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Abstract

The temporal cues are play an important role for the perception of
different languages. Literature reports that temporal fine structure cues are
important for the perception of tonal languages were as envelope cues plays an
important role for non-tonal languages. In indian context most of the languages
are found to be non-tonal and this study attempts to investigate the effects of
temporal cues on an Indian language ‘Malayalam’ using auditory chimera. The
present study was carried out in two phases which includes preparation of
stimuli and presentation of the same to normal hearing individuals respectively.
Results have shown that for Malayalam language perception fine structure cues
are important and envelope perception is not obtained for lesser number of
frequency bands. As the number of frequency bands are increased, there was a
reduced perception for temporal fine structure cue and increased perception for
envelope cues. The same trend was also obtained for when only fine structure

or envelope cues  were presented.



Chapter 1

Introduction

The human auditory system has amazing capabilities in discriminating
and understanding complex sounds. It passes the external sounds to the brain
and also analyze them during the transmission. Humans show great sensitivity
and take in sounds over the range of 20 Hz to 20 kHz. Sound is converted into
vibrations after passing through the outer ear canal. Movements from the
eardrum in response to the sound pressure are passed through ossicular chain to
the cochlea. The cochlea behaves as a frequency analyzer with each place on
the cochlea responding more favorably to a particular frequency known as the
characteristic frequency (CF) (Bekesy, 1996). Sensory receptors, known as hair
cells, transduce the mechanical wave energy into neural activity (spikes), which
are elicited on Auditory Nerve (AN) fibers innervating those hair cells. The
neural code in the Auditory Nerve fibers is then conveyed to higher nuclei in
central auditory system for further analysis and processing. The auditory
system performs several complex tasks such as sound localization, speech
understanding pitch and melody perception, which are usually required to
function properly even in the existence of competing speech. Understanding
the mechanism of operation of the auditory system requires good attention to
the structure of the different sections in the auditory system as well as the
interactions between the different parts (Billone & Ragnar, 1973).

Speech perception in humans had been the subject of intensive research

to identify the factors and mechanism by which humans understand speech in



different listening conditions. When a sound is received by the cochlea, the
frequency content of the signal is mapped into a pattern of excitation along the
Basilar Membrane (Clark, 2003). When these signals are analyzed in inner ear,
resulting in a sequence of band pass signals, each one analogous to a location
on ‘Basilar Membrane’. Excitation patterns code the spectrum in
formation of the acoustic stimulus, which is referred to as ‘spectral’ or ‘place’
information (Nuttal et al., 1981). It is assumed that spectral information plays a
crucial task in speech recognition as many phonetic features are characterized
by their frequency spectrum. Because of the frequency selectivity of inner ear,
it acts as a bank of band-pass filters with each filter correlate to a particular
position on the BM. The signal at the output of the ‘Cochlear Filters’ carries
important temporal information as well. It can be viewed as a gradually
changing envelope modulation superimposed on more fast oscillations or
‘“Temporal fine structure/fine structure (TFS or FS)’ in the waveform (Moore &
Sek, 2009). This temporal information is relayed to the afferent AN fibers
through changes in the firing rate, which is linked to the signal envelope and
the times between spikes, which reflects the TFS information (Young & Sachs,
1979; Young, 2008). The relative envelope magnitude across channels carries
information that can be used by the system to identify the signal spectral shape
and its slow short-term spectral changes. The TFS conveys cues regarding the
‘Fundamental frequency’ of the signal and concerning its ‘short-term
spectrum’. The TFS information is coded through the phase locking property of
the AN fibers and it is known that phase locking is weak at high frequencies
with almost a complete loss of synchrony for frequencies above 4-5 kHz in

mammalian auditory systems (Palmer & Russell, 1986). Hence, it is commonly



assumed that ‘TFS information is not used for frequencies above that limit’. It
has been demonstrated in many experiments that envelope (ENV/E) clue is
necessery for speech understanding and it provides robust speech recognition
in silence even when provided in as few as four frequency bands (Flanagan,
1980; Shannon, Zeng, Kamath, Wygonski & Ekelid,1995; Smith, Delgutte &
Oxenham,2002). Recognition in background noise, however, requires more
frequency bands in ENV speech generation process (Qin & Oxenham, 2003;
Stone & Moore, 2003). It has been concluded that E cues are enough to provide
fine intelligibility in quiet, while the recognition performance is slightly
degraded in fluctuating background noise. The robust speech identification in
quiet from ENV cues from relatively small frequency bands is the reason that
current cochlear implants provide E over a small number (Eight to sixteen) of
electrodes (Wilson et al., 1991). On the other hand, TFS is associated with
perception of pitch for both simple and compound tones as well as ‘sound
localization’ (Smith, Delgutte & Oxenham,2002; Nelson et al., 2003; Plack &
Oxenham, 2005; Qin & Oxenham, 2003, 2006; Stickney et al., 2005; Fullgrabe

et al., 2006).

The slow changes in the amplitude of the speech signal (ENV) are the
main cues used by the human auditory system to understand speech in quiet
(Flanagan, 1980; Shannon, Zeng, Kamath, Wygonski & Ekelid,1995; Smith,
Delgutte & Oxenham, 2002). The FS, which is the rapid changes in the speech
signal, is generally linked to melody identification and pitch perception as well
as sound localization (Qin & Oxenham, 2003, 2006; Nelson et al., 2003;

Stickney et al., 2005; Fullgrabe et al., 2006).



