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INTRODUCTION

Sensorineural hearing loss is often associated with loudness recruitment, an

abnormally rapid growth of loudness level with increasing level (Fowler, 1936; Hood,

1972; Moore, 2004). Recruitment is thought to be atleast partly related to reduced

compressive nonlinearity on the basilar membrane, produced by loss of outer hair cell

function (Moore, 1998; Ruggero & Ritch, 1991). The effect of recruitment is

represented on the audiogram by the reduced range between hearing thresholds and

uncomfortable loudness levels. In some patients with large losses, and thus small

dynamic range, even the dynamics of speech signal itself causes problem, amplifying

the weak parts of the speech to audible level causes the strong parts to be

uncomfortably loud.

Thus individual with reduced dynamic range face difficulty in listening to

discussions involving multiple speakers, each talking at different level. Listening

under different acoustical conditions requires such clients to frequently readjust the

volume control on their hearing aids.

Individuals with severe hearing loss are characterized by suprathreshold

processing deficits primarily by dramatically reduced frequency selectivity (Faulkner,

Rosen and Moore 1990) and in some circumstances by reduced temporal

discrimination (Lamore, Verwiej and Brocaar 1990, Nelson and Freyman 1987, Tyler,

Summerfield, Wood and Fernandes, 1982). Speech signal being a modulated

spectrum, both aspects, namely, spectral information and temporal information are
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relevant. The severely impaired listeners rely to a greater extent on temporal

information such as variation in speech amplitude (Rosen et al 1990) for perception.

Since the audiological profile differs for different degrees of hearing loss, the

choice of amplification also varies. Severely hearing impaired individuals require

different amplification characteristics than listeners with better hearing sensitivity.

The types of amplification strategies can be broadly divided into Linear and

Compression.

With linear hearing aids, the same amount of gain is applied to incoming

sounds of a given frequency regardless of the level of sound entering the hearing aid,

up to the maximum output level of the hearing aid. The effect of linear amplification

is that at a set volume, weak sounds may have insufficient gain to be audible to the

listener but intense sounds may be uncomfortably loud. One approach to the problem

is to reduce the dynamic range of speech signal so as to match the dynamic range of

the impaired ear. In order to do so, it is important to take into account the temporal

structure of speech. Compression strategies have been used for this purpose from

many years.

Different types of compression strategies are available including Automatic

gain control (AGC), Wide Dynamic Range Compression (WDRC) and Compression

Limiting (CL). Most hearing aid wearers are now fitted with multichannel wide

dynamic range compression which gives more gain for weak sounds than for intense

sounds. WDRC compresses most of the speech spectrum into the residual range,

giving increased audibility and comfort and making loudness perception more similar

to normal (Villchur, 1973).
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There has been various studies reported in literature that compared WDRC

with Linear amplification and found greatest benefits for WDRC for low level speech

in quiet, conversational level speech in quiet (Souza 2002) and some studies have

even shown small benefits for speech in background noises (Moore, Peters and Stone

1999). However, nearly all these data were based on listeners with mild to moderate

hearing loss.

It has long been accepted that listeners with a severe loss require different

linear amplification characteristics than listeners with a mild to moderate loss (Byrne,

1978; Byrne et al., 1990; Schwartz et al., 1988; Van Tasell, 1993). Because of their

broader auditory filters (Faulkner et al., 1990), listeners with a severe-to profound loss

may not be able to take full advantage of spectral information (eg, Erber, 1972) and

must rely to a greater extent on temporal cues, which are altered by WDRC

amplification (Lamore et al., 1990; Moore 1996; Van Tasell et al., 1987). For WDRC

amplification, recall that one effect is alteration of the natural time-intensity variations

of the speech signal. For listeners with a mild-to-moderate loss who presumably

depend to a greater extent on spectral cues, these changes in time-intensity variations

do not significantly offset the benefits of improved speech audibility (Souza and

Turner, 1996, 1998 and 1999).

Souza P. E., and Jenstad L. M, (2005) attempted to compare speech

recognition scores across different amplification strategies for listeners with severe

hearing loss and found that the benefits of fast acting WDRC relative to more linear

amplification may be reduced in listeners with severe loss.

In contrast, Moore and Marriage (2005) studied the effect of three

amplification strategies on speech perception by children with severe and profound
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hearing loss and found that speech scores on close set testing for the profound group

showed significant benefit for WDRC over the other two algorithms. There was a

contrast in result probably because the latter study was done on children with

congenital hearing loss, were the dynamic range is not reduced as in adults with

sensorineural hearing loss.

Review of hearing aids for hearing impairment has shown that signal

processing techniques that take the acoustic- phonetic structure of speech into account

promise to be more effective in improving intelligibility than non phonetically - based

methods of signal processing, provided the relevant speech features are extracted

reliably. A form of signal processing which is phonetically based and which holds

some promise for improving intelligibility is that of adjusting the ratio of consonant

intensity to vowel intensity (C-V ratio). So the consonant vowel ratio appears

promising as a good measure for selection of suitable strategy for an individual. Thus

the amplification strategy that improves the consonant vowel ratio by enhancing the

consonant amplitude might provide better speech perception.

Acoustic analysis of single channel syllabic compression and linear

amplification has revealed that compression may result in changes in the intensity

relationships between parts of the speech signal (Hickson & Byrne, 1995). It is

expected that increase in the CVR could be expected to improve consonant perception

for people with hearing impairment. Even research in linguistics with normal hearing

subjects reveal that CVR itself is an important cue for perception of certain sounds.

Thus calculating the Consonant vowel ratio of the speech signal after signal

processing through a hearing aid might help in predicting the performance through

that hearing aid. Hickson & Thyer (1998) reported that it is possible to predict speech
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perception performance with compression by examining the acoustic characteristics

of the processes speech signal.

Need for the study

The aim of the present study was to investigate acoustic changes to the speech

singal (in terms of Consonant Vowel Ratio and Envelope Difference Index) that

occuarred with different amplification strategies and to examine the relationship

between such changes and speech perception in individuals with severe sensorineural

impairment.

Objectives

> To study the effects of different amplification strategies on speech recognition

scores of severely Hearing Impaired listeners,

> To objectively measure the acoustic effects of different amplification

strategies on amplified speech ( by calculating the consonant vowel ratio and

Envelope difference index) and,

> To evaluate the relation between acoustic changes and speech recognition.
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Hypothesis:

A) Hypothesis 1: There is no significant difference between the Speech Recognition

scores across strategies (Peak Clipping, Compression Limiting and Wide Dynamic

Range Compression) at

1. 65dBSPL

2. 80dBSPL

B) Hypothesis II: There is no significant difference in the Speech Recognition scores

for the stimuli across Levels within strategies (Peak Clipping, Compression Limiting

and Wide Dynamic Range Compression).

C) Hypothesis III: There is no significant difference in the Consonant Vowel Ratio

values for the stimuli across strategies (Peak Clipping, Compression Limiting and

Wide Dynamic Range Compression) at

1. 65dBSPL

2. 80dBSPL
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REVIEW OF LITERATURE

Hearing loss involves a multifaceted loss of hearing ability. There are some

problems which are common in individuals with sensorineural hearing loss. Some

sounds are inaudible. Other sounds can be detected because part of their spectra is

audible, but may not be correctly identified because other parts of their spectra

(typically the high frequency parts) remain inaudible. The range of levels between the

weakest sound that can be heard and the most intense sound that can be tolerated may

be less. In addition, sensorineural impairment diminishes the ability of a person to

detect and analyze energy at one frequency in the presence of energy at other

frequencies; similarly, a hearing-impaired person has decreased ability to hear a signal

that rapidly follows, or is rapidly followed by a different signal. This decreased

frequency resolution and temporal resolution makes it more likely that noise will

mask speech than would be the case for a normal-hearing person. All the above

mentioned problems affect or hamper communication. Hearing aids are used to reduce

or overcome these problems. Over the years there has been advancement in hearing

aid technology to provide comfort and better perception to the clients. The main aim

is to improve speech perception without causing discomfort.

The Speech Signal: A speech signal can be described in physical terms as a

modulated spectrum. Both aspects i.e. spectral information and temporal information

are relevant. The two aspects are not equally important for all parts of speech

(Verschuure et al. 1993). Vowels, semi-vowels, and nasals require good spectral

resolution (separate detection of Fl and F2) while there is little information in the

(almost absent) modulations. Fricatives and plosives, on the other hand, are strongly



modulated signals differing mainly in time structure (e.g. the gap before the plosive);

only crude spectral analysis is required. The average spectrum of speech can be

described roughly as having a peak around 400 Hz and falling off above 500 Hz at a

rate of about 10 dB/octave.

The modulation can also be represented by a spectrum, the amplitude-

modulation spectrum (Plomp, 1983). The relevant frequencies of this spectrum range

roughly from 0.1 to 40 Hz. The frequency of maximum modulation is around 3 Hz

and the maximum amount of modulation is found in the frequency band around 1

kHz. For the high frequency band (4 kHz), the maximum shifts somewhat toward a

higher modulation frequency (5 Hz).

Amplification Strategies

The amplification strategies are broadly divided into Linear and Compression types.

