr (1977), Yagi & Kaga, (1979), Lasky, 1984;1997), Burkard & Hecox, (1983, 1987a, 1987b), Thornton & Coleman, (1975) as well as in children by Lasky, (1984, 1997).  Basu, Krishnan and Weber Fox (2010) also observed longer

latency of click evoked ABR components with the increase in repetition rate in children with specific language impairment and children with normal language. The difference in the results of the present study could be due to differences in rates used to recording of the click evoked ABR. However, it supports the earlier findings that repetition rate to 20/sec may not affect the latency of the click evoked ABR.

A significant effect was also noticed for the speech evoked transient response latency (wave V & A). The latency of onset response was increased with an increase in the repetition rates for all the five groups of children. Krizman, et al., (2010) reported that rate affects the timing of the onset of the speech-ABR in adults. Goncalves, Wertzner, Samelli & Matas (2011) also reported longer latency for wave V and A of speech evoked ABR in children with phonological disorders compared to normal children with age range of 7- 11 years. Wible, Nicol and Kraus (2004) also reported that onset of the speech sound  /da/, wave V–A of the auditory brainstem response (ABR) had a significantly shallower slope in learning impaired children. This would suggests a closer relationship between brainstem neural maturity and rate effects. Delayed neural transmission due to incomplete myelinization and reduced synaptic efficiency is generally thought to produce greater latency changes with rate in infants and children (Pratt & Sohmer, 1976; Lasky 1984, 1997; Jiang, Brozi & Wilkinson, 1998).

Table 15: Bonferroni Post hoc Test results for the amplitude of transient & sustained response across the group & across the three repetition rates


 (
Repetition rate
10.9
15.4
6.9
NS
S
10.9
NC
NS
6.9
S
S
10.9
NC
NS
6.9
NS
S
10.9
NC
NS
6.9
NS
S
10.9
NC
S
6.9
NS
S
10.9
NC
S
6.9
NS
S
10.9
NC
S
6.9
NS
NS
10.9
NC
S
6.9
S
NS
10.9
NC
NS
)Wave/s	Group/s


I
V
IV & V II,III & V
E	I
I & IV I & IV
F	II
F1 amplitude	IV
Note: S-p<0.05, NS-p>0.05, NC-Not compared




 (
261
)
 (
260
)
A significant difference was seen in the latency of the peaks D, E, F with increase in rate in all the  age groups except wave E latency for V Group. Krizman et al; (2010) reported that repetition rate had effect on sustained responses of the speech evoked FFR response.

No significant difference in the latency of click evoked ABR across the groups was noticed in the current study. Salamy (1984) reported that latency of click evoked ABR mature like adult by the age of 2 years. Gorga, Kaminski, Beauchaine, Jesteadt &  Neely, (1989) reported that children, by the age of 3 years the latency of click evoked ABR will be same as adult. Johnson, Nicol, Zecker, & Kraus (2008) reported that there was no difference in the latency of click evoked ABR for younger children (3-5years) and older children (5-12 years). Thus, there was no difference seen on the latency of click evoked ABR across group of children as in the current study all the subjects were 5 years or above.

No significant difference seen in the latency  of transient response of speech evoked ABR and FFR across the groups. Johnson et al., (2008) reported that development time course of speech encoding in the brainstem of neural maturation occur at the age of 5 years. Hall and Grose (1994) reported that peripheral mechanism responsible for encoding temporal aspects of the acoustic signal appeared to be well developed in young listeners (4-5 years). Thus, there was no difference seen on latency of speech evoked ABR and FFR across the groups of children as, in the current study all the subjects were 5 years or above.

Effect of repetition rate on amplitude of click evoked ABR, Speech evoked ABR, FFR, F0, F1 and F2

Repetition rate did not show significant effect on the amplitude of click evoked ABR within the group of children. However, most of the groups showed slight decrease in amplitude with increase repetition rates: Basu et al., (2010) reported a decrease in amplitude of wave V with an increase in the repetition rates in normal children. Pratt and Sohmer (1976) also observed similar effect on amplitude with increase in repetition rate. Fowler & Noffsinger (1983) did not observe any change in the amplitude of click evoked ABR with the increase in repetition rate between 2-20 Hz. However, the rate-related decrease in response amplitude observed for the ABR components may reflect an intensification of neural adaptation (producing a decrease in neural responsiveness) and⁄or reduced neural synchrony (rate-induced neural desynchronization) in the responding neural elements (Don et al., 1977; Fowler & Noffsinger, 1983; Burkard,

Shi & Hecox, 1990; Lasky, Shi & Hecox, 1994) might have resulted in increase in latency.

No significant effect of repetition rate on the amplitude of transient response of speech evoked ABR was seen in the current study, though there was a decrease in wave V amplitude with the increase in the repetition rate for I, IV and V groups. Goncalves et al., (2011) also reported decrease in the wave V amplitude of speech evoked ABR with increase in repetition rate.

Repetition rate also showed significant effect on the amplitude of the E and F waves but did not show significant effect on wave D amplitude. Basu et al., (2010) reported that with an increase in repetition rate there was a decrease in FFR amplitude in normally language developed children.

No significant difference seen in the amplitude of F0 and higher harmonics (F2) across repetition rate within age group, whereas F1 showed significant difference across repetition for IV group. Wible et al., (2004) reported that amplitude of the FFR was significantly reduced among Language learning disability children in the frequency region of first formant (F1) evoked by /da/ stimulus. Krizman et al., (2010) also reported a similar finding in adult population.

No significant difference seen in the amplitude of click evoked ABR across the groups. Salamy (1984) reported that click evoked ABR mature like adult by the age of
2 years. Jiang, Wu and Zhang (1991) reported  that there need not be any age effect on the amplitude of click evoked ABR with increase in rate in children (1-6 years) and Adults (22-36 years). Thus, there was no difference seen in the amplitude of click evoked ABR across group of children.

No difference seen in the amplitude of transient response of speech evoked ABR, FFR, F0, F1 and F2 across the groups. A similar result was also reported by Goncalves et al., (2011) that there were no significant differences in wave V and A between the groups with age range of 7-11 years. Johnson et al; (2008) reported that development time course of speech encoding in the brainstem of neural maturation occur at the age of 5 years. Hall and Grose (1994) reported that peripheral mechanism responsible for encoding temporal aspects of the acoustic signal appeared to be well developed in young listeners (4-5 years). Thus, there was no difference seen in the amplitude of speech evoked ABR, FFR, F0, F1, and F2 across the age group of children.

It can be concluded from the study that rate has significant effect on processing of speech evoked ABR




and FFR. Transient component are more susceptible to change with rate but sustained responses may not show significant changes. This suggests that to assess the temporal processing of non-speech and speech stimulus with rate, one must consider transient response rather than sustained response evoked by speech  stimulus. The current study also suggest that neural processing of temporal aspect of speech stabilizes before 5 years of age as age did not show any significant changes on any wave latency and amplitude of click evoked ABR, speech evoked transient response and FFR and also amplitude of F0, F1 and higher harmonics(F2).

Implications of the Study
Data obtained from the study can be useful as reference to study clinical population. The result obtained helped to understand how temporal aspects of non-speech and speech are processed at the nervous system at different repetition rates. It gives an idea about the parameters to be considered for further study (transient response) where repetition rates are used to assess temporal processing. It highlights the necessity for further study in clinical population.
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Abstract
In everyday situations, communication involving multiple simultaneous talkers is the most difficult for normal hearing as well as individuals with hearing impairment. Such communication situations involve selectively attending to one of several talkers or simultaneously attending to more than one talker. The present study aimed at assessing the effects of noise and hearing impairment on selective and divided auditory attention tasks. Normal hearing a well as individuals with moderate and moderately sere sensori-neural hearing loss carried out selective and divided attention tasks to two separate sentences in quiet as well as conditions wherein the addition of speech shaped noise degraded the sentences O0 dB and -6 dB SNRs). The results revealed that as the degree of hearing loss increased, the performance on both the selective and divided attention tasks, in all the conditions worsened. With the addition of noise, performance on selective and divided attention tasks decline. In the divided attention task, performance on the message reported second was poorer in all the conditions and more affected by noise level than performance on the message reported first. When compared to listeners with normal hearing, listeners with hearing loss showed a larger deficit in recall of the second message than the first. Hearing impairment, as well as the addition of noise affected individuals ability to selectively attend too. Tasks involving the processing of simultaneous messages may be useful for assessing hearing handicap and the benefits of rehabilitation in realistic listening scenarios.
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Introduction
One of the most challenging situations that humans face on a day to day basis involves acoustic environments comprising of multiple talkers in addition to the background noise that is inherent to most situations, be it in the form of the distant humming of the fan or the music being played in the background. The difficulty in processing information in such a complex acoustic environment is what has been termed the cocktail party problem (Cherry, 1953). The cocktail party phenomenon can be viewed from many perspectives. The task is intuitive and simple from a normal hearing listener's point of view. From physiological or psychological perspective, evidence that have been put together to explain this effect is vast and potentially complex due to the many interactions between the signal, the auditory system, and further on, the central nervous system. Acoustically, the problem has been compared to that encountered in attempting to separate, under noise conditions, a single talker's speech from a spectrogram containing speech signals from multiple speakers. This would prove to be a challenge to even an expert in the field of acoustics or linguistics (Bregman, 1990).
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A variety of cues are utilized by listeners to perform the segregation task in a cocktail party task. The cues may be related to the speech utterance itself, such as rhythmic and temporal cues (offsets, onsets, and prosodic cues) or based on the features of  the competing speech signals. This also includes factors like the voice characteristics of the individual talkers (speaking style, vocal tract length, F0). The listener’s inherent knowledge about the context of the ongoing conversation as well as the constraints offered by the particular language also play a role. Apart from the use of monaural cues, the ability to utilize the binaural difference cues could enhance the ability to selectively attend as well as segregate the competing voices into different perceptual streams.

This ability of the human auditory system to segregate sounds issued from different acoustical sources in different perceptual streams is referred to as Auditory Scene Analysis (ASA) (Bregman, 1990). Scene analysis utilizes the perceptual differences between sounds in order to carry out the segregation task and the perceptual difference perceived is a major factor in determining the success of segregation. Perceptual differences have been found to be reduced in situations where in the sounds themselves are degraded or in situations where the reception of the sounds by the ear is degraded, like in hearing impaired listeners.

In order to gain insight into the mechanism involved in ASA,   Bregman   (1990)   suggested   assessing   the




processes that are aimed at segregating simultaneous acoustic events. To examine the processing of multiple speech stimuli, two different types of experimental approaches have predominantly been used. One is the Monaural cocktail party task (Gallun, Mason & Kidd, 2007), in which researchers have generally presented multiple speech stimuli to the same ear and have reported on the factors that lead to errors in processing only one of two presented stimuli (Brungart, Simpson, Ericson, & Scott, 2001). It has been reported in literature that two kinds of masking mainly contribute to interference that is perceived by the listener in such a task (Kidd, Mason, Rohtla & Deliwala, 1998; Freyman, Balakrishnan & Helfer, 2001; Freyman, Helfer, McCall, & Clifton, 1999) ‘Energetic masking’ which occurs when there is an overlap in temporal and spectral characteristics of the competing signal in such a manner that the individual is unable to detect some of the acoustic information contained in the target speech. ‘Informational Masking’ is seen to occur when the target and the competing speech signals are similar therefore leaving the listener unable to segregate the acoustically detectable elements (important for stream segregation) of the target speech from that of the masking speech.

The second type of experimental approach used is the dual-ear experiment (Gallun et al., 2007) in which the presentation of one speech utterance is to one ear and the other ear is provided with a separate stimuli. The effects of energetic masking in such a situation are negligible in the dual ear listening configuration  as each ear receives an independent speech signal. The effects of informational masking too are reported to be reduced as the differences in the spatial locations of the sources can be utilized in order to segregate the speech signals (Freyman et al., 2001). In such a task, when presented with two dichotically competing yet simultaneous speech utterances, the response mode can either be to ignore one and report the other (selective attention), where the subject is asked to ignore any distracting inputs that might occur concurrent to the stimuli of interest and to focus attention on a single source of information and (Broadbent, 1958; Cherry, 1953). The other response mode involves reporting both (divided attention), where the subject is expected to allocate necessary resources to focus of attention across two or more sources and to respond to by processing information from any one or more than one of them at the same time (Howard-Jones & Rosen, 1993; Moray, 1959; Spieth, Curtis, & Webster, 1954; Treisman, 1964; Yost, Dye, & Sheft, 1996).

In crowded listening environments, selective attention enables information to be extracted from a talker of interest.  However,  in  many  cases,  it  is  desirable  to

retrieve information from a talker who is outside the immediate focus of attention (e.g., when two people talk at once). Although some early studies showed that listeners with normal hearing perform poorly when asked to recall messages from unattended talkers (Cherry 1953), subsequent studies indicate that listeners are able to process unattended speech to some extent (Moray 1959; Conway, Cowan & Bunting 2001; Rivenez, Darwin & Guillaume, 2006) and can perform remarkably well at following two talkers when instructed to do so in advance (Best et al., 2006; Gallun, Mason & Kidd, 2007; Ihlefeld & Shinn- Cunningham, 2008).

Normal hearing listeners are able to direct top-down attention to select desired auditory objects from out of a sound mixture. As peripheral objects are the basic units of attention, proper object formation is important for being able to selectively attend. To select a desired object, listeners must know the feature that identifies that object and enables them to focus and maintain attention on the desired object. The ability to switch attention at will is important in many social settings. Listeners often miss bits of an unattended message as a result of masking from competing sources as well as lapses in object formation, object selection and attention switching. However, they are able to cope with incomplete messages by filling in the missing bits from glimpses they do hear and by replaying the message from memory. Te speed of each processing stage is important, as listeners must be able to keep up with the flow of information to interact with others in a social setting.

Multiple factors conspire to interfere with the ability of hearing impaired listeners to communicate when they are many talkers. The spectrotemporal structure of sound determines how objects form. However, spectrotemporal detail is not encoded robustly in such listeners. This degraded peripheral representation is likely to impair and slow down object formation in them. Impaired object formation is likely to degrade the ability to filter out unwanted sources, which will in turn interfere with the ability to understand the source that is the desired focus of attention. Features that enable object selection are also less distinct, making it difficult for them to select the desired source from a mixture. As the process of selective attention are slower in hearing impaired listeners, they are likely to miss more f a desired message as they try to focus and switch attention in social scenes. As more of the message is missed, additional processing is required to perceptually fill in and replay the missing message to understand it. The overall effect is that  hearing impaired listeners have much greater processing demands  and  at  best  normal  processing  capabilities.




When demand exceeds capacity, the result can be a failure to keep up with the flow of information.

Despite many years of research on the topic of processing of simultaneous sentences, the effects of degradation of the input as well as hearing loss  in young adults have not been well studied. Considering the subjective reports of individuals with hearing impairment regarding the difficulties they face in speech perception in the presence of noise, there is a need to report on the performance of such individuals in order to set the stage for further research to address the issue as well as to generate data on the difficulties faced by individuals in a realistic situation. Studies that have probed into this have mainly focused on divided listening skills in hearing impaired population consisting mainly of older listeners (Strouse, Wilson, & Brush, 2000; Singh, Pichora-Fuller & Schneider, 2008; Humes, Lee & Coughlin, 2006) wherein factoring out the contributions of age and hearing loss as well as cognitive status to the results(Best, Gallun, Kidd & Shinn-Cunningham, 2010). There is thus a dearth of literature regarding the processing of simultaneous stimuli in the hearing impaired population. The aim of the present study was to investigate the processing of simultaneous sentences. In particular, to determine the effect of hearing loss on the processing of simultaneous sentences as well as to determine the combined effect of noise and hearing loss as well and finally, to compare these performances with that of normal hearing individuals.

Method
Participants

Data was collected from a total of number of 37 participants. The participants were assigned to one of the two groups, the control group or the clinical group.

Control group: Fifteen participants were recruited as a part of the control group and were between the age range of 15 to 55 years (mean=32 years). All the individuals had bilateral normal hearing sensitivity with the pure tone average being less than 15 dBHL for octave frequencies from 250 to 8000 Hz. The participants had ‘A’ type Tympanograms, indicative of normal middle ear status. All the individuals were native speakers of Kannada language. They did not present with any complaints of psychological, cognitive or neurological problems.

Clinical group: Individuals with postlingually acquired sensori-neural hearing loss served as participants in this group. A total number of 22 participants between the age range of 20 and 55 years

were recruited. The clinical group was sub grouped into Group A and Group B. All the individuals comprising the clinical group were native speakers of Kannada language. The participants had ‘A’ type tympanograms indicative of normal middle ear status. They did not have any complaints of psychological, cognitive or neurological problems.

Clinical Group A consisted of a total of 12 Participants. The participants of this group had an age range of 20 to 55 years (mean=37 years, SD=4.13). All the participants were diagnosed to have bilateral, symmetric moderate sensorineural hearing loss (mean PTA=46.6 dB), flat audiometric configuration with 5 dB rise or fall per octave (Lloyd & Kaplan, 1978).

Clinical Group B consisted of a total of 10 Participants. The participants of this group had an age range of 20 to 55 years (mean=39 years, SD=6.54). All the participants were diagnosed to have bilateral, symmetric moderately severe sensori-neural hearing loss (mean PTA=63.3) flat audiometric configuration with, 5dB rise or fall per octave (Lloyd & Kaplan, 1978).

Instrumentation

A calibrated two channel diagnostic audiometer, Madsen Orbiter 922 with TDH 39 headphones encased in MX 41AR ear cushion was used to obtain air- conduction thresholds and perform  speech Audiometry. Bone conduction testing was done using Radio ear B-71 BC vibrator. A Calibrated Grason Stadler Inc, model-Tympstar middle ear analyzer (Version 2.0) was used to assess the middle ear status and rule out middle ear pathology. Computer Software’s used during the course of the study for the preparation of the speech stimuli were Adobe audition (Version 3) which was used to record the stimuli as well as to carry out consequent editing of the recorded material. Scaling and normalization of the sentences was done using this software to ensure that the onset and termination of the sentence pairs were approximately the same and that the intensity of all the sounds was brought to same level. Matrix Laboratory (MATLAB v.6) was used to prepare an algorithm to embed the noise at different SNRs.

Stimuli

Speech materials from the Competing Sentence Test– Kannada (Hemalatha, 1982) which consisted of 25 sentence pairs were utilized in the study. The sentences were of similar length and contained approximately equal number of words and syllables. Both the sentences of the pair contained a common theme. Naturally produced sentence by a female native




Kannada speaker with normal vocal tract effort was used for the preparation of the stimuli. The test items were spoken naturally; peak intensities of the sentences were monitored to avoid distortion. The sentences were recorded using a digital recorder with a 16 bit processor at 44 kHz sampling frequency with a high fidelity microphone placed at a distance of 10 m from the speaker. The list was edited using adobe audition (Version 3). All the sentences were normalized to ensure that intensity was at the same level. The recorded sentences were prepared  as dichotic stimuli by inserting the sentences into two separate tracks which were routed to the left and the right channels. The stimuli were scaled to ensure that the onset and offset of each of the sentence pair was similar. The pairs of stimuli were concatenated with an inter stimulus interval of 10 seconds.

For test blocks wherein noise was added, MATLAB algorithms were incorporated to embed the prepared sentences in speech shaped noise at two SNRs (0, -6 dB) as recommended by Best, Gallun, Mason, Kidd & Shinn-Cunningham (2010). Speech-shaped noise was created by filtering randomly generated broadband noises with the average frequency spectrum of the set of sentences used in the experiment. For all the dichotic stimuli, the noise was independent in the two ears but equal in level. A 1000 Hz calibration tone with the RMS value, the same as the vocalic amplitudes of the syllables in the sentences, was incorporated at the onset as a reference calibration signal. The prepared test material was recorded onto an audio CD. The recorded dichotic material was played to the participants by routing the CD output through the calibrated Madsen audiometer with TDH- 39 supraural earphones.

Procedure

The following procedure was adopted to carry out the study. Otoscopic evaluation of all subjects was done to rule out any outer ear and/or tympanic membrane pathologies. Pure tone audiometric thresholds were obtained for both air-conduction (at octave frequencies of 250 Hz-8000 Hz) and bone-conduction (at octave frequencies of 250 Hz-4000 Hz) using modified Hughson - Westlake procedure (Carhart & Jerger, 1959) as recommended by ANSI S3.21 1978 (R 1997). Speech eudiometry was done to obtain the speech recognition thresholds and speech identification scores. Immittance evaluations were carried out to ensure normal middle ear functioning. Tympanometry was carried-out using a 226 Hz probe tone with a pump rate of 50 dapa/unit time.

All the tasks of the experiment were carried out in two listening conditions, Quiet condition and noise condition, where in, for the latter, all the stimuli were presented at two SNRs of spectrally shaped speech noise 0 dB SNR and -6 dB SNR. The order of presentation of the 3 tasks in the two experimental conditions varied from subject to subject, randomized through a ‘lottery without replacement’/ ‘simple random sampling’ method (Kalton, 1983).

Familiarization of test stimulus: The individuals were initially familiarized with the test material. The test material, consisting of a total of 50 sentences was presented auditorily at comfortable and at a clearly audible level to all the subjects before the onset of the testing. Prior to the familiarization, the clients were informed that the sentences presented to them would be the test stimuli for the following tests and were instructed to attend to the input provided.

Presentation Level: For the normal hearing subjects, levels were set by measuring the quiet speech recognition threshold and presenting the speech stimuli at a fixed level above this threshold (35 dBSL). For the hearing impaired subjects, presentation level was set by measuring the quiet speech recognition threshold and presenting the speech stimuli at a fixed level above this threshold (35 dBSL) , in subjects who found this level uncomfortable, the level was set at that determined to correspond to the most comfortable level

Tasks

Control Trials: Wherein only one message was presented to one ear and the subjects were to report the presented stimulus verbatim.

Selective attention task (Single-task trials): The stimuli were presented dichotically and the listeners were to report verbally the sentence heard in the target ear. Before the presentation of the stimuli, the subject was made aware of which ear was the target ear by means of a visual representation of the same. Presentation of the stimuli to the target ear was randomized such that each ear was the target ear 50% of the time. The subjects were instructed to repeat the sentence heard in the target ear verbatim and ignore the sentence in the non target ear.

Divided attention task (Dual task trials): Dichotic stimuli were presented and the listeners were to report verbally the message from the target ear followed by the message from the non target ear. Ahead of the presentation of the stimuli, the subject was made aware of which ear was the target ear by means of a visual representation of the same. The stimuli were




randomized and presented in such a manner as to ensure that each ear was the target ear 50% of the time. The subjects were instructed to repeat both the sentences, first the sentence heard in the target ear followed by the sentence heard in the non target ear.

Scoring

Control Trials: Total numbers of sentences presented were 5; each assigned a score of 20% for a verbatim response.

Selective attention trials: Total number of sentences presented was 10; each assigned a score of 10% for a correct response, the maximum possible score being 100%.

Error was defined as:

a. Any instances where portions of the two sentences are interchanged resulting in a new sentence.
b. Instances of syntactic confusion.
c. Omission or substitution of any crucial words which would alter the meaning of the given sentence.

Total number of sentences presented was 10; each assigned a score of 10% for a correct response, the maximum possible score being 100%

Divided attention trials: Total number of sentences presented was 10; each assigned a score of 10% for a correct response, the maximum possible score being 100% for the target stimuli and 100% for the  non target stimuli. Three types of response were scored.

a. Both the sentences are correct (Both M1 and M2).
b. Only one member of the stimulus pair is correct (Single Correct) (M1 or M2).
c. Neither member of the stimulus pair is correctly
reported (Double error).

Here, the sentences were scored correct even if the words were changed, provided the meaning of the sentence remained the same.

The third task (Divided attention) was scored separately for both the target and the non target responses and was therefore considered as two tasks
i.e. divided attention M1 (response to target stimuli), Divided attention M2 (response to secondary stimuli) for ease of statistical analysis. Henceforth, the tasks would therefore refer to control tasks, selective attention tasks, divided attention M1 and divided attention M2. The third noise condition -6 dB SNR was not included in the data set for statistical analysis

since individuals with moderate and moderately severe hearing loss were unable to perform the 4 tasks. The data of processing of simultaneous sentences collected for the three groups, under the four tasks in the two conditions were analyzed using Statistical Package for the Social Sciences (SPSS for windows, Version 16).

Results and Discussion
Comparison of mean and standard deviation across groups for the tasks and conditions

Table 1 provides data of the mean and standard deviation values (SD) for the three subject groups across the tasks and conditions. The results indicate that the best performance was noticed in the control task in quiet condition and then in 0 dB SNR for all three groups. Among the simultaneous stimulation condition, the mean scores obtained in the selective attention tasks were higher than those obtained in the divided attention tasks.

For the control task in noise, similar  performances were seen in the normal hearing group and in the moderate hearing loss group, with the mean reducing to 92% in the moderately severe hearing loss group. In the selective attention task, where there was a semantically similar sentence presented to the ear opposite to the target, scores in three listener groups reduced indicating that the message in the unattended ear interfered with performance. In the divided attention task, performance for M1 was consistently poorer than selective attention task performance and performance for M2 was on an average worse than the performance for M1. The mean scores across the groups were seen to be better in the quiet condition over the noise condition. The results also indicated that with increasing degree of hearing loss, decrease in the processing of the stimuli was present.

A similar trend in results was reported by Best, Gallun, Mason, Kidd, Shinn-Cunningham  (2010). They conducted a study on normal hearing and individuals with moderate-moderately severe hearing loss wherein the mean values obtained for the control task was better than for the single task (selective attention) trials, which was better than for the dual task trials (divided attention), M2 responses being poorer than M1. Poorer performance in noise condition (0 dB SNR) over quiet condition was also reported by the authors. The reductions in performances obtained in the study across tasks as well as between the normal and hearing impaired subjects were of a lesser magnitude than that obtained in the current study. The differences in the magnitude of reduction in performance may be



Table 1: Mean and standard deviation of the percentage correct scores (max=100%) obtained by the three groups for the tasks in quiet and noise conditions

Groups →
Tasks and condition↓

Normal hearing group (N=15)

Moderate hearing loss Group(N=12)

Moderately severe hearing loss group(N=10)

	
	Mean
	SD
	Mean
	SD
	Mean
	SD

	Control task in quiet
	100
	0.00
	100
	0.00
	100
	0.00

	Control task in 0dB SNR
	100
	0.00
	98.33
	5.77
	92.00
	10.32

	Selective attention in quiet
	94
	7.36
	79.17
	6.68
	69.00
	11.00

	Selective attention in 0 dB SNR
	85.33
	5.16
	66.67
	9.84
	56.00
	5.16

	Divided attention -  M1 in quiet
	88
	7.74
	75.00
	10.00
	59.00
	11.00

	Divided attention - M1 in 0dB SNR
	75.33
	6.39
	55.83
	11.64
	43.00
	9.48

	Divided attention- M2 in quiet
	79.33
	7.03
	57.50
	9.65
	45.00
	8.49

	Divided attention- M2 in 0dB
	67.33
	4.07
	43.33
	13.02
	18.00
	11.35




attributed to methodological differences. The stimuli used in the study by the authors were speech materials taken from the Coordinate Response Measure (CRM) corpus (Bolia, Nelson, Ericson & Simpson, 2000), which consisted of sentences of the form ‘Ready <call sign>, go to <colour> <number> now.’ Therefore, the task was of the form of identification of keywords in the sentence. Apart from differences in material used and the scoring method adopted, the response modality in the current study was verbal response of the stimulus perceived, and in the study by Best et al., (2010), it involved clicking with the computer mouse on a graphical user interface, which reduced the memory loading of the task.

Comparison of group performances across tasks and conditions

In order to assess if there existed any interaction among the three subject groups, four tasks and the two conditions, Mixed ANOVA was carried out. Mixed ANOVA revealed that there was significant difference in the main effect of tasks [F(3,102)=497.913, p<0.001] and conditions [F(1, 34)=230.098, p<0.001]. Test of between subjects effects also revealed that there was significant differences between the groups [F(2, 34)=93.36, p<0.001] as well. Further, the interactions between task × group [F(6,102)=28.88, p<0.001], condition × group [F(2, 34)=7.777, p<0.05], task × condition [F(3,102)=20.787, p<0.001] were also found to be significant. Mixed ANOVA failed to show any interaction in task × condition × group [F(6,102)=2.034, p>0.05].