To study the relative roles of E and FS cues in speech understanding,
several experiments were performed where speech signals are processed to
remove E or FS cues. The first attempt to separate the envelope from fine
structure cue was done using peak clipping mechanism of speech signal
(Licklider & Pollack, 1948) later by using Hilbert transform (Bracewell, 1986).
Combining the features of different sounds can be used to check the perceptual
importance of E and FS. This is achieved by making hybrid sounds known as
auditory chimera. Smith, Delgutte & Oxenham (2002), elobrated a process to
split FS from E where two acoustic waveforms are processed with a bank of
band pass filters followed by the ‘Hilbert transform’ to create ‘ENV-only and
TFS-only’ condition of the signals. In each band, the envelope of one
waveform is multiplied by the FS of the other. The stimuli are then summed
across frequency bands to construct the auditory chimaeras. ‘Speech-speech
chimaeras’ are constructed when both waveforms contains speech signals.
However, to make ‘Speech-noise chimaeras’, one waveform is the speech
signal and the other is noise. Another approach is to compute the envelope in
each frequency band using rectification and low-pass filtering (Shannon, Zeng,
Kamath, Wygonski & Ekelid,1995). The benefit of this approach is that it
produces a known, fixed maximal bandwidth of the ENV signals, determined
by the cutoff frequency of the low-pass filter. However, rectification is a
nonlinear process which introduces distortions that affect the quality of the

extracted envelope.



General findings suggest that temporal mechanisms implicated in the
perception of phonetic features are vital for language developement even in
infants (Nazzi, Floccia & Bertonini, 1998; Nazzi et al., 2000, 2006). Research
shows that in older individuals ,cochlear lesions looses the ability to encode
and /or use fine structure cues while preserving the capacity to use envelop
cues (Lorenzi et al., 2006). Reduced perception of envelop cues has been
reported repeatedly in the case of ‘central damage’ to the auditory system and
‘language acquisition disorders’ (Lorenzi, Dumont & Fullgrade, 2000; Wable

etal ., 2012.)



Need for the study

There are previous studies exploring the effect of envelope and fine
structur’ in normal hearing and hearing loss individuals especially in foreign
languages like Mandarian Chinese and English (Heinz & Swaminathan,2009).
Mandarian Chinese is a tonal language and it was reported that fine structure
plays an important role in the perception (Xu & Pfingst, 2005), which is in
contradiction with that of English. However, in Indian context most of the
languages are non-tonal and hence a study is required to investigate if there
could be any differences in cues required for the identification of Indian

languages.

Aim

To investigate the influence of vocoder frequency bands on the
perception of Malayalam chimeric sentences in individuals with normal

hearing

Objective

e To study the influence of envelope cues on word identification in a
sentence

e To study the influence of fine structure cues on word identification in a
sentence

e To find out the number of frequency bands needed to clearly differentiate

between envelope and fine structure of chimeric sentence



Hypothesis
The following null hypotheses were framed for each main objective of the
study. They were

e There are no significant effect of envelope on word recognition in

Malayalam language.

e There are no significant effect of fine structure on word
recognition in Malayalam language.
e There are no significant effect of number of frequency bands for

the identification of envelope and fine structure



Chapter 2

Review

When a sound is received by the cochlea, the frequency content of the
signal is mapped into a pattern of excitation along the basilar membrane. The
excitation pattern code the spectrum information of the acoustic stimulus,
which is concerned to as ‘Spectral’ or ‘Place’ information (Dallos & Fay,
1996). It is believed that spectral information plays a important function in
language recognition as many phonetic features are characterized by their
frequency spectrum. Because of the frequency selectivity of the cochlea, it
behaves as a collection of band-pass filters with every filter corresponding to a
exceptional place on the basilar membrane (Russel et al.,1986). The signal at
the end product of the cochlear filters carries important temporal information
as easily. It is viewed as a gradually varying envelope modulation
superimposed on fast oscillations or fine structure (TFS) in the wave form.
This temporal information is relayed to the sensory nerve (Smith et al.,2002;
Xu & Pfingst 2003; Zeng et al.,2005).

Auditory nerve (AN) fibers through changes in the firing rate, which
is associated to the signal envelope and the times between spikes, which
reflects the TFS or temporal fine structure information (Young & Sachs, 1979;
Young, 2008). The relative envelope magnitude across channels carries
information that can be used in the auditory system to identify the signal
spectral shape and its slow short-term spectral changes. The TFS conveys cues

regarding the central frequency of the sound and about its short-term spectrum.



The TFS information is encrypted through the phase locking property of the
AN fibers and it is known that phase locking is weak at high frequencies with
almost a complete loss of synchrony for frequencies above 4-5 kHz in
mammalian auditory systems (Palmer & Russell, 1986). Hence, it is usually
assumed that ‘TFS information is not used for frequencies above that

boundary’.

Envelope or ENV information is significant for speech understanding
and supports robust speech identification in silent when provided in as few as
four frequency bands (Flanagan,1980; Shannon et al.,1995; Smith et al., 2002).
Recognition in background noise, however, requires more frequency bands in
the ENV speech generation process (Qin & Oxenham, 2003; Stone & Moore,
2003). Results reveal that E cues are enough to provide intelligibility in silent,
while the identification performance is slightly degraded in of fluctuating
noise. The robust speech identification in quiet from ENV cues from relatively
small frequency bands is the reason that current cochlear implants provide
ENV information over a small number (8 to 16) of electrodes (Wilson et al.,
1991). On the other hand, TFS or temporal fine structure is associated with
perception of pitch for both gross and complex feelings as well as sound
localization ( Moore, 2003; Nelson et al., 2003; Qin & Oxenham, 2003, 2006;
Smith et al., 2002; Stickney et al., 2005; Plack & Oxenham, 2005; Fullgrabe et

al., 2006).

Smith et al.,, 2002; Xu and Pfingst, 2003; Zeng et al., 2005 have

investigated the comparative roles of Speech-E and FS cues in speech
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identification. The relative one particular cue while leaving the other intact.
One means to accomplish this is through the role of noise or tone vocoders.
Vocoded speech is generated by separating out a broadband signal into a
number of frequency bands, pulling up the E from every set to modulate a
noise or tone carrier and combining the resulting signals from all frequency
bands. Of late, various works have aimed out a potential contribution of TFS
cues in language perception.