Linear Amplification Strategy:

In Hearing aids linear amplification strategy provide a constant gain is applied

to all input levels until the hearing aids saturation limit is reached. Since daily speech

include such a wide range of intensity levels, from low intensity consonants / f / to

high intensity vowels / i / and whispered speech to shouting speech, the benefit of

linear amplification gets restricted when the amplification needed to make low

intensity sounds audible amplifies high intensity sounds to the point of discomfort. In

other words linear amplification strategies have a limited capacity to maximize

audibility across a range of input intensities.
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Compression Amplification Strategy:

To solve the problem of reduced dynamic range most of the hearing aids now

incorporate some form of compression amplification strategy in which gain is

automatically adjusted based on the intensity of the input signal. The higher the input

intensity more the gain is reduced. It is expected that individual using compression

hearing aids perform better than those using peak clipping aids in listening condition

that include wide range of speech levels (Benson, Clark & Johnson, 1992; Moore et

al, 1992, Souza and Turner, 1999). However the benefit of compression amplification

strategy is yet to be established well.

Characteristics of Compression Hearing Aids: The basic characteristics of a

compressor are

i) Dynamic compression characteristics

Attack and Release time: Attack time is defined as the time taken for the output to

stabilize to within 2 dB (IEC 60118-2) or 3 dB (ANSI S3.22) of its final level after the

input of the hearing aid increases from 55 to 80dBSPL (IEC 60118-2) or 55 to

90dBSPL (ANSI S3.22). The release time is the time taken for the compressor to react

to a decrease in input level. Although attack and release time could be made to have

extremely short values, the consequences are most undesirable. If the release time is

too short, the gain will vary during each voice pitch periods, so the compressor will

distort the waveform. If the attack time is made extremely short, and the release time

is long then distortion is minimal. The attack and release times have a major effect on

how compressors affect the levels of the different syllables of speech.
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Several hearing aids currently available have an adaptive release time. The

release time is short (e.g. 20ms) for brief intense sound, but becomes longer (e.g.

1 sec) as the duration of the intense sound increases. When an adaptive release time is

combined with a short attack time, a brief intense sound will cause the gain to rapidly

decrease and then rapidly increase when the intense sound ceases.

ii) Static Compression Characteristics

Compression threshold: Compression threshold is defined as the point at which the

output deviates by 2dB from the output that would have occurred had linear

amplification continued to higher input levels.

Compression ratio: Compression ratio is defined as the change in the input level

needed to produce a ldB change in output level. The compression ratio of a linear

amplifier is 1:1. Compression ratio greater than about 8:1 would be considered as

Compression limiting. Compression ratio less than 1:1 corresponds to dynamic range

expanders rather than Compressors.

The range of inputs over which compression occurs is called the compression range.

Different approaches to compression methods: There are two different approaches to

compression methods. They are-

1. Output control

2. Input control

/. Output control

a) Peak clipping

b) Compression limiting
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a) Peak Clipping: Amplifiers cannot produce signals larger in voltage than some

specified maximum. If the biggest signal in the amplifier (usually the output

signal) is near this maximum, and either the input signal level or the gain of

the amplifier is increased, then the amplifier will clip the peaks of the signal.

All amplifiers create large amounts of distortion if the signal is sufficiently

peak clipped. When a complex signal is peak clipped, the distortion products

occur at frequencies that are harmonics of all the frequencies in the input

signal and at frequencies that are combination of all the harmonics.

b) Compression limiting: Compression limiting systems are characterized by a

short attack time, high compression threshold and high compression ratio,

typically greater than 5. The amplification is linear for most input levels and

an average speech signal would trigger the compression circuitry. As a means

of limiting hearing aid output it is generally considered to be superior to peak

clipping, which is an 'instantaneous' limiter that generates significant

harmonic and intermodulation distortion ( Boothroyd et al. 1988; Braida et al.

1979; Dreschler, 1988 b; Hawkins Noidoo, 1993; Preves, 1991; Walker &

Dillon, 1982).

2) Input control:

The fast acting syllabic compression or wide dynamic range compression have

short attack and release limits, low compression activating threshold and low

compression ratio (LS), Release times ranges from 50 to 150 msec. This type of

compression is attractive from the theoretical perspective in that, in principle, weak
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speech sounds can be amplified well above the threshold of hearing while relatively

intense speech sounds are not amplified above the listener's loudness discomfort

level.

AVC or longer term compression is characterized by the long time constants

used, with release time being greater than 150 msec. Compression threshold is

generally low and there is a high compression ratio (greater than 5). Theoretically this

type of amplification should allow good speech intelligibility and quality for a large

range of input levels, and can improve intelligibility and quality of amplified speech

for hearing impaired listeners with small dynamic range.

Multi-channel compression

In Multi-channel compression the incoming signal is split into different

frequency band and each band of signal passes through a different amplification

channel and each channel contains its own compressor. In a single channel

compression hearing aid, when the compressor turns the gain down, signal

components at all frequencies are decreased in level. It might not be appropriate to

have signal component at frequency being activated just because there is strong signal

or a limited dynamic range of hearing, at another frequency. Multi-channel

compression avoids this problem.

When the degree of compression is greater in the high frequency than low

frequency channel, there will be greater emphasis at low input levels than at high

input levels. This characteristic has been labeled as Treble Increase at Low Level

(TILL). When the degree of compression is greater in the low frequency channel than
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in the high frequency channels, there will be less high frequency emphasis at low

input level than at high input levels. This characteristic has been labeled as a Bass

increase at Low Level (BILL).

Rationales for Compression System

The general aim of the compressor is to provide higher gain for the soft sounds

than is for the loud sounds. Because of the frequency dependence of the recruitment

it is necessary to compensate for it by independent compressors in different frequency

channels. Dillon (1996) has outlined the rationales of compression system. All of the

following rationales include the desire to reduce the dynamic range of the signal in

some way.

1. Discomfort and distortion avoidance (CL)

2. Loudness normalization

3. Noise reduction

4. Reduction of signal dynamic range

a) Discomfort and distortion avoidance (CL):

If the output of a hearing aid is not limited in some way, output signals will

sometimes exceed the loudness discomfort level of the aid wearer. The primary

advantage expected for compression is that even if the aid wearer selects a high

volume control settings to amplify weak input signals the compressor will prevent

discomfort from occurring without distortion, if a high level wanted or unwanted

signal occurs.
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b) Loudness normalization

Because of the effects of the recruitment, the equal loudness contours of the

person with a high frequency sensorineural hearing loss show the greatest deviation

from the normality at low input levels. The principle of loudness perception is that,

for any input level and frequency, the hearing aid gain should be such that it is

sufficient enough for the wearer to report the loudness to be the same as that which a

person with normal hearing would report. Use of WDRC has been proposed as a

means to compensate for abnormal loudness growth, and several fitting procedures

have been developed in accordance with this philosophy (e.g., Allen et al., 1990; Cox,

1995 and 1999; Kiessling et al., 1997; Kiessling et al., 1996; Ricketts, 1996). The

intent of these procedures is to set compression parameters such that a listener

wearing a WDRC aid will perceive changes in loudness in the same way as a normal-

hearing listener (Kuk, 2000). Recent data confirms that WDRC amplification can

normalize loudness growth better than linear amplification (Fortune, 1999; Jenstad

et.al., 2000). Byrne (1996) argues against strict loudness normalization, pointing out

that normal-hearing subject can easily adjust to situational variations in loudness.

Byrne (1996) also notes that hearing-impaired listeners might do better with

compression parameters that explicitly do not normalize loudness growth, such as

equalizing loudness across frequency (Byrne et al., 2001).

c) Noise reduction

The noise reduction rationale aims to identify frequency component that do not

contribute to intelligibility or comfort and to attenuate those components relative to

more useful components. The basic assumption is that at any given time, the signal-

to-noise (SNR) will vary with frequency. A second assumption is that noise is one
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frequency region will mask useful signals in the other frequencies regions. The

rationale of reducing masking by attenuating the frequency regions with the poorest

SNR is supported by the data of Rankovic, Fryman & Zurek (1992).

d) Reduction of signal dynamic range

Because sound in various listening environments vary over a wide range of levels,

and because hearing impaired people listen most effectively over a narrow range,

compression can be used to translate a wide range of levels at the hearing aid input to

a range of levels at the aid output. This reduces the necessity for the aid wearer to

vary the volume control.

The major advantage expected for a WDRC is that the user has less need to vary

the volume control. The major disadvantage expected in the increased gains for low-

level inputs make feedback oscillation more likely for some subjects. Finally,

compression at low levels can cause pumping of background noise over a wide range

of speech and noise levels.

The Effect of Compression Strategies on Speech Intelligibility

A major problem limiting the efficacy of acoustic amplification systems for

sensorineural hearing impairments is that the dynamic range of hearing is reduced

significantly. Since the vast majority of people, who are candidates for acoustic

amplification, have a sensorineural hearing loss, this problem is one of considerable

importance. One approach to the problem is to reduce the dynamic range of the

speech signal so as to match the dynamic range of the impaired ear. In order to do so,

it is important to take into account the temporal structure of speech. Temporal
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fluctuations in speech level can be subdivided into two broad categories - slow

variations in level (on the order of seconds) associated with changes in overall voice

level, and relatively rapid changes in level (on the order of tens of milliseconds)

associated with the differences in level among the various sounds of speech (e.g.

vowel versus consonants).

Substantial changes in a speech signal can occur as the result of signal

processing by hearing aids. Different signal processing strategies results in acoustic

modification of the speech signal in both spectral and temporal aspects. These

changes might affect the speech perception of the individuals with hearing

impairments. There have been various studies reported in literature that shows the

relationship of different strategies and speech recognition performance.

