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Factors Affecting Speech Recognition in Noise and Hearing Loss in Adults with a
Wide Variety of Auditory Capabilities

By Sheetal Purushottam Athalye

Studies concerning speech recognition in noise constitute a very broad spectrum of work
including aspects like the cocktail party effect or observing performance of individuals in
different types of speech-signal or noise as well as benefit and improvement with hearing aids.
Another important area that has received much attention is investigating the inter-relations
among various auditory and non-auditory capabilities affecting speech intelligibility. Those
studies have focussed on the relationship between auditory threshold (hearing sensitivity) and a
number of suprathreshold abilities like speech recognition in quiet and noise, frequency
resolution, temporal resolution and the non-auditory ability of cognition.

There is considerable discrepancy regarding the relationship between speech recognition in
noise and hearing threshold level. Some studies conclude that speech recognition performance
in noise can be predicted solely from an individual’s hearing threshold level while others
conclude that other supra-threshold factors such as frequency and/or temporal resolution must
also play a role. Hearing loss involves more than deficits in recognising speech in noise, raising
the question whether hearing impairment is a uni- or multi-dimensional construct. Moreover,
different extents of hearing loss may display different relationships among measures of hearing
ability, or different dimensionality.

The present thesis attempts to address these three issues, by examining a wide range of hearing
abilities in large samples of participants having a range of hearing ability from normal to
moderate-severe impairment. The research extends previous work by including larger samples
of participants, a wider range of measures of hearing ability and by differentiating among levels
of hearing impairment.

Method: Two large multi-centre studies were conducted, involving 103 and 128 participants
respectively. A large battery of tests was devised and refined prior to the main studies and
implemented on a common PC-based platform. The test domains included measurement of
hearing sensitivity, speech recognition in quiet and noise, loudness perception, frequency
resolution, temporal resolution, binaural hearing and localization, cognition and subjective
measures like listening effort and self-report of hearing disability. Performance tests involved
presentation of sounds via circum-aural earphones to one or both ears, as required, at intensities
matched to individual hearing impairments to ensure audibility. Most tests involved
measurements centred on a low frequency (500 Hz), high frequency (3000 Hz) and broadband.
The second study included some refinements based on analysis of the first study. Analyses
included multiple regression for prediction of speech recognition in stationary or fluctuating
noise and factor analysis to explore the dimensionality of the data. Speech recognition
performance was also compared with that predicted using the Speech Intelligibility Index (SII).



Findings: Findings from regression analysis pooled across the two studies showed that speech
recognition in noise can be predicted from a combination of hearing threshold at higher
frequencies (3000/4000 Hz) and frequency resolution at low frequency (500 Hz). This supports
previous studies that conclude that resolution is important in addition to hearing sensitivity. This
was also confirmed by the fact that SII (representing sensitivity rather than resolution) under-
predicted difficulties observed in hearing-impaired ears for speech recognition in noise. Speech
recognition in stationary noise was predicted mainly by auditory threshold while speech
recognition in fluctuating noise was predicted by a combination having a larger contribution
from frequency resolution. In mild hearing losses (below 40 dB), speech recognition in noise
was predicted mainly by hearing threshold, in moderate hearing losses (above 40 dB) it was
predicted mainly by frequency resolution when combined for two studies. Thus it can be
observed that the importance of auditory resolution (in this case frequency resolution) increases
and the importance of the audiogram decreases as the degree of hearing loss increases, provided
speech is presented at audible levels. However, for all degrees of hearing impairment included
in the study, prediction based solely on hearing thresholds was not much worse than prediction
based on a combination of thresholds and frequency resolution. Lastly, hearing impairment was
shown to be multi-dimensional; main factors included hearing threshold, speech recognition in
stationary and fluctuating noise, frequency and temporal resolution, binaural processing,
loudness perception, cognition and self-reported hearing difficulties. A clinical test protocol for
defining an individual auditory profile is suggested based on these findings.

Conclusions: Speech recognition in noise depends on a combination of audibility of the speech
components (hearing threshold) and frequency resolution. Models such as SII that do not
include resolution tend to over-predict somewhat speech recognition performance in noise,
especially for more severe hearing impairments. However, the over-prediction is not great. It
follows that for clinical purposes there is not much to be gained from more complex
psychoacoustic characterisation of sensorineural hearing impairment, when the purpose is to
predict or explain difficulty understanding speech in noise. A conventional audiogram and
possibly measurement of frequency resolution at 500 Hz is sufficient. However, if the purpose
is to acquire a detailed individual auditory profile, the multidimensional nature of hearing loss
should not be ignored. Findings from the present study show that, along with loss of sensitivity
and reduced frequency resolution ability, binaural processing, loudness perception, cognition
and self-report measures help to characterize this multi-dimensionality. Detailed studies should
hence focus on these multiple dimensions of hearing loss and incorporate measuring a wide
variety of different auditory capabilities, rather than inclusion of just a few, in order gain a
complete picture of auditory functioning.

Frequency resolution at low frequency (500 Hz) as a predictive factor for speech recognition in
noise is a new finding. Few previous studies have included low-frequency measures of hearing,
which may explain why it has not emerged previously. Yet this finding appears to be robust, as
it was consistent across both of the present studies. It may relate to differentiation of vowel
components of speech. The present work was unable to confirm the suggestion from previous
studies that measures of temporal resolution help to predict speech recognition in fluctuating
noise, possibly because few participants had extremely poor temporal resolution ability.
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left) and behaviour and reaction (lower right).
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Figure 4.12: Differences between left and right ears for ILD. Vertical axes represent
release of masking in dB; more negative values refer to better binaural processing. It
can be seen that for ILD the overall result is better on the left side (noise from left
side).

Figure 5.1: Averaged audiogram thresholds at 500- 4000 Hz for study I and II for
normal hearing and hearing impaired (upper) and combined (lower).

Figure 5.2: Range of Audiogram thresholds at 500- 4000 Hz, audiogram slope and ref
dB levels for NH and HI subjects in study II (left column) and study I (right column)
Vertical axes show levels in dB HL. In both the studies, NH subjects perform better
overall (smaller values signify better performance).

Figure 5.3: Lcut values (intersection of two linear slopes) at 500 Hz and 3000 Hz for
NH and HI subjects in study II. Vertical axes show levels in dB SPL with smaller
values indicating better performance and slope values with higher values indicating
steeper slopes and presence of recruitment.

Figure 5.4: Frequency and temporal resolution for normal-hearing and hearing-
impaired listeners 500 Hz and 3000Hz in study II (left column) and study I (right
column). Vertical axis represents resolution scores in dB with smaller or more negative
values indicating better resolution. The last figure compares the T3000 scores of both
studies for evidence of ceiling effect.

Figure 5.5: Speech recognition threshold for normal-hearing and hearing-impaired
listeners in stationary noise and fluctuating noise in study II (left column) and study I
(right column). Vertical axis represents speech to noise score in dB, with lower/more
negative SNR score indicating better performance.

Figure 5.6: SRT in quiet (binaural) for normal-hearing and hearing impaired listeners
in study I (left column) and study II (right column). Vertical axis represents the score
in dB, with smaller/more negative value indicating better performance.

Figure 5.7: ILD and BILD with noise at the side of the poorer ear in study II (left
column) and study I (right column). Vertical axes show absolute values for release of
masking for both conditions (more positive values refer to better binaural hearing).
Figure 5.8: Lexical decision making test results in study II (left column) and study I
(right column). Vertical axis in represents score (%ocorrect)/ (response time), so higher
values refer to better performance seen for NH.

Figure 5.9: Gothenburg Profile results in study II (left column) and study I (right
column). The panels present scores (more negative scores refer to better hearing/less
problems) for the four subscales of the questionnaire: speech perception, spatial
localization, social interactions and behaviour.

Figure 5.10: Scatter plot matrix of SRTfluc, AC3000/4000 and F500.

Figure 5.12: Scatter plots for different groups of hearing loss for speech recognition in
fluctuating noise across the two studies for mild (upper) and moderate hearing losses
(lower).The circled graphs reveal a more linear and less variation as compared to
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others.

Figure 5.13: Scatter plot of SRT in quiet against the four subscales of Gothenburg
Profile.

Figure 5.14: Scatter plot of ILD and measures of asymmetry.
Figure 5.15: Scatter plot of BILD and MCLS500.