Bonferroni’s Pair-wise comparison was carried out between the tasks as Mixed ANOVA showed significant main effect of tasks. The analysis of the data set revealed significant differences between the four tasks. Duncan’s post hoc analysis of the main effect  between  the  groups  also  revealed  significant

differences between the groups (α defined at 0.05). There was a significant reduction in scores as the degree of hearing loss increased. The results obtained in this study regarding the main effects and the interactions are in agreement with the results obtained by Best et al., (2010) who also reported of a significant main effect of task and SNR. Furthermore, they also reported that all task conditions -control task, single task (selective attention) trials, dual task trials (divided attention), were significantly different from one another for both normal hearing as well as for hearing loss group.

Since Mixed ANOVA revealed significant interaction effects, the data was also subjected to MANOVA and subsequently Duncan’s post hoc analysis to see the influence of the groups across the tasks and conditions. The results of MANOVA revealed significant difference in the task and condition performance across groups. Duncan’s post hoc analysis was then carried out to see the influence of groups in each of the taskand condition. The results obtained are discussed below.

Comparison between groups in control task at 0 dB SNR condition

Duncan’s post hoc analysis revealed that there was no significant difference between the normal hearing and moderate hearing loss group for the control task at 0dB SNR, but the performance of the moderately severe hearing loss group was significantly different from the normal hearing and moderate loss groups. The high scores exhibited by normal hearing individuals are in agreement with reports of similar performances by several authors (Gallun et al., 2007; Drullman & Bronkhorst, 2000; Brungart & Simpson, 2002; Best et al., 2010). This can be attributed to the stimuli utilized in the present study. Sentences are the easiest signal to understand as they provide the listener with acoustic information,   semantic   and   contextual   cues   and




linguistic content, i.e. greater redundancy (Miller, Heise & Lichten, 1951). Due to speech redundancy, normal-hearing individuals can understand the signal even though it may be highly degraded (Wilson & Strouse, 1999). The absence of a significant difference in the performance by individuals with moderate loss may be attributed to the inherent redundancy offered by the stimuli as well as to the additional redundancy that the familiarization process afforded them. In addition to it, according to Wilson & Strouse (1999), some hearing-impaired individuals have understanding ability equal to a normal hearing person while others understand very little regardless of presentation level. Humes (1996) showed that the degree of sensorineural hearing loss is the primary variable for speech understanding in noise, greater the degree of loss, poorer the performance. This could account for the relative poorer performance by individuals with moderately severe hearing loss for speech perception in noise (Dubno, Dirks, Morgan, 1984; Duquesnoy, 1983; Plomp, 1986; Plomp & Mimpen, 1979).

Comparison between groups in selective attention task in quiet and 0 dB SNR conditions

The post-hoc analysis carried out for the data set revealed significant differences in the performance of the control group and the hearing impaired groups, as well as significant differences between the two hearing impaired groups. Performance exhibited by individuals with moderate hearing loss was poorer than that by the control group consisting of normal hearing individuals and the poorest performance was by the moderately severe hearing impaired group. The addition of noise further degraded the performance of the three groups, although the trend in performance between the groups remained the same.

Previous experiments have shown that, listeners  are able to attend to the signal in the target ear without any measurable interference from masking sounds to the unattended ear (Cherry 1953; Drullman & Bronkhorst, 2000; Kidd, Mason & Rohtla, 1995). These reports are in disagreement with the results obtained in the current study. In the present study, it was found that the presence of the speech signal in the contralateral ear made it significantly difficult for the listeners to extract information from the talker in the target ear. Such a pattern of performance was found in earlier experiments by Brungart and Simpson (2001, 2002) that examined within-ear and across-ear interference using the CRM stimuli. Similar results have also been reported by Gallun et al., (2007), Moray (1959), Wood
& Cowan (1995), Treisman (1960) in normal hearing individuals for different kinds of speech stimuli and by Best  et  al.,  (2010)  in  normal  hearing  as  well  as

individuals with moderate-moderately severe hearing loss. Such reductions in performance can be attributed to informational ‘across-ear’ interference. This occurs from a masking talker in the ear opposite the target talker for selective attention in quiet condition. For the task in noise condition, reduction in performance could be from possible interactions between the informational and energetic ‘within-ear’ interference that occurs from a masking stimulus in the same ear as the target speech (Brungart & Simpson, 2002; Gallun et al., 2007).

It has been reported in literature that impaired listeners have reduced temporal and spectral acuity in comparison to normal hearing listeners (Leek & Summers, 2001, Deeks & Carlyon, 2004, Bernstein & Oxenham, 2006, Carlyon, Long, Deeks & McKay, 2007). Speech intelligibility for them would be degraded even in quiet if the features that convey speech meaning are degraded due to reduced audibility as well as a diminished spectrotemporal resolution. Hearing impaired listeners also suffer from effective increases in the amount of energetic masking that is due to the reduced spectral selectivity of their peripheral auditory filters and the amount of masking increases as the degree of loss increases. Altogether, these factors cause less of a target source to be audible to a hearing impaired listener compared to a normal hearing listener in the same acoustic setting (Shinn- Cunningham & Best, 2008).

Normal-hearing listeners can direct top-down attention to select desired auditory objects from out of a sound mixture as well as are able to enhance it and suppress competing maskers (Shinn-Cunningham & Best 2008). This could explain the relatively smaller reductions in performance seen in them in the current study over the control task. In hearing impaired individuals, failures in selective attention that cause such a drastic reduction in performance can result from failures in separating the target from the other sources i.e. failures in object formation and  directing attention to the correct object in the scene i.e. failures in object selection.

Dealing with failures of object formation, it has been found that hearing impaired individuals are also likely to have difficulty properly grouping sound  sources. The spectro-temporal cues that convey speech meaning are also the basis of short-term grouping (Bregman, 1990; Darwin & Carlyon, 1995). Therefore, a less- robust representation of spectro-temporal content as seen in impaired listeners may cause problems with object formation. For example, the onsets, offsets, modulation, and harmonic structures which are important for forming objects over short time scales in a multitalker environment are less perceptually distinct
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for individuals with hearing loss than normal-hearing counterparts (Leek & Summers, 2001; Buss, Hall, & Mason, & Walsh, 2002; Moore, Glasberg, & Hopkins, 2006; Bernstein & Oxenham, 2006). Broader than normal frequency selectivity in impaired listeners also results in fewer independent frequency channels to represent the auditory scene, making it harder to perceptually segregate the component sources (Gaudrain, Grimault, Healy, & Bera, 2007).In addition, they also appear to have difficulty encoding the spectrotemporal fine structure in sounds which are critical for robust pitch perception, for speech intelligibility in noise, and for the ability to make use of target object information in moments during which the interfering source is relatively quiet i.e. ‘listening in dips’  (Pichora-Fuller,  Schneider,  MacDonald,  Brown
& Pass, 2007). Discussing in terms of object formation, fine structure may also enable a listener to segregate target energy from masker energy and therefore form a coherent object from the discontinuous target glimpses.

If there is failure to properly form auditory objects, they will have difficulty selectively attending to a target. When objects form properly, biased competition between objects works to suppress the objects outside the focus of attention. When objects fail to form properly, the competing sources will not be suppressed effectively, and therefore will cause greater perceptual interference (Desimone & Duncan, 1995; Shinn- Cunningham & Best, 2008).

Comparison between groups in divided attention task in quiet and 0 dB SNR conditions

Divided attention M1

The results of the Duncan’s post hoc analysis of the performance between groups for the divided attention task in quiet and in noise reveal that the mean scores for divided attention M1 were significantly reduced for the two groups of individuals with hearing impairment. This decrease in performance in the two groups is significantly different from the performance by the control group and the performance for the M1 task is significantly different between the two groups of hearing impaired subjects, for quiet as well as for noise.

Divided attention M2

The results obtained for the post hoc test indicate that the performance of the control group for the divided attention M2 task, in quiet and in noise is significantly different from the scores obtained by the moderate and moderately severe hearing impaired groups. In addition, the performances of the two groups in quiet and in noise are significantly different from each other.

In the divided attention task, performance was poorer for each message than for the one message reported in the selective attention task. For M1, the difference was comparatively smaller. Similar results were reported by Best et al., (2010) which they attributed to an increase in confusion errors (having to report both messages increased the chances of subjects interchanging the words) and an increase in random errors (a consequence of processing load). For M2, they reported that the deficit relative to the single task was far greater because of a much larger occurrence of random errors (Best et al., 2010). Poorer performance in M2 over selective attention task, as well as M1 was also seen in the present study.

Broadbent (1954) proposed that simultaneous inputs to the auditory system are to some extent processed serially. In his study, he presented two sequences of digits simultaneously to the two ears and reported that, although listeners could recall all digits, the responses were always made to one ear followed by the other. Therefore, Broadbent (1958) postulated that simultaneous sensory inputs are stored temporarily via immediate auditory memory which is then processed by a limited capacity mechanism serially (Lachter, Forster, & Ruthruff, 2004). A consequence of such a scheme is that the secondary message in the pair is to be stored while the primary message is processed. Apart from this, with the dual-response design, the responses themselves have to be made sequentially, be it in any response mode. It is possible that the poorer performance on M2 is related to the fact that it must be retained in memory longer than M1  during  the response interval (Sperling, 1960). Authors have commented on the fact that information degrades while being held in the sensory buffer and may be replaced by subsequent sensory stimuli (Vogel & Luck, 2002). The results of the present study, showing large reduction in performance for the message reported second (M2), can be attributed to its degradation as it is retained in the memory due to processing of the first message as well as due to the sequential mode of response. Similar conclusions have also been reported in other studies (Ihelfeld & Shinn-Cunningham, 2008; Best et al., 2010).

Gallun, Mason & Kidd (2007) also reported that the performance in the divided listening task was poorer than in the selective listening task  as  expected, although there was a substantial reduction in the selective listening condition due to the presence of distracting speech stimulus. However, it was reported that for the divided listening task, the costs (Difference between divided attention and selective attention) in performance calculated were much greater when the listener  task  was  to  monitor  both  ears  for  speech




identification than when the listener only had to identify speech in one ear and detect the presence of speech in the opposite ear. The authors speculated that the costs of dividing attention are correlated to the extent to which the two tasks require the same or different pools of processing resources. When two identification tasks were required, the observer was utilizing the same pool of resources. This is in agreement with the postulates of the multiple resource models (Navon & Gopher, 1979).

In both normal hearing and hearing loss groups, in the current study it was found that addition of the noise affected the performance for M1 in the divided attention task in nearly the same way that it affected performance in the selective listening task. Also, the ability to report M2 decreased more dramatically with addition of noise which was attributed by Best et al., (2010) to an increase in random errors in the study they conducted. These results support the conclusion that the processing of simultaneous messages interacts with the quality of the inputs (Best et al., 2010). In  the model described earlier in which simultaneous inputs are processed serially, the inputs that are processed second are held in the form of raw sensory representations that are volatile and have been found to degrade with time (Broadbent, 1957; Brown, 1958; Durlach & Braida, 1969). This could explain why performance in M2 is particularly sensitive to the integrity of the acoustic input. A degraded input like with the addition of noise would degrade even further in this store and would not be useful by the time it was fully processed. Various authors claim of a trade-off between SNR and the time interval during which period a sensory trace must be maintained. Best et al., (2010) in their study noted that that the effect of noise on M2 was almost exclusively due to an increase in the random errors noted and that confusion errors were quite constant as a function of the various SNRs they utilized. This therefore supports the idea that sensory degradation and maybe not an increased confusion between the streams could probably be responsible for the dramatic effect of noise on the recall of M2.

An alternative explanation to this result is that the increased difficulty of processing M1 in trials with noise effectively drained a limited pool of processing

resources, leaving fewer resources for processing of M2 to occur. This rationale was used previously to explain the effect of noise on the reduced ability of individuals to store part of a single-attended message for later recall (Rabbitt, 1968;  Pichora-Fuller, Schneider & Daneman, 1995).

Comparison of performance between the tasks. Normal hearing Subjects group
To assess the performance of normal hearing individuals across the tasks in quiet and noise conditions, repeated measure ANOVA was carried out for the conditions separately. The results revealed significant difference across the tasks [F(3, 42)=27.22, p<0.001] in quiet as well as in noise condition [F(3, 42)=150.45, p<0.001]. Bonferroni’s post hoc analysis was performed to see the difference between tasks in quiet and noise conditions separately. The results of the pairwise comparison indicated significant difference across all the tasks in quiet and noise condition separately (α=0.05). Hence, paired t test was administered between the tasks in noise and quiet condition. The results have been tabulated in Table 2. Paired t test revealed significant differences between the three pairs of task i.e. selective attention, divided attention – M1 and M2 in the quiet  vs.  noise conditions.

Moderate hearing loss group

Two separate repeated measures of ANOVA tests were carried out for this group across the tasks, one analysis for performance in quiet and the other for the performance in noise. Results revealed that there was significant differences between the tasks in quiet [F(3, 33)=94.686, p<0.001] as well as between the tasks in noise [F(3, 33) 85.457, p<0.001]. To determine which tasks were different from each other, Bonferroni’s pairwise comparison test was carried out. The analysis revealed that the trend in moderate hearing loss group across the two conditions (quiet and noise) were the same, with there being significant differences between all the tasks in the two conditions except the selective attention and divided attention M1 task. Paired t test was then carried out to assess if there was a significant

Table 2:  t values and level of significance for comparison between tasks in quiet and noise conditions in normal hearing group

 (
t
df
p
4.516
14
0.000
6.141
14
0.000
6.874
14
0.000
)Tasks and conditions

Pair 2	selective   attention   quiet   -   selective attention 0 dB SNR
Pair 3	divided attention M1 in quiet - divided attention M1 0 dB SNR
Pair 4	divided  attention  M2  quiet  -  divided attention M2 in 0 dB SNR




Table 3: t values and level of significance for comparison between tasks in quiet and noise conditions in moderate hearing loss group

 (
t
df
p
1.000
11
0.339
5.000
11
0.000
5.702
11
0.000
3.957
11
0.002
)Tasks and conditions

Pair 1	control task, quiet - control task, 0 dB SNR
Pair 2	selective   attention   quiet   -   selective attention 0 dB SNR
Pair 3	divided attention M1 in quiet - divided attention M1 0 dB SNR
Pair 4	divided  attention  M2  quiet  -  divided attention M2 in 0 dB SNR


Table 4: t values and level of significance for comparison between tasks in quiet and noise conditions in moderately severe hearing loss group

 (
t
df
P
2.449
9
0.037
4.333
9
0.002
4.311
9
0.002
9.000
9
0.000
)Tasks and conditions

Pair 1	control task, quiet - control task, 0 dB SNR
Pair 2	selective   attention   quiet   -   selective attention 0 dB SNR
Pair 3	divided attention M1 in quiet - divided attention M1 0 dB SNR
Pair 4	divided  attention  M2  quiet  -  divided attention M2 in 0 dB SNR
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difference between tasks across the two  conditions. The results as shown in Table 3 indicated that there was significant difference between 3 tasks in the quiet and noise condition, with the scores in the 0 dB SNR condition being poorer than in quiet for the selective and divided-M1 and M2 tasks. The control task  in noise and quiet did not show a significant difference.

Moderately severe hearing loss group

To assess if the performance for the tasks in this group were different, repeated measure ANOVA was carried out separately for the quiet and noise conditions. The analysis revealed significant differences between the tasks [F(3, 42)=27.22, p<0.001] in quiet as well as in noise [F(3, 27)=146.923, p<0.001]. To determine the tasks which differed in scores from each other, Bonferroni’s pairwise comparison was carried out for the quiet and noise conditions separately. The analysis revealed that there was a significant difference between all the 4 tasks in noise as well as in quiet conditions. Sampled t test was then carried out and the results are revealed in Table 4.

Discussion for the comparison between tasks

A similar trend was seen across the three groups for the comparison of performances between the tasks. In all the groups, the performance was found to reduce as the tasks performance demanded the need for larger attentional and processing resources. The mean scores obtained across the groups for the selective attention

tasks were significantly poorer than those obtained in the control task (Brungart & Simpson 2002). As previously described, this could be attributed to the informational masking effect due to the presence of a similar message, by the same talker in the nontarget ear. This would result in interference in the processing of the target sentence and therefore a reduction in performance in normal hearing as well as hearing impaired groups (Brungart & Simpson, 2002). In the group with hearing impairments, this effect is further exacerbated by the reduced temporal and spectral acuity compared to normal-hearing listeners (Leek & Summers, 2001; Deeks & Carlyon, 2004; Bernstein & Oxenham, 2006). Due to reduced audibility and diminished spectro-temporal resolution, the features that convey speech meaning are degraded; therefore speech intelligibility will be degraded even in quiet when compared to normal hearing individuals in the same situation (Shinn-Cunningham & Best, 2008). Hearing impaired listeners also have difficulty properly grouping sound sources as well as with object formation due to the reduced ability to process spectro- temporal content. Also, robust location, pitch, and harmonic cues may not be available to them; further impairing their ability to properly separate the mixture into streams (Bregman, 1990). This in turn would result in difficulty selectively attending to a target. In addition, loss of spectro-temporal detail in the periphery may affect perception of higher-order features that distinguish target from masker (Desimone
& Duncan, 1995).




In the divided attention task, there was a further reduction in performance over the selective attention task in all the groups which is in agreement with several studies (Ihelfeld & Shinn-Cunningham, 2008; Best et al., 2010). These authors have stated various explanations for such a finding. One such explanation for the same is based on the limited availability in processing resources available. The processing of M1 drains a limited pool of resources, therefore leaving limited or no resources for the processing of M2 depending on the task (Rabbitt ,1968; Pichora-Fuller, Schneider & Daneman, 1995). Another explanation concerns the degradation M2 undergoes as it is stored in a memory buffer while M1 is process as well as while M1 was being reported  (Broadbent,  1957; Brown, 1958; Durlach & Braida, 1969; Cowan, Saults, Elliott & Moreno, 2002; Vogel & Luck, 2002). The further degradation in response in hearing impaired listeners is also explained in terms of an ‘effort hypothesis.’ According to this hypothesis, hearing loss makes the immediate speech task more demanding, leaving fewer processing resources for storing the to- be-recalled items. This hypothesis is also supported by studies that have used a secondary task that is non- auditory and thus does not depend directly on the quality of the auditory stimuli (Rakerd, Seitz, & Whearty, 1996). For the task explored in this study, namely the immediate recall of simultaneous messages, it is possible that hearing loss may also have a direct effect on the processing of M2 by degrading its spectrotemporal representation in the auditory system. In other words, hearing loss may compromise a listener's ability to process simultaneous messages in a similar way to added noise, by degrading the sensory trace that is used for the processing of a source outside the primary focus of attention (Shinn-Cunningham & Best, 2008).

Discussion for the effect of condition

Across the groups, performance was found to degrade with the addition of noise for the selective attention as well as for the divided attention task-M1 as well as M2. For the tasks, poorer performance could be explained based on the shared-resource model of attention (Hirst
& Kalmar, 1987) where speech segregation ability was constrained by a limited pool of shared attentional resources, and the listeners were to choose to allocate attentional resources either to within-ear speech segregation or to across-ear speech segregation. In the presence of noise, selective as well as divided attention tasks would require within-ear segregation to reduce the effects of energetic masking as well as across ear segregation to deal with further informational masking as well as formation of a stream for the divided attention tasks (Gallun et al., 2007). In addition to this,

the divided attention task M2 is particularly sensitive to the integrity of the acoustic input. This could be because a degraded input will degrade even further as it is stored as a raw representational form in a buffer until the serial processing of the simultaneous inputs is carried out and therefore may not even be useful by the time it is fully processed (Best et al., 2010). The inability to perform at poorer SNRs like -6dB by the hearing impaired groups can be attributed to the above mentioned reasons as well as the perceptual deficits exhibited by them in the form of reduced frequency and temporal resolution, inability to listen in gaps as well as poor spectrotemporal fine structure resolution that further degrades their performance (Moore, 1997).

Conclusions
These two experiments provide insight into how normal as well as hearing impaired listeners process simultaneous messages in an auditory speech display. Performance for not only divide attention tasks, but also the relatively less complex selective attention tasks are affected by the addition of noise as well as the presence of hearing impairment.

Implications of the study
It provides a basic understanding of the performance, as well resources necessary to process stimuli in the presence of multiple stimuli in both normal’s as well as hearing impaired individuals. Improved performance of individuals in quiet could suggest that environmental modifications, behavioural changes, or technology involved in improving the SNR should be effective in reducing the challenges face by hearing impaired individuals in complex environments. The results indicating towards the secondary talker being more affected could be used to assess the benefit of bilateral amplification. Listening tasks involving extraction of information from simultaneous sources could provide additional benefits regarding the bilateral benefits.

Limitations of the study
The number of stimuli used per task was only ten. Therefore, the mean scores may overestimate the actual difficulties faced by the listeners. Results were reported for performance only at 0dB SNR as the tasks proved to be too difficult for the hearing impaired subjects at - 6 dB SNR. Testing could have been carried out at other SNRs as well (+3,-3 dB SNR) to assess if improvements in performance occurred with positive SNRs. The mode of response required sequential verbal output which could have brought into play the effects of memory. The scoring was carried out on a strict criterion which required correct response of the




entire stimuli. Scoring based on the number of words or phonemes repeated would have provided a more sensitive estimate.
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Abstract
The purpose of the present study was to evaluate the role of auditory working memory on the amount of gain required for obtaining best speech identification and its effect on the performance with dual and syllabic compression in elderly individuals in noise. Twenty two individuals with mild to moderate sensori-neural hearing loss were evaluated with a digit span test and were divided into two groups based on the scores; good working memory group and poor working memory group. These individuals were then fitted with a digital hearing aid in which the gain was increased until the individuals obtained best speech identification. Following this, the individuals were tested in two aided conditions for speech perception in noise; dual compression mode and syllabic compression mode; by obtaining SNR-50. Results indicated that the individuals with good working memory required lesser increase in gain to obtain best speech identification when compared to those with poor working memory (not statistically significant). Further, individuals with good working memory performed better with the syllabic compression in noise and individuals with poor working memory performed better in the dual compression mode.
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Introduction
The most obvious auditory deficit in elderly individuals is the presence of bilateral high frequency hearing loss (Gates, Cooper, Kannel, & Miller, 1990). In addition to this, these individuals have reduced speech identification in quiet. However, this deficit is more evident in adverse listening conditions (Gaeth, 1948). Nabelek and Mason (1981) studied the effect of noise on the word identification scores of individuals with bilateral sensori-neural hearing loss. They reported that the word identification scores decreased as a function of the signal to noise ratio.

Hearing aids are one of primary forms of rehabilitation for hearing impairment in elderly  individuals. However, even with suitable amplification device, many of the elderly hearing impaired individuals reject the hearing aid. Some factors which are attributed to this include auditory factors such as hearing loss (Humes & Christopherson, 1991; Humes & Roberts, 1990), listening conditions and auditory processing (Humes, Watson, Christensen, Cokely, Halling, & Lee, 1994), and non-auditory factors such as age (Bronkhorst & Plomp, 1992), expectation and attitude towards the hearing aid (Cox, Alexander, & Gray, 2005), motivation (Rupp, Higgins, & Maurer, 1977), manual dexterity (Maurer & Rupp, 1979), social stigma (Wax, 1982) and cognitive abilities of the individual (Gatehouse, Naylor, & Elberling, 2003, 2006; Lunner,
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2003; Pichora-Fuller & Singh, 2006). Humes (2002) analyzed the results of three studies of hearing aid outcomes in older adults to determine predictors of hearing aid success. For speech recognition performance, the best predictors were the degree of hearing loss, cognitive performance, and age of the subject.

Among the factors listed above, cognitive factor has gained a lot interest off late. This is because some aspects of cognitive performance tend to decline with age, and these deficits are associated with corresponding difficulties in speech comprehension. This could be to a large extent due to the resource of working memory spent in perceptual processing and few resources available for storage. For a person with hearing loss because of aging, more resource of working memory is required especially in complex tasks (Cohen, 1987).

Studies have reported the influence of cognitive factors in the selection of hearing aid features, especially, in the presence of noise. This is particularly true for compression time constants (Gatehouse, et al., 2003, 2006; Lunner & Sundewall Thoren, 2007; Cox & Xu, 2010). These studies have reported that with slow time constants, listeners who achieved lower performance on a cognitive measure tended to perform better on a sentence test. Whereas those who achieved higher performance on the cognitive measure tended  to perform better using fast time constants in modulated background noise. This was attributed to the fact that the fast acting compression reduces the information carrying   spectral   and   temporal   contrasts   that   are
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required in speech while providing greater moment to moment audibility. For the individuals with good cognitive abilities the disadvantage of reduced contrasts is outweighed by the benefits obtained from the audibility. On the other hand, for the individuals with poor working memory, the disadvantages of reduced contrasts outweigh the audibility provided.

Though, there are studies evaluating the influence of cognitive abilities in selection of compression time constants (Gatehouse, et al., 2003, 2006; Lunner & Sundewall Thoren, 2007; Cox & Xu, 2010), these studies varied the attack time and release time, to represent fast and slow acting compression systems. In our clinic, some of the commonly prescribed hearing aids have the option of dual compression and syllabic compression. These two modes of compression in hearing aids have been evaluated in adult listeners with sensory neural hearing-impairment by Geetha and Manjula, (2005). However, there is no research evaluating dual compression system in elderly population to study the contribution of cognitive factors. Dual compression system, even though considered as a form of slow compression system, works differently when compared to either fast or slow acting system, as it involves generation of two gain- control signals, one with long attack and recovery times and the other with shorter attack and recovery times. Normally, the operation of the system is determined by the slow acting control system. However, if there is a sudden increase in sound level then the fast acting control system rapidly reduces the gain, thus, avoiding uncomfortable loudness. If the increase in sound level is brief, the gain returns to the original value determined by the overall level of the speech (Moore, 2008). Hence, we were interested to study how the performance of elderly listeners, who differed in their cognitive abilities, would vary with dual and syllabic compression in speech identification tasks in quiet and in noise.

Further, it is well known that the main aim of fitting the hearing aids is to ensure that the audibility of speech is restored due to the amplification. Several authors have studied the importance of audibility on the speech recognition performance by individuals with hearing impairment (Hogan & Turner, 1998; Turner & Cummings, 1999) and have found that increasing the audibility improves speech intelligibility with some exceptions. Even in elderly individuals, audibility has been found to be an important factor in the speech recognition ability (Souza, Boike, Witherell, & Tremblay, 2007). Hence, it can be assumed that increasing the gain of the hearing aid would result in some amount of increase in speech identification. By setting the appropriate amount of gain in the hearing

aid, the individual would be provided with enough audibility for adequate speech recognition. However, whether there is any difference in gain requirement in good and poor cognitive abilities for providing best speech identification is not evaluated.

Hence, there is a need to study the influence of working memory on the selection of gain, and dual and syllabic compression system in elderly population. Such a study will help in successful prescription of hearing aids and in planning the effective rehabilitation programmes based on the needs of the elderly clients.

Method
The present study consisted of 3 stages to test the objectives of the study; Stage I-Assessment of auditory working memory in geriatric population, Stage II- Assessment of gain requirement in individuals with good and poor working memory, and Stage III- Assessment of the effect of dual and syllabic compression in the presence of noise in geriatric individuals with good and poor working memory.

Participants

Twenty two individuals in the age range of 60 to 70 years with bilateral mild-moderate sensori-neural hearing loss were considered in the study. Middle ear disorders, neurological involvement, systemic diseases and psychological problems were excluded before considering the individual as a participant.

Procedure

Stage I: Assessment of auditory working memory

The present study used digit span test from Post Graduation Institute (PGI) battery of brain dysfunction (Pershad & Verma, 1989) to assess the working memory of the participants. The test consists of two parts: digit forward test and digit reverse test. Both the tests have two sets each. The digit forward test consists of six tasks in each set. The first task has three digits. Each of the subsequent tasks increases in length by a single digit. The last task has eight digits. The digit reverse test consists of seven tasks increasing in length from two digits to eight digits. A maximum score of 16 can be achieved on the test. The test has normative values for individuals in the age range of 20 to 70 years. The testing was carried out at the most comfortable level of the participants.

The digit forward test was started from the task 1 of both the sets, first from set 1 and then from set 2. The participants were instructed to repeat the digits in the same order as the clinician instructed. The digits were




read at a steady state of one digit per second. When the participants repeated the numbers in the correct order, they were asked to repeat the items from the task 2 which had four numbers from both the sets, one after the other. The same procedure was repeated until the participants failed to repeat the numbers from both the
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Stage II: Assessment of gain requirement

A two channel digital non-linear hearing aid with the feature of dual and syllabic compression was used for the study. It was programmed using NOAH software
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Figure 1: Mean Gdiff between the two groups.