Peak clipping was the commonly used strategy in hearing aids in the 1990 in

US to limit maximum output. Several earlier studies reported that peak clipping

actually increased the intelligibility of speech when the speech was presented in either

a background of noise (Licklider & Pollack, 1948, Miller & Mitchell, 1947) or in

quiet (Martin, 1950; Pollack, 1952).

But studies by Pollack & Pickett (1958) reported a slight decrease in word

recognition performance as the amount of peak clipping increased. Similar result was

found lately by Crain & Tasell (1994), the speech recognition thresholds increased

both for normal and hearing impaired subjects with increasing level of peak clipping,

with significant threshold shift occurring for clipping levels greater the 18 to 24 dB.
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With the advancement of technology there has been a proliferation of

advanced signal processing circuitry for hearing aids. Various forms of non linear

processing came in to use. The commonly used signal processing strategies are

Compression Limiting (CL) and Wide Dynamic Range Compression (WDRC).

Extensive research has compared linear and WDRC circuitry. Some of these

studies have shown benefits of compression (e.g. Benson, Clark & Johnson, 1992;

Moore et al, 1992, Souza and Turner, 1999). Others have reported no difference

(Plomp, 1994., Crain and Yund, 1995).

Jenstad & Shantz (1999) found that the WDRC aid resulted in high and

uniform speech recognition scores across the five spectra. In contrast, the linear gain

aid resulted in a lower recognition scores for softer speech and shouted speech

relative to that obtained with average speech level.

There are reports in literature that show that different degrees of hearing loss

gets advantage with different amplification strategies, Shanks & Williams (2002)

reported that significant differences favored the peak clipping and compression

limiting circuits over the WDRC in mild hearing loss groups and favoured the WDRC

over the peak clipping in the more severe slopping hearing loss groups.

Compressing the speech signal into a very small dynamic range using a

WDRC for a severely hearing impaired individual might have detrimental effects on

speech intelligibility by reducing the depth of amplitude modulation in speech by

introducing distortion in temporal envelopes, and reducing spectral contrast (Plomp

1988, Stone and Moore 2002, 2004).
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Marriage & Moore (2003) reported that WDRC can give significant

improvement in consonant discrimination for children with moderate and severe-

profound hearing loss.

Souza P.E., & Jenstad L.M. (2005) attempted to compare speech recognition

scores across different amplification strategies for listeners with severe hearing loss

and found that the benefits of fast acting WDRC relative to more linear amplification

may be reduced in listeners with severe loss.

Moore & Marriage (2005) studied the effect of three amplification strategies

on speech perception by children with severe and profound hearing loss and found

that speech score on close set testing for the profound group showed significant

benefit for WDRC over the other two algorithms.

Experimental studies on speech perception with multi channel compression

have been characterized by their variability. Some studies have shown positive

benefits of compression compared to conventional linear amplification (Benson et al.

1992; Moore et al. 1992, Souza & Turner, 1999) and others have reported no

difference (Plomp, 1994, Crain & Yund, 1995). There has been a report of detrimental

effects of compression on speech perception for some individuals (Crain & Yund,

1995; Hickson et al. 1995; Plomp, 1994). It has been suggested that closer

examination of the acoustic properties of the compressed speech signal may help to

explain some of the variation in findings (Hickson, 1994; Plomp, 1994; Hickson et al.

1999).
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Effects of Compression on Acoustic Cues for Speech Identification

Speech intelligibility is determined by the listener's ability to identify acoustic

cues essential to each sound. Implicit in this process is accurate transmission of these

cues by the hearing aid. Certainly audibility of specific speech cues is a major factor

in speech intelligibility. However, it is also important to consider whether acoustic

cues are distorted or enhanced by compression amplification. The work of DeGennaro

et al. (1986) provides a convincing demonstration that more than simple audibility

changes are involved. These investigators began by measuring the distribution of

short-term RMS levels at each frequency. They then processed speech with

compression systems that placed progressively greater amounts of the range of

amplitude distributions above the subject's hearing threshold. Interestingly, no subject

showed a consistent improvement with compression, although from an audibility

perspective some improvement would be expected as greater amounts of auditory

information exceeded detection thresholds and thus became audible. It is possible that

compression distorts some speech cues, offsetting the benefits of improved audibility,

at least for some compression systems and for some listeners.

Recently, interest has been renewed in the importance of temporal cues for

speech intelligibility (e.g. Shannon et al., 1995; Turner et al.., 1995; Van Tasell et

al.., 1987 and 1992) and speculation that these cues are disrupted by fast-acting

WDRC (e.g., Boothroyd et al., 1988; Dreschler, 1989; Plomp, 1988; Verschuure et

al., 1996). Temporal cues include the variations in speech amplitude over time and

range from the very slow variations of the amplitude envelope to the rapid "fine-

structure" fluctuations in formant patterns or voicing pulses (Rosen, 1992). With

regard to compression, most attention has focused on fluctuations in the amplitude
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envelope, in part because alteration of the amplitude envelope is the most prominent

temporal effect of fast-acting WDRC. The amplitude envelope contains information

about manner and voicing (Rosen, 1992; Van Tasell et al., 1992) and some cues to

prosody and also the suprasegmentals of speech (Rosen, 1992). Compression alters

the variations in the amplitude envelope and reduces the contrast between high-

intensity and low-intensity speech sounds. Of course, the reduced intensity variation

is a desirable effect of compression. However, because both normal-hearing and

hearing-impaired listeners can extract identification information from amplitude

envelope variations (Turner et al., 1995), it is possible that alterations of these cues

could affect speech intelligibility.

The listeners who have normal or near-normal spectral discrimination ability

(Moore, 1996; Van Tasell, 1993) should be able to extract sufficient spectral and

contextual information to compensate for altered temporal cues. The clinical impact

may be greater for listeners who depend to a greater extent on temporal cues-most

obviously, listeners with a severe-to-profound loss (Lamore et al., 1990; Moore,

1996).

All sounds are not equally susceptible to distortions of temporal cues. The

greatest effect is on sounds where critical information is carried by variations in sound

amplitude over time. For example, important features of the stop consonants (/p/, /t/,

k/, /b/, /d/, /g/) include a stop gap (usually 50 to 100 milliseconds in duration)

followed by a noise burst (5 to 40 milliseconds in duration). Voiced stops (/b/, /d/, /g/)

are distinguished from voiceless stops (/p/, /t/ /k/) by the onset of voicing relative to

the start of the burst. For syllable-initial stops, voice onset time (VOT) ranges from
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close to 0 milliseconds for voiced stops to 25 milliseconds or more for voiceless stops

(Kent and Read, 1992). Perception of stop consonants can therefore be modeled as a

series of temporal cues (i.e., a falling or rising burst spectrum followed by a late or

early onset of voicing).

Single-channel, fast-acting compression applied to synthetic speech increases

the amplitude of the consonant burst, resulting in erroneous perception (/t/ for /p/)

(Hedrick and Rice, 2000). Similarly, Sreenivas et al., (1997) noted that a two-channel

syllabic compressor increases the amplitude of the consonant burst, particularly in the

mid-frequency region, resulting in more errors of /g/ for /d/ (for unprocessed speech,

the

peaks of /g/ are more prominent in the 1-2 kHz range, with the spectral peaks for /d/

mainly in the region of 4-5 kHz. Affricate perception is impaired in multichannel

WDRC systems, and that the most common error is a stop consonant (Jenstad and

Souza, 2002).

Consonant vowel ratio and speech perception

The Consonant vowel ratio is the measure of the difference in intensity

between the consonant and vowel. Several studies have demonstrated the relationship

between CVR and speech intelligibility. House et al (1965) found differences in test

scores of about 3 dB shift in speech to noise ratio for the two different talkers stimuli,

and analysis of the recorded stimuli showed that, although the vowel for both speakers

were approximately equal in level ,consonant levels for the less intelligible speaker

were 2-4 dB lower than the more intelligible speaker.
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The strategies use to increase the magnitude of consonants relative to the

vowels (e.g., reduce the vowel-consonant ratio), are reported to have the most

favorable improvements in consonant recognition by hearing-impaired subjects.

With single channel compression, significant acoustic changes are

introduced into the speech signals that are different from those seen in linear

amplification system. The most commonly reported change is an increase in the

consonant vowel ratio (CVR) where the intensity of vowels decreased (Hickson &

Byrne, 1995). CVR changes may also occur with linear amplification that has a high

frequency emphasis, and the extent of any CVR change depends on a combination of

the compression characteristics and the frequency gain response.

There is evidence that CVR may be a cue for the perception of some

consonant sounds for people with hearing impairment, and therefore increasing CVR

is not always beneficial (Hickson et al. 1995; Hickson & Byrne, 1997; Hedrick &

Rice, 2000) reported that a single channel fast acting WDRC restricted the range of

differences in amplitude between consonant and vowel in discrete frequency region.

The restriction of relative amplitude between consonant and vowel significantly

affected labeling of phase of articulation for a continuum of synthetic voiceless stop

consonants by listeners with sensorineural hearing loss.

Hickson & Thyer (1998) reported that it is possible to predict speech

perception performance with compression by examining the acoustic characteristics

of the processed speech signal. Hickson & Thyer(2003) r eported that compression
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amplification, that best preserves the acoustic properties of speech relative to linear

amplification will yield the best speech perception results.