Figure 6.1: a) Scatter plot of speech recognition in fluctuating noise (x-axis) and
hearing threshold level (500, 1000, 2000, 4000 Hz) (y-axis); b) Scatter plot of speech
recognition in fluctuating noise (x-axis) and average frequency resolution at 500 Hz
(y-axis), c) Scatter plot of hearing threshold level (500, 1000, 2000, 4000 Hz), (x-axis)
and average frequency resolution at 500 Hz ( y-axis ).

Figure 6.2: Scatter plot of SRT in fluctuating noise versus temporal resolution at 3000
Hz in hearing impaired listeners (a), ceiling effect in study I where they scored worse
than expected (b).

Figure 6.3: Clinical protocol based on findings of study I and II.
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Chapter One

Introduction

1.1 Relation between communication, hearing loss and speech recognition

in noise

The development of human civilization is made possible to a great extent by man’s
ability to share experiences, to exchange ideas and to transmit knowledge from one
generation to another; in other words — his ability to communicate with other men.
Communication is thus the process of exchange of information between two individuals
and spoken communication is the most commonly used form of communication.
Society is becoming increasingly communication oriented especially in today’s man to
machine world. Speech and hearing are undoubtedly the two most important aspects of
communication. Perhaps the best example of the overwhelming importance of hearing
in human society is a comparison of the social attitudes of the blind to those of the deaf.
Generally, blind people tend to get along with their fellow human beings despite their
handicap. But the deaf, who can still read and write, often feel cut off from society. A
deaf person deprived of his primary means of communication tends to withdraw from

the world and live within himself.

Thus deafness or hearing impairment has significant impact on communication and
hence on one’s life. Further, a loss in ability to hear has various aspects and is a
multifaceted impairment and can be of different types. The discussion in the thesis is
mainly concerned with the sensorineural type of hearing loss. The most severe
consequence of this type of hearing loss is the reduced ability to understand speech. For
people with hearing loss, this ability is more affected when considered in the presence
of noise versus in quiet. This was perhaps best described by Plomp (1978) in developing
his speech reception threshold model. According to Plomp, “Every hearing loss for
speech can be interpreted as the sum of a loss class A (attenuation), characterized by a
reduction of the levels of both speech signal and noise, and a loss D (distortion),
comparable with a decrease in speech-to-noise ratio.” This attenuation factor is more

related to SRT in quiet while the distortion factor is related to SRT in noise (SRT:



speech recognition threshold: defined as the dB level at which an individual can hear a
certain percentage of words, usually 50% correctly). It is this distortion factor that
causes most concern in hearing loss individuals since a hearing aid can usually
compensate for class-A hearing losses, primarily in quiet, but not for class-D hearing

losses, primarily in noise.

Also it was revealed in a study by Davis (1989) that among the various deficits, the
greatest difficulty (26%) faced by adults is to hear speech in the presence of noise.
Similarly this difficulty is also considered by many people to be the greatest handicap

associated with their hearing impairment (Kramer et al., 1998).

1.2 Basic common rationale for speech in noise tests

The rationale for such tests is that most hearing impairment affects the inner ear and as
mentioned previously, is associated with a loss of ability to recognise speech against a
background of noise: i.e. an individual needs a more favourable speech-to-noise ratio
(SNR) to obtain a criterion level of performance, typically 50% correct. This rationale is
based on Plomp’s model described above. The model contains two generalised
parameters to account for hearing loss. These two parameters describe the hearing loss
for speech in quiet and the hearing loss for speech in noise. Hawkins and Stevens
(1950) showed that at higher noise levels the threshold of speech in a background of
white noise increases at the same rate as the noise level. This finding was generalised
for normal hearing listeners and hearing impaired listeners by Plomp in his model. It
further becomes evident that the SRTn (speech recognition threshold in noise) of a
listener does not depend on absolute presentation level, once it is above absolute

threshold, but only on the ratio between speech and noise (Wagener, 2003).

1.3 Psychoacoustic basis for speech-in-noise tests

Fletcher (1940) suggested that the peripheral auditory system behaves as if it contains a
bank of band pass filters; with continuously overlapping centre frequencies. These
filters are called auditory filters. Fletcher thought that the basilar membrane provided

the basis for the auditory filter. Each location on the basilar membrane responds to a



limited range of frequencies, so that each different point corresponds to a filter with a
different centre frequency. Recent data are consistent with this point of view (Moore,
1986), although the additional amplification by the outer hair cells was not known at the
time of Fletcher’s work. This mechanism is responsible for the steep filter skirts in

normal ears . (Moore, 1986)

Thus, when trying to detect a signal in noise background, the listener is assumed to
make use of a filter with a centre frequency close to that of the signal. This filter will
pass the signal but remove a great deal of the noise. Only the components in the noise
which pass through the filter will have any effect in masking the signal. It is usually
assumed that the threshold for the signal is determined by the amount of noise passing
through the auditory filter; specifically, threshold is assumed to correspond to the
signal-to-noise ratio (SNR) at the output of the filter. This set of assumptions is called
the power spectrum model of masking (Patterson & Moore, 1986). However, in hearing
impaired individuals these filters widen leading to a lower (worse) signal-to-noise ratio

at the output of the filter (Patterson & Moore, 1986).

1.4 Studies related to speech recognition in noise

This difficulty mentioned above is often discussed in association with ‘cocktail party
effect” which is a general ability to hear out conversations by filtering out or
concentrating on speech of one person in group of many or when the ambient noise
levels are high. People with hearing impairment struggle to carry out this filtering.
Moreover, since we are more sensitive to problems related to speech and
communication, it is not surprising that there is a long history of studies devoted to
understanding this difficulty. However; the theoretical viewpoints of the different
studies tend to vary. In other words, the approach by which each study or group of
studies has arrived at the possible explanation for understanding this difficulty is
different. One of the pioneering studies in this respect is by Festen and Plomp (1983)
who tried to observe relations between auditory functions in impaired hearing using
measures of hearing threshold, speech recognition, frequency and temporal resolution.
The stand taken by them was that basic properties of the hearing process like frequency

resolution, non-linearity etc. were based on theoretical considerations and physiological



data. They speculated that a more direct way of understanding the auditory functions

was by correlating the results for a number of auditory tests for a group of subjects.

Their study thus put forth two important ideas through which understanding of speech
intelligibility in noise can be facilitated. Firstly, they pointed out the variation in
performance seen in hearing impaired population leads to significant inter-individual
differences and this aspect may help improve our understanding since is not seen or
seen to a much lower degree in the normal hearing population (Festen and Plomp,
1981). Secondly, they advocated the use of a test battery approach to further investigate
and understand this difficulty.

Most of the studies by other authors that followed have adopted the first (Pavlovic et al.,
1984; Nelson et al., 2007) or the second (van Rooij & Plomp, 1990; Jerger et al., 1991,
Humes et al., 1994; Divenyi et al., 1997; George et al, 2006) approach in order to
understand this difficulty of listening to speech in presence of noise, seen in the
majority of adult hearing impaired. Though the two approaches cannot be considered

exclusive, it is the preference given to one or the other approach that varied.

A study subsequent to Festen and Plomp (1983) was by Pavlovic et al, (1984) who
adopted the first idea above. The Pavlovic study or the more recent Nelson et al.(2007)
study discussed the use of understanding of speech difficulty to improve amplification
based on inter-individual differences (Nelson et al., 2007) or articulation index (Al)
(Pavlovic et al.,. 1984). So they tried to apply their understanding of this deficit to

specify suitable amplification.