Table 1: Comparison of the Gdiff in the good working memory and poor working memory groups


Group	N		Mean Gdiff (dB)

SD	t	df	p
(2 tailed)

GWM	12	1.33	1.96
PWM	10	2.60	1.64

-1.61	20	0.122


Note: GWM: Good working memory, PWM: Poor Working Memory


Table 2: Results of Mann Whitney U test for verification of the Independent t-test


Null Hypothesis	Test	p	Decision

Gdiff is same for both the groups

Independent Samples
Mann-Whitney U test	0.081

Retain the null hypothesis


The Gdiff was compared between the two groups (individuals with good working memory and individuals with poor working memory). Further, the speech recognition in noise measured through the signal to noise ratio-50 was compared in the three conditions of unaided, aided with  dual  compression and aided with syllabic compression, using statistical measures. All the statistical analysis was conducted using Statistical Package for Social Sciences (SPSS, version 18) software.

Comparison of gain requirement between the good and poor working memory groups

It can be observed from Figure 1 that most of the individuals in the good working memory group achieved a plateau of SIS at first fit itself. Even those individuals who required gain increase, required lesser increase in the gain to achieve a plateau of SIS when compared to poor working memory group. On the other hand, most of the individuals with poor working memory required increase in the gain to achieve a plateau in the SIS.

Independent t-test was done to see if this difference is statistically significant. Table 1 shows the results of the independent t-test along with the mean and standard deviation of the two groups. It can be seen from Table 1 that the Gdiff was not statistically significant. Further, as it can be observed from Table 1, the standard deviation is greater than the mean and, hence, a nonparametric test is needed to verify the results of the independent t-test. Mann Whitney U test was conducted to verify this. The results of Mann Whitney U test are given in Table 2.

It can be seen from Table 2 that even Mann Whitney U test did not show statistically significant difference in the amount of gain required to obtain best SIS between the two groups (p>0.05).


Though there was a difference in Gdiff between the two groups, this difference was not statistically significant. The reason for this may be that the evaluation was done in a quiet situation. Studies show that under favourable listening conditions, the speech signal can be immediately matched to the stored representations in long term memory even in the elderly population. However, in adverse listening conditions this matching process may fail (Rudner, Foo, Sundewall-Thoren, Lunner, & Ronnberg, 2008). In such conditions, there may be a difference in the amount of information understood depending on the cognitive ability of the individual. Hence, testing in adverse listening conditions which is more close to real world situations might give a clearer picture on the effect of cognition on the gain requirement. However, in the present study, the gain requirement could not be assessed in noise, as it required many number of word lists in Kannada, and in Kannada language, at present, there are only four word lists available.

Evaluating the effect of dual and syllabic compression on SNR-50 in the two groups:

In order to evaluate the effect of dual and syllabic compressions, comparisons were done between the two groups and also within the groups.

Here, it should be noted that more negative the value of SNR-50, better is the performance. From Figure 2 it can be observed that the scores in the dual and syllabic compression conditions are better than the unaided condition. Further, in all the three conditions (unaided, dual compression mode and syllabic compression mode), the individuals in the good working memory group performed better than the individuals in the poor working memory group. MANOVA was done to verify if this difference was statistically significant. The results of MANOVA are given in Table 3.





Figure 2: Mean SNR-50 for good working memory (GWM) group and poor working memory (PWM) group in unaided, dual and syllabic compression.

Table 3: Comparison of unaided, dual compression and syllabic compression using MANOVA between the two groups
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Source

Dependent variable	F (1,20)	p

Groups (GWM & PWM)

Unaided Dual Syllabic

11.133*	0.003
2.025	0.170
26.114*	0.000


Note: *- p<0.05; GWM - Good Working Memory and PWM- Poor Working Memory


Between the group comparison of SNR-50 for dual and

between  the

two  groups

for  the  dual

compression

syllabic compression conditions: Figure 2 shows the

conditions (p>0.05). These results support the findings

mean  and  standard  deviation

of  the  signal

to  noise

of earlier studies (Gatehouse et al., 2003; 2006; Lunner

ratio-50 values obtained in unaided, dual and syllabic

& Sundewall-Thoren, 2007; Cox & Xu, 2010). In dual

compression  conditions.  In  the  analysis,

even  the

compression

mode,  the  temporal  envelope  of  the

unaided condition was included to ensure that there

speech is not distorted and, hence, the syllable features

was no degradation of speech recognition. Scores in the aided condition because of the amplitude compression

are  preserved Further,   the

(Drullman, short   term

Festen,  &  Plomp,  1994). changes   which   convey

of the hearing aid.

Table 3 shows that there is a statistically significant

information in the spectral patterns of speech sounds are not distorted (Kluender, Coady, & Kiefte, 2003). These features are important in maintaining the speech

difference between the good and poor working memory

intelligibility.

Thus,  even

the  individuals  with  poor

groups  for  the

unaided  and

syllabic  compression

working memory were able to obtain good scores in the

conditions at 95% confidence interval (p<0.05). That
is, the individuals in the good working memory group performed significantly better than the individuals in

dual compression mode.

Within the group comparison of SNR-50 for dual and

the

poor  working  memory  group.  These  results  are

syllabic   compression   conditions   in   good   working

supported by other studies, which report that in adverse

memory group: Repeated measures ANOVA was done

listening   conditions,   the   individuals   with

a   good

to compare the performance with unaided, dual and

cognitive capacity require lesser signal to noise ratio to

syllabic conditions within the group. It can be observed

obtain 50% performance (Lunner, 2003; Rudner, Foo,

in  Table  4

that  there  is

a  statistically  significant

Ronnberg, & Lunner, 2007; Rudner, et al., 2008). Poor

difference   found   between
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memory  group  (p<0.05).
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which  of  the

the fast acting compression introduces changes in the
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amplitude of formants (Lindemann & Worrall, 2000)

analysis was done.

and
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Bonferroni’s post-hoc analysis revealed that unaided,
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However,	there


was	no	statistically	significant

significantly different from each other (p<0.05). It can
also be observed that the good working memory group

difference found for the dual compression condition



Table 4: Results of Repeated measures ANOVA comparing SNR-50 for good working memory group

	Condition
	Mean SNR- 50 (dB)
	SD
	F (2,22)
	p

	Unaided
	6.08
	5.45
	
	

	DC
	-1.42
	5.56
	50.384*
	0.000

	SC
	-5.00
	6.09
	
	


Note: *- p<0.05; DC- Dual Compression and SC- Syllabic compression
Table 5: Bonferroni’s post-hoc analysis comparing SNR-50 for good working memory group


Condition (I)	Condition (J)	Mean Difference (I-J)	p
Syllabic	3.583*	0.012

Dual Syllabic Unaided

Unaided	-7.500*	0.000
Dual	-3.583*	0.012
Unaided	-11.083*	0.000
Dual	7.500*	0.000
Syllabic	11.083*	0.000

Table 6: Results of Repeated measures ANOVA comparing SNR-50 for poor working memory group






 (
Condition
Mean
SD
F 
(2,22)
p
Unaided
14.80
6.81
DC
2.00
5.56
44.013*
0.000
SC
8.00
5.75
)Note: *- p<0.05; DC- Dual Compression, SC- Syllabic Compression

Table 7: Bonferroni’s post-hoc analysis for poor working memory group


Condition (I)	Condition (J)	Mean Difference (I-J)		p Dual		Syllabic		-6.000*	0.000
Unaided	-12.800*	0.000
Syllabic	Dual	6.000*	0.000
Unaided	-6.800*	0.002
Unaided	Dual	12.800*	0.000
Syllabic	6.800*	0.002

Note: *: p<0.05
performed better with syllabic compression than with dual compression, as given in Table 5. These findings are supported by the findings of earlier studies (Gatehouse, et al., 2003; 2006; Lunner & Sundewall- Thoren, 2007; Rudner et al., 2008; Cox & Xu, 2010) who also found that individuals with good working memory match the distorted information to the long term memory storage and still perceive the entire information.
As mentioned earlier, syllabic compression introduces amplitude fluctuations in the different frequency bands as well as reduces the amplitude modulation depth and intensity contrasts (Stone & Moore, 2003). Hence, higher cognitive skills are required to understand the entire message. Hence, in the present study, the group with good working memory perform better  with syllabic compression.


Within the group comparison of SNR-50 for dual and syllabic compression conditions in poor working memory group: Repeated measures ANOVA was done to compare the performance with unaided, dual and syllabic conditions within the group. It can be observed in Table 6, there is a statistically significant difference found between the unaided, dual and syllabic compression conditions for the poor working memory group (p<0.05). To find out which of the conditions was significantly different, Bonferroni’s post hoc analysis was done.

The post hoc analysis results are shown in table 7. It can be observed that the individuals with poor working memory performed better with dual compression than with syllabic compression. These individuals did not have sufficient cognitive capacity to match the distorted information to the long term memory. Thus,




these individuals are able to obtain better scores in this condition, because the dual compression mode has more preserved phonological characteristics. Further, it is evident from the above finding that, though the dual system involves the generation of two gain control signals, its operation is more like the slow acting compression system. These results are again correlated with earlier studies (Gatehouse et al., 2003; 2006; Lunner & Sundewall-Thoren, 2007; Rudner et al., 2008; Cox & Xu, 2010).

Conclusions
It can be concluded from the above findings that the gain requirement may not be different between individuals with good and poor working memory in quiet. In complex listening situation, there may be a difference. However, this needs to be researched upon. Further, it can also be concluded that it is important to consider the cognitive abilities of the individual while setting the compression time constants. Therefore, a simple test of cognition must be included in the audiological test battery especially while evaluating elderly individuals. This knowledge will help in better prescription and fine tuning of hearing aids.
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Abstract
Perception of emotions through the auditory modality is an essential component of communication. It is known to help in the perception of pragmatic component of a message being transmitted. The present study aimed to compare the perception of four different emotions through the auditory mode in children with normal hearing sensitivity with that of two groups of children having hearing impairment (cochlear implant users and hearing aid users). In addition, the study aimed to compare the perception of the two groups with hearing impairment i.e. those using hearing aid and those using cochlear implants. The study also compared the perception across the four different emotions i.e. happy, sad, neutral and interjection. The results revealed that the participants with normal hearing sensitivity performed significantly better than the participants with hearing impairment in the overall perception of emotions (happy, neutral, sad and interjection) as well as the perception of each emotion. There was no significant difference in the overall perception of emotions and the perception of individual emotions among the two groups having hearing impairment (cochlear implant group and hearing aid group). Also the emotion sad was perceived best by all the participants and interjection was the poorest in all the groups of participants.  The better perception of the sad emotion was attributed to contrastive acoustical features present in the signals.
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Introduction
It is well established that humans use speech to convey their attitude and emotions. Emotions have been considered necessary to regulate social  and interpersonal behaviour, the flow of information and the selection of response processes or outputs of the organism, and regulate behaviour through a noncodified, prewired communication process (Izard, Kagan & Zajonc, 1984). Auditory and visual cues are reported to be important in the perception of a speaker’s emotional state. The auditory perception of emotion in the vocal expressions of others is noted to be vital for accurate understanding of emotional messages, which in turn shapes listeners’ reaction and subsequent speech production (Banse &  Scherer, 1996). In determining emotion, nonverbal behaviours are also observed to be of utility. Information about a speaker’s intonation, facial expression, and gestures also add to or change the meaning of spoken discourse. Although, such nonverbal actions are considered to have multiple functions, their major function is in the expression of emotion (Patterson, 1995; Feldman, Tomasian & Coats, 1999; Bavelas & Chovil, 2000; Creusere, Alt & Plante, 2004).

Right from infancy, those with normal hearing are able to   recognize   emotions   through   facial   and   vocal
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expressions (Montague & Andrews, 2002). Further, the ability of normal hearing children to perceive emotions purely through the auditory modality was demonstrated by Peters (2006). Children aged 6 to12 years were to able to distinguish emotions such as angry, scared, happy, and sad.

Studies have been reported that adults with normal hearing were able to recognize the emotional state of a speaker based only on auditory cues (Pereira, 2000; Peters, 2006). This was attributed to the acoustic distinctiveness of different emotions. Pereira (2000), who examined 40 normal hearing subjects, found that they could perceive with 85% accuracy, 5 emotions (cold anger, hot anger, happiness, sadness and neutrality) spoken in two semantically neutral utterances.

Persons with hearing impairment have been noted to be at a disadvantage in perceiving emotions because of their inability to perceive subtle acoustic signals that convey emotion. It has been observed by Most, Weisel and Zaychik (1993) that some individuals with profound hearing impairment could perceive acoustical components of frequency, time, and intensity in a speech signal, whereas others could only perceive changes in the time and intensity. It has also been reported that auditory perception of emotions by children, youth, and adults with hearing loss who use hearing aids was lower compared to individuals with normal hearing (Rigo & Liberman, 1989; Most, Weisel
& Zaychik, 1993; Shinall, 2005).



The studies on perception of emotion by cochlear implants show that they too perform poorer when compared to normal hearing listeners (Peters 2006; Most & Aviner, 2009; Hopyan, Gordon & Papsin, 2011). Most and Aviner (2009) evaluated the benefit of cochlear implants in the perception of emotions (happiness, anger, surprise, sadness, fear, and disgust) in participants differing in their age of implantation. The findings of the cochlear implant users were compared with hearing aid users and adolescents with normal hearing. The results revealed better auditory identification by the participants with normal hearing in comparison to the participants with hearing impairment. Although auditory-visual perception was better than visual-only perception for the participants with normal hearing, no such differentiation was found among the participants with hearing impairment. The results question the efficiency of some currently used cochlear implants in providing the acoustic cues required to identify the speaker’s emotional state.

From the literature on the perception of emotions, it is apparent that studies regarding perception in pre- lingual cochlear implantees have not been studied extensively. Among the few studies done, the focus has been in comparing emotion perception between individuals with normal hearing sensitivity and cochlear implant users (Peters 2006, Hopyan, Gordon
& Papsin 2011). Investigations dealing with the comparison between cochlear implant users and hearing aid users are sparse (Most & Aviner, 2009). Hence, there is a need to study this aspect.

Further, earlier studies have used only a small number of test items to evaluate emotion perception (House, 1994; Pereira, 2000; Peters, 2006). It is essential that a comprehensive study be conducted which compares the performance of emotion perception using a larger number of test items.

It is also known that intonation patterns used across languages differ (Khan, 2011). The  published literature on emotion perception in cochlear implantees has primarily been done using English. Hence, there is necessary to evaluate the difficulties in the perception of emotions in cochlear implant users in different languages, including Indian languages. This would throw light on whether the perception of emotions differs across different language groups of cochlear implant users.

The present study aimed to compare emotion perception through the auditory mode in children having normal hearing sensitivity with two groups of children having hearing impairment (cochlear implant users and hearing aid users).   Besides comparing the

children with hearing impairment with normal hearing children, the study aimed to compare the perception of the two groups with hearing impairment i.e. those using hearing aid and those using cochlear implants. The study also aspires to compare the perception across four different emotions i.e. happy, sad, neutral and question/interjection.

Method
Participants

The participants comprised of a clinical group and a control group who had been exposed to Kannada from early childhood. The clinical group consisted of twenty-two children in the age range 5 years to 17 years. All the participants had congenital severe or profound bilateral, sensori-neural hearing loss. Among the twenty-two participants, twelve used cochlear implants and twelve used binaural digital hearing aid. The clinical group had at least one year of experience with their devices. The two clinical groups were matched in terms of their listening age with the device worn by them (cochlear implant/hearing aid). Both groups had aided audiograms within the speech spectrum. Details regarding the clinical group are provided in Table 1. Twelve normal hearing children in the age range of 5 to 6 years served as the control group. It was ensured that these children had no history of hearing loss and had normal pure-tone thresholds.

Material

The ‘Auditory Perception Test of emotions in Kannada sentences’ developed by Agarwal and Yathiraj (2007) was used to evaluate emotion perception. The test depicted four emotions (neutral, happy, sad and interjection/questioning) using ten Kannada sentences and five practice items. All the sentences used for the test permitted the use of the four  emotions semantically. A female whose mother tongue was Kannada, served as the speaker. The CD version of the test, which had been recorded using a sampling rate of 44100 Hz with 32 bits, was used.

Prior to obtaining the data on the target group, the appropriateness of the material was checked on twenty native young-adult speakers of Kannada. Initially, pictures representing the emotions were shown to them to confirm that the pictures represented the emotion that they were supposed to do so. The participants were expected to identify the emotion that each picture depicted. 90% of the young adults could correctly identify the emotions, hence the pictures were not altered.



Table 1: Details of the clinical groups

	Sl. No
	Age in years
	Gender
	Device used
	Experience with the device (years)

	1
	8
	Female
	Sprint
	2

	2
	12
	Female
	Sprint
	2.5

	3
	11
	Female
	Freedom
	2.5

	4
	13
	Female
	Sprint
	2.5

	5
	9
	Female
	Sprint
	3

	6
	6
	Female
	Freedom
	2.5

	7
	17
	Male
	Esprit 3G
	7

	8
	10
	Female
	Freedom
	2

	9
	8
	Female
	Freedom
	3

	10
	6
	Female
	Esprit 3G
	3

	11
	5
	Female
	CP810
	2

	12
	10
	Female
	Sprint
	4

	13
	5
	Female
	Siemens Infinity Pro SP
	4

	14
	6
	Female
	Siemens Intus SP
	3.5

	15
	6.5
	Male
	Canta 280
	3

	16
	8
	Female
	Siemens Infinity Pro SP
	4

	17
	8
	Female
	Electone Eclipse 2 SP
	3.5

	18
	10
	Male
	Siemens Infinity Pro SP
	6

	19
	11
	Male
	Siemens Infinity Pro SP
	5

	20
	10
	Male
	Siemens Infinity Pro SP
	5

	21
	9
	Male
	Starkey EB01312
	6

	22
	12
	Female
	Siemens Infinity Pro SP
	5

	23
	13
	Female
	Siemens Infinity Pro SP
	7

	24
	17
	Female
	Siemens Infinity Pro SP
	11




Further, the adults were required to indicate as to whether each of the sentences could be used to represent the four different emotions. It was confirmed that the four emotions could be used for day-to-day communication, without altering the syntactic structure of each sentence. In addition, the young-adults had to listen to the sentences that were randomized and indicate the emotion that was represented using a 4 - choice closed-set tasks. The participants had to point to one among the four pictures portraying the emotions happy, sad, neutral and interjection. 90% of the participants could correctly identify each emotion, confirming that the test items could be retained without any modification.

Equipment

The perception testing was carried out using an Intel Core 2 Duo laptop loaded with Adobe Audition (Version 3). The output from the laptop was calibrated using a sound level meter (834 - Larson Davis make) having a half-inch free-field microphone (2540 - Larson Davis make). The calibration was done in a sound treated room with the Sound Level Meter kept one meter away from two external speakers (Creative SBS15). The speakers were placed side by side at 0o azimuth with reference to the sound level meter. The volume  control  of  the  speakers  and  the  computer

software were manipulated such that the output was 60 dB SPL. The settings were noted and used throughout the evaluation process.

Test environment

The emotion perception testing was done in a quiet room, free from any distractions and adequately lit. The participants were comfortably seated 1 meter away from the speakers which were placed in front of the participant at 0o azimuth.

Procedure for identification of emotion

A board, with the pictures of faces portraying the emotions was placed in front of the participants. The participants were instructed to listen to the audio stimuli depicting the four emotions and point to one of the pictures placed in front of them. The task was also demonstrated by the experimenter using the practice items. Prior to administering the test items, the participants carried out the task using the same practice items.

The participant heard all ten test items, with each item having four emotions. The forty test items were presented in a random order to prevent them from guessing. It was ensured that the children were attentive prior to the presentation of the stimuli.   If



required, the children were given short breaks in between the session. The entire testing was done in one session. Social reinforcement and tangible reinforcement were provided for the participants.

Each correct response was given a score of ‘1’ and an incorrect response was given a score of ‘0’. The responses of each of the participants were tabulated and subjected to statistical analyses. Besides descriptive statistics, repeated measures ANOVA was done. The analyses were done to get a comparison of performance across the participants wherein children having normal hearing were compared with children using hearing aids as well as with those using cochlear implant; and the two groups with hearing impairment (cochlear implant users and hearing aid users) were also compared. In addition, a comparison of perception across the four different emotions was also carried out for  each  participant groups. MANOVA was also done to check how the three groups of participants perceived each of the four emotions.

Results and Discussion
Comparison of performance across participants

Initially, descriptive statistics were carried out to determine the difference in the performance between the participants having normal hearing and those with hearing impairment. From Table 2 it is evident that the mean scores of the participants with normal hearing were higher when compared to the participants with hearing impairment. Also the variability in scores among the normal hearing group was lesser when compared to the two groups with hearing impairment. This is evident from the standard deviation provided in Table 2. The scores obtained by the two subgroups of individuals with hearing impairment were lower than that of the normal hearing group. However, the mean and the standard deviation scores obtained by the participants using cochlear implants and hearing aids were comparable. This was observed for each of the four emotions that were evaluated.

To see if the performance among the groups differed significantly, repeated measures ANOVA was done. A significant main effect was observed between groups [F=25.71, p<0.001] and between emotions [F=16.785, p<0.001]. As there was a significant main effect between groups, Duncan’s Post-Hoc test was  done. The results showed that there was a significant difference between the normal hearing group and those with hearing impairment (p<0.05). In contrast, there was no significant difference between the two groups with hearing impairment (p>0.05).

The results of the study show that the performance of individuals with normal hearing is better than the groups having hearing impairment. This demonstrates that despite the children with hearing impairment having aided audiograms within the speech spectrum, they were unable to utilize acoustic cues in a manner similar to that done by normal hearing individuals.

Several studies on the auditory perception of emotions by children, youth, and adults with hearing impairment who use hearing aids have reported lower performance in comparison to individuals with normal hearing (Rigo
& Liberman, 1989; Most, Weisel, & Zaychik, 1993; Shinall, 2005). Also, individuals with normal hearing are known to perform better than cochlear implant users (Pereira, 2000; Peters, 2006; Luo, Fu & Galvin, 2007).

The findings of the present study concur with that reported in literature, confirming that irrespective of whether the children with hearing impairment used cochlear implants or hearing aids, they were unable to perceive emotions like their normal hearing peers. The hearing impairment probably resulted in them perceiving acoustic cues that are essential for them differentiate the emotions, in a distorted manner.

Comparison of perception across different emotions

As the repeated measures ANOVA revealed that there was a significant main effect with groups and emotions combined [F=16.785, p<0.001], MANOVA was done to check how the three groups of participants perceived each of the four emotions. The results shown in Table 3 confirmed that there was a significant difference in the perception of all four emotions, when the three participant groups were combined.

Duncan’s Post-Hoc test was done to check how each of the groups perceived the combined scores of the four different emotions. The results showed that individuals with normal hearing perceived each of the emotions significantly better than the groups using cochlear implantation and hearing aids. This was seen for all four emotions at the level of 0.05. However, there was no significant difference between those using cochlear implantation and those using hearing aids with regard to their perception of each of the emotions (p>0.05). The mean scores shown in Table 2 confirm this.

The results bring to light that the normal hearing group perceive each of the emotions significantly better than the two groups with hearing impairment. Further, it is also highlighted that emotion identification by cochlear implant users and hearing aid users was comparable. This reveals that by using cochlear implants, children with profound hearing impairment can perform similar



Table 2: Mean scores and SD for all four emotions across groups

	Emotions
	Group
	Mean
	Std. Deviation

	Happy
	CI users
	6.00
	2.663

	
	HA users
	6.92
	0.996

	
	Normal hearing
	9.17
	0.835

	Neutral
	CI users
	7.17
	1.850

	
	HA users
	6.75
	2.301

	
	Normal hearing
	9.58
	0.793

	Sad
	CI users
	8.33
	1.614

	
	HA users
	8.50
	1.382

	
	Normal hearing
	9.92
	0.289

	Interjection
	CI users
	6.00
	1.128

	
	HA users
	5.58
	1.505

	
	Normal hearing
	9.00
	0.603


NOTE: Maximum score = 10; CI = cochlear implant; HA = Hearing aid

Table 3: Comparison of emotions with groups combined

	Emotions
	F
	p

	Happy
	10.886
	0.000

	Neutral
	9.012
	0.001

	Sad
	5.926
	0.006


    Interjection	32.060	0.000 	


to those with lesser degrees of hearing impairment who use hearing aids. However, neither of these technologies enables them to perceive like normal hearing children. Previous studies have shown the advantage of cochlear implants mainly for the perception of segmental features of speech (Calmels, et al., 2004; Gestoettner, et al., 2000). However, the advantage of cochlear implants in relation to the perception of suprasegmental features has not been conclusive. Some research has shown that perception of suprasegmental features improves after implantation (Huang, Wang, & Liu, 1995; Waltzman & Hochberg, 1990). Other studies, however, did not show an advantage of cochlear implants over hearing aids (Boothroyd & Eran, 1994; Lee, Hasselt, Chiu, & Cheung, 2002; Most & Peled, 2007).  Furthermore, some of these studies have even demonstrated poorer performance by cochlear implant users in comparison to hearing aid users in the perception of intonation (Boothroyd & Eran, 1994; Most & Peled, 2007) and in the perception of syllable stress (Most & Peled, 2007).

Thus, the findings of the present study highlights that using a cochlear implant does not result in perception similar to normal hearing individuals. However, it enables the users to perceive emotions through the auditory modality in a manner similar to those with lesser degrees of hearing impairment who use hearing aids.

Comparison of perception across emotions within each group

To check within each participant group the significance of difference in perception across the four emotions, one-way ANOVA was done. A significant difference was seen in all three groups in the way they perceived emotions {cochlear implant users [F=5.366, p<0.05]; hearing aid users [F=9.8, p<0.001]; normal hearing individuals [F=5.088, p<0.05]}. The mean values depicted in Table 2 also indicate the difference in scores obtained in the perception of emotions by the three different groups.

Further, pair-wise comparison was done which revealed (Table 4) that among the cochlear implant users, the emotions sad and interjection were significantly different (p<0.05) whereas the other two emotions did not differ significantly. Among the hearing aid users, the emotion happy was significantly different from sad and interjection (p<0.05), neutral from sad (p<0.05), interjection from sad and happy (p<0.05) and the emotion sad from all the other three (p<0.05). The group with normal hearing individuals performed similar to the group using cochlear implantation. Here, the emotions sad and interjection had significant difference (p<0.05) whereas other two emotions did not have any significant difference between them.


Table 4: Comparison of perception across emotions by cochlear implant users, hearing aid users and normal hearing children
	
	Happy
	Neutral
	Sad
	Interjection

	Cochlear implant
	Happy
	-
	-
	-
	-

	users
	Neutral
	
	-
	-
	-

	
	Sad
	
	
	-
	**

	
	Interjection
	
	
	
	-

	Hearing aid
	Happy
	-
	-
	**
	**

	users
	Neutral
	
	-
	**
	-

	
	Sad
	
	
	-
	**

	
	Interjection
	
	
	
	-

	Normal hearing
	Happy
	-
	-
	-
	-

	children
	Neutral
	
	-
	-
	-

	
	Sad
	
	
	-
	**

	
	Interjection
	
	
	
	-



** p<0.05
The results of the study revealed that the emotion sad was perceived the best and also that it was significantly different from the other three emotions. This occurred for all three participant groups. This shows that the emotion sad had acoustical cues which enabled it to be perceived better when compared the other three emotions.

To determine the acoustic cue that resulted in the better perception of the emotion sad, the waveforms of the stimuli were analyzed using the Adobe Audition software. The average duration of the stimuli having sad emotion was found to be longer when compared to the other three emotions. The emotion sad had a duration ranging from 1.72 to 2.22 seconds (mean=1.92 seconds), whereas the others had lesser duration [i.e. 1.29 to 1.89 seconds (happy), 1.31 to 1.83 seconds (neutral) and 1.2 to  1.91  (interjection)]. Hence, the duration cue could have helped the participants in identifying the sad emotion better than others.

Earlier studies have also found the utterances of different emotions had varying durations which served as perceptual cues. House (1994) and Pereira (2000) found a happy utterance to be shorter in duration than a sad one. Also, Yildirim, et al., (2004) found that RMS energy, inter-word silence, and speaking rate were useful in distinguishing sadness from the other emotions they examined.

In the present study, all the groups found sadness the easiest to identify and interjection was the most difficult. Sentences depicted happiness and neutral emotions were in-between. Similar result was reported by Most, Weisel and Zaychik (1993), Most and Aviner (2009) and Pereira (2000). They too observed that the emotion  sad  was  perceived  better  than  the  other


emotions they used in their study, such as anger, disgust, fear, happiness and surprise.