Xu and Zheng (2007) examined the comparative assistance of spectral
and temporal cues to phoneme recognition. In their experimentation, they
processed syllables to create vocoders with variable amount of spectral and
temporal cues. Spectral cues are altered by altering the number of channels in
the vocoder processing, while temporal cues are altered by changing the cutoff
frequency of the E extractor low-pass filter. The experiment tested both
consonant and vowel recognition and proved that there was a tradeoff between
the spectral and temporal cues in phoneme identification, where enhanced

spectral cues can make up for reduced temporal ones and vice versa.

Nie et al., (2005) studied spectral and temporal cues in individuals
with hearing impairment and normal hearing individuals. They altered the
amount of spectral and temporal cues by changing the number of channels and
pulse rate, respectively It was noticed that normal hearing subjects can create
usage of TFS cues more than hearing impaired subjects and this was related to
the reduced capability of hearing impaired persons to understand speech in
fluctuating background sound (Moore & Skrodzka, 2002; Moore, 2003;

Lorenzi et al., 2006; Moore et al., 2006; Hopkins & Moore, 2007; Hopkins et
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al., 2008). The results indicate that this might be due to reduced phase locking
ability in hearing impaired subjects. Alternatively, the reduced ability of
hearing impaired subjects to profit from FS cues might be induced by reduced
ability to decode the TFS case where it is indicated that this process involves
cross-correlation of the yields of two spots on the basilar membrane (Loeb et
al., 1983; Shamma, 1985). Lastly, the broader tuning of the auditory filters in
hearing impaired persons (Glasberg & Moore, 1986) may have a substantial
purpose in their miserable performance in understanding TFS information. This
is imputable to the limited frequency selectivity of the cochlear filters which
has difficulty in decoding the complex and rapidly variable TFS information

(Moore, 2008b).

Consonant identification in nonsense processed vowel-consonant-vowel
(VCV) stimuli was used in Lorenzi et al., (2006) to evaluate the contribution of
TFS to speech identification. Normal and hearing-impaired subjects were
tested with TFS-only stimuli generated from nonsense VCV words by
separating out the original signal into 16 contiguous frequency bands,
computing the E and FS in every band using the Hilbert transform, and
combining the TFS signals from the different frequency bands to construct the
last stimulus. Their results show that normal hearing subjects show significant
intelligibility for TFS cues, where up to 90% recognition is reported after some
training. Moore (2008b) explained the need for training to achieve high
recognition scores by the possibility that the auditory system is not applied for
processing TFS cues in isolation from ENV cues or that TFS cues in processed

stimuli are distorted compared to intact speech and hence training is needed. In
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a similar experiment (Lorenzi et al., 2009), it has been shown that children with
normal hearing aged 5 to 7 are able to make use of TFS cues. They reasoned
out that normal hearing children can use both ENV and TFS cues at the same
level as adults, which means that tests for the sensitivity to TFS cues can be
performed at this very youthful age for the early spotting of any potential
problems in the TFS process.

A different approach to measure the ability of normal and hearing-
impaired persons to benefit from FS has been embraced in the work of Hopkins
and Moore (2007, 2009, 2010). Processing of TFS cues is assessed by
measuring changes in the speech recognition threshold (SRT). SRT is the least
hearing level for spoken communication at which an individual can recognize
50% of the speech material. Hopkins and Moore (2007) quantified the
importance of TFS cues by varying the number of frequency channels
containing TFS information with the ease of the channels being noise or tone
vocoded to suppress any TFS information. They desired to examine the theory
that hearing impaired subjects can create usage of TFS cues only at low
frequencies. Hence, removing TFS from low channels would affect the
performance while removing TFS from high channels should not hold much
meaning. Their answers demonstrate that hearing impaired subjects have less
power to constitute use of TFS cues at medium and high frequency when

listening in a competing talker background.

Hopkins and Moore (2009) measured the SRTs in normal hearing

subjects while varying the cutoff channel which is the frequency band below

12



which the stimulus is left intact, while TFS information is murdered from all
bands above it. They establish that the SRT declined significantly as the value
of the cutoff channel increased, which suggests that TFS has an significant part

in understanding speech in fluctuating background noise.

Hopkins and Moore (2010) measured the SRTs for speech processed
to contain varying amounts of FS cues. The speech signals were filtered using
30 1-ERBN filters and treated to keep ENV only information or left
unprocessed to preserve both ENV and TFS cues. They noticed that when there
are more channels containing TFS cues, SRT were decreased, showing benefits
from the introduced cues. They also noted some redundancy in TFS
information as adding TFS in some channels does not always improve the
threshold. They performed another experiment where they filtered the speech
signal through 5 6-ERBN channels and brought forth a tone vocoded signal in
four of the available five channels. The fifth channel was either absent or was
unprocessed. Normal hearing subjects benefitted from the added TFS cues over
a spacious range of frequency, while the benefit was less in hearing-impaired

subjects.

Gnansia et al.,(2009) studied the effects of spectral smearing and
degradation of TFS cues on masking release, which is the capability to listen in
the dips of the background noise. They processed the stimuli using a spectral
smearing algorithm or a tone vocoder technique. The spectral smearing
algorithm computes the short-term spectrum using fast Fourier transform, and

then the spectrum is smeared by a divisor of two or four using a smearing
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matrix for 2-ERBN or 4-ERBN auditory filters. They have discovered that the
fundamental frequency information was more degraded by the vocoder than the
spectral smearing algorithm. Masking release was reduced more with the tone
vocoder than spectral smearing. They concluded that both frequency selectivity
and TFS cues are significant for the ability to listen in the dips. Gilbert and
Lorenzi (2010) assessed the comparative use of ENV and TFS cues in
reconstructing missing information in interrupted speech. In their subject field,
they used four types of sentences processed into 32 frequency bands and
information in 21 bands were removed or processed so that the final stimuli
have different amounts of ENV and TFS cues. They generated four types of
sentences; reference, partially empty, vocoded and partially vocoded. The
resulting sentences were still understandable but the intelligibility significantly
deteriorated after adding a silence gap. They showed that TFS cues have an
significant part in reconstructing the broken sentences. The TFS is not
sufficient alone, but is practiced along with ENV to understand interrupted

speech.