The others (van Rooij & Plomp, 1990; Jerger et al., 1991; Humes et al., 1994; Divenyi
et al., 1997; George et al., 2006, Dreschler and Plomp, 1985; Lutman, 1987) used a test
battery approach and tried to understand the different interrelations between the
auditory measures, each from a slightly different perspective. Jerger et al.(1991)
focussed on speech audiometric and neuropsychological measures. They tried to
understand the difficulty using a limited set of variables including age, hearing loss and
cognition. Humes et al.(1994) investigated the same, however using a wide range of
speech materials. The study by Divenyi (1997a) used different measures to see the
effect of age and lateral asymmetry rather than hearing loss. They attributed the

4



difficulty of understanding speech in presence of noise to auditory segregation or the
inability to perform ‘auditory scene analyses’ whereas George et al.(2006) attributed it
to suprathreshold deficits. According to George et al.(2006) when speech and noise are
well above threshold and have similar overall spectra, the distortion component (which
gives rise to this difficulty in the first place) is considered to be a reflection of
suprathreshold deficits in hearing. Van Rooij and Plomp (1990) investigated relations of
speech perception tests with auditive and cognitive components. However the focus was
to observe validity and manageability of a test battery comprising the above three
components. Similarly, Dreschler and Plomp (1985) studied the various interrelations
for a younger group of subjects and Lutman’s study did so for subjects with different

groups of hearing loss.

From the above studies it becomes evident that understanding of difficulty of speech
recognition in noise, in the hearing impaired population broadly constitutes two aspects:
- Understanding speech recognition in noise itself, typically identifying predictors

of speech recognition performance
- Understanding relations between different auditory capabilities (thus trying to
understand this difficulty by investigating various auditory measures beyond
speech recognition, in other words surpassing speech recognition and observing

hearing loss more globally)

Having established that, the different studies in the present research are categorised into

the two groups, based on above:

Group I Studies of explanatory factors for speech recognition in noise
Group 11 Studies examining interdependence of the auditory

capabilities or factors

The definitions of the groups of studies are as follows:

Group I- Studies of explanatory factors

This group of studies is basically related to understanding speech recognition

performance in hearing impaired people. The studies included here revolve around



explaining speech recognition performance in terms of various other auditory
capabilities including hearing threshold level and frequency/temporal resolution. This
may include speech recognition scores in different types of noise such as continuous or
fluctuating. An underlying question is the extent to which speech recognition in noise
can be predicted from hearing threshold levels (the audiogram), or whether other

suprathreshold capabilities are required for prediction.

Group II-Studies examining interdependence of auditory factors

Hearing loss is multifaceted and involves capabilities other than speech recognition and
hearing threshold. So it needs to be explained fully as a sensory impairment rather than
just from the point of view of speech recognition. Thus group II studies focus on
exploring this multidimensionality related to hearing loss or hearing difficulties. It is
more generalised than group I where the focus is on speech recognition alone. To a
great extent, the same studies from group I are reviewed, however from a viewpoint that

extends beyond speech recognition in noise.

Thus group I relates to explaining and recovering the different factors and aspects that
could possibly underlie deficient speech recognition in noise, while group II relates to
discussing and exploring sensorineural hearing loss more globally from the viewpoint of
hearing deficits rather than just speech recognition or hearing threshold or one particular

auditory ability .

The two groups of studies are now outlined in the following section. They are discussed

in greater detail in Chapter 2.

1.4.1 Group I- Studies of explanatory factors

As mentioned above, a number of studies (Festen and Plomp, 1983; Pavlovic, 1983;
Dreschler and Plomp, 1985; Lutman, 1987; van Rooij & Plomp, 1990; Jerger et al.,
1991; Humes et al., 1994; Divenyi et al., 1997a, b, c; George et al., 2006) have
attempted to study speech recognition in noise and its relation to other auditory
capabilities including auditory threshold or sensitivity, frequency, temporal, spatial

resolution and cognition among others. Other studies have exclusively studied the



relation of speech recognition to hearing threshold (e.g. Killion 1997, Killion et al.,
2004, Nelson et al., 2007). The various studies have used different methods and have
varied implications and findings; however based on their main conclusions they are

divided into the following three classes of studies.

Class A: Studies concluding that speech recognition in noise can be predicted well from
measures of hearing threshold level (Humes and Roberts, 1990, Jerger et al, 1991;
Humes et al., 1994; Divenyi et al., 1997a). In other words, it is unnecessary to consider

other (supra-threshold) measures.

Class B: Studies concluding that speech recognition in noise can only be predicted by

including measures other than threshold. These studies can be further sub-divided.

Class B: i] Studies concluding that speech recognition in noise can be predicted on
average from measures of hearing threshold level, but the wide spread of data suggests
that other measures (not measured in the study) may have a role as well (Killion 1997;

Killion et al., 2004; Nelson et al., 2007; Pavlovic, 1984; Plomp and Mimpen 1979).

Class B: ii] Studies concluding that speech recognition in noise can only partly be
predicted from measures of hearing threshold level; suprathreshold or other measures
(obtained in the study) also play an important part (Festen and Plomp 1983, van Rooij
& Plomp 1990, George etal. 2006, Dreschler and Plomp 1985, Lutman 1987).

The difference between classes B (i) and (ii) is whether the presence of contributing
factors additional to hearing threshold (suprathreshold or others) were implicated by
inference (i) or actually measured (ii). Thus the class B (i) studies focussed more on
implications of the relation between hearing threshold and speech recognition in noise
while B (ii) studies focussed more on the relation between speech recognition and
suprathreshold and other factors like cognition, age etc. Similarly the main difference
between the classes A and B (ii) is the extent of prediction of speech recognition based
on hearing thresholds. While class A includes studies that indicate dependence on
threshold to a maximum extent with minimal or no contribution from other factors,
class B (ii) includes studies that implicate threshold to a lesser extent, with additional

contribution from other factors. Thus, they can be looked upon as a spectrum of studies
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varying in the extent to which suprathreshold abilities are required to explain speech

recognition in noise.

This classification is mainly for the purpose of discussion so that the differences and
commonalities between them become evident and any obvious discrepancies can be
outlined. It should be remembered that there are numerous studies studying various
aspects of speech recognition, however the scope of the thesis includes mainly those
studies that have attempted to use a test battery approach. Also the focus here is on the
interrelations between the different tests rather than the individual tests themselves.
Further, the main issue that is addressed collectively by these studies is prediction of
speech intelligibility scores based on an individual’s hearing threshold level. It can be
seen that there is considerable variation in the findings. The class A studies (Jerger et
al., 1991; Humes and Roberts, 1990, Humes et al., 1994; Divenyi et al., 1997 a, b)
reveal that speech recognition can be predicted to a great extent based on an individual’s
hearing loss or sensitivity. Humes et al., (1994) quantified this extent as 70-75% of the
variance, while Divenyi et al., (1997b) estimated 85% and Jerger et al, (1991)
suggested 75%. Further, Divenyi ef al.; (1997a) found hearing threshold to be major
factor that was responsible for differences in auditory performance including speech
recognition, especially in the elderly. Thus these studies consider hearing threshold
level to be the essential factor for predicting speech recognition in hearing impaired

people.

Class B (i) studies (Killion 1997, Killion et al., 2004) have compared hearing loss (pure
tone averages) to SNR loss, a term used to denote the increase in SNR needed to
achieve a certain percentage of speech recognition (usually 50%). In general, an
individual with a hearing loss requires a more favourable or better SNR than a normal

hearing individual to perform at a criterion level in a given acoustic environment.

Killion (1997) reported that subjects with a 40 dB pure-tone-average (PTA) hearing loss
typically showed a 5 dB SNR loss; those with a 60 dB PTA typically showed a 7 dB
SNR loss, increasing to almost 12 dB for an 80 dB PTA. This leads us to believe that
there is a monotonic relation between the two. However in other studies (Killion and
Niquette, 2000; Killion ef al., 2004) it was noted that some subjects with hearing losses
of 40 to 60 dB have almost no SNR loss. Thus their data sets revealed a spread of 15 to

8



20 dB in SNR loss for similar pure tone average losses. In other words, listeners with
40-60 dB pure tone averages show SNR loss ranging between 2-20 dB. This finding
was generalised by Killion e al. (2004). Other studies (Lyregaard, 1982; Dirks et al.,
1982; Killion, 1997; Killion and Niquette, 2000) also support similar findings indicating
a wide range of SNR loss in persons with similar pure tone hearing losses. These
findings are shown graphically below (re-plotted from the study by Lyregaard et al.,
1982)
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Figure 1.1: Wide variation seen in SNR (dB) as a function of hearing threshold (dB HL)
replotted from Lyregaard, 1982.