In contrast with the findings of the present study Luo, Fu and Galvin (2007) reported that the difference between emotions ‘happy’ or ‘angry’ and ‘sad’ or ‘neutral’ were identified better by subjects using cochlear implants. They attributed this better perception to the higher amplitude present in utterances depicting these emotions compared to other emotions such as ‘neutral’ and ‘sad’.

Likewise, Pereira (2000) found that overall amplitude cues significantly contributed to vocal emotion recognition not only for cochlear implant users but also for normal hearing listeners, even though normal hearing listeners had full access to other emotion features such as pitch cues and spectral details.

Unlike the findings of Luo, et al., (2007) and Pereira (2000), it was observed in the present study that both cochlear implant users, hearing aid users and normal hearing group all used duration as major cue to perceive emotions rather than relative intensity. This could be because in the present study the stimuli had been RMS normalized to result in all the utterances having similar loudness.

Further, in the current study it was found that the emotion ‘sad’ has a falling pattern when compared to other emotions. This could have also contributed it being perceived better than the other three emotions. Most and Frank (1991) also observed greater accuracy in perception and production of intonation was for speech signals with falling than for rising contours, in children using hearing aids. The low frequency falling pattern could have possibly enhanced the perception of emotion ‘sad’. Thus it can be construed that the participants in the present study used a combination of
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duration and frequency contours to help them perceive different emotions.

Conclusions
The results of the present study revealed that the participants with normal hearing sensitivity performed significantly better than the participants with hearing impairment in the overall perception of emotions (happy, neutral, sad and interjection) as well as the perception of each emotion. There was no significant difference in the overall perception of emotions and the perception of each emotion among the two groups having hearing impairment (cochlear implant  group and hearing aid group). The emotion ‘sad’ was perceived best by all the participants and ‘interjection’ was the poorest in all the groups of participants. The better perception of the emotion ‘sad’ was probably on account of the contrastive acoustic cues got from the duration and frequency contours.

Based on the findings of the present study, it can be inferred that children with hearing impairment need to be provided training to perceive emotions through their auditory modality. Though they  have  aided audiograms within the speech spectrum, they are unable to perform like their normal hearing peer group. With the help of auditory training, focusing on aspects related to the perceptions of emotions, they may perceive these aspects clearer. Hence, it is important to include tasks related to perception of emotion in the aural rehabilitation and speech intervention programs for pre-lingually deafened children who use cochlear implant and/or hearing aids.
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Abstract
The study was carried out with an aim of studying the maturational changes of binaural interaction component in children in the age range of 6-12 years using speech stimuli. In addition, the study also aimed to compare the maturational changes in binaural interaction component for speech and non speech stimuli. In the present study 100µs Click, and 40 ms CV syllable /da/, were used to elicit the responses. The binaural interaction component (BIC) was determined by subtracting the binaurally evoked auditory potentials from the sum of the monaural auditory evoked potentials. Results revealed that with maturation there is no significant difference in the latency and amplitude obtained for summed monaural, binaural and binaural interaction component for click stimulus. However, for the speech stimuli, latency of BIC for the I and II group was longer compared to the other groups. This was statistically significant compared to the other groups this indicated that the BIC for speech stimulus continues to develop till 8 years of age. However, the amplitude of BIC recorded for both stimuli i.e. the click and the speech stimulus had a large standard deviation for all the age groups. Hence, from the study it can be concluded that the BIC of auditory brainstem responses can be used to evaluate the binaural interaction in children, and latency of the BIC is a better parameter to evaluate the binaural interaction compared to the amplitude, as the amplitude of the BIC shows a very large variation.
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Introduction
In the real-world listening situations, auditory information is processed by two ears, often in the presence of background noise (Durrant & Lovrinic, 1995). The processing of auditory information through ears is known as binaural processing. Binaural processing is evaluated clinically by behavioural assessment of skills such as, auditory localization and the masking level difference. There have been attempt made by the researchers to use the measurement of binaural processing through binaural interaction component of the auditory brainstem responses. The development of such a physiological measurement is essential to provide objective information in difficult to test population.

The auditory brainstem responses (ABR) have been used for studying binaural interaction component elctrophysiologically. The Binaural interaction component (BIC) is derived by subtracting the ABR obtained with binaural stimulation from the waveform obtained by adding the responses from the  left  and right monaural stimulation. This concept is expressed as: Binaural difference waveform=(L+R) BI; where, L+R is the sum of the left and right evoked potentials obtained with monaural stimulation, and BI is the response acquired from binaural stimulation. The BIC is most apparent in the binaural difference waveform
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obtained in humans at 4.5 to 7.0 ms after the stimulus onset for click stimulus, which is coincident with waves IV to VI (Wrege & Starr, 1981).

Binaural interaction is reflected in electrophysiological activity of neurons activated by binaural stimulation central to the cochlear nucleus (Jiang & Tierney, 1996). Binaural interaction is known to occur at three levels of the brainstem: the superior olivary complex, the nuclei of lateral lemniscus, and the inferior colliculus (Moore, 1991). BIC manifest binaural interaction (Debruyne, 1984; Dobie & Wilson, 1985; Hendler, Suires, & Emmerich, 1990) and are valid and proven responses which reflect ongoing binaural processing (Fowler & Swanson, 1988; Jiang & Tierney, 1996).

Recently the ABRs have also been recorded using the speech stimulus. The speech evoked auditory brainstem response is considered to provide a direct electrophysiological measure of sensory processing in the auditory brainstem (Galbraith, et al., 2000). Several studies have linked stimuli pattern to speech ABR component characteristic and investigated  the magnitude and one-to-one correspondence to spectral peaks (Wible, Nicol & Kraus, 2004; Russo, Nicol, Mussachia & Kraus, 2004). In addition several studies have pointed out the potential usefulness of speech ABR in the diagnosis of speech processing impairment (Russo, et al., 2004; Johnson, Nicol & Kraus, 2005). In addition language experiences were also shown to have a significant effect on FFR synchronization (Krishnan, Xu, Gandour, & Cariani, 2004, 2005; Chandrasekaran




& Kraus, 2010). Furthermore it has also been reported that the musicians have enhanced FFR synchronization to  CV  syllable  /da/  and  to  music  stimuli  than  non-
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musicians (Mussacchia, Sams, Skoe & Kraus, 2007).

Earlier the ABR has been recorded using simple stimuli such as a click or tone burst. Although clicks and tones have been instrumental in defining these basic response patterns, they are poor proximations of the behaviorally relevant sounds that we encounter in daily life. Therefore there is a need to study the encoding of speech sounds at the brainstem level. Furthermore there are several behavioural tests to evaluate the binaural processing in children. But the major problem with the behavioural test is it requires a behavioral co-operation from the children.

Speech ABR is an electrophysiological test that doesn’t require any co- operation from the children and gives reliable information about brainstem encoding  of speech sounds. It has been found as a useful tool in the diagnosis of learning disability and  poor  readers (Russo, et al., 2004; Abrams, Nicol, Zecker & Kraus, 2009). Deficits in binaural processing can lead to various degrees of auditory processing disorders. Assessing binaural interaction can serve as a diagnostic tool especially in children with auditory processing disorders, as binaural interaction tasks are frequently affected in those children (Delb, Struss, Hohenberg & Plinkert, 2003).

Hence there is a need to establish the binaural interaction component in normal hearing children, as to compare them with children having auditory processing problem. Also, binaural interaction component of ABR has been studied using non speech stimulus like click stimuli, however, there is a dearth of information regarding the binaural interaction component of ABR using speech stimuli. So there is a need to understand the binaural interaction component using speech stimuli. There are also studies (Johnson, Nicol & Kraus, 2008), which suggest a different development pattern for click and speech stimuli. The click ABR matures by the age of 18-24 months, whereas the speech ABR continues to develop till 5 years of age (Johnson, et al., 2005). Hence, it may be hypothesized that such differences may occur for click and speech evoked BIC.

The present study aimed to determine the maturational changes of BIC using speech stimuli for different age groups and to determine the maturational changes in BIC for click stimuli for different age groups.

A total of 60   normal   hearing   children   in the age
range of 6 to 12 years participated in the study. They were basically categorized into 6 groups (10 subjects per age group); Group I:    6 to 6; 11 years. (Mean age-
6.35 years), Group II:    7 to 7; 11 years. (Mean age-
7.60 years), Group III:   8 to 8; 11 years. (Mean age-
8.30 years), Group IV:   9 to 9; 11 years. (Mean age-
9.75 years), Group V:  10 to 10; 11 years. (Mean age-
10.35 years) and Group VI: 11 to 11; 11 years. (Mean age-11.45 years).

Characteristics of the participants: The participant’s air conduction thresholds were less than or equal to 15 dB HL in the octave frequency range of 250 Hz to 8000 Hz and bone conduction thresholds less than or equal to 15 dBHL in the octave frequency range of 250 Hz to 4000 Hz. All the participants had ‘A’ type tympanogram and presence of acoustic reflexes. None of them had any history of otological symptoms (ear ache, ear discharge, and tinnitus or hearing loss).None of the children had any neurological problems or any other general weakness. They had no history of poor academic performance as reported by the parents and/or teachers. All the children had to pass SCAP (Screening Checklist for Auditory  Processing developed by Yathiraj & Mascarenhas, 2004). All of them had normal click ABR. i.e. identifiable auditory brainstem response peaks (wave I, III & V) within normal latency.

Test stimulus for speech ABR

The test stimulus which was used for speech evoked ABR in the present study was a synthesized /da/ syllable. The stimulus is available in evoked potential system with the BioMARK protocol. The /da/ stimulus is a 40 ms synthesized speech syllable produced using KLATT synthesizer (Klatt, 1980). This stimulus simultaneously contains broad spectral and fast temporal information characteristics of stop consonants, and spectrally rich formant transitions between the consonant and the steady-state vowel. Although the steady-state portion is not present, the stimulus is still perceived as being a consonant-vowel syllable. The fundamental frequency (F0) linearly rises from 103 to 125 Hz with voicing beginning at 5 ms and an onset noise burst during the first 10 ms. The first formant (F1) rises from 220 to 720 Hz, while the second formant (F2) decreases from 1700 to 1240 Hz over the duration of the stimulus. The third formant (F3) falls slightly from 2580 to 2500 Hz, while the fourth (F4) and fifth formants (F5) remain constant at 3600 and 4500 Hz, respectively. Figure 1 shows both





Figure 1: Spectral and temporal aspects of the speech stimulus /da/ used in the present study. The top one represents the temporal details of the waveform whereas the bottom one depicts the spectral details.


the time and spectral domain of the stimulus used in the present study.
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Table 1: Pa ameters for recording click evoked ABR and speech evoked ABR

Click evoked ABR Stimulus, duration	Click, 100µs

Speech evoked ABR CV syllable /da/, 40 ms

Level
Filter band Rate
No of sweeps Transducer Polarity
Time window

80 dB SPL
100 to 3000 Hz
10.1/s
1500
ER-3A Insert ear phone Alternating
12 ms

80 dB SPL
100 to 3000 Hz
10.1/s
3000
ER-3A Insert ear phone Alternating
12 ms

Electrode montage	Non-inverting electrode: Vertex,
Inverting electrode: nape of the neck, Ground electrode: forehead.

Non-inverting electrode: Vertex,
Inverting electrode: nape of the neck, Ground electrode: forehead.
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Figure 2: Representative waveform of summed monaural Binaural and Binaural interaction component using click stimuli recorded in one subject.


Figure 3: Mean and Standard deviations for the summed monaural, binaural and binaural interaction component for the latency parameter for the different age groups.
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Multiple analysis of variances (MANOVA) test was carried out to check the significant difference in the mean values of the latency obtained for click stimuli across all the groups. MANOVA analysis revealed no significant difference for wave V latency of summed monaural recording for click stimuli across all the age

binaural and binaural interaction component has been given in the Figure 4.

Descriptive statistics was done to find out the mean latency of the binaural interaction component, and mean latency for the wave V of summed monoaural and binaural responses. The details of the mean and standard deviation (S.D) of latency of BIC and wave V latency of summed monoaural and binaural ABR are given in Figure 5.




Figure 4: Representative waveform of summed monaural Binaural and Binaural interaction component using speech stimuli.
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Figure 5: Bar graph of the latency of BIC, and wave V of summed monaural and binaural ABR for speech stimulus for different age groups.
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to the other four groups, the amplitude of the wave V for other four groups were almost similar. The amplitude of wave V for the binaural responses and BIC is slightly varying across all the age groups. It can also be noted that the standard deviation for the amplitude of summed monaural, binaural and BIC is very high for all the age groups.
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Figure 6: Bar graph of amplitude of BIC and amplitude of wave V of summed monaural and binaural waveform for different age groups for click stimulus.


Amplitude of BIC for speech stimulus: Speech evoked ABR could be recorded for all the subjects. Binaural interaction component of wave V was present for all
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Figure 7: Bar graph of amplitude of summed monaural, binaural and BIC evoked using speech stimuli for different age groups.




MANOVA test was carried out to check the significant difference in mean values of the amplitude of BIC, summed monaural and binaural for different age groups. No significant difference was observed for wave V amplitude of summed monaural recording for speech stimuli across age groups [F(5, 54)=0.51, P>0.05]. There was also no significant difference for wave V amplitude of binaural recording for speech stimuli across age groups [F(5, 54)=1.74, P>0.05]. But significant difference was observed for amplitude of binaural interaction component for speech stimuli across different age groups [F(5, 54)=2.42, P<0.05]. Duncan's Post hoc analysis was done to check which group was significantly different from each other. The results of the Duncan's Post-Hoc analysis shows that the amplitude of BIC for the first group was significantly higher compared to the other groups.

To summaries the results, with maturation there is no significant difference in the latency and amplitude obtained for summed monaural, binaural and binaural interaction component for non speech stimulus i.e, click stimulus. However, there was a significant difference obtained for the latency of the BIC of the speech stimuli. Latency of BIC for the I and II Group was longer compared to the other groups and this was statistically significant compared to the other groups. However, the amplitude of BIC recorded for both stimuli i.e. the click and the speech stimulus had a large standard deviation for all the age groups.

Discussion
The aim of the study was to determine the maturational changes in the binaural interaction component using click and speech stimuli for the children in the age range of 6 years to 12 years.

Latency of BIC for click and speech stimuli

The result of the present study showed that there was systematic age related change in the latency of the speech evoked binaural interaction component (BIC). Latency of BIC of speech obtained for children in the age range between 6-6.11 years and 7- 7.11 years were significantly prolonged compared to the children in the age range between 8 to 12 years, whereas there was no difference for the BIC evoked by the click stimulus.

In the present study the mean latency of the binaural interaction component for the click stimulus was found to be in the range of 6.80 - 6.99 ms for the different age group of children. The latency obtained for BIC for the click stimulus in the present study is longer compared to the earlier studies (Chiappa, Gladstone, & Young, 1979;  Hosford-Dunn  Mendelson  &  Salamy,  1981;

Gopal & Pierel, 1999) reported in the literature. Chiappa, et al., (1979) reported a mean latency of 5.75± 0.25 ms, Dunn et al., obtained BIC latency as 5.67±0.21 msec, Gopal and Pierel reported latency as 5.63±0.26ms. The prolonged latency of BIC for the click stimulus in the present study can be attributed to the intensity of the stimulus used in the present study. Earlier studies have used an intensity of 80 dBnHL to record the auditory brainstem responses whereas, in the present study an intensity of 80 dBSPL was used. Thus, the lower presentation of the stimulus level would have caused a delay in the latency of the BIC obtained for the click stimulus.

For the speech stimulus, the latency of BIC recorded was in the range of 6.25-7.06 msec. In the literature there are only a few studies which have reported the BIC using speech stimulus. Deepti (2008) reported a latency of 6.99± 0.29 msec for the BIC using speech stimulus in a group of children. The present study is in agreement with the latency reported by Deepti (2008).

However, latency of BIC for speech stimulus obtained for children in the age range between 6-6.11 years and 7- 7.11 years were significantly prolonged compared to the children in the age range between 8 to 12 years. Prolonged latency of the BIC for speech stimulus in the age group of 6-6.11 and 7-7.11 years indicates that the BIC continues to develop till 8 years of age. Maturation of the binaural interaction component using the auditory brainstem responses is thus analogues to the other tasks of binaural interaction component such as masking level difference (MLD), which continues to develop till 6 years of age.

Hall and Grose (1990) found that the MLD for a pure- tone presented in a wide band (300 Hz) masker progressively increased up to approximately 5 to 6 years of age. In addition, MLD presented in a narrow band (40 Hz) masker continued to be smaller in the 6 years-old children compared to the adults. The authors concluded that these developmental changes observed in the MLD of children up to 6 years of age are most likely related to the central auditory processing development than to sensitivity to interaural timing cues.

However, the auditory brainstem responses to click stimulus reaches adult values by the age of 18-24 months in children, indicating the maturation of brainstem pathway by this age, whereas, the brainstem responses to speech continue to develop till 5 years of age (Johnson, et al., 2008). This dichotomy suggests that brainstem neurons react differently to encode click versus speech sounds. There may be a possibility that the higher level processing responsible for integration
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and process of binaural cues for speech stimulus may continue to mature beyond this age i.e. 5 years of age. Thus, the prolonged latency obtained for BIC of the speech stimulus for the lower age groups in the present study reflects a neuromaturation development of binaural interaction component.

The prolongation in latency of BIC was not seen for the click stimulus. Latency of click evoked BIC for all the age groups was similar. Auditory brainstem responses using speech stimulus has been found to be superior to click stimulus in evaluating the children with learning problems. According to Wible, et al., (2004) onset of the speech sound /da/, i.e. wave V of the auditory brainstem response (ABR) had a significantly shallower slope in learning impaired children. The authors suggested that poor representation of crucial component i.e. the onset responses of speech sounds could contribute to difficulties with higher-level language processes. Also Goncalves, et al., (2011) reported a longer latency for wave V of speech ABR in children with phonological disorders compare to normal children with age range of 7- 11 years.

The difference in the latency of the BIC obtained for speech and click stimuli can be attributed to stimulus differences. Whereas, clicks contain a broad range of frequencies, speech is more spectrally shaped. In addition, the onset of the /da/ stimulus occurs more gradually relative to the instantaneous rise time of the click. The onset of the /da/ syllable may also be more susceptible to the effects of backward masking by the larger-amplitude formant transition (Johnson, Nicol, Zecker, & Kraus, 2007). Finally, brainstem activity can be experience dependent (Tzounopoulos & Kraus, 2009), i.e. the latency effects of the two stimuli may be due to the greater exposure to and use of speech sounds.

Although the acoustic differences discussed above may be partially responsible for the findings in this study, it is important to know that human beings are exposed to speech stimulus in the environment and not the click stimulus. Particularly relevant is that brainstem encoding of sound has been shown to be shaped by lifelong linguistic and musical experience (Krishnan, et al., 2004, 2005; Musacchia, et al., 2007; Wong, et al., 2007). That is, brainstem activity evoked by Mandarin tones and music is enhanced in musicians and speakers of tonal languages relative to non-musicians and non- native speakers. Additionally, short-term training has been shown to lead to changes in speech-evoked brainstem responses (Russo, Nicol, Zecker, Hayes, & Kraus, 2005; Song, Skoe, Wong, & Kraus, 2008). Also the  reversed  speech  is  processed  differently  at  the

brainstem level compared to the forward speech (Sinha
& Basavaraj, 2010), indicating a differential processing of a forward and reversed speech at the brainstem. Moreover, a previous study in animals has also shown that experience can lead to large-scale reorganization of the  inferior  colliculus  tonotopic  organisation (Yu, Sanes, Aristizabal, Wadghiri, &
Turnbull, 2007) and that experience  dependent pruning of synaptic inputs is important for the maturation of the functional inhibition in brainstem nuclei (Magnusson, Kapfer, Grothe, & Koch, 2005).

If it is assumed that humans have little exposure to clicks and that clicks have little relevance, regardless of age, the auditory system would not be expected to change its response to such a stimulus. Conversely, with speech, which is relevant in the real world, experience dependent pruning is necessary. Because younger children have less linguistic and phonemic exposure, it is perhaps the case that synaptic pruning has not been fully refined such that young children have delayed/less precise neural response timing when encoding acoustic elements that are relevant to speech (Johnson, et. al., 2008). Thus, it is reasonable to speculate that the developmental differences found in the present study for the BIC of speech stimulus may not be just from acoustic differences of the stimuli but also perhaps from their extensive use and relevance.

Amplitude of BIC for click and speech stimulus

In the present study there was no variation in the amplitude of BIC obtained for click and speech stimulus across the different age groups. Amplitude obtained for click stimulus was within the range of 0.21-0.35 µV, whereas, amplitude obtained for speech stimuli was within the range of 0.31-0.60 µV. Group I showed significant difference from the other groups for BIC of speech stimulus. For the speech as well as the click stimulus the amplitude variation was large for all the age groups i.e. the standard deviation was  very high. Large standard deviation in amplitude of BIC might be a result of the large standard deviation obtained for the summed monoaural and binaural recordings. Large standard deviation might be a reason that the first group attended a significant difference in terms of amplitude for speech stimulus.

Previous studies (Hurley, 2004; Deepti, 2008)  have also reported a very large variation in amplitude of the binaural interaction component recorded with click or speech stimulus. It is known that the electrophysiologic recordings often don’t replicate well and the peak-to- peak measures of the components vary widely. This has led to many researchers to believe that amplitude measure  of  the  ABR  components  is  highly  variable




(Burkard, Eggermont & Don, 2007). While it is true that the measurements often vary widely from run to run, it is not necessarily true that the variation is solely due to electrophysiologic changes. The measured average waveform (i.e. the ABR amplitude) is composed both of synchronous neural component-the true electrical potential and the residual noise. Therefore, it is possible that the variation in the measurement is due to the variation in the  residual noise and that there is little or virtually no variation in the evoked potentials component. Also there are episodic noise bursts or changes in the level of background noise from one run to the other. As  a result, the residual noise can vary greatly from one run to the next when a fixed number of sweeps are used, and a fixed number of sweeps will not guarantee the same SNR for repeated runs (Hall, 1992; Hood, 1998; Burkard, et al., 2007). The measured amplitude thus is influenced by many factors such as recording bandwidth, stimulus type, individual’s gender, anatomy and physiology, the technique used by the software for averaging, impedance at the surface electrode (Hall, 1992; Hood, 1998; Burkard, et al., 2007).

Conclusions
The BIC of auditory brainstem responses can be used to evaluate the binaural interaction in children. This will be helpful in diagnosis of the children with (C)APD who have binaural interaction component. Additionally the test does not require any behavioural co-operation from the client, hence can be administered easily. However, latency of the BIC is a better parameter to evaluate the binaural  interaction compared to the amplitude, as the amplitude of the BIC shows a very large variation.

Implications of the Study
It can be used to evaluate the neural encoding of speech sounds at the brainstem level. It can serve as a diagnostic tool to evaluate the binaural interaction task in children. BIC for speech can be a useful diagnostic tool in assessing the binaural interaction task in children with auditory processing problem.
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Abstract
The present study examined cortical auditory evoked potentials (CAEPs) for complex CV syllables in individuals with auditory neuropathy spectrum disorders (ANSD). CAEPs were recorded for /su/ and /chu/ (350ms and 180ms respectively) and their constituents (/s/, /us/, /ch/, /uch/) in 10 subjects with ANSD and 11 subjects with normal hearing. All normal subjects demonstrated an acoustic change complex (ACC) for both /su/ and /chu/. On the other hand, four out of 10 subjects with ANSD demonstrated an ACC for /su/ and one out of 10 subjects demonstrated an ACC for /chu/. In addition, those who had ACC absent demonstrated the CAEPs for individual constituents of the syllable but the whole stimulus elicited only a single response rather than a change complex probably indicating reduced temporal resolution and forward masking effects. Further, latencies and amplitudes were highly heterogeneous in the ANSD population and ranged from being within normal limits to being highly deviant. The study supports the feasibility of using the cortical potentials to study the cortical representation of complex speech stimuli in ANSD subjects.
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Introduction
Auditory Neuropathy Spectrum Disorder (ANSD) is characterized by abnormal auditory nerve functioning in presence of normal cochlear receptor hair cell activity (Starr, Picton, Sininger, Hood, & Berlin, 1996). Hearing sensitivity in individuals with ANSD may range from normal hearing to profound hearing loss while approximately 60 to 70% of individuals have speech identification scores well below the identification scores estimated from their pure-tone thresholds (Zeng, Kong, Michalewski, & Starr, 2005; Sininger & Oba, 2001). A series of psycho-acoustical studies have revealed that temporal processing is severely affected in these individuals (Zeng, Kong, Michalewski, & Starr, 2005; Kraus, Bradlow, Cheatham, Cunningham, King & Koch, 2000). Though the behavioural performance is known, the physiological encoding of the stimulus in ANSD subjects is not clear. Objective tools like electrophysiological responses from the auditory system can be used to better understand the representation of speech stimulus in central auditory nervous system.

Though Auditory Brainstem Response (ABR) and Frequency Following Responses (FFR) have been reported to be absent or grossly abnormal in cases with ANSD, cortical potentials were reported to be present in majority of the cases indicating the preservation of some useful auditory capabilities (Starr, et al., 1996; Kraus, et al., 2000). The latency and amplitude of cortical potentials showed a significant correlation with open set speech perception abilities and the absence of

cortical potentials indicates extremely poor speech perception abilities (Narne & Vanaja, 2008; Zeng, et al., 1999; Vanaja & Manjula, 2004).

A cortical potential which can be utilized to understand the processing of the speech stimulus across a syllable is the Acoustic Change Complex (ACC). It is a complex similar to the P1-N1-P2 and is elicited by a change during an otherwise steady-state sound (Martin
& Boothroyd, 1999). This complex representation was demonstrated in response to the transition from fricative to vowel in a naturally produced syllable by Ostroff & Martin (1998). ACC is also reported for the detection of changes in formant transitions, amplitude change, changes of spectral envelope/ periodicity in normal hearing population and has been demonstrated in the sensori-neural hearing loss population also (Martin, Tremblay & Korczak, 2008).

The current study aims to utilise the ACC as a tool to study the cortical representation of two consonant- vowel pairs: a fricative-vowel combination (su) and an affricate-vowel combination (chu). The presence of ACC would indicate that the subjects could make use of the broad envelope change or the spectral (periodicity) change in detecting a transition from one phoneme to another within a syllable.

Method
Participants

Normal Hearing participants (Group 1): This group included 11 participants consisting of 6 males and 5 females with a mean age of 22 years (18-26 years).




The participants did not have any history or complaints of otological and neurological abnormalities. They all had thresholds within 15 dBHL over the frequency range of 250 Hz to 8000 Hz for air conduction stimuli and 250 Hz to 4000 Hz for bone conduction stimuli. Speech identification scores were above 90% in both ears and they demonstrated ‘A’ type tympanogram bilaterally with reflexes present at 500 Hz, 1000 Hz and 2000 Hz within normal limits. They also demonstrated normal auditory brainstem responses (ABR).

ANSD participants (Group 2): This group consisted of 10 participants who had been clinically diagnosed as having ANSD and were recruited from those who were evaluated at All India Institute of Speech and Hearing, Mysore. Their ages ranged from 19 to 54 years, with a mean age of 36.5 years. Six of them were male and four were female. Table 1 gives the demographic and Audiological details of the ANSD subject group. The speech identification scores were symmetrical between the two ears. The subjects did not have any otological abnormalities and the presence of tumor was ruled out by neurological evaluation. The subjects demonstrated oto-acoustic emissions and/or cochlear microphonics and had absent acoustic reflexes. ABR was absent in all the subjects. The hearing loss in terms of pure tone thresholds ranged from nearly normal to moderate hearing loss. Open-set speech recognition scores in quiet ranged from 0% to 80% correct. The audiometric pattern was either flat or of the rising type.

Procedure

I. Stimulus preparation: The stimuli consisted of CV syllables /su/ and /chu/. The stimuli were produced by an adult native speaker of Kannada (a Dravidian language spoken in southern part of India) and were

recorded on to a PC at 16 bits and 44100 Hz sampling frequency using Adobe Audition 1.5 software. The syllables /su/ and /chu/ had the durations of 350 ms and 180 ms respectively. The two stimuli were further divided into their constituent consonant and vocalic parts. The beginning of the vowel was determined by the presence of formants and the course of the envelope of the stimulus similar to the procedure adopted by Diegser, Torsten & Hoppe, (2009). The vowel part was then zeroed to get the consonant part and the consonant part was zeroed to get the vowel part of the CV syllable. The vocalic parts from /su/ and /chu/ were denoted as /u/su  and
/u/chu     respectively.  In  total  there  were  6  stimuli-
/su/,/s/,/u/su and /chu/,/ch, /u/chu . Figure 1 shows the waveforms of all the six stimuli. The wave files of the stimuli were converted into Intelligent Hearing System (IHS)-Stim files using the file conversion programme in the IHS software. The stimuli output from the transducers were then calibrated to 80 dBSPL using a Larsen and Davis artificial ear and a Sound level meter.