A significant concern regarding the results for TFS contribution to
speech understanding is that these effects may be influenced by possible ENV
cues in signals. These ENV cues may be due to inefficient signal processing
techniques applied to separate TFS from ENV, which is not an easy job given
that the TFS and ENV are not totally independent (Ghitza, 2001). Some other
significant constituent is the possible recovery of ENV cues by the human
auditory filters from a correctly processed signal having only TFS cues. For

example, narrow-band filtering can recover the signal ENV from the fine-
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structure information (Voelcker, 1966; Rice, 1973; Logan,1977). This is
especially important in humans because of the sharp cochlear tuning (narrow
filters), which facilitate the retrieval of the slow amplitude variations (ENV)
from the TFS signal (Ghitza, 2001; Zeng et al., 2004; Heinz & Swaminathan,
2009). Gilbert and Lorenzi (2006), it is argued that recovery of ENV cues from
TFS-only signals has minimal contribution to speech recognition when the
vocoder analysis filters, which are utilized to generate the TFS-only stimulus,
have bandwidth less than 4 ERBN. According to them, using 16 frequency
channels should be sufficient to prevent the use of recovered ENV cues. Heinz
and Swaminathan (2009), nevertheless, presented physiological evidence for
the presence of recovered ENV in chinchilla AN responses to chimeric speech.
They have also computed ‘Neural cross-correlation coefficients’ to measure the
similarity between ENV or TFS to quantify the similarity between ENV (or

TFS) components in the spike train responses.

Sheft et al., (2008) presented different ways to reduce the fidelity of
ENV reconstruction from TFS signals. The TFS signal can be filtered by an all-
pass filter with a random phase response. This is founded on the assumption
that ENV and the instantaneous phase are connected, so that processing the
TFS signal to produce a mismatch with the original ENV signal will reduce the
fidelity of ENV recovery (Schimmel & Atlas, 2005). The other method to
reduce the chances of meaningful ENV recovery from TFS cues is to increase
the number of analysis filters. When the bandwidth of the analysis filter is

narrower than 4 times the normal auditory filter, some studies argued that the
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role of recovered ENV cues in speech perception is negligible (Gilbert &
Lorenzi, 2006).

The last method proposed by Sheft et al., (2008) is to limit the bandwidth
of the extracted TFS signal of the analysis filter bandwidth in order to degrade
ENV reconstruction. The results of Sheft et al., (2008) show that TFS stimuli,
processed to reduce chances of intelligibility from recovered ENV cues, were

still highly intelligible (50%— 80% correct consonant identification).
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Chapter 3

Method

The study aimed to determine the performance of normal hearing young
adults aged 17 to 30 years on the identification speech using of temporal fine
structure cues and temporal envelope cues inauditory chimeric Malayalam

sentences.

The study was carried out in two phases:

Phase I: Preparation of the test stimuli

This involved selection of sentences in Malayalam and making auditory
chimeric stimuli out of it and each chimeric stimulus was divided into different

frequency bands also selection of participants.

Phase Il: Administration of the test stimuli

Stage 1: Administration of the chimeric sentences for 5 frequency bands

Stage 2: Administration of the chimeric sentences for 8 frequency bands

17



Participants

Participants of the study included 30 normal hearing adults, aged
between 17 years to 30 years (Mean = 21.03, SD = 3.52) who

were native speakers of Malayalam.

e Air conduction pure tone hearing thresholds less than or equal to
15 dB HL in both ears at octave frequencies from 250 Hz to 8000
Hz as measured from pure tone audiometry using modified

Hughson-Westlake procedure (Carhart & Jerger, 1959).

e Normal middle ear functioning as indicated by ‘A’ type tympanogram

(Margolis & Heller, 1987).

e Ipsilateral and contralateral acoustic reflex thresholds within 100 dB

HL at 0.5 kHz, 1 kHz and 2 kHz.

Native speakers of Malayalam

18



Instrumentation

Sony vaio laptop, core i3 processor loaded with the following

softwares:

Hilbert transform using MATLAB software [MATLAB
7.12.0 (R2011a)] Vocoder software (serious vocoder
developed by Zerius Development Inc) for imposing the vocal

effects of speech to another sound.

Paradigm V2.5 software (available from
http://lwww.paradigmexperiments.com/) for the presentation

of chimeric stimuli.

A calibrated ‘clinical audiometer’ (GSI 61) with TDH 39
earphones enclosed in MX-41/AR supra-aural ear cushions to
estimate the air-conduction thresholds, SRT and SIS; and
Radio Ear B-71 bone vibrator to estimate the bone-conduction
thresholds.

A calibrated ‘Grason-Stadler TympStar (version 2)’ middle

ear analyzer to evaluate the status of the middle ear.

The audio output of the laptop was routed through a THD-

39 head phone housed in MX-41AR supra aural cushions.

19



Environment

The tests, including routine audiological evaluations and presentation of
chimeric sentences were administered in a sound treated double room where

the noise levels are within permissible limits (ANSI S3.1-1999).

Material

Seven Malayalam sentences having same syllabic count were selected
from ‘Sentences in Malayalam’ list (Sreeraj & Kishore, 2012). The total
number of syllables in each sentence is limited to eight-nine syllables and each
word in sentences were having not more than three syllables. Speech —speech
chimera was developed using the seven sentences which has been synthesized
to form eight frequency bands out of which five frequency bands including
one, four, six, thirteen, sixteen was used for the second phase — stage 1 of the
study. Remaining three frequency bands including twenty-eight, thirty-two, and

sixty-four was used in the Second phase — stage 2 of the study .
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Procedure

Phase 1

Preparation of chimeric stimuli.

1L

Phase 2

Administration of chimeric

stimuli.