Hearing Impaired Listeners confuse unvoiced consonants more than any other

type of speech phoneme, especially in background noise. Speech-enhancing hearing

aids are designed to improve speech intelligibility of these difficult to perceive sounds

by reducing environmental noise or by enhancing the speech signal itself. Improving

consonant to vowel intensity ratio (CVR) has been explored as one technique for

speech enhancement. As a result of increasing CVR, consonants may become

audible, which is probably more important for good speech perception than the

improvement in CVR (Freyman & Nerbonne, 1989). Consequently, it is assumed that

more consonant emphasis relative to vowel amplification is desirable in a hearing aid

fitting, but there have been relatively few investigations to substantiate this.

In the past, most published efforts to increase CVR have been implemented

with large digital computers for research purposes rather than with technology

suitable for packaging in head worn hearing aids. However, it is also possible to

develop consonant enhancement algorithms with analog circuitry that are suitable for

head worn, even in the ear (ITE), hearing aids. Some of these approaches have been

utilized for many years in head worn hearing aids. For example, Edgardh (1952)

studied a single-channel syllabic compressor hearing aid with a low enough

compression threshold and reported that it significantly improves the CVR.

Regardless of whether large digital or subminiature analog approaches are

used, the goal is to accomplish this CVR increase without audible artifacts so that
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speech and background environmental sounds are not altered in unnatural or

unpleasant ways. Indeed, excessive manipulation of the speech signal in

inappropriate ways can actually lead to degradation in speech recognition (e.g.

Bunnell, 1990; Bustamante & Braida, 1987; Moore, 1990; Plomp, 1988).

Techniques for CVR Enhancement

Many of the first ideas for speech enhancement resulted directly from

investigations conducted to determine what speech cues are important for perception.

For example, because of the findings of Picheny, Durlach & Braida (1985), in which

intelligibility of clearly spoken speech was superior to that for normally spoken

speech in continuous discourse, attempts were made to alter some of the acoustic

features of clearly spoken speech (Picheny, Durlach & Braida, 1986). This was

typically accomplished by manipulating the speech waveform to alter such features as

vowel duration and amplitude, consonant duration and amplitude, extent of formant

transitions, voice onset time and burst amplitude for stop consonants, and amount of

frication noise.

Increasing the acoustic energy of consonants relative to vowels via consonant

amplification and expansion shows promise for improved consonant recognition for

hearing-impaired persons. This type of processing may be useful in improving SNR

compared to linear processing for low-level signals (Dillon, 1989; Villchur, 1973).

Compression has been studied for use in hearing aids for about 40 years (e.g. Walker

& Dillon, 1982). Niederjohn & Grotelueschen (1976) studied the effects on speech

intelligibility in high levels of competing noise of high-pass filtering followed by

automatic amplitude normalization (syllabic compression). They used a compressor
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with rapid attack and release times (8 msec) so as not to interfere with the transient

characteristics of speech. They pointed out that because of its quick response time,

the compressor would produce an attenuation of high-level vowel energy, which

would tend to increase the CVR. They found significant intelligibility advantages for

high-pass filtering followed by amplitude normalization over unprocessed speech.

Dreschler (1988) indicated that syllabic compression equalizes levels between

successive sounds, thus bringing up consonant levels. Although syllable compression

has considerable intuitive face validity for compensating the reduced dynamic range

of hearing-impaired persons, it is not routinely used in a high percentage of hearing

aid fittings.

Several researchers have shown little, if any, benefit comparing syllabic

compression to linear amplification. Walker & Dillon (1982) and Dreschler (1988)

speculated that the benefits of recruitment compensation may be nullified in effect by

temporal distortions from the compressor attack and recovery times and their

alterations of the normal intensity cues of speech. A compression limiting is only

active at high signal levels; it may provide some CVR enhancement without

significantly altering the dynamics of conversational speech signals compared to the

effect of a syllabic compressor (Walker & Dillon, 1982).

To eliminate the problem of single-channel compressors in which gain across

the entire frequency range is reduced by a low-frequency noise, a multiband

compressor having independent Automatic Gain Control (AGC) circuits for each

frequency band has been utilized. With multi-channel compression, low-frequency

25



noise would theoretically cause gain reduction only in the low frequency band(s), and

the weaker high frequency components of speech, critical for good speech

intelligibility, would continue to.be maximally amplified (Kates, 1986). High

compression ratios with multichannel AGC may degrade the relative intensity cues

required to identify stops or fricatives (DeGennaro, Braida & Durlach, 1986; Plomp,

1988).

The problems of interference with the high-frequency components of the

speech signal by syllabic compressors may apply even more strongly to fast-acting

multichannel compressors with many independent compression bands reduce the

natural amplitude contrasts in the speech signal (Plomp, 1988). Therefore, Plomp

contends that longer compressor time constants should be used with multichannel

AGC. However, Villchur (1989) reminds us that Licklider and Pollack (1948)

showed that speech was perfectly intelligible after infinite amplitude clipping

resulting in a signal with no amplitude contrasts. Villchur states that although

multichannel AGC decreases the peak to valley level differences within speech, the

audibility of weaker components of speech, such as consonants, may be preserved

after compression. He concluded that only field experience with two-channel

compression will prove the viability of multichannel AGC.

Using modified dbX compressors in two channels, Yanick & Drucker (1976)

excluded that a combination of expansion and compression was superior to both

compression alone and to linear amplification. They reported a 10% improvement in

recognition scores with compression and expansion combined over compression alone

for six hearing-impaired listeners in a signal to noise ratio (SNR) of+6 dB. Walker,
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Byrne & Dillon (1984) evaluated speech intelligibility for a six-channel

expander/compressor for a small group of subjects. The expander operated mainly on

low-level energy in the high-frequency channels. They concluded that expansion

degraded low-level speech intelligibility or, at best, did not change it as compared to

linear six-channel frequency shaping. In their study, expansion failed to improve

intelligibility of very low-level final consonants. However, the outcome of this study

might have been influenced by the degradation of the speech signal resulting from

automatically manipulating the gain simultaneously in six bands.

Use of expansion for increasing perception of low-level consonants has been

suggested by Kates (1984). In his implementation, the level of high-frequency energy

was sensed in a number of band-pass channels. After determining the presence of a

consonant from the short-term spectral shape, if the speech level in a high-frequency

band exceeded a preselected threshold, a 3:1 dynamic range expansion was applied in

that band. Linear amplification was performed at frequencies below 500 Hz. Gordon-

Salant (1987) found that a CVR increase of 10 dB resulted in an overall 14% increase

in consonant recognition percent correct for elderly persons with gradually sloping

and sharply sloping, mild to moderate high-frequency hearing loss. For these tests, 19

consonants, paired with three vowels, were presented at 75 and 90 dB SPL with

competing 12-talker babble at a +6 dB SNR. In the same study, increasing consonant

duration by 100% and combining the amplitude and duration enhancements produced

no improvement and even a decrement in consonant recognition scores for some

subjects.
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Using much the same protocol for consonants from the California Consonant

Test amplified by 10 to 21 dB at 65 and 95 dB SPL presentation levels, an

improvement in intelligibility of 10% was reported at the lower level by Montgomery

and Edge (1988). In that study, this amount of consonant enhancement resulted in the

consonants and vowels having equal amplitude (CVR = 0 dB), which may have been

too large an increase for some of the mild to moderately hearing-impaired subjects.

In searching for the optimal CVR for each subject with 3, 6, 9 and 12 dB increases in

consonant level and the CVR, Kennedy & Levitt (1990) obtained a 15% improvement

in NST scores for nine moderate to moderately severe hearing-impaired listeners,

averaging across all subjects and conditions. Too much consonant amplification for

certain consonants for some subjects resulted in an intelligibility decrement from the

"ideal" amount of enhancement. The implication is that the optimal CVR varies with

the particular consonants and vowels combined and the characteristics of the auditory

system of the listener.

The review of literature has made it clear that there are ample studies on the

amplification choices for individual with mild to moderate hearing loss but very few

studies highlighting the amplification choices for severely hearing impaired

individuals.

There is dearth of studies in Indian literature highlighting the amplification needs and

suitable choices available for this group of population. Hence, the particular study was

planned. There is a need to support the perceptual findings with some objective data

to strengthen the study results. Literature available has shown that speech perception

can be predicted through acoustic analysis of the processed stimuli (Hickson and

Thyer, 1998). So with this objective, consonant vowel ratio and Envelope Difference
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Index was calculated for the speech stimuli after processing through different

amplification conditions and there effect on speech recognition scores was studied.
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METHOD

The present study attempted to measure the acoustic changes in speech

processed through three different amplification strategies and to study their effect on

speech recognition scores of individual with severe hearing impairment.

Subjects

> 10 subjects (5 males and 5 females) between 20- 55 years of age participated

in the study.

> All subjects had bilateral moderately severe to severe sensorineural hearing

loss (65-90 dBHL).

> All subjects were naive hearing aid users.

> They all had normal middle ear functioning.

> They all were native Kannada speakers.

Instruments and Software used:

> MADSEN OB922- Dual channel diagnostic audiometer attached with TDH

39 Headphone, and 2 Martin Audio loudspeakers.

> GSI-Tympstar

> Phonak Supero Digital BTE

> NOAH Link Compass Version 4 programming software

> MATLAB, Wave Surfer, Wave pad

> Larsen and Davis 824 Sound level Meter



Stimuli:

> CV items word list containing nonsense monosyllabic words were

recorded with a unidirectional microphone fixed at a distance of 6

inches from the speaker. The recording was done by a native Kannada

speaker seated in a sound treated room.