II. Recording of evoked potentials: The patients were seated comfortably in a reclining chair in an electrically and acoustically shielded room. A skin abrasive paste was used to clean the electrode sites and disc electrodes dipped in conduction paste were placed on the scalp and attached using a surgical tape. The subjects were relaxed and watched DVD movies played without sound to avoid attention to the stimulus. They were asked to avoid excessive blinking.

For stimulus presentation and data recording, 4 channel IHS Smart EP version 3.95 USBeZ was used. The stimuli were presented binaurally through ER-3A insert ear phones and calibrated to a presentation   level   of   80   dBSPL.   Each   of   the


Table 1: Demographic and Audiological details of individuals with ANSD

	Participant
	Age/gender
	Hearing sensitivity
	Speech Identification Scores
	Audiometric pattern

	AN1
	27y/M
	Normal
	70
	Flat

	AN2
	28y/M
	Moderate
	36
	Rising

	AN3
	19y/F
	Normal
	24
	Flat

	AN4
	21y/M
	Normal
	36
	Flat

	AN5
	35y/F
	Mild
	20
	Flat

	AN6
	22y/F
	Mild
	68
	Rising

	AN7
	28y/M
	Mild
	20
	Rising

	AN8
	20/F
	Normal
	24
	Flat

	AN9
	54/M
	Moderate
	80
	Rising

	AN10
	21/M
	Normal
	44
	Flat
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Figure 1: The figure displays the stimuli /su/ and /chu/ and their partials (constituent phonemes) Panel 1: Waveforms of /su/ and its components- /s/ had a stimulus duration of 130ms while /u/su had a duration of 220ms; Panel 2: Waveforms of /chu/ and its components- /ch/ had a stimulus duration of 70ms while /u/chu had a duration of 110ms.


six stimuli were presented twice (2 runs), each run consisting of at least 200 sweeps at a rate of 0.8/sec. The order of stimulus presentation was randomized to avoid any order effect.

The ERPs were recorded from Cz, C3 and C4, referenced to the tip of the nose. Lower forehead served as the site for the ground electrode. Vertical eye movements were monitored with the positive electrode placed over superior canthus and inverting electrode on the inferior canthus of the right eye. The electrode impedances were maintained below 5 kOhms with the relative impedance not greater than 2 kOhms. The EEG signals were amplified 25000 times and filtered from 1 to 100 Hz at 6 dB/octave. The Ocular channel was amplified by only 5000 times and artifact rejection was set at 100 µV similar to the procedure adopted by the previous investigators (Ostroff, et al., 1998; Tremblay, Souza & Piskosz, 2002). The recording window consisted of 800 ms post-stimulus duration and a pre-stimulus baseline of 100 ms. Offline, the waveforms were smoothened by digitally filtering from 1-30 Hz at 12 dB/octave. Total duration of testing was approximately 1 hour and 30 minutes. Breaks were provided to the subjects when necessary.

The grand averages of the waveforms were obtained for the normal population to aid in peak identification and measurement in the data from individual subjects. In this study, we utilized the simple nomenclature of naming the first positivity as P1, first negativity as N1 etc. The Acoustic change complex corresponds to N2’ and P3’ (Ostroff, et al., 1998). The waveform analysis was done only for potentials obtained from Cz where

the response amplitudes were the largest. The C3 and C4 channels were used for response verification. The averaged waveforms for the same stimulus were used to check for replication of waveforms and to aid in peak marking. The latency and amplitude of P1, N1, P2 and the positivities and negativities of the ACC complex were measured. The amplitude was calculated from the ‘corrected baseline’ which was obtained by the averaging the pre-stimulus amplitude values. The data was tabulated in terms of latency and amplitude for both the subject groups for both the stimuli.

Results and Discussion
Cortical potentials in normal hearing subjects

The normal hearing subjects had robust cortical potentials for all the stimuli. The results will be discussed based on the stimuli used for the eliciting the cortical potentials: /su/ and /chu/.

/su/ stimulus: The /su/ stimulus elicited a change complex in all the 11 normal hearing subjects. The grand average for the /su/ and its components are shown in the Figure 2 and Table 2 displays the mean and standard deviations of latency and amplitude values for /su/. Ostroff, et al., (1998) employed /sei/ as their stimulus and reported longer latencies and lesser amplitude values than those noticed in the present study. In their study, the onset of the diphthong /ei/ followed a 150 ms fricative /s/ and the change complex was obtained at a latency of around 250 ms while the change complex obtained in this study was around 230ms. Although the absolute latencies in the present study differ from those obtained in other studies, the
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Figure 2: Grand averaged waveforms for /su/ and its components /s/ and /us/ in normal hearing subjects.

Table 2: Mean and standard deviations of latency and amplitude parameters for /su/ in normal hearing subjects

	Wave component for /su/
	Mean latency (ms)
	SD for latency
	Mean amplitude (µV)
	SD for amplitude

	P1
	49.1(6.5)
	6.5
	2.4
	1.2

	N1
	89.9
	5.1
	-1.0
	1.4

	P2
	155.3
	13.2
	2.9
	1.0

	N2’
	236.4
	6.1
	-4.0
	1.2

	P3’
	317.8
	16.5
	1.5
	1.4




relative latency i.e the latency with respect to the onset of the change in the stimulus remain similar. The initial P1-N1-P2 complex was also found to be  similar  to what was reported by the above authors.

The N2’ and P3’ components for the /su/ stimulus (first waveform) evidence the presence of the acoustic change complex. The waveforms of the partials /s/ and
/us/ (second and third waveforms respectively) help us understand as to how the complex waveform for the whole stimulus /su/ was formed. Notice that the silence of 130 ms corresponding to the consonant duration in the /us/ stimulus is also very well represented as a continuum of the pre-stimulus baseline. The combination of the waveforms for /s/ and /u/ result in the waveform similar to that obtained from /su/.

/chu/ stimulus: The change complex for /chu/ was present in all the 11 normal hearing subjects. Figure 3 displays the grand average of /chu/ (first waveform),
/ch/ (second) and /uch/ (third) respectively and Table 3 displays the mean and standard deviations of latency and amplitude parameters for /chu/. Most of the previous studies in literature have employed stimuli where the onset of change occurs after a relatively long duration   (>100   ms)   after   the   onset   of   the   first

component of the stimulus. For instance, Martin & Boothroyd (1999) employed a duration of 400 ms for a change from noise to tone. In this study, in /chu/ the change starts from 70ms and hence, the change complex results in latencies earlier than those reported by previous investigators.

The waveform for /chu/ is much more complex  in terms of interaction of the waveforms of the stimulus partials /ch/ and /uch/. Again, the addition of the waveforms for the partials reveals the way the complex waveform for the ‘whole’ stimulus is formed. The N1 for /ch/ partially combines with the P1 for /uch/ and positive P2 of /ch/ merges with negative N1 of /uch/ causing a narrower P2 in /chu/. Finally, the N2 of /ch/ and P2 of /uch/ combine to produce a much smaller P3’ for /chu/.

Comparison between /su/ and /chu/ in normal hearing participants: The latencies for /chu/ were much earlier than /su/ due to the earlier vowel onset in /chu/ (70 ms) than /su/ (130 ms). The responses from both the stimuli had comparable amplitude values. Looking at the morphology of the waveform in /su/, sometimes the second P1 corresponding to the vowel onset was visible  which  was  not  the  case  with  /chu/.  The



Table 3: Mean and standard deviations of latency and amplitude parameters for /chu/ in normal hearing subjects

	Wave component for /chu/
	Mean latency (ms)
	SD for latency
	Mean amplitude (µV)
	SD for amplitude

	P1
	49.3
	8.8
	2.3
	1.0

	N1
	86.6
	8.4
	-1.9
	1.8

	P2
	137.1
	5.7
	2.8
	1.3

	N2’
	195.4
	9.6
	-2.5
	1.7

	P3’
	246.4
	14.2
	0.9
	1.5
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Figure 3: Grand averaged waveforms for /chu/ and its components /ch/ and /uch/ in normal hearing subjects.


waveform for /chu/ is much more complex because the P1 of the second component of the stimulus /uch/ interacts with the N1 of the first stimulus /ch/ rather than with the P2 of the first stimulus as it happens in
/su/. These differences in the cortical responses suggest that the two stimuli yield different information: /su/ gives us an idea of the ability of the auditory system to resolve change over a longer duration while /chu/ yields information regarding the ability of the system to resolve over a shorter duration. The difference in latency  and  amplitude  parameters  between  /su  and
/chu/ were not statistically compared since the latency differences were quite apparent.

Cortical Potentials in ANSD participants

The cortical potentials were highly variable across subjects indicating heterogeneity of the ANSD subject group. Similar to the previous section on normal hearing subjects, the results are discussed based on the stimulus used to elicit the cortical potentials.

/su/ stimulus: The ACC complex for /su/ was present in only 4 out of 10 (40%) of the subjects with ANSD.

Table 4 gives the mean and standard deviations of latency and amplitude parameters for /su/ in the ANSD subjects. The values for N2’ and P3’ is only for the four subjects with ACC while the rest of the values are based upon values from all the subjects. The mean latencies and amplitudes of the P1-N1-P2 complex are in consonance with the results from the previous studies (Narne & Vanaja, 2008; Chandra & Barman, 2009). The figure 4 shows the cortical potentials for the subjects with the ACC.

Interestingly, those who demonstrated the change complex had better speech identification scores (AN1:76%, AN6:68%, AN7: 80% and AN10: 44%)
than those who did not have an ACC (Refer Table 1). Similarly, Dimitrijevic, Michalewski, Zeng, Pratt and Starr (2008, 2009) recorded cortical potentials to frequency and intensity changes in between continous tone and reported that those with good speech perception scores had greater amplitudes and better latencies.	Also, Rance, Cone-Wesson, Wunderlich, and Dowell (2002) reported a good correlation between the presence of cortical potentials and speech identification scores in children.



Table 4: Mean and standard deviation of latency and amplitude for /su/ in ANSD subjects

	Wave component for /su/
	Mean latency (ms)
	SD for latency
	Mean amplitude (µV)
	SD for amplitude

	P1
	70.1
	22.6
	2.3
	0.7

	N1
	110
	23.0
	-0.6
	-1.4

	P2
	195.1
	19.7
	2.7
	2.8

	N2’
	290.7
	31.7
	-3.5
	-2

	P3’
	353.6
	19.2
	1.8
	1.2
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Figure 4: The cortical potentials for /su/ in ANSD subjects with ACC. Normal grand average waveform is also given for comparison.


Six subjects (AN2, AN3, AN4, AN5, AN8 & AN9) did not demonstrate an ACC complex for /chu/. These subjects typically had poor SI scores in quiet ranging from 36% to 12% (Refer Table 1). The latency and amplitude values for these subjects were widely distributed and extremely heterogeneous  as has been noted in the literature (Dimitrijevic, Starr, Bhatt, Michalewski, Zeng, & Pratt, 2011; Narne & Vanaja, 2009; Starr, et al., 1996). Though the precise reason for this is not known, following are the probable reasons. First, a demyelinatory condition may induce a conduction block causing an increase in latency (Starr et al, 1996). Secondly, Dimitrijevic, et al., (2011) reported that the latencies were prolonged in ANSD subjects with post-synaptic site of dysfunction than those with pre-synaptic site of dysfunction. Thirdly, conditions like axonal neuropathy may cause a decrease in amplitude while preserving the latency within normal limits. Figure 5 displays the waveforms of one such subject AN3.

For the subjects who did not demonstrate ACC, long latency responses (LLR) were indeed present for the individual components /s/ and /us/. But, in the response to the whole stimulus /su/, the change complex was absent. This may be because the subjects could not resolve the two phonemes as being different  due  to  their  reduced  temporal  resolution

(Zeng, et al,, 2005). This effect may also be enhanced by increased forward masking reported in these subjects (Zeng, et al., 2005, Kraus, et al., 2000). Also, note the broadening of peaks, particularly the P2 component which might be attributed to dys- synchronised neural discharges which can add to result in broader responses (Starr, et al., 1996).

Correlational analysis was used to examine if the latency and amplitude parameters had any correlation with the speech identification scores. The Pearson product moment correlation showed no correlation (p>0.05) with any of the latency and amplitude parameters. This is in opposition with previous studies who report a significant correlation of speech identification scores with N1 latency (Michalewski, Starr, Zeng, & Dimitrijevic, 2009) and N1 amplitude (Narne & Vanaja, 2008). However, this study used the speech stimulus as against the tones and clicks used in the previous studies. The results are in consonance with the results from Chandra & Barman (2009) who used speech stimuli and reported no significant correlation between the parameters of cortical potentials with speech identification scores. This result may also be attributed to the heterogeneity of the sample under study as well as the numerous other variables like stimulus and recording parameters, subject state etc. However, the results do
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Figure 5: Cortical potentials for /su/, /s/ and /us/ in AN3.Raw waveforms are also shown for /su/ to demonstrate replication.

Table 5: Mean and standard deviations of latency and amplitude parameters for /chu/ in ANSD subjects

	Wave component for /chu/
	Mean latency (ms)
	SD for latency
	Mean amplitude (µV)
	SD for amplitude

	P1
	63.5
	19.3
	0.8
	0.4

	N1
	99
	20.4
	-1.4
	1.2

	P2
	192.5
	33.2
	2.0
	1.0

	N2
	290.8
	60.1
	-1.4
	1.0

	P3
	-
	-
	-
	-




suggest that the presence of the ACC is a positive indicator for better speech perception abilities, ie the ability of the subjects to resolve the syllable into its components at the cortical level as reflected by the far- field cortical potentials is correlated with better speech perception abilities.

Comparison with the control group for /su/: Mann- Whitney U test for latency measures revealed a significantly prolonged latency for N1 and P2 (p<0.05). This is in agreement with the previous studies like Michalewski, et al., 2009 who reported that N1 was particularly sensitive and was delayed in ANSD subjects. The prolongation may be attributed to decreased neural synchrony which may lead broader peaks and cause reductions in amplitude. Further, demyelination leads to reduced conduction  velocity and repetitive stimulation of demyelinated fibres may lead to excitation delay, further reduction in the velocity of the action potential and intermittent/total block in their propagation (Raminsky & Sears, 1972).

Mann-Whitney test for amplitude measures revealed a no significant difference in amplitude parameters for
/su/. This is in agreement with Chandra & Barman (2009) who reported absence of a significant difference

across amplitude measures. It must be noted that the mean amplitude of N1 for /su/ / were greater in the control group than the ANSD subjects. However, they did not reach statistical significance due to large standard deviations.

/chu/ stimulus: Table 5 gives the mean and standard deviations of latencies and amplitudes for /chu/. Only one (AN 7) out of 10 subjects (10%) demonstrated the presence of the ACC. Also, two of the subjects did not have a replicable P1. Figure 6 displays the ACC for control group and AN7 who demonstrated the ACC for
/chu/. As can be seen from the Figure 6, the latency and the amplitude values lie within normal limits. The peaks however are much broader, particularly the P3 component in the response to /chu/ and the P2 component in response to /ch/. Similar to the results for
/su/, this subject demonstrated the highest speech perception scores in the whole group (80%) demonstrating that the presence of the ACC is a positive predictor of speech identification scores. This correlates with the results of previous studies like Dimitrijevic, et al., (2008, 2009) who reported that speech perception scores were significantly correlated with the presence of cortical potentials to changes in frequency and intensity.
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Figure 6: Cortical potentials for /chu/ in AN7. Grand average for control group is given to the left for comparison.
Raw waveforms are also shown for /chu/ for subject AN7.
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The rest of the nine subjects with ANSD did not reveal the presence of ACC. Figure 7 displays the waveforms for one such subject AN 9. Similar to the response observed with /su/, the change complex was not present for the whole stimulus /chu/ even though responses are present to its constituent phonemes /ch/ and /uch/. Again, this may be attributed to decreased temporal resolution and increased forward masking effect observed in subjects with ANSD (Zeng et al., 2005; Kraus, et al., 2000).

Correlation analysis was done to examine if latency and amplitude parameters had any correlation with the speech identification scores. The Pearson product moment correlation showed no correlation (p>0.05) with any of the latency and amplitude parameters. This may be attributed to the heterogeneity of the sample under study as well as the numerous other variables like stimulus and recording parameters, subject state

etc. There is a lack of consensus in literature regarding the correlation of LLR parameters with speech identification scores (Narne & Vanaja, 2008; Michalewski, et al., 2009; Chandra & Barman, 2009). The presence of ACC however, remained a positive indicator for good speech identification scores.

Comparison with the control group for /chu/: Mann- Whitney U test for latency measures revealed a significantly prolonged latency for N1 and P2 (p<0.05) for /chu/. This is in agreement with the previous studies like Michalewski et al., 2009 who also reported a significant correlation of N1 latency with psychoacoustical measures like gap detection. Similar prolongations in latency are seen in normals at reduced intensities (Michalewski, et al., 2009) and in noise (Chandra & Barman, 2009) both of which are known to cause a reduction in the synchrony of neural discharges.
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Figure 7: Cortical potentials for /chu/, /ch/ and /uch/ for the subject AN 9. Raw waveforms are also shown for /chuu/ to demonstrate replication.




Mann-Whitney test revealed a no significant difference in amplitude parameters for /chu/ which is in agreement with previous studies (Chandra & Barman, 2009). Some subjects with ANSD did have decreased amplitudes while some had normal amplitudes. Decrease in amplitudes may be explained by reduction of synchrony which leads to less constructive addition of discharges and by the decrease in the neural population seen in axonal neuropathy (Starr, et al., 1996). The magnitude of reduction in amplitude in either of pathophysiology depends upon the severity of the condition. Further investigation correlating cortical potentials with neurological findings need to be carried out to confirm this.

Comparison of the Acoustic change complex of /su/ and /chu/ in ANSD group

The fact that only one of the subjects out of ten (10%) had an ACC for /chu/ while four of the subjects (40%) had an ACC for /su/ must be considered. /su/ had a slow fricative lasting for a duration of 130 ms before the vowel started. Even though the peaks in the ANSD group were delayed and broader than the control group, the LLRs for the partials could still stay sufficiently separated leading to the detection of a change component. This however was not the case with /chu/. Since the consonant had a duration of only 70 ms, broadening of peaks led to the overlap of the two LLRs for the partials resulting in a single visible LLR. This is readily evident on studying the difference in the mean latencies of N1 for /s/ & /us/ vs the difference in the mean latencies of N1 for /ch/ & /uch/. It is 133 ms for
/su/ components and 72 ms for /chu/ components. The
larger separation for /su/ hence resulted in a clearer ACC. This effect was also found in normals by Burger, Hoppe, Lohscheller, Eysholdt, and Dollinger (2009) when the consonant duration very  small  (47 ms). It is also possible that forward masking effect (Kraus, et al., 2000) may be more in /chu/ than /su/ since the second component is introduced after a very short duration after the first component. Be it as it may, increased difficulties in shorter duration component processing is reflected in these results which correlates well with the previous results on speech perception (Zeng & Liu, 2006; Zeng, et al., 1999).

Conclusions
This preliminary study thus revealed that the some of the participants with ANSD do have the ability to demonstrate the change complex to the consonant- vowel combinations and that its presence is associated with good speech perception abilities. The change complex was more readily observed when the two phonemes in the syllable are farther apart than when

they are nearer indicating temporal resolution difficulties in the ANSD participants. The results of this study support the feasibility of utilizing cortical potentials in ANSD participants to examine the responses to more complex stimuli like the CVC, VCV combinations and to understand the interaction of one phoneme over the other when they are combined into a syllable in terms of possible forward and reverse masking effects. Also, research into the hearing aid benefit in persons with and without the acoustic change complex, the change complex with and without amplification and the cortical potentials to complex stimuli with cochlear implants will yield rich information regarding the neurophysiological processes underlying speech perception in normal hearing as well as in individuals with various disorders of the auditory system.
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Abstract
The present study focused on the effect of experience-dependent plasticity on the ACC and to explore the hemispheric specialization of lexical pitch processing. The purpose was to determine whether the spectral change being lexical or non-lexical, influences the characteristics of ACC and to analyze the cortical asymmetry (if any) in the generation of ACC. To examine this, ACCs were recorded in native speakers of tonal and non-tonal languages, from 3 different electrode sites. The latency and amplitude of ACC were compared between the two groups and across the three electrode sites. Results revealed that the differences between the groups were not significant. The ACCs were symmetric across the two hemispheres. Hence, it can be inferred that ACC is not influenced by lexicality of the stimulus.
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Introduction
Acoustic Change Complex (ACC) is a cortical auditory evoked potential (P1-N1-P2) elicited by a change within an ongoing sound stimulus and is reported to be most robust at the vertex (Martin & Boothroyd, 1999). The ACC is likely a simple change detection response (Hillyard & Picton, 1978; Picton, Alain, Otten, Ritter
& Achim, 2000) that results from the activation of new neural elements together with the deactivation of others (Martin & Boothroyd, 1999; 2000).

Initial research about ACC was conducted by Kaukoranta, Hari and Lounasmaa (1987) wherein they recorded neuromagnetic responses of the human auditory cortex to vowel onset after fricative consonants. The results indicated that the vowel onset after voiceless fricative consonants evoked a prominent response in the supra-temporal auditory cortex. They concluded that it might reflect feature detection essential for further speech processing.

Jones, Longe and VazPato later in 1998, tried to examine the cortical auditory evoked potentials to complex tones changing in pitch and timbre as a possible means for investigating higher auditory processes, in particular, those concerned  with streaming and auditory object formation. They concluded that the N1 evoked by a sudden change in pitch or timbre was more posteriorly distributed than the N1 at the onset of  the tone, indicating at least partial segregation of the neuronal populations responsive to sound onset and spectral change.




1 E-mail: sumachatni@gmail.com; 2Lecturer in Audiology, E-mail: msandeepa@gmail.com

Ostroff, Martin and Boothroyd (1998) investigated whether the evoked potential got in response to a complex naturally produced speech syllable would include the individual contributions from the acoustic events contained in the constituent phonemes. They recorded cortical potentials N1 and P2 using three naturally produced speech stimuli, [sei], [s] and [ei]. They reported that the response to [s] as well as to [ei] had N1 and P2 components with latencies, in relation to sound onset, appropriate to cortical onset potentials. They also observed that the vowel onset response had reduced amplitude in the response to the complete syllable. They concluded that the response to [ei] from [s] in the syllable reflected changes of cortical activation caused by amplitude or spectral change at the transition from consonant to vowel. They suggested that the auditory cortical evoked potential to complex, time-varying speech waveforms can reflect features of the underlying acoustic patterns.

Martin and Boothroyd (1999) found that it was possible to elicit the ACC solely with the change in periodicity with all the other parameters kept constant. Also, Tremblay, Friesen, Martin and Wright (2003) found out that the auditory cortical evoked potentials elicited by naturally produced speech sounds were reliably recorded in individuals. They concluded that given the reliability of the response, this response has potential application to the study of neural processing of speech in individuals with communication disorders as well as changes over time after various types of auditory rehabilitation.

Research has shown that ACC can not only be reliably recorded in normal hearing individuals but also in subjects with sensori-neural hearing loss with (Tremblay,  Billings,  Friesen  &  Souza,  2006)  and




without hearing aids (Tremblay, Kalstein, Billings & Souza, 2006) and cochlear implants(Friesen & Tremblay, 2006). To add to its advantages, its occurrence correlates well with the behavioral discrimination of intensity (Martin & Boothroyd, 2000) and frequency (Danilkina, Wohlberedt & Hoppe, 2009). It is easy to record and its amplitude is relatively high, in turn requiring less number of averages and being less time taking. Hence, ACC has all those essential characteristics to become a potential clinical tool.

Considering these clinical advantages, it is important to further understand whether ACC is purely exogenous, or is endogenous, influenced by linguistic and cognitive factors. Till date, however, studies have not focused on the effect of linguistic factors on ACC. That is, if the change in the spectra that can elicit an ACC is phonemic in a particular language, whether the characteristics of ACC change. Considering that the latency of ACC is more than 200 ms, the linguistic and the cognitive factors are expected to play a role in the generation of ACC. This needs to be experimentally investigated. The present study was an attempt in this direction where influence of linguistic factors like semantics on ACC was studied. Hence, the primary objective of the study was ‘to compare the ACC elicited from native speakers of a tonal language and the non-tonal language speakers’.

Cross-language neuroimaging (Gandour, Wong, Hsieh, Weinzapfel, Van Lancker & Hutchins, 2000; Hsieh, Gandour, Wong & Hutchins, 2001), behavioral (Wang, Behne, Jongman & Sereno, 2004), hemisphere lesion (Gandour, 1998) and neuropsychological (Gandour, 1998) studies reveal a leftward specialization for native speakers of tonal languages. However, the MMN response to lexical pitch has been shown to be lateralized to the right hemisphere in native speakers (Luo, et al., 2006), a finding that conflicts with the report that MMN responses to native categories show a leftward asymmetry (Näätänen, Paavilainen, Rinne & Alho, 2007). Hence, the results of hemispheric asymmetry in the processing of lexical tone are equivocal. Also, there is a dearth of studies on the hemispheric specialization of lexical tone using ACC. Thus, the secondary objective of the present study was to investigate the hemispheric specialization in the processing of lexical tones in the native speakers of tonal and non-tonal languages.

Method
Participants

ACC was recorded from two groups of  participants;

Group I had 16 participants (nine males & seven females), who were native speakers of Manipuri,  a tonal language spoken in the state of Manipur, India. All the participants in this group were born and raised in Manipur and were Manipuri-Hindi bilinguals. Group II on the other hand had 17 (nine males & eight females) native speakers of Kannada, a non-tonal language spoken in the state of Karnataka, India. A detailed history confirmed that the participants in the Group II were never been exposed to any tonal language.

The participants in both the groups were in the age range of 18 to 28 years (Mean of 21 years 10 months). They had pure tone thresholds within 15 dBHL at octave frequencies between 250 Hz and 8000 Hz and, normal middle-ear function. Normal middle ear function was ensured through type-A  tympanogram and the presence of bilateral acoustic reflexes. They did not have complaint of any neurological problem. They were screened for central auditory processing disorder through a detailed case history and on speech perception in noise (SPIN) test. All of them obtained a score of >60% in both the ears on SPIN test. A written consent was taken from all the participants prior to their inclusion.

Test Stimuli

Three monosyllabic words of Manipuri were used to record ACC. Of the three, two words were phonetically similar but differed in their tone. As the tonal variation was lexical for Manipuri speakers and not for Kannada speakers, this stimulus pair could test the objective of the study. The two tona      i  i       f  he   i             i 
  e  de ig    ed            -        d       -2/  which  mean ‘f  we ’  d  ‘  y’  e   ec i e y.   The   hi d monosyllabic word used was /t    which   e    ‘f   ’.

The three words were naturally produced by an adult female, who was a native speaker of Manipuri. The utterances were digitally recorded by a unidirectional microphone in a sound treated room using Praat software (version 5.1.31) at a sampling frequency of 44,100 Hz and 16 bit digitization. The d      i      f      -
          -2/ and /tuI/ were 358, 379 and 288 ms respectively. To avoid an abrupt offset, the amplitude was reduced to zero over the last 10 ms using raised cosine function. The stimuli  were normalized to maintain uniform peak amplitude across all the three stimuli, using Adobe audition software (version 3.0). They were then converted to STM file, using Intelligent Hearing System stimulus conversion software. The time domain waveform and the spectrogram of the three stimuli are shown in Figure 1-




3. The spectral and temporal parameters of the three stimuli have been listed in Table 1.

Instrumentation

Audiological equipments were required for the preliminary audiological evaluation as well as for recording ACC. A Madsen Orbiter-922 type I audiometer with TDH-39 headphones and B-71 bone vibrator, was used to estimate the air- and bone- conduction thresholds respectively and to carry out speech audiometry. A calibrated Grason StadlerInc- Tympstar immittance meter was used to rule out
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Figure 1: Time domain waveform and the spectrogram of      -1/.
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Figure 2: Time domain waveform and the spectrogram of      -2/.
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Figure 3:Time domain waveform and the spectrogram of /tuI/.

middle ear pathology. Intelligent Hearing System- Smart EP (version 2.39) evoked potential system was used for recording ACC. A computer with Praat software (version 5.1.31) and Adobe Audition (version 3.0) was used to record and edit the speech stimuli.