-

Stage 1

Administration of the chimeric
sentences for 5 frequency

bands
\

AN

Stage 2

Administration of the chimeric
sentences for 8 frequency bands

~

/

Figure 3.1. A flow chart of the different phases of the study
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Phase 1: Preparation of stimuli and selection of participants

Envelope 1

Hilbert
transform [,
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\\ | IE: - M"‘
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Slngle -band chimaera

r. ﬁ Fine structure 2
Ul

|

Figure 3.2. Diagrammatic representation of preparation of chimeric stimuli

The selected seven Malayalam sentences were processed using Hilbert
transform to extract the temporal cues such as envelope and fine structure.
Hilbert transform is mainly used to derive envelope function or instantaneous
amplitude of a signal. It mainly represents a filter without affecting the
gain(Yost, Popper & Fay,2008)

o Hilbert transform is computed in a few steps:
= First, calculate the Fourier transform of the given signal x(t).

= Second, reject the negative frequencies.
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= Finally, calculate the inverse Fourier transform, and the result
will be a complex-valued signal where the real and the imaginary

parts form a Hilbert-transform pair.
For example:When x(t) is narrow-banded, |z(t)| can be regarded as a slow-
varying envelope of x(t) while the phase derivative ¢t [tan—1(y/x)] is an
instantaneous frequency. Thus, Hilbert transform can be interpreted as a
way to symbolize a narrow-band signal in terms of amplitude and frequency
modulation (Liu, 2011).After obtaining envelope and fine structure for each
sentence, these temporal cues were exchanged with each other in order to
make speech-speech auditory chimeric sentences. For example, E of
sentence one is combined with fine structure of sentences two to make one
chimeric sentence. Likewise cues were exchanged between all sentences and
30 chimeric sentences were made. Each sentence was divided into different
frequency bands using vocoder software with 50% window overlap and was
normalized. All the stimuli were generated using a sampling frequency of

44.1 kHz.

Phase 2: Administration of chimeric stimuli

Stage 1- Administration of the chimeric sentences for 5 frequency

bandsAll chimeric stimuli having frequency bands of one, four, six, thirteen,

and sixteen were routed via two channel clinical audiometer (GSI-61) using

paradigm software. The output through the headphones was maintained at

65dBHL. For each participants practice trial using three chimeric stimuli was

given prior to testing. Post practice trials, each participant were provided with

seventy speech-speech chimeric sentences. Instruction provided includes

23



‘Listen carefully to each sentence and repeat back the words that were
identifiable in each sentence’. Speech identification scores were considered
based on the percentage of correct words identified from each auditory

chimeric sentences.

Stage 2: Administration of the chimeric sentences for 8 frequency bands.

Additionally chimeric sentences having three more frequency bands such
as twenty eight, thirty two, and sixty four were provided two channel clinical
audiometer (GSI -61). Also, speech — silence chimeric stimuli was created by
providing envelope of the stimuli intact and fine structure cue is exchanged
with silence having same duration and vice versa.In this phase also, speech
identification scores were calculated based on the percentage of number of

correct words identified from each auditory chimeric sentences.

Statistical analysis

To fulfill the objectives of the study, the data was tabulated and subjected

to appropriate statistical analyses.

‘Statistical Package for Social Sciences (SPSS) software version 20 (SPSS
Inc. Chicago)’ was used for descriptive statistics and parametric/non

parametric tests.

oMean and standard deviation was measured for all the data

obtained. Following this, Shapiro-Wilk test of normality was
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administered. As indicated by the normality test, parametric/non

parametric tests were used.

o Whenever main effects or interactions were significant, the post
hoc test was done using pairwise comparisons applied for multiple

comparisons.
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Chapter 4

Results
The present work aimed at studying the influence of vocoder frequency
bands on the perception of Malayalam chimeric sentences on normal hearing
individuals.The data was collected initially on 30 participants across 5
frequencies band (1, 4, 6, 13 & 16) further 10 more participants were randomly
selected within the 30 participants for assessing the speech identification for
fine structure and envelope cues across 8 frequency bands (1, 4, 6, 13, 16, 28,
32 & 64). The collected data was tabulated and subjected to statistical analysis
using SPSS software version 20. First descriptive statistics (mean, median and
standard deviation) were reported for all the measurements. Following this,
Shapiro-Wilk test of normality was administered. As indicated by the
normality test, parametric/non parametric tests were used as the case may be.
Whenever main effects or interactions were significant, the post hoc test was

done using pairwise comparisons

The outcomes of the study are explained under the following:

1. Fine structure cue for speech identification
2. Envelope cue for speech identification.

3. Speech identification scores across different frequency bands
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4.1. Fine structure and envelope cue for speech identification scores in
speech-speech chimeric condition

The mean, median and standard deviation values of speech identification
scores for fine structure cue across different frequency bands were calculated
using the descriptive statistical analysis as indicated in table 4.1
Table 4.1.

Mean, Median and Standard Deviation of Speech Identification Scores for Fine
Structure Cue Across Different Frequency Bands (1-16).

Fine Mean Std. Median
structure (%) Deviation (%)
Frequency

bands

FS1 18.43 10.09 17.50
FS4 21.30 10.59 21.00
FS6 19.73 9.69 19.00
FS13 24.70 12.08 23.00
FS16 24.00 10.97 24.50

Note: FS: fine structure in speech-speech chimeric condition, 1-16: frequency
bands).

Repeated measure ANOVA across different frequency bands (1, 4, 6, 13,
& 16) as within subject factor was carried out to examine the essence of fine
structure cues in speech-speech chimeric condition . The results revealed that
there was a significant main effect of number of frequency bands on fine
structure cue identification [F (4,30) =8. 441, p < 0.05]. This can be inferred
that as the number of frequency bands increased fine structure perception also
increases . However no envelope perception was observed in frequency bands
from one to sixteen bands. Hence the hypothesis, there are no significant effect

of fine structure on word identification in Malayalam language, is rejected.
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Wilcoxon signed rank test was done to compare the speech identification

scores of fine structure cues in each frequency bands.

Table 4.2.

Pairwise comparison across 5 frequency bands.