> The speaker uttered the words thrice which were recorded through a

PC sound card and stored onto the computer memory.

> The CV word list consisted of 16 consonants paired with three

different vowels /a/, IV and l\xl such that most of the speech frequencies

are covered. Attempt has been made to include most of the phonemes

covering the full speech spectrum as shown in (Figl).

Fig 1. Audiogram showing Speech spectrum

> However the number of consonants and vowels were restricted because

the study required calculation of Consonant Vowel Ratio for each
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stimulus which is a tedious and lengthy job. The word list consisted of

48 CV items shown in (Table 1).

> The stimulus was recorded in a sound proof room at the sampling rate

of 44.1 kHz and 16 bit resolution and stored onto to the computer

memory. An inter-stimulus interval of 3 sec was introduced between

stimuli using Wave pad Software.

> The list was randomized and 6 different word lists were prepared. A

calibration tone of 1 kHz was recorded at the same level as the speech

stimuli.

Table I- Consonant, vowels and combination of CV stimuli used in the study.

> All speech stimuli were played through a computer attached to an OB992 two

channel diagnostic audiometer attached to two loudspeakers (Martin Audio).

Speech and 1 kHz tone were generated from the same loudspeaker at a

distance of around l meter from the clients head.

> Level in dBA was set using the calibration track on the computer output with

the sound level meter (Larsen and Davis 824), placed in the position of the

clients head without the client present.
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Procedure

[A] Experiment-I: To measure the effect of different amplification strategies on

speech recognition scores.

A routine audiological evaluation that includes pure tone audiometry, using

Carhart - Jerger Modified Hughson - Westlake (1959) procedure using a calibrated

(ISO-389, 1994) dual channel diagnostic audiometer (MADSEN OB922) with TDH

39 headphone was done. Speech recognition scores and Uncomfortable loudness level

for speech was measured. Immitance measurements including Tympanogram and

Acoustic Reflex Threshold were carried out using GSI-Tympstar to rule out any

middle ear pathology. The tests were carried out in a acoustic treated room with noise

level within the permissible limits (ANSI S3.1-1991 cited, Wilber 1994).

After audiological evaluation subjects were fitted with Phonak Supero 412

Digital BTE Hearing aid having the option of different signal processing strategies:

Wide Dynamic Range Compression, Peak clipping and Compression limiting. The

hearing aid was programmed for all the three signal processing conditions using

NAL-NL1 (Dillon et al., 1998) prescriptive formula using the NOAH Link Compass

Version 4 programming software.

Subjects were fitted with the programmed hearing aid coupled to a custom

made ear mold and the speech recognition scores were calculated for all the different

signal processing conditions. CV items were presented from the computer Sound card

attached to the two channel diagnostic audiometer. The stimuli were presented via the

loudspeaker at the distance of 1 m from the client. The stimuli were presented at the

level of 65 and 80 dBSPL. The responses of the client were noted and scored. This
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procedure took around 2 hours because as the CV list containing 48 items had to be

administered at two levels (65, 80 dBSPL) and at three different amplification

conditions (Peak clipping, Compression limiting, Wide dynamic range compression).

Hence the numbers of subjects were restricted to 10.

[B] Experiment II: To measure the effect of different amplification strategies on

speech acoustics.

The acoustic measures used in the study were Consonant Vowel Ratio (CVR)

and Envelope Difference Index (EDI) that quantifies the effect of amplification

strategies on the temporal envelope of speech. The programmed hearing aid (for all

the different signal processing conditions) as used in experiment I, was kept in an

anechoic chamber and the following acoustic analysis was done:

1) CVR calculation: Fig shows the Block diagram for the Experimental set up for

Consonant Vowel Ratio calculation. Steps involved in the calculation of CVR were as

follows

> The CV items were presented at the level of 65 and 80dBSPL into an

anechoic chamber through a PC soundcard. A microphone connected to

the Sound level meter was placed in the anechoic chamber to record the

input stimuli. The level in dBSPL was maintained by monitoring through

Sound Level Meter. Levels were adjusted using preamplifier. The stimuli

picked up by the microphone was routed through the SLM and stored on to

the computer memory. Using the same procedure all the CV items were

recorded at 65 and 80 dBSPL

34



> In the next step, the programmed hearing aid for each of the different

conditions was kept in the anechoic chamber with the receiver output

coupled to a 2cc coupler. The microphone of the SLM was coupled to the

other end of the 2cc coupler. The stimuli presented in the anechoic

chamber were picked up by the hearing aid microphone. The input level of

the stimuli was fixed at 65 and 80 dBSPL that was monitored through the

SLM (by manipulating the volume control of the preamplifier). The

stimuli processed through the hearing aid were picked up by the

microphone attached to SLM and stored onto the computer memory. Using

the same procedure all the stimuli were processed through the hearing aid

at 2 different input levels (65, 80 dBSPL) and 3 different amplification

conditions.

> Recording of stimulus was a complex job, because for each stimulus the

preamplifier had to be manipulated manually to keep the input level in

SLM fixed at 65 and 80 dBSPL. Recording for one particular condition

(288 stimuli) took around 3 hours.

> Consonant vowel ratio was calculated for the processed (output from

hearing aid) and unprocessed (input to the hearing aid) stimuli using

MATLAB software. Since the process is time consuming and complex we

had to restrict the CVR calculation to 5 subjects.
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Fig. 2: Block diagram of the experimental setup for CVR calculation.

> MATLAB is a numerical computing environment and programming

language. Created by The MathWorks, MATLAB allows easy matrix

manipulation, plotting of functions and data, implementation of

algorithms, creation of user interfaces, and interfacing with programs in

other languages. Although it specializes in numerical computing, an

optional toolbox interfaces with the Maple symbolic engine, allowing it to

be part of a full computer algebra system. Toolboxes are comprehensive

collection of MATLAB functions (M-files) that extend the MATLAB

environment to solve the particular classes of problems.

> Using the MATLAB (M-files), the coding is done for analyzing the

Consonant vowel ratio.
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Algorithm: Matlab based algorithm for CVR calculation proceeds in the following

steps:

1) Acquire the speech signal (processed and unprocessed stimuli)

2) Plot the waveform

3) Apply low pass Butterworth Filter on the input signal to suppress high

frequency content of the signal for e.g. for the vowel /a/ the cut off

frequency was fixed at1000Hz.

4) Plot the waveform and obtain the maximum amplitude of vowel.

5) Apply high pass Butterworth Filter on the input signal to suppress low

frequency content of the signal.

6) Plot the waveform and obtain the maximum amplitude of consonant.

7) CVR = maximum amplitude of consonant / maximum amplitude of

vowel

2) Envelope Difference Index: This quantifies temporal changes caused by

amplification, and a measure is used for comparing the temporal contrasts of the two

acoustic signals called EDI. The Block diagram of the experimental set up for EDI

calculation is shown in Fig 3. To calculate EDI the original input waveform is fed as

input to hearing aid. The original waveform is scaled for the absolute values by

squaring each value of the waveform. Since the signal had to be subtracted, the

waveforms have to be scaled to a common reference point, so that temporal effects

may be analyzed without contamination with amplitude variations. Scaling is

accomplished by calculating the overall mean amplitude. This process scales each

value of the waveform to mean amplitude of 1.0, allowing the direct comparison of

the waveform. Correlation index was calculated using the formula:
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5) Both the scaled waveforms are correlated using cross correlation

technique

6) The CI value is calculated using the formula given above.

Fig 4: Flow chart of the algorithm used to calculate EDI

The unaided waveform (SAMPLEIn) was subtracted point by point, from the

aided waveform (SAMPLE2n), and the absolute value of the difference was taken.

Correlation Index (CI) was calculated as the mean of these value divided by 2. CI

value ranges from 0.00 (perfect correspondence between two waveforms) to 1.00 (no

correspondence between two waveforms)

> The procedure of recording was similar to that in CVR calculation. After

recording the output processed stimuli for the three conditions, following

steps were carried out.

> The length of the unprocessed and processed stimuli for the three

conditions at 65 and 80 dBSPL were manually adjusted to be exactly equal

using Wave Surfer. This was a complicated job because each time we had
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to run the stimuli in MATLAB then check the length, depending on that

we had to adjust the output in Wave surfer. It took around 30 min for each

stimulus for making the length equal to the input.

> After this the input and processed stimuli were run in MATLAB and using

the algorithm Correlation Index was calculated. The EDI calculation was

done for the data of one subject.
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RESULTS

[A] Experiment-I: The speech recognition scores obtained for 10 subjects were

analyzed to study the effect of amplification strategies and levels. SPSS, Statistical

Package for Social Sciences (version 10) for windows was used to analyze the data.

The following parameters were analyzed.

I) Effect of strategy on Speech recognition Scores: Table 2 shows the overall

mean Speech recognition scores, Standard deviation for different amplification

strategies at 65 and 80 dBSPL. The mean scores were better for the Peak

clipping (PC) at 65 dBSPL and for Compression Limiting (CL) strategy at 80

dBSPL.