Test Environment

Recording of the test stimuli as well as the audiological testing were carried out in an acoustically treated room where noise levels were within permissible limits (ANSI S3.1, 1991). The room was also electrically shielded. The puretone audiometry was carried out in a double room set up while the electrophysiological testing was done in a single room set up.

Preliminary Evaluation

Prior to the actual test procedure, participants underwent the following evaluations to ensure that they fulfilled all the selection criteria. It started with a detailed case history probing into their past or present history of otological and neurological conditions, which was followed by pure-tone audiometry, speech audiometry and tympanometry. Pure tone thresholds were obtained at octave frequencies between 250 Hz and 8000 Hz for air conduction and between 250 Hz and 4000 Hz for bone conduction using modified Hughson-Westlake procedure (Carhart & Jerger, 1959).

Speech recognition threshold (SRT) was found using Manipuri polysyllabic word list developed and standardized by Devi and Vyasamurthy (1985) for Group I and Kannada spondee word list for Group II. The speech identification scores (SIS) were obtained at 40 dBSL (ref: SRT) using Manipuri monosyllabic word list developed  and standardized  by Devi and Vyasamurthy (1985) for Group I and phonemically balanced word list in Kannada developed by Yathiraj and Vijayalakshmi (2005) for Group II. Tympanometry using 226 Hz probe tone was carried out to rule out the presence of any middle ear pathology. Ipsilateral and contralateral reflexes were obtained at 500 Hz, 1000 Hz, 2000 Hz and 4000 Hz.

Test Procedure

The actual test procedure involved the recording of ACC. It was recorded using silver chloride (AgCl) electrodes placed at Cz, C3, and C4, referenced to the tip of the nose. An electrode at Fpz served as ground. Vertical eye movements (EOG) were recorded between two electrodes placed above and below the right eye. Trials with electrical activity that exceeded 160 V were excluded from averaging, in order to eliminate the likelihood of response contamination with eye blink artifacts.   The   sites   of   electrode   placement   were




prepared with skin preparation gel and the electrodes were held in their respective positions with a plaster. Absolute electrode impedances were maintained below 5 kΩ   d i  e e ec   de i    ed   ce   we e  e    h    2 kΩ i     de      f ci i   e  he  ec   di g.

After preparation, subjects were made to relax on a reclining chair and watch a silent, closed-captioned movie. Each of the three stimuli was presented in two blocks, yielding a total of six blocks. In each block, the stimulus-locked responses were averaged for 350 presentations. Therefore, total number of presentations of each stimulus was 700. The order of presentation was randomized to eliminate the possible order effect. The stimulus and acquisition parameters used to record ACC are given in Table 2.
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Table 2: Stimulus and acquisition parameters used to record ACC


Stimulus Parameters


Natural monosyllabic words

Response Analysis

The two recordings of each stimulus were examined for replicability. Only the replicable waves were considered for analysis. If replicable, they were averaged and the averaged wave was analyzed by two experienced audiologists to mark the N1-P2 complex in the second LLR as shown in the Figure 4. The responses were analyzed in terms of their latency, peak-to-peak amplitude and the morphology.
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Figure 4: ACC recorded for the 800 ms stimulus /ui/ at Cz,. Courtesy of Martin and Boothroyd (2000)

Results
In the present study, three independent variables; group, stimuli and the channel were taken and their influence on the dependent variables; parameters of ACC (latency & amplitude) was studied. Latency of N ’     d P2’ and pe k        e k          i   de   f N ’-P2’

Type

Transducer

    -1/,       -2/ and /t uI/ EARtone 3A insert earphones

were the target parameters analyzed. The statistical analysis was carried out using Statistical Package for Social Sciences (SPSS) (Version 17).

Rate	1.1/s
Intensity	70 dB SPL
Polarity	Alternating

Descriptive statistics was applied to obtain the mean and standard deviation of  he  e k  e cy   f N ’   d P2’ a d   e k     e k      i  de   f N ’-P2’ elicited by the three stimuli in the two groups of participants.

Mode of
presentation

Binaural

Two-way repeated measure ANOVA was administered to find out the significant main effect of stimulus and

Acquisition parameters
Electrode
montage	Vertical
EEG channel 25,000

channel on the latency and amplitude of ACC between groups, and within  group in  instances of  group interaction. B fe i’ post hoc test was  used  for pair-wise comparison in instances where there was a

Amplification

EOG channel 5,000

significant   main   effect   of   stimuli   and   channel.
Independent   t-test   w      d    e   f      P2’      e cy     

Analysis time	800 ms
Filters	1-100 Hz Pre-stimulus time	100 ms Sweeps		350

determine which channel and which stimuli led to difference between the groups. Wherever there was interaction of the group with other 2 independent variables, repeated  measures  ANOVA  followed  by B   fe      i’          h  c w    c    ied out separately for



Table 3: Mean and Standard Devi tion (SD) of N1’   nd P2’ l tencies recorded for three M nipuri words, from three different electrode sites in the two groups of subjects


Latency (ms)



Stimulus	Group	Wave

Cz	C3	C4







 (
I
II
I
II
I
Mean
S.D.
Mean
S.D.
Mean
S.D.
N
 
’
P2’
225.30
280.30
12.38
9.67
225.50
281.20
12.40
10.93
225.10
280.60
12.86
9.59
N
 
’
P2’
217.90
273.47
10.60
10.62
218.09
273.94
10.44
10.44
217.34
273.85
9.49
10.71
N
 
’
P2’
235.40
290.90
12.46
15.90
236.30
291.50
12.05
15.84
235.60
291.80
12.56
16.50
N
 
’
P2’
231.71
284.98
13.41
13.63
231.71
284.61
13.43
13.58
231.52
285.08
13.08
13.74
N
 
’
P2’
232.50
297.30
15.43
17.52
232.60
298.80
15.20
18.40
232.52
298.50
15.18
18.19
II
N
 
’
P2’
230.21
283.67
15.96
12.95
229.83
283.76
16.61
13.26
228.80
283.29
15.59
12.57
)    -1/






    -2/







/t uI/






each group to ascertain the significant main effect of stimulus and channels on the latency and amplitude of the ACC.

The    e       d       d   d de i  i        e  f    N ’     d P2’ e cy b ained in both the groups for the three stimuli, across the three channels were calculated and were as given in Table 3.The following trends could be observed in the mean data. The   e    e cie    f N ’ for all the electrode sites and for all the stimuli we e
      ged f                   h     h   e  ec   ded f         
     d  he diffe e ce i   he    e    N ’    e cy be wee 
 he  w   g          w           i         f          -     f      wed by
    -2     d        i  e   ec i e   f  he e ec    de  i e. O the other hand, the mean latencie    f P2’ f          he e ec    de  i e      d f          he   i     i we e           ged f                  h     h   e  ec   ded f                  d  he diffe e ce i    he    e    P2’     e cy be wee    he  w g          w           i         f              f      wed  by       -     d
    -2/, irrespective of the electrode site.

In the present study, channel and stimuli  were repeating variables while group was an independent variable. Hence, two-way repeated measure ANOVA was carried out for stimulus and channel taking group as   independent   variable.   Results   of   the   test   are

discussed under 2 headings: Results of l tency of N1’
 nd P2’ and the Results of amplitude of ACC.

Results of Latency of ACC
Two-way repeated measure ANOVA (3 stimuli & 3 ch    e  ) w    d   e  e     e y f    N ’    d P2’    e cy to test the statistical significance of mean differences observed across the 3 stimuli and 3 channels. The output of ANOVA showed that there was a significant
  i    effec     f   he    i      b  h  N ’     d  P2’ latency. Further, there was a significant main effect of channel  and,  channel  to  group  interaction  on  the
   e cy    f   P2’.   N  e    f    he   i  e  c i       we e
 ig ific     i   he    e cy   f N ’. Re     e gi e  i Table 4.

Since the outcome of two-way repeated measure ANOVA    f  P2’     e cy  i dic  ed   ig ific     i effect of stimulus, pair-wise comparison of the stimuli was carried-    i g B   fe    i’    -hoc test. It was shown that there was significant difference betwee  he
  i     i      -1/ and /tuI/ across all the channels in Group
I. Along with the difference betwee        -        d          
                 de        ed       ig ific      diffe e ce be wee       -       d     -2/.




Because the results of two-way repeated measure ANOVA   f N ’    e  cy   h  wed     y   he   ig  ific   main effect of stimulus and no significant interactions, pair-wise  comparison   was   directly   tested   using B   fe      i’            -hoc    test.    Results    revealed    a
    i  ic  y  ig ific   diffe e ce   i   N ’   e cy between      -        d      -2      d be wee        -        d        . However, difference was not significant between     -2 
  d        .

The g    d    e    w   ef          f  he ACC e  ked by
    -       d      -2   ec   ded    C  i             h   e bee di     yed i   ig   e 5    d  h   e e  ked by      -       d
          ec   ded      C   i           h   e bee     h  w   i Figure 6.
Table 4: Two-way repeated measures ANOVA for stimulus and channel with group as independent v ri ble for N1’  nd P2’ l tency


Measure	Variable	F	df (error df)

	
	
Stimulus
		
9.046*
	
2 (62)

	
	Channel
	1.532
	2 (62)

	
N ’
	Stimulus X Group
	0.314
	2 (62)

	latency
	Channel X Group
	0.726
	2 (62)


Stimulus X Channel	0.471	4 (124)

significant differences in any of the pairs of channels. Hence, the main effect of channel was probably due to the interaction of the group effect. The group effect was tested on independent t-test and the results are given in Table 5.

[image: ]
Figure 5: The  roup    gr nd me n w veforms of the
    evo ed by      -1    nd      -2/ recorded at Cz.

[image: ]
Figure 6: The Group II grand mean waveforms of the

Stimulus X Channel X Group

0.614	4 (124)

ACC evo ed by      -1    nd  t u   recorded   t    

Table 5: Results of independent t-test for P2’ l tency

Stimuli	10.671*	2 (62)

between the two groups  across stimuli and channels


	
	Channel
	4.285*
	2 (62)
	Stimulus
	Channel Cz
	t 1.927
	df 31

	
	Stimulus X Group
	1.065
	2 (62)
	    -1/
	C3
	1.950
	31

	P2’
	
	
	
	
	C4
	1.899
	31

	latency
	Channel X Group
	3.405*
	2 (62)
	
	Cz
	1.149
	31

	
	
	
	
	    -2/
	C3
	1.343
	31

	
	Stimulus X Channel
	1.118
	4 (124)
	
	C4
	1.274
	31

	
	
	
	
	
	Cz
	2.551*
	31

	
	Stimulus X Channel X
	0.896
	4 (124)
	/t uI/
	C3
	2.704*
	31




*p<0.05

Group

 	C4 	2.807* 	31 	
*p<0.05


H we e   i   he   e   f  P2’   e cy    he e  w  significant interaction of group  with  the  channel. He ce   he effec   f ch   e    P2’    e cy w    e  ed using repeated measures ANOVA and subsequent Bonferroni post-hoc test, taking each group seperately. The results of post-hoc test showed that there was no

The i de e de    - e     e e  ed   ig ific     diffe e ce be  wee     he   g           f       he     i                     c          he three channels. No differences were noted between the two groups when the responses were elicited by other two stimuli in any of the channels. The w   ef      f
 he ACC e   ked by he   i             



Two-way repeated measure ANOVA (3 stimuli & 3 ch   e  ) w   d   e f   N ’-P2’    i   de    e    he statistical significance of mean differences observed across the 3 stimuli and 3 channels. Results are displayed in Table 7.

Table 7: Two-way repeated measure ANOVA for stimulus and channel with group as independent v ri ble for N1’-P2’ mplitude




Figure 7: The Grand mean waveforms of the ACC

Variable	F

df (error
df)

evoked by /tuI/ in both groups at Cz, C3 and C4.


Stimuli	2.853	2 (62)


	
	Channel
	100.388*
	2 (62)

	in both groups at Cz, C3 and C4 have been displayed in
	Stimulus X Group
	0.394
	2 (62)

	Figure 7.
	Channel X Group
	0.549
	2 (62)

	
	Stimulus X channel
	2.040
	4 (124)



Results of Amplitude of ACC

The mean and standard deviation values for peak to
 e k        i   de   f N ’-P2’   b   i ed i  b   h  he g     for the three stimuli, across the three channels were calculated and were as given in Table 6.

The    e            i  de   f N ’-P2’ f           he e ec    de
 i e      d f          he  h ee   i      i w    highe  f        
    h     h   e  ec  ded f                     d he diffe e ce i   he    e    N ’-P2’        i   de be wee   he  w   g     w    highe   f        -2/, followed by /   i     d      -   e ce     f     C   whe e   he  diffe e ce  i    he     e  
    i   de   f N ’-P2’ be wee    he g         w       igh  y g e  e  f         -     h              highe   bei  g f         -2/.

Table 6: Mean and Standard deviation (SD) of the peak to peak amplitude of N1’-P2’ recorded for three Manipuri words, from three different electrode sites in the two groups of subjects


A   i  de (N ’-P2’) (µV)


 (
Mean
S.D.
Mean
S.D.
Mean
S.D.
3.42
1.02
2.67
0.88
2.73
1.09
3.68
1.42
2.91
1.01
2.82
1.14
3.63
1.07
2.76
1.09
2.90
0.87
4.09
1.90
3.51
1.50
3.55
1.59
4.18
1.47
2.98
1.19
3.13
1.09
4.42
1.66
3.37
1.12
3.57
1.25
)Cz	C3	C4

  Stimulus X Channel X Group        0. 486        4 (124)    
*p<0.05
The  result  of  ANOVA  showed  that  there  was  a
 ig ific   i   effec    f   he  ch    e    N ’-P2’ amplitude. There were no significant interactions evidenced between the independent variables. Because the results of two-way repeated measure ANOVA of N ’-P2’   i  de   h wed   ig ific    i   effec    f channel and no significant interactions, Bonferroni’ post-hoc test was directly adopted for pair-wise comparison.   The   results   revealed   a   statistically
 ig ific     diffe e ce i  N ’-P2’        i  de  ec   ded   Cz and C3 and also between Cz and C4. However, nosuch differences were noted between C3 and C4.The Group II mean waveforms of ACC recorded at Cz and C3 and, Cz and C4 sites have been displayed in Figure 8 and Figure 9 respectively.

[image: ]
Figure 8: The Group II mean waveforms of the ACC recorded at Cz and C3 for the three stimuli.



[image: ]
Figure 9: The Group II mean waveforms of the ACC recorded at Cz and C4 for the three stimuli.

Discussion
The present study was started with a null hypothesis that there is no difference between the ACC recorded from the tonal language speakers and the non-tonal language speakers. The   e       f  he     e e        dy d   ’             hi        hy    he i . Thi  i  bec    e  he e w     ig ific     g        diffe e ce i   he    e cy   f P2’
 f ACC whe  e ici ed by    .    ecific   y   he        participants had prolonged latencies and reduced amplitudes compared to their Group II counterparts.


It was assumed that comparing the ACC measured between the two groups is an approximation of comparing the responses elicited using semantic and
 h    e ic    i      i. The P2’   b e   ed i   he ACC   cc   in the same latency following stimulus onset and is similar in appearance to the well-known cortical response P2 which occurs at approximately 160 ms after stimulus onset. Hence, it was possible to support the present finding by the studies involving the cortical P2 response. Henkin, Kishon-Rabin, Gadoth and Pratt (2002) compared the cortical auditory  evoked potentials elicited by phonetic and semantic stimuli. They used nonmeaningful consonant-vowel-consonant monosyllabic words as phonetic and six meaningful monosyllabic consonant-vowel-consonant words as the semantic set of stimuli. They reported prolonged P2, N2 and P3 latencies characterizing semantic processing compared to phonetic processing. They concluded that semantic processing was significantly different from phonetic processing in latency and amplitude. Results of the present study are in agreement with several of the earlier studies (Henkin, Kishon-Rabin, Gadoth & Pratt, 2002; Kayser, Tenke & Bruder, 1998; Henkin, et al., 1999; Putter-Katz, Kishon-Rabin, Sachartov, Gadoth & Pratt, 1999, among others). In these studies prolonged latencies have been attributed to greater task difficulty and decreased neural synchrony.



Based on the present findings, it can be inferred that the prolonged latencies obtained for the Group I could be because a single mechanism in the auditory cortex might be involved in general processing of acoustic features for speech and non-speech stimuli, but may require further processing for meaningful linguistic stimuli. Thus, the delay observed in Group I in the processing of stimuli could be mainly due to the difference in the extent or stages of processing involved in the two types of stimuli.

H we e       g       diffe e ce  we e  b e  ed f      he 
 w      i     i        -        d       -2 .   f  ACC  w          be i f  e ced  by     e   i g    f   he    i             he  g    diffe e ce    h    d h   e bee      e e    f          -        d
    -2/ as well. The presence of group differe ce       y i   i   we ke   he  c   c    i    h    he  ACC  i influenced by the lexical factors.

A      he g       diffe e ce  i   e       f N ’    e cy    d
 e k    e k    i  de    f  N ’-P2’  f i ed    e ch statistical difference. Similar findings were obtained by Henkin, et al., (2002) regarding N1 latency and amplitude which is speculated to have similar cortical
  igi   N ’   f ACC. B   h   e   b e   ed    cc    f  stimulus onset, and are similar in appearance and latency. Henkin, et al., (2002) reported that N1 latency and amplitude did not differ between the phonetic and semantic tasks. This finding is not surprising and is consistent with N1 being an obligatory stimulus onset response, reflects the registration of stimulus in the cortical areas rather than lexical differences between stimuli (Näätänen & Picton, 1987).

Studies conducted utilizing FFR have reported stronger pitch representation and smoother pitch tracking in native speakers of tonal languages (Krishnan, Xu, Gandour & Cariani, 2005; Krishnan, Gandour & Bidelman, 2010). Whereas, the results of the present study revealed prolonged latencies and reduced amplitudes in the native speakers of tonal language. FFR, on one hand is analyzed on the spectral domain whereas ACC is analyzed in the temporal domain. Also, the generators of the two responses are at two different levels. Hence, the results of the two groups of studies cannot be directly compared.

Furthermore, the brainstem mainly encodes the acoustic parameters such as Fo and the harmonics of the incoming acoustic stimulus. On the other hand, the auditory cortex takes up the complex task of deciding whether the incoming stimulus is semantic or phonetic, whether it is relevant to the individual or not.

The results of the present study also conflicted with the research done using cortical auditory evoked potentials in native speakers of tonal  and non-tonal languages




(Chandrasekaran, Krishnan & Gandour, 2007; Chandrasekaran, Krishnan & Gandour, 2009). They reported larger MMN responses in speakers of tonal languages. Most of them have been conducted on the native speakers of Chinese. However, the frequency of routine usage of lexical tones in Manipuri may not be same as that in Chinese and the extent of tonality between the two languages may vary. Hence, the results of Chandrasekaran, Krishnan and Gandour (2007) and Chandrasekaran, Krishnan and Gandour (2009) cannot be looked at the same level with the present study. Also, the above authors have recorded MMN by presenting the two variations of tone present in that particular tonal language. So the comparison of the two tonal variations of the stimuli might  yield larger responses in tonal language speakers than by just presenting a stimulus having lexical pitch when compared to non-tonal language speakers. In other words, the procedures used to elicit ACC and MMN and the generators are different. In the present study ACC was not enhanced in the native speakers of Manipuri compared to the native speakers of Kannada. This finding supports that ACC is not influenced by the meaning association to the stimulus, unlike MMN.

The second objective of the study was to evaluate the cortical asymmetry (if any) in the generation of ACC, in native speakers of tonal and non-tonal language. Two of the stimuli selected, / - d -2/ were phonetically same and differed only in the tone which conveyed lexical information only for the Manipuri speakers. Since the stimuli selected had lexical tone embedded in them, they would serve as perfect tools to study the cerebral asymmetry in speakers of a tonal
   g  ge. The hy  he i  w  h  he e w  ’  be  y significant cerebral asymmetry noted in tonal and non- tonal language speakers. The differences between the channels were only evident for the amplitude of ACC. Responses at Cz were significantly different compared to C3 and C4, while, no differences were revealed between the channels C3 and C4. Among the channels, it was observed that Cz had the highest amplitude. This is in accordance with the other studies (Tremblay, Friesen, Martin & Wright, 2003; Martin & Boothroyd, 2000) who have also reported maximum amplitude at Cz. N1 has multiple generators in the primary and secondary auditory cortex (Näätänen & Picton, 1987; Näätänen, 1992). Hence when recorded from the vertex, there is a possibility of an increase in the summed up amplitude from all sources.

The significant channel effect of the ACC was not influenced by the group differences. If ACC were to be influenced by lexicality, group effect would have influenced the channel effect. Also, there were no significant differences between the responses measured

from C3 and C4, which also indicates that ACC is not affected by lexical factors.

Probably, the results may also depend on the extent of daily usage or experience with the stimuli used by the Group I participants. To conclude, more studies of this kind are needed in speakers of Manipuri language and by using multiple scalp electrodes to notice even the minor differences between the hemispheres in processing of lexical pitch.

Conclusions
The differences between the groups were not significant across all the stimuli. Hence, it can be inferred that ACC is not influenced by the lexicality of the stimulus. As the amplitude and latency of ACC were symmetric between the two hemispheres, it further supports the finding that ACC is not endogenous. A more controlled study with a large number of subjects is suggested. The study threw light on the nature of ACC which has implications for future research however it further needs to be authenticated before being used for clinical purposes.
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Abstract
Vestibular evoked myogenic potential (VEMP) is a clinical test for vestibular disorders and is deduced to be produced by the sacculo-collic reflex. VEMP is recorded from the ipsilateral tonically contracting sternocleidomastoid (SCM) muscle while monoaurally stimulating with loud short tone burst (STB) or click sounds. The present study was conducted with an aim of studying plasticity of the sacculocollic pathway in professional dancers who are receiving dance training. Two groups of subjects- control group and experimental group participated in the study. Experimental group was further subdivided in to two subgroups- Professional dancers who have received training in Kathak dance, and professional dancers who have received training in salsa dance. Experimental group consisted of total 20 subjects (40 ears), 10 (20 ears) in each subgroup. Control group consisted of 15 individuals (30 ears). Results revealed an enhancement of amplitude of P13, N23 and P13-N23, in professional dancers compared to the normal control group. Results however, did not reveal any significant difference for the latency of P13, and N23 peaks in the two groups. The difference in amplitude between the two groups was attributed to the sacculocollic pathway in dancers.
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Introduction
Diagnostic testing of the vestibular system is an essential component of treating patients with balance dysfunction. Until recently, testing methods primarily evaluated the integrity of the horizontal semicircular canal, which is only a portion of the vestibular system. Recent advances in technology have afforded clinicians the ability to assess otolith function through Vestibular evoked myogenic potential (VEMP)  testing.  This newly developed procedure augments the management of dizzy patients by increasing specificity when investigating the site of lesion.

VEMP is a biphasic inhibitory response elicited  by loud clicks or tone bursts recorded from the tonically contracted sternocleidomastoid muscle, being the only resource available to assess the function of the saccule and the inferior vestibular nerve (Colebatch, Halmagyi
& Skuse, 1994; Ferber-Viart, Duclaux, Colleaux, & Dubreuil,1997; Chen, Young, & Wu, 2000; Ochi, Ohashi, & Nishino, 2001; Welgampola, & Colebatch, 2001; Clarke, Schonfeld, & Helling, 2003; Akin, Murnane, & Proffitt, 2003). The afferent pathway of the VEMP, which is mediated by saccule (the receptor), is responsible for linear acceleration and deceleration. VEMP response consists of an initial positive peak (P13, or p1) in the ipsilateral SCM followed by successive negative and positive peaks (N23, P34, & N44).
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VEMP has been utilized for the diagnosis of various disorders such as, Meniere’s disease (Murofushi, Shimizu, Takegoshi & Cheng, 2001; Iwasaki, Takai, Ito, & Murofushi, 2005), Acoustic neuromas

(Murofushi, Matsuzaki, & Mizuno, 1998; Murofushi et al., 2001; Streubel, Cremer, Carey, Weg, & Minor 2001; Suzuki, Yamada, Inoue, Kashio, Saito, & Nakanishi, 2008) Superior canal Dehiscence syndrome (Brantberg, Bergenius & Tribukait, 1999), Vestibular neuritis (Ochi, Ohashi, & Watanabe, 2003), Vertigo (Yang, Kim, Lee, & Lee, 2008), Noise induced hearing loss (Fakharnia, Sheibanizadeh, Jafari, & Hoseini, 2009), auditory neuropathy / audiovestibular neuropathy (Kumar, Sinha, Singh, Bharti & Barman, 2007), and in other disorders such as cerebellopontine angle tumor (Iwasaki, Takai, Ito, & Murofishi, 2005), Multiple sclerosis, (Murofushi, Shimizu, Takegoshi, & Cheng, 2001).

Plasticity of the auditory system is not a new entity. Various studies have reported a change in the response of the auditory system after training (Tremblay 2005; Christopher, et al., 2006; Kacelnik, Nodal, Parsons, & King, 2006). Similarly a remarkable plasticity has been noted in the vestibular system throughout life (Gittis & Sascha, 2006). Behavioural analyses of vestibular plasticity have focused primarily on the vestibulo- ocular reflex (VOR), which enables retinal images to remain stable during head motion by driving compensatory eye movements. Powerful forms of motor learning occur in the VOR whenever images move persistently on the retina during head movements (Gittis & Sascha, 2006). Learning in the VOR causes




adaptive changes in the strength and/or timing of eye movements and can be quantified as changes in gain (ratio of eye speed to head speed) and phase (timing
relationship between eye and head movement). There



Participants

Method

are various reports which suggest that dance based training improves the balance function in young as well as adult subjects (Federici, Bellagamba, & Rocchi 2005; Krampe, et al., 2010).

In a recent study by Lavon, H., Dror, T., Gil, K., Dov, H., & Avi, S. (2010), it has been shown that there is plasticity not only in the VOR system but also the utricle and the saccule. Lavon, et al., (2010) recorded the vestibular evoked myogenic potential (VEMP) response to evaluate saccular function in 12 professional divers shortly after a dive and after an interval of at least 24 hours. The control group consisted of 12 matched non-divers. Wave latencies and amplitudes, asymmetry ratio, and the response threshold were compared between the groups. Results revealed a statistically significant shortening of N23- wave latency was in the divers compared with the control group.

Dance is generally recommended to maintain good dexterity and coordination, fluid movements of the joints, muscle tone and trophism. In dance, movement of the head and trunk and the shifting of the centre of gravity in every direction from the axis of  support allow the development of all those factors which contribute to the maintenance of balance, such as coordination and joint mobility. It is well known that the best defence mechanism against injuries and risk of fall is well toned, strong flexible body. Appropriate alignment and range of motion of large joints are required for dance activity; in the same way, dance exercises represent a potentials relevant support in both increasing balance and decreasing the risk of falls and injuries.

Along with improving the muscle tonicity and other joint movements the dance can also improve the responses of the vestibular systems. During the dance exercises the body requires more balance, it is possible that the neuronal discharge may increase from the vestibular system in order to balance the body. In this process the vestibular system in dancers may be more responsive and thus the dancers may have a better balance system. Thus, the present study was conducted with an aim of scientifically investigating plasticity of utricle and saccule using vestibular evoked myogenic potential in dancers.

Two groups of subjects participated for the study: an
experimental group and a control group.

The experimental group, consisted of 20 professional dancers (40 ears) in the age range of 16 to 40 years (mean age of 29.25 years) participated in the study. The experimental group was further subdivided into two groups.

a. Professional dancers who have received training in Kathak dance [Total 10 subjects, (7 females, and 3 males)].
b. Professional dancers who have received training in Salsa dance [Total 10 subjects, (8 females, 2 males)] Only those dancers who have received the training and are continuing with the dance practice were subjected for the study.

The control group, on the other hand had 15 individuals (30 ears), included 9 females and 6 males in the age range of 16 to 40 years (mean age of 24.46 years). They had not got any professional training in the dance.

Participant selection criteria for Experimental group: All the participants had at least one year of dance experience/regular practice of dancing. The criteria for one year of dance practice is based on the  studies which has shown that dance based training improves that balance in young adult subjects in three months (Federici, Bellagamba & Rocchi, 2005). The participants hearing sensitivity was within normal limits (i.e., puretone average of 500 Hz, 1 kHz & 2 kHz was less than ≤15 dBHL). None of the participants had history or presence of any otological problems such as ear discharge, ear pain, itching, tinnitus. Additionally they did not have history or presence of any neuromuscular problem, history or presence of intake of drugs that may lead to vestibulotoxicity, and had no symptoms related to vestibular disorders.