Fine structure FS1 FS4 FS6 FS13 FS16
frequency
bands

FS1

FS4
FS6
FS13
FS16

Note: *p <0.05

Results showed that for fine structure perception there was no difference
found for frequency band one (FS1) and six (FS6). Fine structure of frequency
band four (FS4) was not set up to be different from FS6, FS13, and FS16. FS6
found to be different from FS4, FS13 have significant difference with FS1 and
FS6, also FS16 significantly different with FS1. The frequency bands were the
fine structure perception reaches almost 50% closer is in FS13 and FS16.
Lowest speech identification scores were obtained for FS1 and maximum

scores were obtained for FS13.
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Speech perception scores for fine structure were increasing as the number
of frequency bands increases. In all the frequency band's, envelope perception
was found to be nil, indicating for Malayalam language perception fine
structure cues are playing the major role compared to envelope cues. Hence
the hypothesis there are no significant effect of envelope on word identification

in Malayalam language, is accepted.

Since the individuals were not able identify the envelope cues till 16
frequency bands chimeric stimuli with additional frequency bands (28,32 and
64) were administered on 10 individuals who were randomly selected from the

participants inorder to see the effect of envelope.

4.2.Fine structure and envelope perception in speech-speech chimera for 8

frequency bands.

The mean, median and standard deviation values of speech identification
scores for fine structure cue (Table 4.3) and envelope (Table 4.4) across
different frequency bands were calculated using the descriptive statistical

analysis as indicated.

Table 4.3.
Mean,Median and Standard deviation of fine structure speech identification
score in different frequency band (1-64) for speech-speech chimera
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Fine structure Mean(%o) Std. Deviation Median(%o)

Frequency

bands

FS1 35.00 20.91 39.00
FS4 41.60 22.10 42.00
FS6 35.00 20.89 37.00
FS13 47.60 22.93 55.00
FS16 44.60 24.73 49.00
FS28 27.80 19.07 29.00
FS32 23.60 16.37 23.00
FS64 18.00 11.35 14.00

Note:FS-fine structure in speech-speech chimeric condition,1-
64:frequency bands.

Table4.4.

Mean,Median and Standard Deviation of Envelope Speech Identification
Score in Different Frequency Band (1-64) for Speech-Speech Chimera.

Envelope Mean(%o) Std. Median(%o)

frequency Deviation

bands

El .00 .000 .00
E4 .00 .000 .00
E6 .00 .000 .00
E13 .00 .000 .00
E16 .00 .000 .00
E28 5.00 3.29 4.00
E32 4.80 2.52 4.00
E64 4.20 3.04 3.00

Note : E-envelope in speech —speech chimeric condition,1-64 :frequency
bands.

From the above results it can be inferred that as the number of frequency
bands increased fine structure perception was increasing (Table 4.3). The

maximum speech identification scores for fine structure perception was

30



obtained at FS13 and found to reduce as the number of frequency bands
increased (Table 4.3) also envelope perception was found to start from 28"

frequency bands (Table 4.4).

A non parametric Friedman test of differences among repeated measures

2 2
was conducted and rendered X (7) =18.087, p <0.05(FS) and X (7) =60.640,
p <0.05 (E). Further a Wilcoxon signed rank test was run for the comparison of
speech identification scores of envelope and fine structure in different

frequency bands.
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Table 4.5.

Pair wise comparison of all the frequency bands for fine structure perception speech-speech chimera.

Fine FS1 FS4 FS6 FS13 FS16 FS28 FS32 FS64
structure

Frequency

bands

FS1 -2.44 -0.07 -2.25 -2.49* -0.89 -0.97 -1.84
FS4 -2.72*

FS6
FS13
FS16
FS28
FS32
FS64

Note: *p <0.05
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Results of Table 4.5 showed that for fine structure perception there was
significant difference found for frequency band one (FS1) and sixteen (FS16),
FS 4 with FS6, FS6 with FS13 and FS16, FS13 with FS16 ,FS32 and

FS64,FS16 ~with FS 32 and FS64 |FS28  with  FS32.
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Table 4.6:

Pairwise comparison of all frequency bands for envelope perception in speech-speech chimera.

Envelope El E4 E6 E13 E16 E28 E32 E64
Frequency
bands

El
E4
E6
E13
E16
E28
E32
E64

Note: *p <0.05
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Results of Table 4.6 indicates that there was significant difference for
envelope perception between frequency bands 1, 4, 6, 13, 16 with 28 ,32 and
64. The null hypothesis is rejected for fine structure in all the frequencies, but

accepted for envelope till 16" frequency band.

4.3.Fine structure only condition (FSO)

The mean, median and standard deviation values were calculated using

the descriptive statistical analysis.

Table4.7.

Mean,Median and Standard Deviation of Fine Structure Speech
Identification Score in Different Frequency bands(1-64).

Fine Mean Std. Median

structure (%) Deviation (%)
Frequency

bands

FSO1 18.00 20.30 10.00
FSO4 19.00 20.24 12.50
FSO6 25.50 19.50 25.00
FSO13 30.00 21.47 25.00
FSO16 45.00 20.27 50.00
FSO28 10.00 4.37 9.00
FSO32 11.10 3.84 11.00
FSO64 11.10 3.84 11.00

Note: FSO —fine structure only ,1-64 number of frequency bands

From the above Table 4.7 it can be inferred that as the number of
frequency bands increased fine structure perception was increasing. The
maximum scores for fine structure perception was obtained at 16" frequency
bands. Also ,as the number of frequency bands are increased from 28 to 64
there found to have a reduction in the speech identification score for fine

structure.
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A non parametric Friedman test of differences among repeated measures

2
was conducted and rendered X (7) =48.587, p < 0.05. Further a Wilcoxon

signed rank test was run for the comparison of different frequency bands.
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Table 4.8.

Pair wise comparison of all frequency bands for envelope perception in speech-speech chimera.