Level
(dBSPL)

65

80

Strategies

Compression Limiting

Peak Clipping

Wide Dynamic Range Compression

Compression Limiting

Peak Clipping

Wide Dynamic Range Compression

Mean

23.8

24.0

21.6

28.5

26.7

26.7

SD

2.49

3.83

2.72

2.01

4.11

4.00

Table 2- Mean and Standard Deviation of speech recognition scores across conditions

Graph 1 shows the Mean percentage Speech recognition scores across

strategies. The mean percentage scores were higher for the Peak Clipping at 65

dBSPL and for Compression Limiting strategy at 80 dBSPL



Graph-1 Mean Percentage Speech recognition scores across strategies

a) At 65 dBSPL input:

One-way repeated measure ANOVA was performed for comparison across

strategies within 65 dBSPL. The effect of amplification strategy was significant, F (2,

18) = 3.661; p < 0.05. Since there was a significant difference across strategies, pair-

wise differences among them was tested with Bonferroni's multiple comparison.

There was a significant difference between WDRC and CL at 0.05 level of

significance. The mean scores were better for Compression Limiting than WDRC.

The remaining pairs were not significant at 0.05 level. Therefore, the Hypothesis that

there is no significant difference in Speech recognition scores across strategies at

65 dBSPL was rejected.

b) At 80 dBSPL input:
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One-way repeated measure ANOVA was performed for comparison across

strategy for 80 dBSPL input. The effect of amplification strategy was not significant,

F (2, 18) = 1.254; p > 0.05. Therefore, the Hypothesis that there is no significant

difference in Speech recognition scores across strategies at 80 dBSPL was accepted.

2) Effect of presentation level on speech recognition Scores

Paired t- test was done for comparison across level within each strategy. The

effect of presentation level was significant for all the strategies, WDRC [t (9) = 4.680,

p < 0.05], PC [t (9) = 6.384, p < 0.05], CL [t (9) = 6.567; p < 0.05]. The scores were

higher at 80 dBSPL than at 65 dBSPL. Therefore, the Hypothesis that there is no

significant difference in Speech recognition scores across levels within each

strategy was rejected.

In summary it can be stated that there was performance differenece between

Compression Limiting and WDRC strategies at 65 dBSPL but performance was

similar for Compression Limiting and Peak clipping strategies. However, there was

no difference in the performance between all the three strategies at 80 dBSPL.

[B] Experiment II

la) Effect of strategy on consonant vowel ratio

The consonant vowel ratio values obtained for 5 subjects were analyzed to

study the effect of amplification strategy. The CVR obtained were divided on the

basis of vowel and consonant environments. There were 3 vowel groups (/a/, /i/ /u/)

and 6 consonants groups (stops, nasals, affricates fricatives liquids and glides).
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a) Peak clipping condition'. Table 3 shows the overall mean CVR values and

Standard Deviation for 5 subjects The CVR values were for the stimuli with

vowel environment /a/, /i/ /u/ divided into 6 consonants groups (stops, nasals,

affricates, fricatives, liquids and glides )

Table-3- Mean Consonant vowel ratio and standard deviation for Peak Clipping
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Table 4 shows the mean CVR values and Standard Deviation of the input unprocessed

stimuli and the output processed stimuli in 3 different vowel environments for 5

subjects.

Stimuli
/a/ 65

/a/ 80

/i/65

/i/80

/u/ 65

/U/ / 8 0

Input
Output
Input

Output
Input

Output
Input

r Output
Input

Output
Input

Output

Mean
0.68
0.80
0.60
0.77
0.39
0.37
0.21
0.35
0.66
0.67
0.58
0.69

SD
0.14
0.04
0.17
0.04
0.22
0.10
0.18
0.09
0.23
0.08
0.19
0.08

Table 4- Mean and Standard Deviation of CVR values for the processed and
unprocessed stimuli

Paired t test was done to compare the CVR values of the unprocessed input and

processed output stimuli.

i) Stimuli with vowel environment /a/: There was significant difference

between the CVR values of the unprocessed and processed stimuli at

65dBSPL [t (15) = 3.451, p<0.01] and 80 65dBSPL [t (15) =4.351,

p<0.01]. The CVR values were higher for the processed stimuli as

compared to the unprocessed stimuli both for 65 and 80 dBSPL

ii) Stimuli with vowel environment /if: There was no significant

difference between the CVR values of the unprocessed and processed

stimuli at 65dBSPL [t (15) = 0.736, p>0.01] whereas difference was

seen at 80 dBSPL input [t (15) = 2.899, p<0.01]. The CVR was

enhanced significantly after processing at 80 but not at 65 dBSPL.
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Hi) Stimuli with vowel environment /u/: There was no significant

difference between the CVR values of the unprocessed and processed

stimuli at 65dBSPL [t (15) = 0.259, p>0.01] whereas difference was

seen at 80 dBSPL input [t (15) = 2.940, p<0.01]. The CVR was

enhanced significantly after processing at 80 but not at 65 dBSPL.

b) Compression Limiting: Table 5 shows the overall mean CVR values and

Standard Deviation for 5 subjects. The CVR values were for stimuli with

vowel environment /a/, /i/, Iwl divided into 6 consonants groups (stops, nasals,

affricates, fricatives, liquids and glides respectively). Table 6shows the mean

CVR values and Standard Deviation of the input unprocessed stimuli and the

output processed stimuli in 3 different vowel environments.
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Table-5- Mean Consonant vowel ratio and standard deviation for Compression
limiting
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Stimuli
/a/ 65

/a/80

/i/65

/i/80

/u/65

/u/80

Input
Output
Input

Output
Input

Output
Input

Output
Input

Output
Input

Output

Mean
0.68
0.79
0.60
0.80
0.39
0.41
0.20
0.40
0.66
0.75
0.58
0.71

SD
0.14
0.04
0.17
0.02
0.22
0.11
0.18
0.08
0.23
0.07
0.19
0.05

Table 6: Mean CVR values and Standard Deviation for unprocessed and
processed stimuli

Paired t test was done to compare the CVR values of the unprocessed input

and processed output stimuli.

i) Stimuli with vowel environment /a/

There was significant difference between the CVR values of the

unprocessed and processed stimuli at 65dBSPL [t (15) = 2.840,

p<0.01] and 80 dBSPL [t (15) =5.035, p<0.01].

ii) Stimuli with vowel environment ///

There was no significant difference between the CVR values of the

unprocessed and processed stimuli at 65dBSPL [t (15) = 0.194,

p>0.01] whereas difference was seen at 80 dBSPL input [t (15) =

4.454, p<0.01].

Hi) Stimuli with vowel environment /u/

There was no significant difference between the CVR values of the

unprocessed and processed stimuli at 65dBSPL [t (15) = 1.389,
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p>0.01] whereas difference was seen at 80 dBSPL input [t (15) =

2.720, p<0.01].

c) Wide dynamic range compression: Table 7 shows the overall mean CVR

values and Standard Deviation for 5 subjects. The CVR values were for the

stimuli with vowel environment /a/, /i/, /u/ divided into 6 consonants groups

(stops, nasals, affricates, fricatives, liquids and glides respectively).
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Table-7- Mean Consonant vowel ratio and standard deviation for WDRC
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Stimuli
/a/ 65

/a/80

/i/65

/i/80

/u/65

/u/80

Input
Output
Input

Output
Input

Output
Input

Output
Input

Output
Input

Output

Mean
0.68
0.70
0.60
0.74
0.40
0.49
0.21
0.35
0.56
0.66
0.58
0.66

SD
0.14
0.50
0.17
0.05
0.22
0.10
0.18
0.08
0.23
0.06
0.19
0.07

Table 8: Mean CVR values and Standard Deviation for unprocessed and
processed stimuli.

Paired t test was done to compare the CVR values of the unprocessed input

and processed output stimuli.

i) Stimuli with vowel environment /a/: There was no significant

difference between the CVR values of the unprocessed and processed

stimuli at 65dBSPL [t (15) = 0.520, p>0.01] whereas there was

significant difference at 80 dBSPL [t (15) =3.152, p<0.01].

ii) Stimuli with vowel environment /i/: There was no significant

difference between the CVR values of the unprocessed and processed

stimuli at 65dBSPL [t (15) = 1.431, p>0.01] whereas difference was

seen at 80 dBSPL input [t (15) = 3.118, p<0.01].

iii) Stimuli with vowel environment /u/: There was no significant

difference between the CVR values of the unprocessed and processed
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stimuli at 65dBSPL [t (15) = 1.488, p>0.01] at 80 dBSPL input [t (15)

= 1.790, p>0.01].

In summary, the consonant vowel ratio values for the processed were higher

than that of unprocessed for all the three conditions, following similar trend for peak

clipping and compression limiting but differed for wide dynamic range compression.

lb) Comparison of CVR values across different amplification strategies

i) Stimuli with vowel environment /a/

a) At 65 dBSPL: The mean CVR values and Standard Deviation for the processed

stimuli for all the 3 conditions are shown in Table 9. The mean CVR values

were higher for peak clipping.