Pavlovic (1984) used an alternative approach to study speech recognition and hearing
threshold. He applied the Al (articulation index) procedure to audiograms of normal and
hearing impaired subjects to predict SRT in noise and compared this with measured
SRT in noise. He found that the subjects especially with relatively severe loss exhibited
a disproportionate loss in speech discrimination compared to that predicted on the basis
of Al. They concluded that suprathreshold distortion factors were present in addition to
loss of audibility, for the more severe losses. He inferred that, for mild and moderate
hearing losses, reduced audibility as represented in the AI model was sufficient to
explain SNR loss. In other words, supra-threshold distortions were unimportant for

mild/moderate hearing loss. However, he used filtered speech/noise materials which



perhaps meant that for some test conditions there was a hidden element of frequency

resolution ability and his inferences regarding AI may be an over simplification.

However, in spite of different methods, the class B (i) studies highlight that the relation
between speech recognition in noise scores and hearing threshold level includes much
unexplained variance and hence it may not be straightforward to predict the score of one

based on other for an individual.

In summary, the class B(i) studies (Killion 1997, Killion et al., 2004, Nelson et al.,
2007, Pavlovic 1984, Plomp and Mimpen 1979 ) reported that while normal hearing
listeners show more or less similar scores, significant individual differences for speech
recognition scores exist among those with sensorineural hearing loss (Pavlovic, 1984).
These differences are known to exist with or without any differences in audibility; this
variability also becomes greater when they are tested in noise rather than in quiet. In
other words speech intelligibility cannot always be predicted well based on only a
person’s hearing threshold. The variation among individuals appears to be larger than

could be explained simply by measurement uncertainty.

Lastly, class B (ii) studies (Festen and Plomp 1983, van Rooij and Plomp 1990, George
et al., 2006, Lutman 1987) revealed that speech recognition threshold can be predicted
only partially by threshold. There could be numerous other factors responsible. The
other factors responsible for the prediction include frequency resolution (Festen and
Plomp, 1983), temporal resolution (George et al., 2006) and both frequency and
temporal resolution (Lutman 1987, Dreschler and Plomp 1985) and cognition (van
Rooij & Plomp 1990). The relative contribution varies in the different studies. It should
also be remembered that these factors are not independent and they are also correlated

with hearing threshold level, making interpretation complex.

Studies in subclass B(i) especially (Killion 1997, Killion et al., 2004) have exclusively
studied hearing threshold and speech recognition. Thus they are limited in their findings
in that the two are not proportionately related. The subclass B(ii) studies have gone a
step further and were able to observe that speech recognition can be predicted partly by
thresholds and determined by statistical inference the other factors that could possibly

be playing a role in this prediction.
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From the above, it becomes evident that although there have been numerous studies
investigating the relation between speech recognition in noise and hearing threshold
level, the existing empirical evidence is inconsistent and hence inconclusive. Thus a
clear discrepancy between the different outcomes of the studies A and B is evident. It is
still unclear to what extent speech recognition can be predicted by audibility and
whether beyond audibility there could be any other factors responsible for the same.

These questions form the basis of the first two aims in the thesis:

I] To try to resolve the discrepancy among studies of classes A and B and thus test
whether or not audibility can predict or explain variation satisfactorily in speech

recognition scores in noise.

II] If audibility can only partly explain the differences among hearing impaired
individuals, what are the other (suprathreshold) factors responsible for the differences.
(The issue of suprathreshold auditory capabilities is mainly considered here, while

others e.g. cognition are discussed later.)

It should be noted that the discrepancies among the different studies could be due to
various reasons including differences in test batteries, methodologies, subjects,
statistical techniques etc. These aspects will be discussed in more detail in the next
chapter along with significant details of each study. The purpose of the present chapter
is to merely outline these discrepancies, which serve to underpin the aims in the thesis.
Once these have been outlined here, the next chapter further discusses limitations in

various studies and their scope for extension in the present study.

Further it can be noted from the class B studies that the relation between hearing
threshold level and speech recognition is not exactly proportionate. Having observed
this, there is little evidence to show to what extent this non-proportionality exists across
different groups of hearing loss and if there are any possible trends that govern the two
aspects. In other words, different auditory capabilities may be important for different
degrees of hearing loss. The relationship between speech recognition in noise and
threshold/other factors may differ depending on severity of the hearing loss. Clearly, for

more severe losses, audibility is more likely to be important at normal conversational
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voice levels. Very few studies (Lutman, 1987; Pavlovic 1984) in the past have
attempted to segregate the different groups of hearing loss and look specifically into
performance trends for each one. Further the studies have tended to restrict their
inclusion of subjects to those with thresholds up to approximately 50-55 dB. Pavlovic
(1984) did include both mild and severe losses. However his study was restricted to
predictions from SII and he did not include any actual suprathreshold measures.
Lutman’s study (1987) mentioned above has a more systematic approach, but the
groups reported have overlapping boundaries in terms of their hearing loss. The study
pooled the capabilities of (normal + mild) or (mild + moderate) groups as opposed to
separate groups in order to increase group numbers. Also the study incorporated use of
fixed stimulus presentation levels for measurement as opposed to varying according to
hearing loss. Thus, study of speech recognition performance for discrete groups and a
wider range of hearing loss (eg: mild, moderate, severe etc) is perhaps necessary to
understand these interrelations further. Availability of such systematic information
could reveal what could be happening in each group and has been investigated only to a

limited extent before.

1] Thus the third aim is to investigate how different threshold/suprathreshold abilities

affect speech recognition in noise according to magnitude of hearing loss.

Finally most studies have compared speech recognition performance in hearing
impaired using the stationary/continuous noise. There are number of studies (Summers
and Molis, 2004; Nelson et al., 2003; Dubno et al., 2002; Bacon et al., 1998; Hagerman,
1995, 2002) comparing the performance of individuals in two types of noise (stationary
and fluctuating). Some have observed speech recognition performance with other
capabilities using stationary noise. However, very few have observed the same using
fluctuating noise. In fact, only one recent study by George (2006) has investigated the
influence of fluctuating noise systematically showing the importance of temporal
resolution for speech recognition in fluctuating noise. Moreover, it is known that while
normal hearing listeners perform differently in the two types of noise (i.e. perform
better in fluctuating noise), hearing impaired subjects may fail to show this difference in
scores (Summers and Molis, 2004; Nelson et al., 2003). They are less able to make use
of the additional information present in gaps of the fluctuating noise. (Summers and

Molis, 2004; Nelson et al., 2003; Dubno et al., 2002; Bacon et al., 1998; Hagerman,
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1995, 2002) This indicates that different factors could be associated with speech
recognition in these two different kinds of noise. Fluctuating backgrounds are common
in daily life and hence understanding the processes behind this effect is important
(Kramer et al., 1996). Thus it would be worthwhile to investigate these effects of
fluctuating noise in the present study. In fact, this issue is only a subset of the general
issue that hearing disability is multidimensional and cannot be fully characterised by a
single dependent variable, such as speech recognition in stationary noise. Ideally
multiple variables would be considered. This issue is explored further in the second part

of the study.

IV] Thus the fourth aim is to investigate if there are different factors that underlie

speech recognition for the two different types of noise: stationary and fluctuating.

The four aims discussed above in Section 1.4.1 are directed towards understanding and
explaining the main aspects of speech recognition in noise. The corresponding
hypotheses are listed below:

1. Auditory sensitivity alone cannot explain or predict the variation in speech
recognition performance in noise across a range of hearing impairment

2. Besides audibility, certain measurable suprathreshold factors can help to explain the
variation in speech recognition in noise scores

3. The relative importance of the various factors affecting the speech recognition in
noise changes as the degree of hearing loss varies

4. For the two types of noise (stationary and fluctuating), there are different factors

responsible for speech recognition scores

An important feature of the approach used to investigate the above aims concerns the
presentation levels of the tests. The aim here was to ensure audibility of stimuli in all
tests, which was achieved by using higher presentation levels for more impaired ears. It
was intended that this would restrict the overwhelming influence of audibility as a
factor and allow the influence of secondary auditory capabilities to become evident.
Thus testing levels were always suprathreshold as opposed to sometimes close to or
below threshold, as in some other studies. This approach is consistent with the idea that,
in natural listening conditions, people will adjust signal volume whenever possible.

They may increase TV volume or wear hearing aids or adjust the volume or positioning
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of a telephone headset. Also, speakers may compensate by speaking louder when they
address a person known to have impaired hearing. Thus the approach can be

characterised as ecological.