Fine structure FSO1 FSO4 FS06 FSO13 FSO16 FSO28 FS0O32 FSO64
Frequency
bands

FSO1
FSO4
FSO6
FSO13
FSO16
FSO28
FSO32
FSO64

Note: *p <0.05
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Results of Table 4.8 indicates that speech identification scores of fine
structure only condition in first frequency band (FSO1) is significantly
different from FSO6, FSO13 and FSO 16. FSO4 is found significantly different
from FSO6,FSO13,FSO16,FSO28,FS032 and FS064.6™ frequency band
(FSOB6) is significantly different from FSO16, FSO28, FSO32 and FSO64.
Significant difference is also found to be present between FSO13 with FSO16,
FSO28, FSO32 and FSO64. FSO16 is also found to significantly different from
FSO28, FSO32 and FSO64. Results also indicates that FSO28 is also

significantly different from FSO32 and FSO 64.
4.4.Envelope only condition (EO)

The mean, median and standard deviation values of speech identification
scores for envelope only condition across different frequency bands were

calculated using the descriptive statistical analysis as indicated in table 4.9.

Table 4.9.

Mean ,Median and Standard Deviation of Speech Identification Scores
for Envelope Only Condition in Different Frequency Bands(1-64).

Envelope Mean(%o) Std. Median(%o)

frequency Deviation

bands
EO1 .00 .00 .00
EO4 .00 .00 .00
EO6 .00 .00 .00
EO13 7.00 9.18 .00
EO16 8.50 11.06 .00
EO28 10.00 11.05 7.50
EO32 25.00 11.78 25.00
EO64 25.00 11.78 25.00

Note:EO : Envelope only,1-64:frequency bands.

Table 4.9 indicates that in envelope only condition (were fine structure

cues were replaced by silence) the speech identification was started from 13"
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frequency band and found to be increasing with the number of frequency

bands.

A non parametric Friedman test of differences among repeated measures

2
was conducted and rendered X (7) =48.587, p <0.05. A Wilcoxon signed rank

test was run for the comparability of different frequency sets
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Table 4.10.

Pair wise comparison of all the frequency bands for envelope perception in speech-speech chimera.

Envelope EO1 EO4 EO6 EO13 EQ16 EO28 EO32 EO64
Frequency
bands

EO1
EO4
EO6
EO13
EO16
EO28
EO32
EO64

Note: *p <0.05
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Results from Table 4.10 indicated that speech identification scores in
envelope only condition for firest frequency band is significantly different from
EO28, E032 and EO64.EO4 and EOG6 are found to be significantly different
from EO28, EO32 and EO64. EO13, EO16 and EO28 are significantly

different from EO32 and EO64.
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Table 4.1.

Comparison of envelope and fine structure perception across frequency
bands.

Frequency bands VA P

El-FS1 -2.66 .008*
EO1 - FSO1 -2.68 .007*
E4 - FS4 -2.80 .005*
EO4 - FSO4 -2.67 .008*
E6 - FS6 -2.80 .005*
EO6 - FSO6 -2.67 .007*
E13 - FS13 -2.80 .005*
EO13 - FSO13 -2.43 .015*
E16 - FS16 -2.80 .005*
EO16 - FSO16 -2.67 .008*
E28 - FS28 -2.52 .012*
EO28 - FSO28 -.29 .7166
E32 - FS32 -2.55 .011*
EO32 - FSO32 -2.31 .021*
E64 - FS64 -2.65 .008*
EO64 - FSO64 -2.31 .021*

Note :FS-fine structure in chimeric condition, E-envelope in chimeric
condition, FSO-fine structure only condition, EO-envelope only condition,1-

64: number of frequency bands. p<0.05*.
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Results from Table 4.11 reveals that there are significant difference
between envelope and fine structure perception in all frequency bands except
for envelope only (E0) and fine structure only (FSO) condition in 28"

frequency band.
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Chapter 5

Discussion

There are two common method of extracting envelope and fine structure
of physical stimuli in each channel vocoders. One way is to ‘Rectify the
channel waveform and then to low pass filter the rectified waveform with a
cutoff frequency that is below the centre frequency of the channel’. Here
envelope of physical signal (Envelope of speech signal ) is generally well
behaved but the form of these types of envelope mainly depends on the cutoff
frequency and slope of the low pass filter and the choice of these are usually
arbitrary (Licklider & Pollack,1948). Second common method of estimating
envelope of physical signal is using Hilbert transform (Bracewell, 1986) which
has been used in the current study. When a channel signal is manipulated by
the Hilbert envelope, ie extracting the envelope cue using Hilbert transform
leaving the signal without any envelope fluctuations, corresponding to fine
structure of the physical signal, sometimes called as fine structure speech
(Lorenzy, 2006) . There are different vocoder processing present, one among
them intended to disrupt fine structure cues while preserving envelope cue is
were the envelope of the channel signal is used to modulate a carrier signal that
may be either a sinusoid or a narrow band noise or using a silent portion. Thus
original fine structure is replaced by a synthetic fine structure. Speech
processed in this manner are usually mentioned as envelope speech, explained
in the study as envelope only condition, ie, removing the fine structure
information while preserving envelope information. Infact the processed signal

still contains fine structure information. Since the original fine structure is
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replaced by a ‘Synthetic fine structure’, it alter the neural response relative to
that evoked by the original signal, provides reduced perception of envelope in

all the condition.

Problem with estimating envelope and fine structure with Hilbert
transform is that the instantaneous frequency of the fine structure correspons to
its instantaneous rate of change of phase. When envelope of physical signal
approaches zero there is a abrupt change in fine structure of signal, which is
equivalent to a large jump in instantaneous frequency (Hopkins et al .,2010).
More generally whenever envelope of the physical signal has a very low value,
the instantaneous frequency of fine structure can show wild excursions,
because of low level noise in the original channel signal. This noise is
effectively amplified when the envelope is removed leading to large audible
effects in the processed signal making it sound very noisy (Hopkins et al.,2010)
which supports the finding of the present study for the poor perception of fine

structure only condition.