Participant Selection criteria for the Control group: The participants in the control group did not have any formal dance experience/regular practice of dancing. The participants hearing sensitivity was within normal limits (i.e., puretone average of 500 Hz, 1 kHz and 2 kHz was less than ≤15 dBHL). None of the participants had history or presence of any otological  problems such as ear discharge, ear pain, itching, and tinnitus. Also the participants did not have any history/presence of neuromuscular problem, history of intake of drugs that may lead to vestibulotoxicity, and had no symptoms related to vestibular problems.




Instrumentation

To evaluate hearing sensitivity, a calibrated  two channel clinical audiometer (Orbiter-922 V-2x, G N Otometrics, Taastrum, Denmark) with TDH-39 headphones (Telephonics, 815 Broad Hollow Road, Farmingdale, New York 11735) and a B-71 bone vibrator (Radioear, KIMMETRICS, 22050 Mohawk Drive, Smithsburg, MD 21783) were used to determine the air and bone conduction thresholds. Middle-ear function was analysed using a GSITympstar system (GSI VIASYS Healthcare, Wisconsin,  USA). Vestibular evoked myogenic potentials were recorded using an Intelligent Hearing Systems (Smart EP) System (Intelligent Hearing System, Florida, USA) with an Insert ER-3A earphone (Etymotic Research, Inc., 61 Martin Lane, Elk Grove Village, IL 60007, USA).

Procedure

A detailed case history was obtained regarding the condition of the hearing system from all the participants.

Pure tone thresholds were obtained by using modified Hughson – Westlake procedure (Carhart & Jerger, 1959), for octave frequencies from 250 Hz to 8 kHz for air conduction stimuli and from 250 Hz to 4 KHz for bone conduction stimuli. For Tympanometry 226 Hz probe tone was used, ipsilateral and contralateral reflexes at 500 Hz, 1000 Hz, 2000 Hz and 4000 Hz were obtained for both the ears. UCL for all the participants was obtained by presenting speech stimuli at 100 dB, Participants were instructed to respond to the stimuli by saying whether it is comfortable or not. Rectified VEMPs were recorded for both the groups by

averaging of the acoustically evoked electromyogram of the sternocleidomastoid muscle. Subjects were instructed to turn their neck towards the non- stimulation ear side i.e., to rotate towards the contralateral side of the testing ear. A visual feedback was given to the participants in order to monitor their sternocleidomastoid muscle tension. The muscle tension was monitored with EMG level feedback system provided by I.H.S system. The EMG level was maintained between 100% to 200% (50µV to 100 µV) for all the participants. The site of the electrode placement was prepared with skin preparation gel, silver chloride disc electrodes with conducting gel was used. Absolute electrode impedances and Inter electrode impedances of less than 5 KΩ and less than 2 KΩ respectively was maintained. Subjects were made to sit in upright position and also were instructed to tense the sternocleidomastoid muscle during runs of acoustic stimulation and relax between runs. The VEMP was recorded with the following protocol: 500 Hz tone burst stimulus was selected based on the earlier studies which show a better amplitude and response rate with 500Hz tone burst (Kumar, Sinha, Bharti & Barman, 2006; Kumar, Sinha, Bharti & Barman, 2011).

Response Analysis

VEMP was recorded for both the ears for all the subjects. The responses were morphologically analyzed to interpret the VEMP findings. Two recordings were obtained for the same ear to ensure reliability of the waveform. The first positive peak and the first negative peak of the biphasic wave with the latency of 13ms and 23ms was considered as p13and n23 respectively, peak to peak amplitude was calculated in order to obtain amplitude of p13-n23 complex.


Table 1: Recording protocol for VEMP


Stimulus parameters	Acquisition parameters

Transducer	Insert ear phones ER- 3A

Amplification	5000

Type of stimulus	500 Hz tone burst	Analysis window	-10 to 70ms Intensity	95 dBnHL	Filters	30 – 1500 Hz Polarity	Rarefaction	Electrode montage

No of sweeps	200		Non- Inverting (+) electrode

Upper half of sternocleidomastoid muscle

Repetition Rate	5.1/sec	Inverting  (-) electrode	Strenoclavicular junction
Notch filter	Off	Ground electrode	Forehead
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Results
The latency and amplitude of different peaks of VEMP were analyzed for the two groups i.e. the experimental group and the control group. Latency and amplitude of P13, N23 peak, amplitude of P13, N23 and peak to peak amplitude of P13-N23 complex were compared across the two groups

Latency of P13 and N23 peak

VEMP could be recorded for all the subjects in both the control and the experimental groups. P13 and N23 peaks in the waveform were visualized and analyzed for the control (non dancers) group and the experimental (dancers) group. Figure-2 shows recorded waveforms from one of the participants each from the control (non dancers group) and the experimental (dancers) group. As it can be seen from figure-2 that the latency of P13 & N23 peaks are almost similar for control (non dancers) and the experimental group (salsa and kathak dancer group).

To understand the group differences between the experimental and the control group, the data of two subgroups of the experimental group (salsa & kathak dancer group) were combined. The mean and standard deviation (S.D) were then computed for the control

group and the combined data of the experimental group. The mean values for the latency of P13 and N23 for both the control and the combined data of the experimental group are given in the Table 2.

As we can see from Table 2 that the mean latency for the control group and the combined data of the experimental group for the P13 peak and N23 peak are almost similar. However it can be noted from Table 2 that the standard deviation in the experimental group is lesser than the control group.

To understand the significant differences in the mean values for the latency of P13 & N23 peaks, for the combined data of the experimental and the control group, Independent sample t test was done. Independent sample t-test did not show any significant differences for the latency of P13, [t (68)=0.835, p>0.05] and N23, [t(68)=0.516, p>0.05] between dancers and the non dancers group.
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)The experimental group had two subgroups (salsa & kathak group) one of the subgroup involved  Indian style of dance form and the other subgroup involved western style of dance form. To understand the differences between latency of the control group and the two subgroups of the experimental group separately, mean and S.D were calculated for each group separately. The data are given in Table 3.
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Figure 2: Waveform of VEMP response showing P13 & N23 latency in non dancers and dancers.



Table 2: Mean and standard deviation (S.D) values of latency (ms) of control group and the experimental group
P13 latency	N23 latency
 (
Mean(ms)
S.D
Mean 
(ms)
S.D
15.84
2.34
21.39
2.28
15.43
1.77
21.15
1.61
)Groups


Control Experimental


Table 3: Mean and S.D of P13 and N23 latencies of VEMP responses in control group and experimental group (Kathak dancers and Salsa dancers)


P13 latency	N23 latency

	Groups
	Mean (ms)
	S.D
	Mean (ms)
	S.D

	Non dancers
	15.84
	2.34
	21.39
	2.28

	Kathak dancers
	15.33
	1.46
	20.53
	1.26


    Salsa dancers	15.53	2.07	21.78	1.71 	

Table 4: Mean and S.D of amplitude of P13, N3 and peak to peak amplitude of P13-N23 Complex of dancers and the non dancers group


P13 amplitude	N23 amplitude	P13-N23 amplitude
	Groups
	Mean
	S.D
	Mean
	S.D
	Mean
	S.D

	
	(µV)
	
	(µV)
	
	(µV)
	

	Control
	16.02
	8.38
	21.46
	10.10
	37.47
	17.36


  Experimental	23.51	6.18	27.42	9.19	50.96	13.21 	


As it can be seen from the Table 3, mean latency for P13 and N23 peaks are almost similar for the control group and the two subgroups of the experimental group. It can also be seen from table that the standard deviation is again less for the latency of both P13 as well as N23 peaks for the two subgroups of the experimental group.

To further understand the differences between the control and the experimental subgroups groups i.e., the non dancers, dancer kathak group and dancer salsa group, multiple analyses of variance (MANOVA) was done. Multiple analyses of variance did not show significant main effect of group on latency of P13 [F(2, 67)=0.39, p>0.05] and latency of N23 [F(2, 67)=2.34, p>0.05].

Amplitude of P13, N23, and P13-N23 complex

Amplitude of P13, N23 peak and peak to peak amplitude of P13-N23 complex in the waveform analyzed for the non dancers group and the two dancers group.

First the data of the two subgroups of the experimental group (i.e., salsa & kathak dance groups) were combined. This was done in order to understand the overall difference between the amplitude of the P13 peak, N23 peak and the P13-N23 complex for the control and the experimental group. Mean and standard deviation for amplitude of P13, N23 peak and peak to peak   amplitude   of   P13-N23   complex   of   VEMP

responses for experimental and control groups were computed and the details are given in Table 4

It can be seen from Table 4 that the amplitude of the VEMP responses in the experimental group for P13, N23 and also for the P13-N23 complex is much higher compared to the control group. Additionally it can also be seen that the standard deviation for the experimental group is again low compared to control group.

To find out the significant differences in the mean values for amplitude of P13, N23 and peak to peak amplitude of P13-N23 complex for the control and the experimental group, independent sample t test was done. Independent sample t test showed significant differences for the amplitude of P13 peak [t(68)=4.309, p<0.05], N23 peak, [t(68)=2.572, p<0.05] and peak to peak amplitude of P13-N23 complex [t (68)=-3.694, p<0.05] between the control and the experimental groups.

To understand the differences for the amplitude of the control group and the two subgroups of the experimental group separately, mean and S.D were calculated for each group separately. Mean and standard deviation values for amplitude of P13, N23 peak and peak to peak amplitude of P13-N23 complex for the control group (non-dancer) and the two subgroups of the experimental group (Kathak and the salsa group) are given in the Table 5.



Table 5: Mean and S.D of P13 and N23 latencies of VEMP responses in non dancers and dancers (kathak dancers and salsa dancers)

P13 Amplitude	N23 Amplitude	P13-N23 Amplitude
	Groups
	
	Mean(µV)
	S.D
	Mean(µV)
	S.D
	Mean(µV)
	S.D

	Control
	Non dancers
	16.02
	8.38
	21.4
	10.1
	37.4
	17.36

	Exp
	Kathak dancers
	25.72
	5.14
	28.2
	11.3
	53.9
	14.96

	
	Salsa dancers
	21.31
	6.46
	26.6
	6.53
	47.9
	10.71



Table 6: Duncan’s pos- Hoc analysis for the amplitude of the VEMP parameters


P13	N23	P13-N23

Kathak	Salsa	Kathak	Salsa	Kathak	Salsa Control	S*	S*		S*	S*		S*	S* Kathak		S*			NS*			S*
S* -significant at 0.05 level, NS*-Not significant


It can be seen from Table-5 that mean amplitude value for amplitude of P13, N23 and peak to peak amplitude of P13-N23 complex are higher for the two subgroups of the experimental group (Kathak & salsa dance group) when compared to the control group. It can also be seen from table that the mean amplitude value of P13, N23 and P13-N23 complex is higher for Kathak dancers compared to the salsa dancers and non dancers.

To further understand the differences between groups i.e., the control group and the two subgroups of the experimental group (dancer kathak group and dancer salsa group), multiple analyses of  variance (MANOVA) was done. Multiple analyses of variance showed significant main effect of group on the amplitude of P13 peak [F(2, 67)=11.63, P<0.05], amplitude of N23 [F(2, 67)=3.41, P<0.05] and also amplitude of P13-N23 complex [F(2, 67)=7.69, P<0.05].
Ducan’s post hoc analysis was done to see which of the groups were significantly different. Results of the Duncan’s post Hoc test are given in Table 6 below:

Discussion
To summarise the results, there was no significant difference in terms of P13 and N23 latency of VEMP response in both the control and the experimental group. However, there was significant difference in the amplitude of P13, N23 peaks & peak to peak amplitude of P13-N23 complex of VEMP response in both non dancer group and dancer group i.e., amplitude was significantly higher in the experimental  group compared to the control group.
The mean values for the latency of P13 and N23 peaks are in agreement with the previous studies in audiology department at AIISH (Vijayshankar & Basavaraj, 2008; Manasa & Barman, 2009). However, there are studies which have reported different latency values for both

P13  and  N23  peaks  (Wang  &  Young,  2003;  Wang
&Young, 2006; Isaradisaikul, et al., 2008). Vijayshankar & Basavarj (2008); Manasa, & Barman (2009) have reported a similar latency as obtained in the present study. The protocol used and the instrumentation used in the present study is same as that of used by Manasa (2009) and Vijayshankar (2008), whereas other studies have used a different protocol and different instrument to record the VEMP. The difference in the latency of VEMP from the study by Wang and Young, (2003), Isaradisaikul, et al., (2008) could be due to the fact that the instrumentations used and the calibration differences in recording may be different from the present study.

There was no difference in the latency of P13 peaks or N23 peaks among the control versus experimental groups. Various studies have reported that latency parameter of VEMP is relatively less subject to undergo changes than amplitude and threshold of VEMP response (Faith et al., 2004). Faith, et al., (2004) demonstrated that there was no effect of any of the stimulus parameters (i.e., stimulus level, stimulus frequency, and tonic EMG level) on latency of P13 and N23 of VEMP response.

Other studies which involved the study of degeneration process of the sacculocollic pathways have also reported no significant change in  the  latency parameters compared to the amplitude parameters (Welgampola & Colebatch, 2001; Sun, Chang, Tae, Dong, & Seung, 2007; Kumar, et al., 2007). Even the data which represents the different pathological conditions have reported no change in latency (Murofushi, et al., 2001; Young, Huang, & Cheng, 2006; Rodith, Robert, Todd, & Daniel, 2009). Thus, the no change in latency between the control group and experimental group could be due to the fact that the latency of the VEMP may not show a significant change in the latency parameters.




There were statistically significant differences in the amplitude of P13, N23 and peak to peak amplitude of P13-N23 complex of VEMP responses between experimental and control groups. Increased P13, N23 amplitude and peak to peak amplitude of P13-N23 complex of VEMP responses were seen in experimental group than control group. The amplitude obtained for the control group in the present study is almost similar to amplitude values reported in earlier studies (Vijay Shankar & Basavaraj 2008; Manasa & Barman, 2009)
Most of the studies reported that amplitude parameter of VEMP is relatively more subject to undergo changes than the latency of VEMP response. Pathological studies have also reported that the amplitude of VEMP is reduced or abnormally high (i,e., amplitude is more prone to undergo changes than latency) such as meniere’s disease (Murofushi, et al., 2001; Iwasaki, Takai, Ito & Murofushi, 2005), acoustic neuromas (Murofushi, Matsuzaki  & Mizuno, 1998; Murofushi, et al., 2001), vestibular neuritis (Murofushi, et al., 2001), vertigo (Iwasaki, Takai, Ito & Murofushi, 2005). Many behavioral studies reported that dance based training improves that balance in young  and adult subjects within three months (Federici, Bellagamba & Rocchi, 2005; Alpert, et al, 2009; Krampe, et al, 2010). Thus, the differences in amplitude of the P13, N23 and P13-N23 could be because that amplitude changes in the experimental group would have been more compared to the latency of the VEMP.
The results obtained here are just a preliminary report which indicates possible sacculocollic pathway plasticity because of the regular practice of the dance. The significant improvement in amplitude of the VEMP responses could be due to the fact that  the dance requires more balance activity and thus would have resulted in a more responsive vestibular system in the dancers compared to the non-dancers. The plasticity in the vestibular system would have occurred in different anatomical structure which can be measured with the other techniques such as Electronystagmography. Here in the present study, only otolith organs were assessed. Similar to the plasticity in other vestibular structures, the plasticity of the otolith organs would have occurred in dancers. Thus, the otolith organs would have become more responsive and an improved functioning of these structures would have resulted in improved amplitude responses of the vestibular evoked myogenic potentials. One more thing to be noted in the present study is that the individuals who had got training in the Indian style of dance form that is kathak dancer had larger amplitude values compared to the western style

of dance i.e. salsa dance pattern. At this stage it is not possible to define why the amplitude of the VEMP was more for the dancers of the Indian style compared to the western dancers.
Conclusions
In the present study, the results revealed significant difference findings in terms of amplitude of the VEMP responses between the dancers and the non-dancers. From the present study it can be concluded that the dance practice may improve the sacculocollic pathway. Amplitude of the VEMP parameters is a better tool to study the plasticity of sacculocollic pathway compared to the latency parameters.
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Abstract
The present study aimed to evaluate the efficacy of two intervention procedures for tinnitus sufferers, Notched music therapy and White noise therapy. Two groups with five participants each, with chronic continuous tonal tinnitus were included in the study. Each of the two therapy groups had five participants who received therapy for 20 sessions of one hour each. For evaluating the efficacy of two therapy techniques, the measures considered were: Tinnitus loudness measured through loudness matching procedure and Tinnitus  Severity  Index  Questionnaire (TSIQ) scores. The results revealed that both the therapy techniques provided significant benefit in treating tinnitus. However, notched music therapy was found to provide more benefit than white noise therapy, though this difference was not statistically significant.

Key words: Tinnitus, notched-music therapy, white noise therapy.
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Introduction
‘Tinnitus’ is derived from a Latin word ‘tinnire’ which means to tinkle or ring like a bell. McFadden (1982) defines tinnitus as “the conscious experience of sound that originates in the head”. According to Jastreboff (1995) “tinnitus is the perception of sound that results from activity within the nervous system without any corresponding mechanical, vibratory activity within the cochlea, and not related to external stimulation of any kind”. The condition is symptomatic of some abnormal state of the auditory system and is not a disease entity in itself (Newman & Sandridge, 2006).

Various tinnitus treatment techniques are available which includes medical and surgical management, psychological managements, acoustic therapy and habituation therapy. Acoustic or sound therapy uses external sounds to provide relief to patients suffering from tinnitus and is said to be useful to any other treatment options (Jastreboff & Hazell, 2004). It is based on tinnitus masking procedures using different prosthetic aids for the management of tinnitus and it includes hearing aids, sound generators or tinnitus maskers. Regardless of the form of treatment, generally, broadband noise is used in one way or another to distract attention from the tinnitus and to reduce the brain’s perceived need for stimulation (Jastreboff & Hazell, 2004).

Habituation therapy for tinnitus management aims at filtering and blocking the tinnitus related neuronal activity from reaching the area in the brain that is responsible for consciously perceiving tinnitus. The habituation of tinnitus can be achieved through various
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methods. One of which is Tinnitus Retraining Therapy (TRT).

TRT is a clinical implementation of the neurophysio- logical model (Jastreboff, 1990) of tinnitus. Recognition of the importance of the contributory effects of the limbic and autonomic nervous systems is a major aspect of TRT. Counselling is also an essential component of treatment with TRT (Jastreboff, 1995). Patients with more troublesome tinnitus are advised to wear ear-level devices (sound generators) with TRT to optimize the habituation process. However, in TRT, sound generators are not given always and even if they are given, are not given to suppress the tinnitus completely. TRT patients are also advised to wear hearing aids if their hearing loss is considered a significant problem and to improve their communication ability (Jastreboff, 1995).

TRT has been proven to provide great relief to the patients suffering from chronic tinnitus (Henry et al., 2006). Though TRT is a structured management technique, this can only be carried-out by the audiologist who has undergone a formal training (Henry, Jastreboff, Jastreboff, Schechter & Fausti, 2002). In addition, TRT is time consuming.

Further, use of tinnitus maskers has also been found to suppress tinnitus (Quirk, Avinash, Nuttall & Miller, 1992; Folmer, Martin, Shi & Edlefsen, 2006). However, these instruments are generally recommended to be worn for several hours in a day and for several months together. Further, spectral output of these generators varies according to the different instruments, and the maximum output tends to span only about 2½ octaves and to occur within the frequency range between 1000 and 6000 Hz. This can be a disadvantage considering the fact that  a  broad band noise such as white noise is found to improve
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tinnitus better than a narrow band signal. Further, these are also expensive and may not be affordable to many individuals; and not very cosmetically appealing, especially for individuals who do not require to wear hearing aids. Hence, an alternate to this could be providing white noise through an audiometer through the earphones without having to wear a ear level device all through the day.
Hence, the present study aimed to evaluate the effect of tinnitus masking, through an audiometer by delivering white noise to provide tinnitus masking therapy, in the clinical set up, through the earphones.

Music has also been found to be useful in treating tinnitus. Notched music therapy developed  by Okamoto, Stracke, Stoll, & Pantev, (2010) is based on the notion that tinnitus is generated in the central auditory system, possibly due to maladaptive cortical reorganization. When the input from the peripheral system is decreased, auditory cortex neurons that are deprived of normal thalamo-cortical input (through MGB) become active. These neurons in turn rewire/synapse with excitatory inputs from neighbouring neurons. This change in synapse makes the neurons sensitive to neighbouring frequencies and, hence, maladaptively changing the tonotopic maps. These cortical areas may generate tinnitus by means of synchronized spontaneous neural activity (Mühlnickel, Elbert, Taub, & Flor, 1998). The notched music treatment strategy helps in the reversion of the maladaptive reorganization of a specific cortical area contributing to the perception of tinnitus and also reduces the tinnitus loudness (Okamoto et al., 2010).
This technique has proven to diminish the perception of tinnitus in persons with hearing loss. However, several individuals who have normal or near normal hearing sensitivity complain of clinically significant tinnitus and the mechanisms involved in the generation of tinnitus in these subjects are not clear.
Hence, the present study was taken up to evaluate the efficacy of two intervention procedures for tinnitus sufferers, Notched music therapy and White noise therapy using psychoacoustic measurement of tinnitus loudness using loudness matching procedure and Tinnitus Severity Index Questionnaire (TSIQ) given by Folmer (2002).

Method
Participants
Ten participants (4 males and 6 females) in age group of 20 to 60 years (mean age of 38.5 years) with clinically significant tinnitus were included in the study (Table 1). All subjects had chronic continuous tonal

tinnitus and had either unilateral tinnitus (6 subjects) or bilateral tinnitus (4 subjects). The tinnitus frequency did not exceed 8 kHz and the subjects’ hearing sensitivity was not greater than minimal hearing impairment (≤ 25 dB HL). All the subjects who participated in the study had partial or complete residual inhibition and no history of middle ear pathology, no history of neurological or psychiatric problems.

Participants who were willing to attend therapy were randomly assigned into two groups. First group receiving notched-music therapy and the Second group receiving white noise therapy.

Procedure

The entire evaluation and the therapy sessions were carried out in a double sound treated room, with the ambient noise levels within the permissible limits (as specified by ANSI S3.1-1991). The  following procedure was adopted for the routine hearing evaluation and tinnitus evaluation.

Routine audiological evaluation

Routine audiological evaluation was carried out to track patients’ air conduction thresholds from 250 Hz through 8 kHz and bone conduction thresholds from 250 Hz through 4 kHz at octave intervals. This was done through a calibrated Madsen Orbiter 922 diagnostic audiometer with TDH 39 supra aural earphones housed in MX-41/AR ear cushions. Speech audiometry was carried out to find their speech recognition threshold, speech identification scores and comfortable levels. Tympanometry and assessment of acoustic reflex thresholds were carried out to rule out any middle ear pathology and Eustachian tube dysfunction using Grason Stadler Inc. (GSI) Tympstar clinical immittance meter. ENT clearance was obtained for all participants prior to tinnitus evaluation.

Tinnitus evaluation

Case history: A detailed case history regarding their tinnitus was obtained prior to the assessment of tinnitus. This included the type of tinnitus (continuous/intermittent), nature of tinnitus, the onset of tinnitus, any associated events and lateralization of tinnitus, etc.

Psychophysical assessment of tinnitus: Pre-therapy assessment of tinnitus pitch and loudness were tracked using pitch matching and loudness matching respectively. This served as the baseline for the therapy. Following assessment procedure were adopted to track the pitch and loudness of tinnitus.




Table 1:  Details of the participants of the present
 	study 	

heard the signal. This level was taken as the threshold. Further, the signal level was increased in 5 dB steps till

Subject no.	Age/

  Pure tone average (dB HL) 	

the subject indicated that it was equal in loudness with

 		Gender		Right		Left 	 1	24/F	8.3		0
2	20/F	8.3	8.3
3	49/M	10	10
4	50/M	16.6	11.6
5	24/F	6.6	6.6
6	48/F	16.6	13.3
7	45/F	18.3	25
8	60/ M	15	20
9	35/F	11.6	11.6
10	30/M	16.6	8.3
Mean	38.5	12.79	11.47


Pitch match: To track the appropriate tinnitus pitch, pure tone was presented (as all patients had tonal tinnitus) in successive, discrete steps. Initially a 1 kHz pure tone was presented at not more than 10 dB SL. This procedure was adopted from Henry (2006). In this procedure, the subjects were asked to indicate whether their tinnitus pitch is above or below  the  presented tone. Based on their response, the frequency was varied above or below 1 kHz at different octaves and at mid octaves. When the patient indicates that their tinnitus pitch was nearer, 3-Alternate Forced Choice (3-AFC) procedure was used to obtain exact pitch of the tinnitus and to avoid octave confusion. In this procedure, 3 pure tones of different frequencies were presented; 1) tone which was half-octave above the pitch matched, 2) tone which was same as the pitch matched by the patient and 3) tone which was half-octave below the matched pitch. Among the three tones the subject had to indicate the tone that was best matched to their tinnitus. The matched tinnitus pitch served as the basis for the music modification for notched music therapy.

In clients with unilateral tinnitus, the signal was presented to the ear opposite to the side where the tinnitus was perceived. In clients with bilateral tinnitus, the signal was presented to the ear with lesser threshold when the hearing sensitivity was asymmetrical (as all the participants with bilateral tinnitus reported of equal tinnitus loudness in both ears).

The tinnitus pitch was matched four times on two different days and the median across pitch matches was considered as the tinnitus frequency. This served as the basis for the music modification for notched music therapy.

Loudness match: Loudness match was carried out using balance technique. For this, frequency of the tone was same as the tinnitus pitch. The signal was varied in intensity  in  ascending  technique till  the patient  first

his/her tinnitus. The difference between the threshold
and intensity of the reference signal was considered to be the tinnitus loudness, which was expressed in dB SL (Meikle, Henry & Mitchell, 1995). Evaluation of the tinnitus loudness was matched four times on two different days and the median across loudness matches was considered as the tinnitus loudness.

Residual Inhibition: Residual inhibition was done to see if there was any change in the tinnitus following the auditory stimulation. This was done using white noise which was presented bilaterally at 70 dB SPL. All the participants in the study had partial or complete inhibition of tinnitus.

Administration of questionnaire

For the pre- and post-therapy assessment of tinnitus severity, along with assessment of tinnitus loudness, Tinnitus Severity Index Questionnaire (TSIQ) was used. This questionnaire was given by Folmer (2002). This questionnaire constitutes of 12 items to assess patients’ reaction to tinnitus and its interference. The response option for each item had 5 levels; never, rarely, sometimes, usually, always. TSIQ also constituted of rating the loudness of tinnitus perceived by the patient. Loudness rating was done on a 10 point rating scale, where 1 indicates that the tinnitus was very quiet and 10 indicates that the tinnitus was very loud. The TSIQ questionnaire scores varied between a minimum of 13 and a maximum of 65.

The questionnaire was administered to both the groups prior to the therapy and the scores were noted. This served as the baseline for assessing subjects’ perception of tinnitus before the therapy. Post therapy administration of the questionnaire was also done during therapy (after 10 sessions) and post therapy (at the termination of the therapy).

Procedure for tinnitus therapy

Procedure for white noise therapy: For white noise therapy, Madsen Orbiter 922 diagnostic audiometer was used to generate and present white noise. The patients were comfortably seated and supra aural earphones (TDH-39) were placed. The white noise was presented to both the ears at 20 dB SL (Jastreboff, 1995). The therapy was carried out for the duration of 60 minutes per session. Each patient underwent therapy for 20 sessions.

Procedure for notched-music therapy: For notched music therapy, Indian instrumental music was chosen.




A total of 7 tracks were selected. These tracks were played twice for the duration of 60 minutes. Each track was filtered using Adobe Audition 3.0 software. Through this filter, a notch was created in the spectrum of music. The frequency of the notch was same as tinnitus pitch and the bandwidth of the notch was of one octave width. The same method was carried out for each track and later all the tracks were temporally aligned. The music delivered to both ears was filtered identically and was presented at 20 dBSL. This technique was adopted from Okamoto, et al. ,(2010).

Therapy was a passive listening task and the subjects were made to read a newspaper or a novel during the therapy session. Each subject underwent therapy for 20 sessions.

Consecutive evaluation of tinnitus pitch and loudness along with administration of Tinnitus severity index questionnaire were carried out during the course of the therapy (after 10 sessions) and at the termination of therapy (after 20 sessions) for both the groups of participants. The loudness of the perceived tinnitus and the questionnaire scores across the three therapy conditions were taken for further analysis. To see if the effects of therapy were present even after withdrawing the therapy, patients were telephoned to ask if there was any change in the tinnitus after 15 days following the therapy.