1.4.2 Group II-Studies examining interdependence of auditory factors

The discussion until now was restricted to speech recognition and its relation to auditory
capabilities. As mentioned in the beginning of the chapter, group II studies are devoted
to exploring these relations more broadly. Thus, the aim here is to discuss hearing loss
as a complete entity which includes speech recognition and/or numerous auditory
capabilities. One of the obvious reasons for doing so, is that none of the studies
mentioned above have attempted such a comprehensive approach. But, perhaps it is
more meaningful to also see why this is essential. A discussion regarding the auditory or
other domains covered by each study is important for the same reasons. The following
figure outlines the different domains covered by all the studies included in the

discussion plus a set of measures that were not included in any of the studies.
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Figure 1.2: Summary of Auditory test domains included in different studies.
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As can be seen, the studies have mainly limited themselves to only few domains which
to some extent have resulted in incomplete understanding of the auditory functions.
While all studies included hearing threshold and speech recognition, one of the other
domains is missing in every study. The box on the extreme right shows that there were a
number of other auditory and non-auditory (subjective) aspects that have not been paid
attention to. This is why an approach that views hearing loss in total is essential since a
person with hearing disability is likely to exhibit problems that are related to but outside
these aspects that have been investigated earlier. Of course there are individual studies
where all these remaining aspects have been studied, but nonetheless usually with
exclusion of one or more domains. Thus they have not been observed collectively in one
study. Hence, a study including all of these is desirable. Equally important are the
relations between speech recognition and the aspects like localization, binaural hearing
and subjective measures which are missing. It is also important to realise whether
measures of speech recognition can help predict any of these other measures. Evidence
of analysis regarding such reverse-predictions where SRT measures are the independent
variables are rarely available. This in addition to being a novel concept, will also help
understand whether the measures highlighted in the extreme right box are related to
hearing threshold and speech recognition or stand independently. In either case, the
multiple dimensions of hearing loss would be recovered. In summary, the question of
interest is whether the capabilities listed in Fig.1.2 vary independently among hearing
impaired people, or do they vary together as a single entity related to severity of hearing

loss.

V] Thus the fifth aim is derived from group II studies. This is to explore the
multidimensionality of hearing disability. In other words, can experience of hearing loss

be related to a single global measure or are multiple measures required?

The consequent hypothesis from group II is:
5. Measures of hearing disability are highly correlated and describe a single underlying
dimension. The alternative hypothesis is that they are not highly correlated and can be

understood to be multidimensional.
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1.5 Motivation of the study

In summary two main questions are investigated in the thesis:

Which auditory factors are responsible for prediction of speech recognition in general

across a range of hearing loss?

Is the variation in auditory performance across a range of hearing impairment

multidimensional, or can it be approximated by a single unidimensional hearing loss

construct?

1.6 Summary of aims and findings

The following table highlights the different aims of the thesis

Table 1.1: Summary of aims put forth in the thesis

Factor

Aim

I-Explanatory

factor

1.Resolve the discrepancy surrounding the relation between hearing
threshold level and speech recognition in hearing impaired and thus
investigate if audibility is predominantly or exclusively responsible for

variation in speech recognition score of not.

I-Explanatory

factor

2. If audibility can explain only in part the differences among speech
recognition performance in various hearing impaired, what are the other

factors (suprathreshold) responsible?

I-Explanatory

factor

3. To investigate if different threshold/suprathreshold factors affect speech

recognition in noise with differing magnitude of hearing loss.

I-Explanatory

factor

4. To investigate whether the performance of hearing impaired for two types
of noise (stationary and fluctuating) helps understand the factors affecting

speech intelligibility

[I-Multiple
dependent

factor

5.Can experience of hearing loss be related to a single measure or are

multiple measures required ?
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1.7 Diagrammatic representation of basic structure and ideas in the thesis

This chapter ends with a figure followed by description of all the chapters in brief.
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1.8 Outline of remaining chapters included in the thesis

Chapter 2-Review of Literature

This chapter follows the same pattern as the present chapter wherein the different
aspects of the studies will be discussed as per each aim. It is divided into three sections,
the first section critically evaluates the studies put forth in this chapter, the second
section discusses the first four aims and the aspects related to it in more detail and the
third section includes aim five where the different test domains outlined in this chapter

are discussed in detail.

Chapter 3- Methodology: Test description and subject criteria
This chapter includes the rationale and design of experimental methods, description of
actual test measures selected for each of the test domains described in chapter two and

details of subjects included in the thesis.

Chapter 4- Results and interpretation-I

Includes general and descriptive statistics of the data for study I along with the
differences between normal hearing and hearing impaired population. Results from
regression and factor analysis using the different tests are also discussed. This chapter
also follows the same pattern as the first two wherein the different results and their

interpretation are discussed as per each aim.

Chapter 5- Results and interpretation-II

Includes explanation and rationale for study II along with descriptive statistics and
results from regression and factor analysis of the data for study Il as compared to study
I. Both the studies are compared and contrasted and similarities and differences are

discussed.
Chapter 6- Discussion and summary

This chapter includes general discussion of all the findings and their overall comparison

with other studies along with the clinical implications, conclusions and contribution.
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Chapter 7- Conclusion and contribution

This chapter summarizes the final conclusions and novel findings from the two studies.

Having discussed the various gaps in knowledge and understanding of the performance
of speech intelligibility in hearing impaired, and motivation behind the different studies
being carried out as part of the thesis, the next chapter constitutes a review of literature
to underpin the objectives discussed here. The purpose of this present chapter is to give
a the framework of the different studies carried out within the thesis, and outline the
various objectives and hypothesis but the next chapter will discuss and critically
evaluate, the different test domains and the studies mentioned in this chapter in more

detail.
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Chapter Two

Review of Literature

2.1 Introduction

This section is devoted to a more detailed and critical discussion of the objectives and
the different groups of studies mentioned in the first chapter. It is roughly divided into
three sections. In the first section all the studies are discussed individually with their
specifics as well as being compared overall with others. The discussion further extends
to outlining the various limitations in the methodologies of the studies in the literature
and possibilities of their improvement in the present study. It also includes discussion of
the important auditory domains mentioned at the end of the chapter I and their
subsequent relevance. The second section includes additional discussion of aims 1-4. In
aim 1, the relation of speech recognition in noise and threshold is further reviewed
while aim 2 does the same for suprathreshold abilities like frequency and temporal
resolution followed by brief discussions of aims 3 and 4. The final section includes aim
5 exclusively. This is treated as a separate section because, each of the auditory domains
discussed in the first section are reviewed here again in terms of the different test
methods, procedures and measures available for each in the literature, in order to aid

design of a final test battery that can be used in the present study.

2.2 Section I: Discussion of studies from groups A and B and others

A table of the studies that are frequently discussed (classes A, Bi, ii and others) is
outlined, including their significant characteristics, in appendix I. These studies will be

referred to repeatedly and the reader may wish to refer to this table.

In this section however, the grouping (A, B) is of less significance; it was introduced in
the first chapter to emphasize the obvious discrepancies observed in the different
studies. The insights of individual studies and their distinction from others is of more
significance here. Studies from group A and B (ii) are included here. The pioneering

study which revealed a major insight into understanding speech recognition was done
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by Plomp (1978). His model identified factors that characterize speech recognition in
noise and in quiet. Thus according to this model hearing loss for speech can be
interpreted as sum of class A (Attenuation) and D (Distortion). This A factor is
characterized by reduction in effective levels of signal and noise while the D factor is
characterized by effectively decrease in signal to noise ratio. Further, the factors A and
D are associated with speech recognition in quiet while it is mainly the D factor that
becomes important for speech recognition in noise. The studies that followed (Festen
and Plomp 1983, Dreschler and Plomp 1985; Lutman 1987; van Rooij & Plomp 1990;
Jerger etal 1991; Humes et al. 1994; Divenyi et al 1997a; George etal. 2006) have in one
way or other investigated what aspects influence this D factor associated with speech

recognition in noise. They are summarised in the Table 2.1
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Table 2.1: Summary of the main findings from the different studies in literature.