Strategies

Peak Clipping

Compression Limiting

Wide Dynamic Range Compression

Mean

0.81

0.79

0.70

SD

0.04

0.03

0.05

Table 9: Mean CVR values across strategies for stimuli with vowel /a/ at 65 dBSPL

One-way repeated measure ANOVA was done to see the effect of

amplification condition. There was a significant effect of amplification

condition on the CVR values [F (2, 30) = 4.946, p < 0.05]. Since there was a

significant difference across strategies, pair-wise differences among them was

tested with Bonferroni's multiple comparison. There was significant

difference between Peak Clipping and WDRC, WDRC and Compression

Limiting at 0.05 level of significance. There was no significant difference
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between Peak Clipping and Compression Limiting at 0.05 level. The

hypothesis that there is no significant difference between the CVR values

across strategies at 65 dBSPL was rejected for the vowel environment /a/.

b) At 80 dBSPL: The mean CVR values and Standard Deviation for the processed

stimuli for all the 3 conditions are shown in Table 10. The mean CVR values

were higher for compression limiting

Strategies
Peak Clipping

Compression Limiting

Wide Dynamic Range Compression

Mean
0.77

0.80

0.74

SD
0.39

0.02

0.05

Table 10: Mean CVR values across strategies for stimuli with vowel /a/ at 80 dBSPL

One-way repeated measure ANOVA was done to see the effect of

amplification condition. There was a significant effect of amplification

condition on the CVR values. [F (2, 30) = 10.659, p < .05]. Since there was a

significant difference across strategies, pair-wise differences among them was

tested with Bonferroni's multiple comparison. There was significant

difference between Peak Clipping and Compression Limiting, WDRC and

Compression Limiting at 0.05 level of significance. There was no significant

difference between Peak Clipping and WDRC. The hypothesis that there is

no significant difference between the CVR values across strategies at 80

dBSPL was rejected for the vowel environment /a/.
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ii) Stimuli with vowel environment /i/

a) At 65 dBSPL: The mean CVR values and Standard Deviation for the processed

stimuli for all the 3 conditions are shown in Table 11. The mean CVR values

were higher for Wide Dynamic range Compression.

Strategies

Peak Clipping

Compression Limiting

Wide Dynamic Range Compression

Mean

0.37

0.41

0.49

SD

0.99

0.10

0.09

Table-11-Mean CVR values across strategies for stimuli with vowel l\l at 65 dBSPL

One-way repeated measure ANOVA was done to see the effect of

amplification condition. There was a significant effect of amplification

condition on the CVR values [F (2, 30) = 12.961, p < 0.05]. Since there

was a significant difference across strategies, pair-wise differences among

them was tested with Bonferroni's multiple comparison. There was

significant difference between Peak Clipping and WDRC, WDRC and

Compression Limiting at 0.05 level of significance. There was no

significant difference between Peak Clipping and Compression Limiting.

The hypothesis that there is no significant difference between the CVR

values across strategies at 65 dBSPL was rejected for the vowel

environment A/.

a) At 80 dBSPL: The mean CVR values and Standard Deviation for the processed

stimuli for all the 3 conditions are shown in Table 12. mean CVR values

were higher for compression limiting.

54



Strategies

Peak Clipping

Compression Limiting

Wide Dynamic Range Compression

Mean

0.35

0.40

0.35

SD

0.95

0.08

0.07

Table 12- Mean CVR values across strategies for stimuli with vowel l'\l at 80 dBSPL

One-way repeated measure ANOVA was done to see the effect of

amplification condition. There was a significant effect of amplification

condition on the CVR values [ F (2, 30) = 5.533, p < 0.05]. Since there was a

significant difference across strategies, pair-wise differences among them was

tested with Bonferroni's multiple comparison. There was significant

difference between Peak Clipping and Compression Limiting, WDRC and

Compression Limiting at 0.05 level of significance. There was no significant

difference between Peak Clipping and WDRC. The hypothesis that there is

no significant difference between the CVR values across strategies at 80

dBSPL was rejected for the vowel environment /i/.

in) Stimuli with vowel environment /u/

a) At 65 dBSPL: The mean CVR values and Standard Deviation for the processed

stimuli for all the 3 conditions are shown in Table 13. The mean CVR scores

were higher for compression limiting.

Strategies

Peak Clipping

Compression Limiting

Wide Dynamic Range Compression

Mean

0.67

0.75

0.56

SD

0.07

0.07

0.06

Table 13- Mean CVR values across strategies for stimuli with vowel IvJ at 65 dBSPL
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One-way repeated measure ANOVA was done to see the effect of

amplification condition. There was a significant effect of amplification

condition on the CVR values [ F (2, 30) = 42.301, p < 0.05]. Since there was a

significant difference across strategies, pair-wise differences among them was

tested with Bonferroni's multiple comparison. There was significant

difference between Peak Clipping and Compression Limiting, WDRC and

Compression Limiting, Peak Clipping and WDRC at 0.05 level of

significance. The hypothesis that there is no difference between the CVR

values across strategies at 65 dBSPL was rejected for vowel environment /«/.

b) At 80 dBSPL: The mean CVR values and Standard Deviation for the processed

stimuli for all the 3 conditions are shown in Table 14. The mean CVR were

higher for compression limiting.

Strategies
Peak Clipping

Compression Limiting

Wide Dynamic Range Compression

Mean
0.70

0.71

0.66

SD
0.08

0.05

0.06

Table 14- Mean CVR values across strategies for stimuli with vowel /u/ at 80 dBSPL

One-way repeated measure ANOVA was done to see the effect of

amplification condition. There was a significant effect of amplification

condition on the CVR values [F (2, 30) = 4.194, p < 0.05]. Since there was a

significant difference across strategies, pair-wise differences among them was

tested with Bonferroni's multiple comparison. There was significant

difference between Compression Limiting and WDRC at 0.05 level of

significance. There was no significant difference found between Peak Clipping
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and WDRC, and Compression Limiting and Peak Clipping. The hypothesis

that there is no significant difference between the CVR values across

strategies at 80 dBSPL was rejected for vowel environment/u/.

The overall result shows that the CVR values were higher for the Compression

Limiting strategy for the stimuli with vowel environment /a/ at 80 dBSPL, /i/ at 80

dBSL and IvJ at 65 and 80 dBSPL whereas it was higher for Peak Clipping strategy

for stimuli with vowel /a/ at 65 dBSPL and WDRC strategy for l\l at 65 dBSPL.

Graph 2 & 3 shows the 95% confidence interval for Consonant vowel ratio at

65 and 80 dBSPL respectively for input and output processed stimuli across

strategies. The range of CVR values was greater for the input stimuli as compared to

the output stimuli at 65 and 80 dBSPL. The CVR values were higher for the stimuli

with /a/ and IvJ vowel environment than for HI both for the input and output stimuli.

Graph 2: Error graph showing 95% confidence interval for Consonant vowel ratio at
65 dBSPL for input and output processed stimuli across strategies. Strategy I- peak
clipping, strategy II- compression limiting, strategy III- wide dynamic range
compression
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Graph 3 - Error graph showing 95% confidence interval for Consonant vowel ratio at
80 dBSPL for input and output processed stimuli across strategies. Strategy I- peak
clipping, strategy II- compression limiting, strategy III- wide dynamic range
compression

2) Effect of strategies on Envelope Difference Index: Table 15 shows the mean

Correlation index values and standard deviation for the stimuli with vowel

environment /a/, /i/, lul at input 65 and 80 dBSPL for one subject across three

strategies

stimuli

/a/ 65

/a/ 80

III 65/

/i/80

/u/65

/u/80

Strategies

Peak Clipping

Mean
0.29

0.04

0.23

0.05

0.13

0.02

SD
0.17

0.02

0.13

0.05

0.10

0.06

Compression Limiting

Mean
0.22

0.74

0.20

0.08

0.09

0.05

SD
0.18

0.07

0.14

0.13

0.06

0.07

Wide Dynamic Range
Compression

Mean
0.12

0.11

0.19

0.12

0.06

0.14

SD
0.09

0.10

0.15

0.14

0.06

0.15

Table 15- Mean Correlation index values and standard deviation for the stimuli with
Vowel environment /a/, /i/, lul at input 65 and 80 dBSPL
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Graph 4 & 5 shows the average Correlation index value across strategies at 65

and 80 dBSPL respectively.

Graph 4- Average Correlation index across strategies for stimuli with vowel
environment /a/, /i/, /u/ at 65 dBSPL. Strategy I- peak clipping, strategy II-
compression limiting, strategy III- wide dynamic range compression

Graph 5 - Average Correlation index across strategies for stimuli with vowel
environment /a/, /i/, /u/ at 80 dBSPL. Strategy I- peak clipping, strategy II-
compression limiting, strategy III- wide dynamic range compression.
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To recall, an EDI value of 0 means no difference between the unprocessed and

processed stimuli, and an EDI value of 1 means no correspondence between the two

temporal envelopes. The EDI value was greater at 65 dBSPL and as the level

increased to 80 dBSPL there was a decrease in the EDI value for all the strategies, the

change more significant for Peak clipping and Compression limiting but not for Wide

dynamic range compression. The EDI values were highest for Peak clipping and

lowest for compression limiting at 65 dBSPL whereas at 80 dBSPL it was just the

opposite, highest for WDR.C and lowest for Peak Clipping.
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DISCUSSION

1. Speech recognition scores

Results of the study demonstrated significant difference in speech recognition

scores across strategies at 65 dBSPL but no significant difference between strategies at

80 dBSPL. The scores were better with Compression Limiting at 65, 80 dBSPL

compared to WDRC. The study is in agreement with previous study by Barker et al

(2001) and Souza & Jenstad (2005). Even Hickson & Thyer (2003) found that at higher

input levels there was no difference between linear and compression amplification. We

know that variation in amplitude over time provides critical speech information. Some

authors have suggested that severely hearing impaired listeners depend more heavily on

these cues, because their broadened auditory filters prevent full access to spectral detail.