Results
The study aimed to evaluate the benefit from White noise therapy and Tailor-made Notched music therapy which are two intervention procedures to treat tinnitus. For evaluating the efficacy of two therapy techniques, the measures considered were: Psychoacoustic measurement of loudness of tinnitus measured trough loudness matching procedure, which is hereafter referred as tinnitus loudness, and Tinnitus Severity Index Questionnaire (TSIQ) scores.

The pre- and post-tinnitus loudness measured across three intervals, that is, pre therapy, post-therapy-after

10 sessions, post-therapy after 20 sessions, using loudness matching and the Tinnitus Severity Index Questionnaire scores for the two groups were analysed using Statistical Package for the Social Sciences (SPSS for windows, Version 18) software.

The efficacy of notched music therapy

Evaluation of loudness measures: Five individuals (2 males & 3 females) with chronic continuous tinnitus underwent Notched Music therapy. Prior to  the therapy, tinnitus evaluation was carried-out for all participants. Results of pre-therapy tinnitus evaluation for each subject who received Notched music therapy are given in the Table 2.

It can be observed from the Table 2 that the tinnitus loudness has reduced for three subjects after therapy, whereas, two of the subjects (Subject 1 & Subject 4) had complete inhibition of tinnitus. Hence, during the statistical analysis of post-therapy data, only data from three subjects were considered. Friedman’s test was used to evaluate the benefit of notched music therapy.

Table 3 shows the mean and standard deviation of tinnitus loudness for Notched music therapy. As it can be seen in the table, there was decrease in the tinnitus loudness as the therapy progressed. To investigate whether this change was significant, Wilcoxon Signed Rank test was carried-out. The results of this are given in Table 4.

As it can be seen in the Table 4, there was a significant difference (p<0.05) between the tinnitus loudness measured at baseline and after 10 therapy sessions. However, no significant difference (p>0.05) was seen between baseline and after 20 sessions and between two post therapy conditions (10 sessions & 20 sessions). This may be because; two of the subjects could not match tinnitus loudness as there was no tinnitus after the termination of therapy. However, subjective analysis of individual data revealed a difference in the tinnitus loudness for all subjects who received Notched music therapy.


Table 2:  Details of tinnitus evaluation of subjects who underwent notched music therapy



Subject

Matched Tinnitus

 	Matched tinnitus loudness (in dB SL) 	

 (
No.
pitch (in 
Hz)
Pre
 
therapy
1
8000
40
2
3000
40
3
8000
40
4
4000
20
5
8000
45
)Post therapy
(after 10 sessions)

Post therapy
(after 20 sessions)


20	Complete inhibition of tinnitus 25		0
25	15
10	Complete inhibition of tinnitus 30		15





Table 3: Mean and SD of tinnitus loudness across three
 	intervals for Notched music therapy 	

Table 5: Mean and SD of questionnaire scores across three intervals for Notched music therapy

Conditions	Number of

Mean	SD	 	

subjects


Pre therapy	5	37.00	9.747

Conditions	No. of

Mean	SD

Post therapy (after 10 sessions) Post therapy (after 20 sessions)

5	22.00	7.583

 (
subjects
Pre 
therapy
5
33.40
6.229
Post
 
therapy
23.20
5.167
(after
 
10
 
sessions)
5
Post
 
therapy
15.40
2.608
(after
 
20
 
sessions)
5
)3#	8.33	7.638

# - Two of the five subjects had complete inhibition of tinnitus. Hence, tinnitus loudness could be measured only for three participants

Table 4: Results of Wilcoxon Signed Rank test for tinnitus loudness measure for notched music therapy


Conditions	z- value


Pre and post-therapy (10)	-2.060*
Pre and post-therapy (20)	-1.604
Post therapy (10) and Post therapy (20)	-1.604


Note. *p<0.05

Evaluation on Questionnaire scores

Mean and standard deviation of TSIQ scores across the three therapy intervals for subjects who underwent Notched music therapy is given in Table 5. It can be observed that the questionnaire scores decreased after therapy (10 sessions & 20 sessions) when compared to the baseline questionnaire scores.
Wilcoxon Signed Rank test was carried-out to investigate the questionnaire scores across three intervals. Results of Wilcoxon Signed Rank test are shown in Table 6.
Table 6 shows that there is a significant difference in the questionnaire scores between pre therapy and between the two post therapy conditions (p<0.05).



Table 6: Results of Wilcoxon Signed Rank test for questionnaire for notched music therapy


Conditions	z- value


Pre and Post therapy (10)	-2.032*
Pre and Post therapy (20)	-2.023*
  Post therapy (10) and Post therapy (20)    -2.023* 	
Note. *p <0.05

The efficacy of white noise therapy

Evaluation on loudness measures: Five participants (2 males & 3 females) with chronic tinnitus underwent White noise therapy. Results of pre-therapy tinnitus evaluation for each subject who received White noise therapy are given in the Table 7.

It can be observed from the Table 7 that the loudness of the tinnitus perceived reduced after therapy as compared to pre therapy. Mean and SD of tinnitus loudness matched across the three intervals are given in the Table 8.

To investigate whether this change was significant, Wilcoxon Signed Rank test was carried out. The results of this are given in Table 9.

Table 7: Details of tinnitus evaluation of subjects who underwent White noise therapy


Matched tinnitus loudness (in dB SL) Matched     	

Subject
no.

pitch (in Hz)


Pre therapy

Post therapy (after 10 sessions)

Post therapy
(after 20 sessions)



1	125	30	20	5
2	4000	35	25	10
3	3000	25	15	0
4	125	40	20	0
5	1000	30	20	5






Table 8: Mean and SD of tinnitus loudness across three intervals for White noise therapy

therapy intervals and the results of Wilcoxon Signed Rank test are shown in Table 11.




Conditions		No. of subjects

Mean	SD

Table 10: Mean and SD of questionnaire scores across
three intervals for White noise therapy



Pre-therapy	5	32.00	5.701

Post-therapy (after 10

20.00	3.536
5

Conditions	Number of
subjects

Mean	SD

sessions)

Pre-therapy	5	42.80	6.380

Post-therapy
(after 20	5
sessions)

4.00	4.183

Post-therapy
(after 10 sessions) Post-therapy

30.60	6.731
5

17.00	2.345

Table 9: Results of Wilcoxon Signed Rank test for tinnitus loudness measure for White noise therapy


Conditions	z- value


Pre and post-therapy (10)	-2.121*

(after 20	5
sessions)


Table 11: Results of Wilcoxon Signed Rank test for
 	questionnaire for White noise therapy 	
Conditions	z- value

Pre and post-therapy (20)	-2.121*	 	

Post-therapy (10) and post-therapy (20)	-2.121* Note.*p<0.05
From the Table 9, it can be inferred that there is a significant difference (p<0.05) between the  baseline and after 10 sessions, between baseline and after 20 sessions and between 10 sessions and 20 sessions post therapy.

Evaluation on questionnaire scores

Mean and standard deviation of TSIQ scores across the three therapy intervals for subjects who underwent White noise therapy is given in Table 10. It can be seen from the table that the questionnaire scores decreased after therapy (10 sessions & 20 sessions).

Wilcoxon Signed Rank test was carried out to investigate   the   questionnaire   scores   across   three

Pre and post-therapy (10)	-2.023*
Pre and post-therapy (20)	-2.023* Post-therapy (10) and post-therapy (20)	-2.023*


Note. *p <0.05

From the Table 11, it is clear that there is a significant difference in the questionnaire scores between pre therapy and between two post therapy conditions (p<0.05).

Comparison between the Notched music therapy and White noise therapy

Mann Whitney U test was carried out to compare the benefit obtained between the two therapy procedures for tinnitus loudness and questionnaire scores across the therapy intervals. Results of the Mann Whitney U test are given in the Table 12 and Table 13.
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Figure1: Loudness measured pre-therapy, post therapy after 10 sessions and 20 sessions for both the
therapy groups



Table 12: Results of Mann Whitney U test for Notched music and White noise therapy for tinnitus loudness

	Conditions
	No of subjects
	Mean (SD) dBSL
	Mann Whitney U value
	z
	p

	Pre therapy
	10
	34.50
	6.500
	-1.297
	0.195

	
	
	(7.976)
	
	
	

	Post therapy (after 10
	10
	21.00
	8.500
	-0.873
	0.382

	sessions)
	
	(5.676)
	
	
	

	Post therapy (after 20
	8
	5.63
	4.500
	-0.928
	0.353

	sessions)
	
	(5.630)
	
	
	




[image: ]
Figure 2: Questionnaire scores pre-therapy, post therapy after 10 sessions and 20 sessions for both the therapy groups

Table 13: Results of Mann Whitney U test for Notched music and White noise therapy for questionnaire scores



Conditions		No. of subjects

Mean (SD)	Mann Whitney U	z
value	P’

Pre therapy	10	38.10 (7.738)	3.500	-1.886	0.059

Post therapy (after 10 sessions) Post therapy

10	26.90 (6.871)	6.000	-1.362	0.173
10	16.20 (2.486)	7.500	-1.640	0.287

  (after 20 sessions) 	

It is clear from the Table 12 and Table 13 that there is no statistically significant difference (p>0.05) between the two therapy techniques for tinnitus loudness and the questionnaire scores. However, on subjective analysis of individual data there was a difference in the tinnitus loudness and questionnaire scores between the two techniques. The subjects receiving Notched music therapy had greater improvement and two of the five subjects receiving Notched music therapy reported complete inhibition of tinnitus.
To see if the effects of therapy were present even after withdrawing the therapy, patients were telephoned to ask if there was any change in the tinnitus after 15 days following the therapy. None of the subjects reported of



any change in the tinnitus loudness after 15 days of withdrawal of therapy.

Discussion
The results obtained from different statistical analysis for psychoacoustic measure of tinnitus loudness and questionnaire scores for both the therapy techniques are discussed below.

Efficacy of notched music therapy using psychoacoustic measurement of tinnitus loudness and questionnaire scores

Results of comparison of pre therapy and post therapy psychoacoustic measurement of tinnitus loudness and




questionnaire scores showed decrease in the loudness at the termination of therapy in three subjects. Whereas, two had a complete inhibition of tinnitus which indicates that the therapy was successful in ameliorating tinnitus completely.

The above mentioned observation is in support of the notion that tinnitus loudness can be significantly diminished by custom tailored notched music treatment (Okamoto, et al., 2010). Tailor-made notched music treatment strategy helps in complete suppression of tinnitus by reorganizing the  maladaptive  auditory cortex (Rauschecker, 1995; Blood & Zatorre, 2001; Elbert & Rockstroh, 2004) even in subjects with normal/near normal hearing sensitivity. In Okamoto et al. (2010), the therapy using the tailor-made notched music treatment was given over a period of 12 months. However, in the present study, only with 20 hours of therapy, there was an improvement seen. This could be attributed to the peripheral loss that the subjects in Okamoto, et al’s study had, which might have led to more maladaptive cortical reorganization.

Pantev, Wollbrink, Roberts, Engelien and Lütkenhöner, (1999) demonstrated that listening to notched music reduces the cortical activity corresponding to the notch centre frequency, which may be due to the lateral inhibition. The target notched music introduces a functional deafferentation of auditory neurons corresponding to the eliminated frequency band, and because this frequency band overlaps the individual tinnitus frequency, the notched music no longer stimulates the cortical area corresponding  to  the tinnitus frequency, although it still excites surrounding neurons. Thus, the neurons which were not stimulated due to the notch were presumably actively suppressed via lateral inhibitory inputs originating from surrounding neurons (Pantev, et al., 1999; Pantev, et al., 2004; Okamoto, Kakigi, Gunji & Pantev, 2007).

Efficacy of White noise therapy using tinnitus loudness and questionnaire scores

Similar to the results of Notched-music therapy, results of comparison of pre- and post-therapy psychoacoustic measurement of tinnitus loudness and questionnaire scores also showed decrease in the loudness at the termination of White noise therapy in all the subjects. However, none of the subjects showed complete inhibition. This result is in correlation with the earlier studies that used broadband noise generators for the masking of tinnitus (Henry, et al., 2006; Vernon & Schleuning, 1978; Henry & Meikle, 2000; Kitajima, Kitahara & Kodama, 1987; Shailer, Tyler & Coles, 1981). Hence, white noise therapy given in a clinical set-up is useful at least to suppress the tinnitus. This

therapy has an advantage over the noise generators, which are take home devices and have to be worn all the time.

Comparison between the Notched music therapy and White noise therapy

The comparison between the two therapies revealed no statistical significant difference which may be because only data from three subjects receiving Notched music therapy were considered for analysis. However, subjective analysis of individual data revealed a difference in the tinnitus loudness and questionnaire scores. This revealed that subjects receiving Notched music therapy showed greater improvement when compared to White noise therapy. Hence, Notched- music which is tailor made for each subject, might be a better option to treat tinnitus when compared to White noise.

Conclusions
It can be concluded that both the therapy techniques provide significant benefit in suppressing tinnitus. Hence, white noise therapy in a clinical set up can be considered as an option of tinnitus treatment at least to suppress the tinnitus, to some extent. It can also be concluded that even tinnitus subjects who have near normal hearing sensitivity have maladaptive cortical reorganization which can be corrected with tailor made notched-music therapy. Further, notched music therapy was found to provide more benefit than white noise therapy, though this difference was not statistically significant.
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Abstract
Comparison between the preferred and the prescribed (DSL[i/o], NAL-NL1) hearing aid fitting formulae was assessed in children. Ten children diagnosed as profound sensori-neural hearing loss and between the age range of 6-12 years participated in the study. Using the REUR data and REAR data, the REIG (Real Ear Insertion Gain) data was calculated for each subject at each frequency for all the three conditions. Statistical analysis of the data revealed that, REIG provided by preferred gain is approximately similar to NAL-NL1. Whereas gain prescribed by the DSL[i/o] is higher at low frequencies compared to preferred condition and gain prescribed by NAL- NL1.Comparison of the aided thresholds revealed that, DSL[i/o] has slightly lesser thresholds compared to NAL- NL1 and preferred condition.

Key words: NAL-NL1, DSL [i/o], REIG, preferred gain, aided thresholds
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Introduction
Technological advancement, has led to substantial research in the all areas including that of aural rehabilitation and surely, hearing aids are no exception. Various non-linear hearing aids are now available with complete digital technology. These non-linear hearing aids provide flexible adjustments to meet the desired amplification requirements for hearing impaired individuals, as individuals with sensori-neural hearing loss experience an abnormal growth of loudness perception with the increase in input levels, these devices offer an excellent solution for their problem. They provide relatively more amplification for soft sounds and less amplification for loud sounds without manual manipulation of the volume control switch.

Prescriptive procedures for nonlinear hearing aids are based upon different underlying rationales. The idea behind these procedures is either to normalize loudness so that loudness recruitment can be compensated or to maximize speech intelligibility at various input levels (Byrne, 1996). Some of these fitting procedures use threshold and some others use supra threshold measurements as input data (Smeds, 2004). Threshold based procedures are mainly NAL-NL1 (Dillon, 1999; Byrne, Dillon, Ching, Katsch, &Keidser, 2001), FIG6 (Killion & Fikret-Pasa, 1993), and partly DSL[i/o] (Desired Sensation Level Input-Output, linear compression version; Cornelisse, Seewald & Jamieson, 1995). Supra threshold procedures are LGOB (Allen, Hall & Jeng, 1990), IHAFF (Cox, 1995) and partly DSL[i/o].    Among  the  procedures  described  above,


1E-mail: viveksomaraj@yahoo.co.in; 2Lecturer in Audiology, E-mail: vijaynarne@gmail.com

most commonly used procedure for prescribing hearing aids is NAL-NL1 (Dillon, 1999) and DSL[i/o] (Desired Sensation Level Input-Output, curvilinear compression version; Cornelisse, Seewald & Jamieson, 1995).

The prescriptive formulae, threshold based or suprathreshold based, gives the first approximation of gain required. Practical clinical experiences with prescriptive methods (Libby, 1986: Sullivan, Levitt, Hwang & Hennessey, 1988; Dillon, 2001) show that the methods cannot eliminate the need for individual allowances and adjustments i.e. fine tuning of hearing aid. However, one should bear in mind that fine tuning of gain settings in the hearing aids is performed on prescribed gain. The prescribed gain should be a good approximation to preferred gain, which reduces  the trial and error by the clinician and also saves time (Dillon, 2001).

Ching, Scollie, Dillon, Seewald, Britton,Steinber, Gilliver, & King, (2010) assessed 48 children from Australia and Canada for preference of prescriptive procedures in various conditions. Results demonstrate that, majority of children in Australia preferred NAL-NL1 for 65 dB input level and 80 dB input level and in any other situations. In contradiction to this, children from Canada preferred DSL v.4.1 for  any  conditions. Similar to these, Seewald, Moodie, Scollie & Bagatto, (2005) demonstrated that preferred gain in children was similar to DSL[i/o] when compared to  other prescriptive procedures. Majority of these children were initially fitted with DSL[i/o] program. Similar to this, many other investigators also demonstrated similar results (Scollie, Seewald, Moodie & Dekok 2000; Ching, Hill, & Dillon 2008). The common theme noticed in these studies is that children preferred the hearing aid gain settings that have been prescribed in
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the initial fitting. All the above studies comparing preferred and prescribed gain were performed on western population. Till date, there is a dearth for studies comparing preferred gain and prescriptive gain settings in Indian context.

Method
Participants

Ten participants (18 ears), having sensori-neural hearing loss who had been clinically diagnosed as having cochlear hearing loss at department of Audiology, All India Institute of Speech and Hearing, Mysore participated in the present study. All the participants were regular hearing aid users; the minimum duration of hearing aid use is more than one year. The age of the participants ranged from 6 to12 years with the mean age of 7.5 years. Pure tone average ranged from 93 to 110 dBHL. It was ascertained from a structured interview that none of these participants had any history of neurologic or otologic disorder. The pure-tone thresholds (average of both the ears) at octave frequencies of each participant have been provided in Figure 1.

The demographic and audiological data of the participants, which includes degree of hearing loss, speech detection threshold, hearing aid being used and the duration of hearing aid use is given in the Table 1.

Procedure

Pre-testing procedure: On Otoscopic examination, all participants had ear canals that were free  from cerumen, debris or foreign body. This was followed by estimating audiometric thresholds for Air Conduction at 250 Hz, 500 Hz, 1000 Hz, 2000 Hz, 4000 Hz and
8000 Hz and Bone Conduction at 250 Hz, 500 Hz, 1000  Hz,  2000  Hz  and  4000  Hz  using  Modified

Hughson and Westlake procedure (Carhart & Jerger, 1959). The thresholds obtained were compared with pure-tone thresholds obtained prior to the first hearing aid fitting using Orbiter OB-922 (Madsen Electronics, Denmark), two channel diagnostic audiometer calibrated with supra aural head phones (Telephonics TDH-39), bone vibrator (Radio ear B-71). None of the participants had a shift in their threshold by more than 10 dB in air conduction or bone conduction mode in any of the frequencies. All the subjects had normal middle ear functioning and the same was confirmed by testing with GSI-Tympstar Immittance meter.

Aided threshold: Aided thresholds were found for puretone of 500 Hz, 1000 Hz, 2000 Hz and 4000 Hz, using preferred gain setting initially and the similar procedure was carried out using NAL-NL1 and DSL[i/o]. Puretones were presented through loudspeakers (Madsen) placed at ear level, 0o azimuth and at a distance of 1 meter.

Speech detection threshold: Speech Detection Threshold was assessed using live voice presentation. The minimum intensity at which the subjects were able to detect the presence of sound was found. Speech was presented through the loud speakers placed at ear level, 0° azimuth and at a distance of 1 metre.

Real ear measurements

Real ear unaided response (REUR): FONIX 7000 hearing aid analyzer was used to check the electro- acoustic characteristics of the hearing aid and also the real ear aided gain (REAG) measurements. This was measured using Digispeech as the stimuli at an input of 65 dBSPL. The loudspeaker was kept at a distance of 12 inches and at 45 degree to the pinna (as specified in the FONIX 7000 user manual). A probe microphone was placed inside the subject’s ear at a distance equal
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Figure 1: Pure-tone thresholds as a function of frequency for all the participants
.



Table 1: Demographic and audiological data of participants with cochlear hearing loss
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Age/Gender	Pure Tone

Speech Detection

Hearing aid

Duration of

No.

 	Average (dB) 	Threshold (dB) 	

model

HA use


	
	Right
	Left
	Right
	Left
	

	1
	6/F
	-
	100
	-
	75
	Eclipse 2SP
	24 months

	2
	6/M
	101.66
	101.66
	85
	85
	Eclipse 2SP
	18 months

	3
	12/M
	98.33
	93.33
	85
	85
	Eclipse 2SP
	21 months

	4
	7/M
	100
	100
	85
	85
	Eclipse 2SP
	14 months

	5
	6/M
	93.33
	93.33
	85
	85
	Eclipse 2SP
	13 months

	6
	9/F
	108.33
	101.66
	85
	85
	Eclipse 2SP
	25 months

	7
	7/M
	100
	101.66
	85
	85
	Eclipse 2SP
	5 months

	8
	6/F
	110
	-
	85
	-
	Eclipse 2SP
	15 months

	9
	6/F
	96.6
	108.33
	85
	85
	Eclipse 2SP
	24 months

	10
	10/F
	110
	93.33
	85
	85
	Eclipse 2SP
	20 months




to the length of ear mould plus 5 mm. Before the stimulus was presented, levelling of the stimulus was done. The stimulus was presented and the output was represented in the form of a graph on the screen and once the graph on the screen was stabilized for more than 10 seconds, the input was stopped. Now, the graph was converted to real ear unaided scores and the values were noted down.

Real ear aided response (REAR): The subject’s hearing aid was connected to the HIPRO using the programming cable and the HIPRO was connected to a personal computer for programming the hearing aid. The NOAH software (version 3.1.2) and the hearing aid specific software (Electone) along with Win CHAP (Computerized hearing aid programme for windows, Version 2.82) were installed in this computer. Once connected, the gain and program settings (preferred) in the hearing aid was noted down, and REAR was measured for the preferred gain. The values were noted down. The aided audiogram for the preferred gain was also found in free-field using OB-922 two channel diagnostic audiometer. The hearing aid was re- programmed using NAL-NL1, and the REAR was measured and the values were noted down. Aided audiogram was found for NAL-NL1. Similar procedure was done using DSL[i/o].

REAR was measured for the preferred, NAL-NL1 and DSL[i/o] gain settings in all the subjects using the FONIX 7000 hearing aid analyzer by using Digispeech as the stimuli at 65 dBSPL as the input. The loudspeaker was kept at a distance of 12 inches and at 45o to the pinna (as specified in the

FONIX 7000 user manual). A probe microphone was placed inside the subject’s ear at a distance equal to the length of ear mould plus 5 mm. Before the stimulus was presented, levelling of the stimulus was done. The stimulus was presented and the output was represented

in the form of a graph on screen and once the graph onscreen was stabilized for more than

10 seconds, the input was stopped. The graph was then converted to real ear aided scores and the values were noted down. Comparisons across all the aided conditions were made and the results have been discussed in the next section.

Results and Discussion
Comparison of REIG: Using the REUR data and REAR data, the REIG (Real Ear Insertion Gain) data was calculated for each subject at each frequency for all the three conditions. This was calculated using the formula descried by Dillon (2001). REIG values were calculated only at octave and mid octave frequencies.

Real Ear Insertion gain (REIG) = REAG – REUG

(REAG =Real ear aided gain, REUG = Real ear unaided gain)

The Figure 2 represents the mean values of the REIG scores across frequency for all the three conditions at 65 dB SPL input signal. As it can be seen from the figure, there is a difference in the mean value across frequency in the three conditions. At the low frequency region, till about 800Hz, REIG values of DSL[i/o] condition is greater than preferred condition and NAL- NL1. In the same region, REIG is similar for NAL- NL1 and preferred condition. At mid and high frequencies, REIG scores for the DSL[i/o] condition is higher than those observed for NAL-NL1 and preferred condition. At the high frequency region, for DSL[i/o] and preferred condition higher REIG was observed compared to NAL-NL1. At the extreme high frequency region, the mean scores have dipped in all the three conditions because the frequency response of the hearing aid is limited up to 4000 Hz to 5000 Hz.




One-way ANOVA was carried out to find out if the mean difference of REIG scores is significant in the three conditions at all the frequencies. The data of 8 kHz was not considered in the analysis. The analysis revealed that there was a significant difference between the conditions at 250 Hz [F (2,490) = 1.133, p<0.05], 500
Hz (F (2,810) =1.005, p<0.05), 1000 Hz (F (2,862) = 1.301,
p<0.05) input frequency, whereas for other higher frequencies no significant difference was noticed (2000 Hz, 4000Hz & 6000 Hz). Post-hoc Bonferroni analysis showed that there was no significant difference across conditions except, that the DSL[i/o] was different at
250 Hz, 500 Hz and 1000 Hz from other two conditions.

Results of the REIG indicate that preferred gain is approximately similar to NAL-NL1. Whereas gain prescribed by the DSL [i/o] is higher at low frequencies compared to other conditions. Ching et al., (2010), reported that DSL (v.4.1) always provides higher gain when compared to NAL-NL1. Further they also reported that majority of the children preferred gain prescribed by NAL-NL1 at 65 dB input level compared to DSL v.4.1. The results of the present study are in accordance that those observed by Ching, et al., (2010). Similar to the present study many other investigators also reported similar results (Ching, Newall & Wigney, 1997; Snik, Borne, Brokx & Hoekstra,1995; Ching, Hill, Birtles & Beecham, 1999). The precise reason for NAL-NL1 and preferred conditions is not known. A series of studies conducted by Ching, Hill, Birtles & Beecham, (2010) reported that children from the Australia preferred NAL-NL1 over DSL Version 4.1, on contrary, children from the Canada preferred DSL Version 4.1. These results show that, children’s auditory system prefers the gain settings prescribed during initial fitting (may allow small variations), i.e. children in Australia by default prescribed with NAL- NL1, similarly children from Canada were prescribed

with DSL Version 4.1. In the present study, almost all the participants were prescribed with NAL-NL1 in the initial fitting. Because of the above reason, there was no significant difference between gain settings of NAL-NL1 and preferred condition.

Comparison of aided audiogram

Figure 3 shows the mean aided thresholds as a function of frequency across conditions. One can note that DSL[i/o] has slightly lesser thresholds compared to NAL-NL1 and preferred. According to a study by Ching, et al., (2010), positive comments about listening to softly spoken speech as well as speech from a distance or behind were associated with DSL Version
4.1 than with NAL-NL1 (Ching, et al., 2010). Individual children in Australia consistently preferred either the NAL-NL1 prescription or the DSL Version
4.1 prescription across trial periods and across different preference measures. Those children preferring the NAL-NL1 prescription did so because they were less troubled by loud sounds and reported hearing speech better in situations where there were competing noises. Those children preferring the DSL Version 4.1 prescription did so because it enabled them to hear speech more loudly and/or clearly. They also reported better hearing for soft and distant speech as well as sounds within the environment.

Overall, the results demonstrate that the REIG scores for DSL[i/o] are higher at low and mid frequencies than preferred condition and NAl-NL1. At high frequencies, REIG scores of preferred condition were similar to gain prescribed by DSL[i/o]. Also, the aided thresholds for DSL[i/o] were better than the other conditions. Hence, the results of the present study warrant further research in this direction to cross-verify the        results        of        the        present        study.

[image: ]
Figure 2: REIG values across frequencies for preferred, NAL-NL1 and DSL[i/o].
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Figure 3: Aided thresholds as function of frequency for preferred, DSL[i/o] and NAL-NL1.



Summary and Conclusions
The results have shown that the gain prescribed by NAL-NL1 and the preferred gain settings is almost similar across frequencies. This may be due to the fact that during initial fitting, the hearing  aid  is programmed using NAL-NL1 and fine tuning is done based on the gain provided by NAL-NL1 during the initial fit. In children, usually fine tuning is a difficult process when compared to adults. This is because the clinician is not able to arrive at the precise threshold at different frequencies, because most often than not, the thresholds are established using behavioural tests in children. Hence, usually the gain given during the initial fit will be lower compared to the target gain prescribed. Also, DSL[i/o] provides overall higher gain when compared to NAL-NL1 and preferred during the initial fit only. So this could be the reason why DSL[i/o] have better aided thresholds.

Future Implications
The comparisons in the present study were done based on the data of ten subjects, only. Probably the study can be carried on further by comparing it using more no of participants and other variables like degree of hearing loss, different input levels, duration of hearing aid use, and researched up on.
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