Study/Authors Test measures influencing Other results
speech recognition in noise

Festen and Plomp Frequency resolution (1000 Hz) | Speech recognition in quiet is

1983 governed by hearing threshold level

Dreschler and Plomp | Mean Frequency resolution Phoneme perception parameter was

1985 (500,1000,2000 Hz), temporal related to audiometric slope and
resolution (2000 Hz) hence play a secondary role in speech

perception.

Lutman (1987) Overall : Hearing threshold Speech test performance was not
level (2000 Hz) ,frequency related to age once psycho-acoustical
resolution (4000 Hz ) and variables were accounted for

temporal resolution (4000 Hz)
but varies in different groups of
hearing loss

van Rooij and Plomp | Hearing threshold level (2000 Both auditive and cognitive

(1989,1990,1991) Hz),cognition (reduced mental components correlated with age ,but
efficiency) their balanced contribution to speech
perception did not change with age
Humes and Roberts Hearing threshold level (average | Speech recognition scores of
(1990) 1000,2000,4000 Hz) individual hearing impaired listeners

revealed large differences in
performances among them

Jerger et al., (1991) Hearing threshold level (average | For dichotic testing both hearing loss
1000,2000,4000 Hz) mainly, and cognition accounted for
cognition (very minimal) significant variance, age accounted
for significant variance for SSI
(synthetic sentence identification)

Humes et al., (1994) | Hearing threshold level (average
1000,2000,4000 Hz) mainly,
cognition (very minimal)

Divenyi et al., Hearing threshold level (average | Age- related deficits found in

(1997a,b,c) 1000,2000,4000 Hz) mainly, measures of auditory resolution:
followed by speech spatial frequency, temporal, spatial.
resolution

George et al., (2006) | Hearing threshold level (average | Problems in speech intelligibility due
500,1000,2000 Hz),temporal to supra-threshold deficits are more
resolution, age prominent in modulated maskers than
in stationary

From the above it becomes evident there is a general agreement among the majority of
studies that hearing threshold level (HTL) especially at higher frequencies predicts SRT
with few exceptions. Only the extent varies (refer Chapter I, 1.41: Class Bii ) but the
issue of how the prediction is improved is more debatable, whether by frequency and/or

temporal resolution or effects of cognition or age.

Following the main findings, other issues relating to the studies are now discussed.
These include differences/shortcomings in the test methods, subjects recruited,

statistical methods; additional auditory/non-auditory domains tested other than SRT,
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HTL and frequency/temporal resolution etc. They are also discussed hierarchically so

that any improvements as compared to previous studies can be noted.

Following the SRT model (Plomp, 1978), the study that attempted systematic
investigation of different auditory functions in relation with speech recognition in noise
was by Festen and Plomp (1983). Their study established the differences for such
interrelations between hearing threshold, speech recognition, frequency/temporal
resolution by studying both normal hearing (Festen and Plomp, 1981) and hearing
impaired individuals. The study also established the important parameters within each
test domain that should be considered while observing the interrelations by carrying out
Principal Component Analysis (PCA). Measures of mean audiometric loss (250- 4000
Hz) and audiogram slope (difference in dB 4000—-500 Hz) were found to be most
reliable to represent the hearing sensitivity measurements. Additional measurements to
test the non-linearity of the cochlea were also included. The study also revealed that in
normal hearing individuals there is a trade-off between frequency and temporal
resolution abilities which was absent in the hearing impaired. However, the study
includes only correlation and PCA. No prediction analyses such as linear regression
were included. Such analysis is especially important for when trying to uncover the
influence of one parameter over another among a significant number of correlations.
Further the sample of the study was limited to only 22 hearing impaired subjects which
perhaps is not sufficient for factors analysis where the number of subjects has to be at
least five times the number of test parameters. All measurements except the audiogram
included testing only at 1000 Hz and there was some redundancy in the test
measurements especially for frequency and temporal resolution. However, the study
includes a good description of numerous concerns relating to doing such interrelation
studies such as test reliability, influence of presentation level, minimizing bias in results

etc.

The study following the above was by Dreschler and Plomp (1985). It was very similar
to the one above and included similar measures of speech recognition, frequency and
temporal resolution. However, they improved on two aspects; test measurements were
conducted at three frequencies (500, 1000, 2000 Hz) and included regression analysis.
Additional measures of loudness and vowel perception were present. Vowel/phoneme

perception was hypothesized as a measure bridging the gap between tone perception
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(hearing threshold) and speech perception (sentences), but was found to play a limited
role. But one major difference between their study and others was the age group of
subjects included. They tested hearing impaired adolescents aged 13-20 years while all
the others included an adult/elderly population. Lastly the study found a co-occurrence
of poor frequency and temporal resolution in relation to speech recognition (which
means both of them were affected due to poor speech recognition), as opposed to a
trade-off relation in normal listeners in the study above by Festen and Plomp (1981)
(which showed that if temporal resolution was .affected, frequency resolution was not

and vice versa)

Lutman (1987) similarly studied various psycho-acoustical measures for a group of
normal hearing and mild-moderate hearing impaired subjects. Additional measures
included intensity resolution, temporal integration, two tone suppression, distortion and
adaptation along with other common ones (refer 2.3.3 for details) . The sample size
included 88 hearing impaired subjects and hence was larger than the two studies above.
This study focussed on confounding effects of age. It also observed the different
abilities possibly affected in the different severities of hearing loss and hence will be

discussed further in relation to aim 2.

The next set of studies were done by van Rooij and Plomp (1989, 1990, 1991) which
focussed on relations of auditory and cognitive factors to speech recognition. Thus
additional measures included cognitive tests. This set of studies hence varied in the
perspective that the relative importance of auditive (sensitivity, frequency and temporal
resolution) and cognitive factors which was not investigated in any of the studies above.
These results were also further analysed for the confounding variable of age. The test
methods were very similar to those used by Festen and Plomp (1983) and by Dreschler
and Plomp (1985) with only variation being the frequencies at which the test
measurements were carried out (800 Hz and 2400 Hz). Statistical techniques included
correlation and PCA as seen with studies above along with an additional canonical
correlation analysis (CCA) and Multivariate Analysis of Variance (MANOVA)

discussed later in 2.2.1.7.

Jerger et al., (1991) studied the relation between hearing threshold, speech recognition,

cognition and age. Frequency and temporal resolution were not tested which was one of
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the main drawbacks of the study. However, the sample size was 200 elderly subjects,
the largest among all the studies. Canonical correlation analysis and multiple regression

analysis were used for data analysis.

Humes et al, (1994) also studied the relation between hearing threshold, speech
recognition, cognition and age. However the main aim was to study these associations
using a wide range of speech material as well as using different presentation levels and
background conditions. This study also did not include frequency and temporal
resolution measures. Additional measures however included auditory discrimination
which was not included by others as well as 27 cognitive measures which were more
numerous than the other two studies (Jerger et al., 1991; van Rooij and Plomp, 1990).

Correlations, PCA and canonical correlation analysis were used for data analysis.

Divenyi et al., (1997 a, b and c) investigated the audiological correlates of speech
recognition in the elderly. One of the main features of the study was inclusion of spatial
resolution measures not included in other studies. Also it included more tests of
sentence recognition in noise at the sentence level, while most others included those for
phonemes or word recognition. Test measurements were carried out at a frequency of
1000 Hz and for wideband noise. Further the focus of the study was to uncover the

auditory measures affected in elderly due to age as opposed to hearing loss.

George et al., (2006) studied primarily the factors responsible for release of masking in
fluctuating noise. Thus this study was perhaps the first to incorporate the use of
fluctuating noise for speech recognition in order to study its relation with other auditory
capabilities. They further included a group of subjects with simulated hearing loss
additional to the usual two groups of normal hearing and hearing impaired. This
approach made it possible to investigate whether signal audibility or suprathreshold
deficits were responsible for the reduced benefit from masker modulations observed in
hearing impaired subjects. Results revealed that reduced audibility was only partially
responsible while temporal resolution and age were the other factors that accounted for
this reduced benefit. Their study also observed the effects of presentation level on
suprathreshold deficits. Thus the study mainly differed in terms of additional group of

subjects with simulated loss as well as the focus which consisted of investigating the
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aspects of masker modulations as opposed to studying general interrelations between

threshold, speech recognition and other suprathreshold abilities.

2.2.1 Critical evaluation of different aspects of research methods used in
studies
The following text summarises some of the aspects discussed as well as highlights

others in view of the various features and limitations of the studies discussed above.