Another problem with this filtering using Hilbert transform is that, after
filtering on the basilar membrane envelope cues are reintroduced which
contains useful information (Ghitza., 2001; Zeng et al., 2004; Gilbert &
Lorenzi,2006). This phenomenon is addressed as Envelope recovery or
reconstruction. Results by Gilbert and Lorenzi, (2006); Irino and Patterson,
(2001) suggest that these reconstruction did not play a major role in speech
identification when number of bands are equal to or greater than 16 frequency
bands, which supports the test findings in the current study, ie is, no envelope
perception was found around 16™ frequency bands for envelope only (EO)

condition and also in speech- speech chimeric condition.
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The study started with the hypothesis that the relative importance of
envelope and fine structure for Malayalam language resembles that for English
speech recognition or not. Results indicated that in Malayalam language the
individuals mainly depends on the fine structure cues for speech perception
compared to envelope. Our results qualitatively matches with the results of smith
et al (2002),where it was observed that speech perception is better with fewer
frequency bands when speech information contains only fine structure . Also
when speech information contained only envelope, speech perception improved as
the number of vocoder bands are increased (Smith et al., 2002). When silence is
added, speech perception scores are reduced indicating the ‘Speech-speech
chimera is influenced by processed stimuli’ ( Smith et al., 2002). Poor perception
on envelope in lower vocoder bands indicates that , “The amount of envelope
reconstruction is having a negligible significance in lower frequency bands’ (Irno
& Patterson., 1997). Our results are conflicting with the English speech-speech
chimera results of Smith et al., (2002),where they found that envelope cues are
dominating fine structure for speech perception when chimeric signal contains

only speech information.
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Chapter 5

Summary and conclusion

Literature reports that fine structure have an important role in the
perception of tonal language ( Mandarian chineasse) and envelope cues are
important for the perception of English language. However, in Indian context
most of the languages are non-tonal ,a study was required to investigate the
differences in temporal cues required to for the perception of Indian languages.
Hence the aim of the study was to investigate the influence of vocoder
frequency bands on the perception of Malayalam chimeric sentences in
individuals with normal hearing. The objectives aimed were, to study the
influence of envelope and fine structure cues on word identification and also
the number of frequency bands required to differentiate the cues for envelope
and fine structure using chimeric sentences. The study started with the null
hypothesis that is envelope and fine structure is not having any effect on word
identification in Malayalam language. The study was carried out in two phases
were phase 1 included the preparation of chimeric stimuli and phase 2 included
the presentation of stimulus. Since with 16 frequency bands used in the stage 1
of phase 2, no envelope perception was obtained , three additional frequency
bands were added in the stage 2 of phase 2. Also, to check the perception of
envelope and fine structure perception two more condition were added as
envelope only and fine structure only were either only envelope cue or fine
structure cue was preserved. Descriptive stastistical analysis was carried out on
SPSS software (version 20). The results revealed that fine structure cues are
important for the perception of Malayalam language. Envelope perception is

not found to happen for less number of frequency bands and as the number of
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frequency bands are increased ,improved envelope and reduced fine structure
perception was observed. This is the 1% study on envelope and fine structure
cues using chimeric sentences in Malayalam language on normal hearing
individuals . The results of the study could have some clinical implication in
the modification of amplification devices. The current study was a preliminary
attempt to investigate temporal cues on the language basis using auditory
chimera especially in Indian languages. To gain in depth knowledge regarding
the same, a detailed study across age groups, hearing and hearing impaired

individuals, in different languages to be carried out.
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Clinical implications

The present study’s results reveal that fine structure cues are important
for the perception of Malayalam language. However current speech processing
strategiesemployed in the hearing aids and cochlear implants do not efficiently
use fine structure cues. The current findings of the study highlights the need to
include methods such as encoding fine structure in the form of frequency
modulation, or a race to spike algorithm, or using coherent demodulation in the
single band encoder which preserves both envelope and fine structure. For
hearing aids the strategies that can be adapted includes spatio temporal pattern
correlation or Neuro compensator algorithm to provide fine structure cues for
better perception of Malayalam language. In the literature it has been reported
that individuals having cochlear lesion have reduced ability to use fine
structure cues. Hence the current study highlights the need to focus on fine

structure cues in intervention of individuals with cochlear Ilesion.
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Future directions

1)

2)

3)

4)

Study of speech processing strategies in order to develop better algorithms ,
which may provide better fine structure representations.

Extend the work into different Indian languages both tonal and non tonal.
Study using human auditory processing model to find out or estimate the
recovered envelope in particular language.

Extend the population from normal adults to different disordered

population and in individuals using hearing aids and cochlear implants.
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APPENDIX —i

Hilbert transform used to separate envelope and fine structure

clc;clf;clear;
[a,Fs,nbit]=wavread(‘'waveform’);
Fs2=44100

sound(a)

subplot(3,1,1);

plot(a);

b=hilbert(a);

c=abs(b);

%sound(c);

¢ = 0.99*c/max(abs(c));
wavwrite(c,Fs2,'envelope’);
%subplot(3,1,2);

figure;

plot(c);

d=360*angle(b)/(2*pi);
%sound(d)

d = 0.99*d/max(abs(d));
wavwrite(d,Fs2, fine structure’);
figure;

plot(d);
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Appendix 2

Sentences in Malayalam IPA
@ROUO @Ml (6es] avar 1lar: va:n1 kuticco
S 12
@eWIg Alweallel DY Mgal aja:| vajalil va:[Ja attv
6@0 600 I emIgleflalat amma kotty3 tflil vrakks
ler:ol
QU elal a6 o lm vavva: ma:na tinnov
&oflwlalal acsfl Moy kuppijil mast niraccu
31 el ©2aT (Wlg ko:ttr nalla utuppe aricco
2600UM Al o flslo mukkovan mon  1ticco
a Dol @O0 |2l #sfemo & 1o Pa:trattil basanam
kall1tcco
@RWIE @R o YOO aja:| avana pustakam
@ HIS)O0))
kotufto
@alM @20 Qflemy pe:natall3vina
@ROUE 8OO MAWo o208 12 | aval kurs sa ajam
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