As compression varies the temporal structure of speech thus degrading the cues for

perception. Bishop & Souza (1999) demonstrated compression benefit was linked to the

degree of hearing loss, with smaller improvements observed with pure tone thresholds

exceeds 70 dBSPL.

In this study, data was collected on specific groups of stimuli from a small

number of subjects. To assess the efficacy of the approach, it would be desirable to obtain

similar measures from a large number of subjects across a relatively small number of

phonetic contrasts. Because the listeners in this study wore the amplification systems

only in a laboratory environment, one concern is that recognition might differ if subjects

wore similar hearing aid in every day use for a longer period of time. Several studies



have shown no acclimatization in subjects accustomed to linear amplification and a

newly fit one or 2 channel WDRC aids (Keidser & Grant, 2001). However, Kuk (2001)

suggested that severely hearing impaired subjects fitted with more complex systems,

those that incorporate large numbers of channels, may require more time to reach

maximum recognition performance. To study the effect of long term experience on

recognition is beyond the scope of the present study, future work should continue to

explore this issue.

2. Consonant vowel ratio

The results of the study showed that the Consonant vowel ratio was better for

Compression limiting condition compared to Wide dynamic range compression for the

stimuli with vowel environment at /a/ dBSPL, 80, IV at 80 dBSPL and /u/ at 65 and 80

dBSPL but not for /a/ and IV at 65 dBSPL. One of the reasons attributed is that, the

benefits of recruitment compensation may be nullified in effect by temporal distortions

from the compressor attack and recovery times and their alterations of the normal

intensity cues of speech. As compression limiting is only active at high signal levels; it

may provide better CVR without significantly altering the dynamics of conversational

speech signals compared to the effect of a syllabic compressor as speculated by Walker &

Dillon (1982) and Dreschler (1988b).

The finding of the study suggests that substantial changes in a speech signal can

occur as a result of signal processing by hearing aids. In addition to simple changes due

to frequency shaping, temporal changes, such as loss or reduction in the periodicity
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associated with voicing and as obscuring of the boundary between aperiodic consonant

noise and the onset of voicing, can occur. In this study marked changes in Consonant

vowel ratio occurred with processing. The magnitude of these changes for a given

syllable however appears to be influenced by many factors including system release time,

compression parameters, amplitude and duration of preceding speech sounds, the time

delay between the vowel and consonant and the amplitude of the unprocessed consonant.

As such the changes in the speech signal observed after processing may not be easily

predicted from traditional electroacoustic measures of hearing aid performance. There is

likely to be a complex interaction between the dynamic characteristics of hearing aid

processing and the dynamic characteristics of the speech signal. The effect of these

various acoustic alterations on speech perception for listeners with hearing loss is

unclear. For listeners with normal hearing or individuals with mild to moderate hearing

loss, multiple acoustic cues and linguistic experience may render these acoustic changes

irrelevant. For listeners with severe to profound hearing loss, however, these acoustic

changes may have a more significant effect on perception.

The result of the present study indicate a relationship between acoustic changes to

the hearing aid processed speech signal and speech perception performance of severely

hearing impaired individuals. The Consonant vowel ratio was higher for the Compression

Limiting compared to WDRC strategy for most of the stimuli, and also the speech

recognition scores were better with Compression Limiting compared to WDRC. So it is

clear that the acoustic analysis of the aided speech signal is does provide indicators about

the perceptual measures and thus has clinical applications. It may be possible to define
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acceptable level of distortion with compression amplification using acoustic analysis. It is

needless to say that speech perception is one aspect of the outcome with compression

amplification and those other measures (e.g.. self report of sound quality, satisfaction)

cannot be underestimated.

The quantification of audibility for specific acoustic segments is a very complex

issue. Ideally, one would like to predict performance from measures of audibility for the

acoustic segments associated with specific phonemes or class of phonemes. Since

multiple cues are often available, particularly for listeners with normal hearing, it is

difficult to determine which aspects of a signal should be used to compute audibility. It is

likely that redundancy of cues is reduced for listeners with hearing loss. Further acoustic

analysis of a subset of the phonemes is necessary to quantify how much of the benefit

was due to increased audibility and how much of the detriment was due to unacceptable

changes in the temporal envelope of the signal. Stelmachowicz, Kopun, Mace, Lewis,

and Nittrouer (1995) proposed that traditional Articulation Index and Speech

Transmission Index measures were not suitable for quantifying audibility of individual

speech sounds processed with compression. Instead, several acoustic cues need to be

explored for each speech sound. Such a metric has not yet been defined, although

Stelmachowicz et al.(1995) offered some suggestions and examples for quantifying the

audibility of compressed stop consonants. Developing such a procedure is beyond the

scope of the current investigation, but such a metric can be developed in the future.
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3. Envelope difference index

The EDI value was greater at 65 dBSPL and as the level increased to 80 dBSPL

there was a decrease in the EDI value for all the strategies. The change more significant

for Peak clipping and Compression limiting and not for Wide dynamic range

compression. Since the results were only for one subject one cannot generalize the

results.
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SUMMARY AND CONCLUSION

Individuals with severe hearing impairment exhibit reduced frequency

resolution and temporal discrimination. Therefore, the requirements of amplification

for this group of population will be different from those with lesser degree of hearing

loss. Literature shows that individual with Mild to moderate hearing loss get benefit

with Wide Dynamic Range Compression (Souza 2002, Moore, Peter and Stone 1999).

The few studies done on severely hearing impaired individuals (Souza, Jenstad 2005),

states that WDRC strategy are not beneficial, Speech perception scores are reported to

be poorer with this strategy.

The aim of the present study was to study the effect of different amplification

strategies on the speech recognition scores of individual with severely impaired

hearing. Acoustic analysis of the speech stimuli processed through different

amplification strategies was done by calculating the Consonant Vowel Ratio and

Correlation Index to study the relationship with the perceptual measures.

A total of 10 subjects having moderately severe to severe hearing loss

participated in the study. A CV word list of nonsense syllables was used as the

stimulus, and Speech Recognition Scores were calculated at input level of 65 and 80

dBSPL for all the three strategies (Peak Clipping, Compression Limiting, and Wide

Dynamic Range Compression). Consonant Vowel Ratio was calculated for the

unprocessed and processed stimuli for 5 subjects at input level of 65 and 80 dBSPL

for all the three strategies The CVR was calculated in Matlab using an algoritm.



Correlation Index was calculated for one subject at input level of 65 and 80 dBSPL

for all the strategies in Matlab using an algorithm.

The results of the study are the following:

> There was significant difference in speech recognition scores across strategies

at 65 dBSPL but no significant difference between strategies at 80 dBSPL.

The scores were better with Compression Limiting compared to Wide

Dynamic Range Compression at both 65, 80 dBSPL.

> The consonant vowel ratio values for the processed signal were higher than

that of unprocessed for all the three conditions, following similar trend for

peak clipping and compression limiting but differed for wide dynamic range

compression.

> The CVR values for the processed stimuli with vowel environment /a/ at 80

dBSPL, l\l at 80 dBSPL and Inl both at 65, 80 dBSPL were higher for the

Compression Limiting strategy as compared to WDRC and Peak Clipping

strategy. For the stimuli with vowel environment /a/ at 65 dBSPL CVR values

were higher for Peak clipping strategy and higher for WDRC strategy for I'll at

65 dBSPL.

> The EDI value was greater at 65 dBSPL and as the level increased to 80

dBSPL there was a decrease in the EDI value for all the three strategies. The

change was more significant for Peak clipping and Compression limiting and

not for Wide dynamic range compression.
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> The Consonant vowel ratio for most of the stimuli was higher for the

Compression Limiting strategy as compared to WDRC strategy. Similarly the

speech recognition scores were also better with Compression Limiting strategy

as compared to WDRC strategy. The result of the present study indicate a

relationship between acoustic changes to the hearing aid processed speech

signal and speech perception performance of severely hearing impaired

individuals.

The study represents a step at resolving the clinical issue of how audiologists

choosing the right amplification strategy while prescribing hearing aids for the

severely hearing impaired individuals. The acoustic analysis is an initial step in

describing and quantifying the effects of amplification strategies on phonemes.

Further research needs to be done to see the interaction with other compression

parameters and with different speech stimuli.

Limitation of the study and Future directions

1) In the present study Speech recognition scores were calculated in quiet

condition which does not depict real life situations so further study may be

done to see the effect of amplification strategies on speech perception in noise.

2) The study was done on a small group of subjects so the results cannot be

generalized, hence it may be replicated on a larger number of subjects to

validate the results.
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3) Subject preferences for amplification strategy were not checked. Further

studies can be done to see the preferences of subjects for different strategies

by using a rating scale.

4) The choice of amplification strategy might change in long term use of hearing

aids by the clients as reported in the literature. Such variables were not studied

in the present study. Hence, studies on acclimatization effects in long term use

of hearing aids and their effect on speech perception can be carried out.

5) The present study addressed to only the effect of different amplification

strategies on speech perception and speech acoustics. However, there are other

compression parameters such as Compression threshold, attack time / release

time and Compression bands that affect speech perception. Further studies

needs to be done to see the effect of these parameters on speech perception

and speech acoustics.
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