2.2.1.1 Subjects

The subject sample for hearing impaired included in the various studies ranged from 20-
50 individuals. However, in order to study the correlations between different auditory
measures, a larger sample is desirable in order to increase the reliability of the test
measures as well as to ensure validity if data is to be subjected to more specific analysis,
like regression or factor analysis (ideally subject number should be 5-10 times, the
number of measures included). This is only achieved by Jerger et al., (1991) (200
subjects) and Lutman (1987) who included 88 subjects. Similarly, the type of hearing
loss cases included for all the studies was cochlear loss, but the degree of hearing loss
did not exceed 55-60 dB for most studies. Thus findings for a wider range of hearing

loss are limited.

2.2.1.2 Unilateral/bilateral measurements

Most of the studies (Pavlovic 1987/83, Humes et al., 1994, George et al., 2006, Festen
and Plomp 1983) included only one ear for measurements, while only three studies
(Divenyi et al., 1997a, Jerger et al., 1991, Lutman, 1987) measured both left and right
ears. Only Lutman (1987) actually compared the similarities/ differences between the
two ears, although this is not detailed in the brief publication. There are no published
comparisons of better/ worse ears in any of the studies. Such comparisons are simple yet
essential to realise the different aspects of auditory functioning. Similarly binaural
listening was studied only by Divenyi et al. (1997a). The study observed age to be a
factor influencing the perceptual separation of speech and noise and also that this

elderly group exhibited a right-ear advantage for central auditory tests and a slight left
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ear advantage for peripheral resolution. Such implications are important and have been
researched in only limited studies including the above. Further what has not been
investigated is the binaural advantage using speech across a wide range of hearing

losses.

2.2.1.3 Frequencies tested

Most of the studies (Festen and Plomp 1983, George et al., 2006, Divenyi et al., 1997a,
b, ¢) have included test measures (e.g. frequency/temporal resolution) centred at only
one frequency (1000 Hz), limiting the findings to this frequency. There are one or two
exceptions (Dreschler and Plomp, 1985; Lutman,1987). It is desirable to investigate
other frequencies, especially representing high and low frequencies as well as

broadband measures.

2.2.1.4 Presentation levels

The choice of signal levels constitutes a general problem for the measurements on
hearing impaired participants. The level should be sufficiently above the threshold so
that all the suprathreshold capabilities (speech recognition, frequency/temporal
resolution etc.) can be assessed. However, it should not reach intolerable levels which is
possible with a number of subjects with narrow dynamic range. In general, two
approaches are incorporated in the above studies to decide on the presentation level:
fixed (Jerger et al., 1991; Humes et al., 1994; Divenyi et al., 1997 a, b, ¢; Lutman,
1987) or individually adjusted (Festen and Plomp, 1983; Dreschler and Plomp, 1985;
van Rooij and Plomp, 1990). While fixed level has the advantage of comparing all the
subjects at equal levels, it limits inclusion of subjects with higher degrees of hearing
loss which was evident in the study by Divenyi et al., 1997 (a, b, ¢) where the hearing
loss did not exceed 50 dB or so. Adjusted levels on the other hand permit this.

While using a fixed level makes data clearly interpretable, statistically, it has the
disadvantage of measuring normal hearing participants at a rather loud and possibly
unfamiliar level, while measuring many hearing impaired participants at levels that may
not be high enough and overcome audibility problems. This therefore limits the testing

to moderately hearing impaired only, which was also seen in most studies above. The
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advantage of using a fixed level is seen in measuring abilities such as frequency
resolution which is level dependent. On the other hand, using adjusted levels of
presentation ensures that the stimulus is always audible and may be considered to
emulate listening via a hearing aid. According to Wagener et al, (2003), the SRT
depends only on the SNR as long as one takes care that noise presentation level is high
enough to be audible. Thus it becomes possible to obtain optimal comparable accuracy
of measurement for all listeners at SRT. But with fixed SNR this accuracy depends
greatly on the hearing ability. This may yield a problem in rather severe hearing
impaired listeners since the required noise level may exceed the safety or technical
limitations. But in these listeners it is anyway questionable whether or not it is

reasonable to perform speech intelligibility tests in noise.

2.2.1.5 Test-retest reliability/repeatability

The test-retest reliability for the speech tests assures that for a given individual, the
scores will be essentially the same at any point when measured for the same criteria, but
at different point in time. Mainly, within subject SD (standard deviation) plays a role in
determining it. Further it helps ensure that correlations are not affected substantially by
measurement error and hence are valid (Festen and Plomp, 1983). Only two studies

(Festen and Plomp, 1983; Dreschler and Plomp, 1980) have included this.

2.2.1.6 Redundant measures

A careful review of the studies (Divenyi ef al., 1997 a, b, c; Jerger et al., 1991, Humes
et al., 1994) reveals that not only limited test measures were investigated as above, but
also redundant measures for the same test domain were included. Humes et al., (1994)
included two tests of cognitive and auditory processing each. Jerger et al., (1991)
obtained four speech recognition scores and six neuropsychological measures while
Divenyi et al., (1997 a, b, c) measured speech recognition scores on ten tests. Such
repeated test measures may increase reliability and validity but may also reduce the time
efficiency of the study by giving redundant scores. A balance needs to be found

between these opposing benefits.
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2.2.1.7 Statistical techniques

Overall the methods used by the studies include simple correlations
(Spearman/Pearson), canonical correlation analysis, MANOVA (Multivariate Analysis
of Variance), multiple regression, principal component analysis and factor analysis. All
these methods basically examine variation among a number of variables to give a
relation between them. They thus strive to explain the association between the two
variables as well as dependence of one on others. According to Rummel (1975), when
the question is presence or absence of association between two variables, ANOVA is
usually preferred, but the degree and direction (positive—negative) of the same is
perhaps best quantified by correlations. Similarly both regression and canonical
correlation analysis yield a mathematical function connecting the variables to establish
their dependency. But, if the concern is the dependence of one variable on a set of two
or more variables, a delineation of this question is in terms of multiple regression.
Alternatively, if the concerns are the dependence of a set of two or more variables on a
set of two or more variables, then a delineation of this question is in terms of canonical
analysis (Rummel, 1975). This could be seen in the studies discussed above such as the
CCA (Canonical Correlation Analysis ) is used by van Rooij and Plomp (1989, 1990) to
study the influence of a set of auditive and cognitive components on another set of
phoneme and speech perception components (hence one set of variables on another set).
Alternatively, studies like Lutman (1987) and Dreschler and Plomp (1985) used
multiple regression to study the influence on a single dependent variable (speech
recognition in noise) of a set of variables including frequency resolution, temporal

resolution etc.

Principal component analysis and factor analysis are typically used to analyze groups of
correlated variables representing one or more common domains. Principal components
analysis is a form of factor analysis used to find optimal ways of combining variables
into a small number of subsets to identify the structure underlying such variables and to

obtain scores to estimate latent factors themselves.

Also to some extent, the use of statistical techniques depends upon the ease of use and
availability of tools. The output obtained from canonical correlation analysis is

relatively difficult to interpret (Thompson, 1984) as well as the fact that it cannot be
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easily computed on popular tools like SPSS. On the other hand, the results from
correlation, regression analysis and factor analysis can be readily obtained from most

packages.

Now, having outlined the features and limitations of many previous studies, the present

study attempts to overcome/substitute/modify/improve in the following ways:

e Inclusion of a robust test battery with measures that cover the relevant auditory
and other dimensions with minimal redundancy
e Inclusion of a larger sample than in most studies
e Inclusion of a wider range of hearing loss, than included in most studies
e Testing for frequencies other than 1000 Hz, especially representing low and high
frequencies as well as broadband measures
e Use of a multicentre approach that achieves uniformity of measurements and
greater representativeness and also assisting with larger sample size
e Measuring speech recognition in both stationary and fluctuating noise
e Investigating speech recognition in noise scores in different groups of hearing
loss
e Ensure adequate reliability of the test measures to minimise measurement error
e Use of hearing loss dependent presentation levels to ensure that stimulus is
always audible to allow test subjects with a wide range of hearing abilities and
minimise the direct effects of audibility on other test measures
e Inclusion of various ear comparisons like right-left, better-worse, monaural-
binaural
e Inclusion of self-report measures as well as performance measures to relate
results to experience reported by hearing impaired people
Along with above measurements, another important parameter to be assessed is
comparing the hearing threshold and SRT scores with that of Speech Intelligibility
Index (SII). Many studies before (Pavlovic 1987/83, George et al, 2006) have included
this measurement in order to ensure the relation between the two measures more

objectively. A brief discussion of SII is included in the following section.
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2.2.1.8 Speech Intelligibility and Articulation Index

The intelligibility of speech refers to the accuracy with which a normal listener can
recognise a spoken word or phrase. There are several available methods of predicting
speech intelligibility within an enclosure, most common being the articulation index
(AI). Most of the methods to predict intelligibility are based on the same fundamental
principle, determining a ratio between the intensities of received speech signal and the
interfering noise. It is this basic signal-to-noise relationship upon which speech
intelligibility is deemed to depend - the higher the ratio, the greater the intelligibility.
The intelligibility also depends on SNR in bands weighted and summed across
frequencies and speech shaped noise tends to have the same SNR in all bands, so

effectively masks speech.

In order to be able to predict the speech intelligibility under such masking conditions,
French and Steinberg (1947) and Kryter (1962) initiated a calculation scheme, known as
the Articulation Index (AI)

The Articulation Index (Al)

This value is basically a continuous measure ranging from 0.0 to 1.0 based on
calculations of the signal to noise ratios in five octave bands (with centre frequencies of
0.25, 0.5, 1, 2 and 4 kHz). It is possible to obtain a more accurate calculation based
upon 1/3rd octave band sound pressure levels (based on work by Kryter), however, this
requires more detailed knowledge of both the speech and noise spectra. Since the speech
level usually refers to the long term value for normal speakers, octave spectra are

normally sufficient for simple calculations.

Calculation of the Al consists of three basic steps.

The measurement of the effective signal-to-noise ratio for each octave band.

Applying a weighting factor to each ratio and clipping to ensure that maximum
contributions occur at +18 dB and minimum at —12dB.

Summing the weighted value.

Thus the articulation index can be calculated from the following equation
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where A/ is articulation index Gp;) represents the weighting factor for each octave band
given in the table below and Lsa and Lna are effective speech spectrum and noise
levels.

Frequency Weighing

(Hz) Factor (G[i])

250 0.072
500 0.144
1000 0.222
2000 0.327
4000 0.234

Since its revision in 1997, the method has been adjusted to include adjustment for an
individual’s hearing threshold level at each frequency and is named the Speech
Intelligibility Index (SII). (New method accepted as the ANSI S3.5-1997 standard). SII

can be calculated by:

SII = Z I A,
=1 ()

where 7 is the number of individual frequency bands used for computation, / is the
frequency importance function, 4 is band audibility calculated from spectrum levels of

noise and speech.

Thus for a given speech-in-noise condition, the SII is calculated from the speech
spectrum, the noise spectrum, and the listener’s hearing threshold. Both speech and
noise signal are filtered into frequency bands. Within each frequency band the factor
audibility is derived from the signal-to-noise ratio in that band indicating the degree to
which the speech is audible. For this purpose, hearing threshold level is represented by
addition of an internal noise, sufficient to raise the masked threshold of a normal ear to
the required threshold level. Since not all frequency bands contain an equal amount of
speech information i.e., are not equally important for intelligibility, bands are weighted

by the so-called band importance function. The band-importance function indicates to
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which degree each frequency band contributes to intelligibility. It depends on the type
of speech material involved e.g., single words or sentences, and other factors. Finally,
the SII is determined by accumulation of the audibility across the different frequency
bands, weighted by the band importance function. The resulting SII is a number
between zero and unity. The SII can be seen as the proportion of the total speech
information available to the listener. An SII of zero indicates that no speech information
is available to the listener; an SII of unity indicates that all speech information is
available. Model parameters have been chosen such that the SII is highly correlated to
intelligibility. However, when SII is based on the long-term average spectra of speech,
it does not take into account the short-term transients or changes over time. Thus the SII
is able to explain the speech intelligibility in stationary noise, but not for fluctuating
noise. However, Rhebergen and Versfeld (2005) introduced the Extended Speech
Intelligibility Index (ESII) which makes it possible to apply the SII in fluctuating

backgrounds by calculating and averaging the SII calculated in short time frames.

2.2.2 Comparison of auditory domains and test measures used in different

studies

The use of different test domains and measures has been discussed at some length in
section 1.4.2 in Chapter One and the various domains were was outlined in Figure 1.2.
Thus the range of domains studied was another significant aspect where studies
differed. This is understandable since the selection of tests usually depends on the
availability of tests in different languages, different aims etc. Of course, some tests used
by Festen and Plomp (1983), Dreschler and Plomp (1985), van Rooij and Plomp (1989,
1990, 1991) were similar but then they differed on other aspects like the age of subjects
recruited, frequencies tested, hypothesis etc. This was also true of studies that
investigated the effects of cognition (van Rooij and Plomp 1989, 1990, 1991; Jerger et
al., 1991; Humes et al., 1994) or age. The auditory domains common to all as well as
the additional ones have been discussed above. Also, recapping from figure 1.2, it was
observed that certain additional aspects like localization, binaural measurements are
included in only a few studies. Also none of these studies have included any
subjective/self-report measures while cognition was included in only two studies. Each
of these domains conveys information about a different and potentially important aspect

of the auditory system. Their relevance is described below:
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Binaural Hearing: This allows us to hear sounds accurately and more naturally. It
gives us a sense of direction. It also allows better differentiation of speech and noise

when they are spatially separated.

Localization: Listeners in everyday life need to identify who is starting to speak when
they are in a group of people. This enables them to turn towards the speaker to
maximize their use of binaural hearing; they will also benefit from being able to lip read
and see facial expressions and gestures made by the speaker. Localising sounds in the

environment is also important for safety and feelings of security.

Loudness perception: This measure can test for loudness recruitment, often associated
with cochlear hearing loss. It refers to a condition in which growth of loudness with
increasing level is more steep than normal. This reduces the effective range of sound
levels normally heard. It also allows for measuring Most Comfortable Level (MCL),

Uncomfortable Level (UCL) and other related aspects.

Self-report of hearing difficulty: These measures allow a person to describe difficulties
that go beyond speech in quiet and speech in noise recognition and hence they are of
interest in case performance measures miss them. They allow us to see how subjects

actually perceive hearing loss as opposed to its objective evaluation.

Listening effort: An individual with hearing impairment may achieve 100% recognition
in scores yet have to exert greater listening effort to maintain listening performance than
normal hearing individuals (Downs, 1982). It is this effort that will be investigated here.
This aspect of hearing disability may help to explain differences between performance

and self-report measures.

As can be seen, the focus of most studies has been on hearing threshold, speech
recognition in noise, frequency resolution and temporal resolution, with cognition and
spatial resolution in some others. Further the studies have restricted their measurements
in other ways. For example, Festen and Plomp (1983) focussed on measurement of
auditory capabilities at 1000 Hz and did not include any other frequencies. Also, what
perhaps lacked was a broad balance of different domains so that there is minimal

redundancy, as well as a good mix of subjective and objective measures.
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Thus the present research attempts to include all the test domains shown in Figure 1.2
(Chapter One) in one test battery with inclusion of measurements at both high and low
frequencies. Of course it is never possible to cover all aspects in detail, but the aim is
that the test battery is broad enough to cover at least the main parameters in the auditory
and other relevant areas. Thus, in view of the above discussion, final test domains

included in the present research are:

e Pure tone audiometry (hearing threshold)

e Speech intelligibility (speech recognition in quiet and noise) for stationary &
fluctuating noise

e Frequency resolution

e Temporal resolution

e Loudness perception

e Cognition (lexical access) (for details refer 3.2.9, Appendix VIII)

e Spatial perception: localization, binaural hearing

e Self-report of hearing difficulties and impact on everyday life

e Effort required understanding speech in the presence of noise

(measures are included at a low and high frequency: 500 and 3000 Hz wherever

appropriate)
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2.3 Section II: Additional discussion of aims 1-4

2.3.1 Aim one: Speech recognition and hearing threshold level

The relation between the two has been discussed at length in the first chapter. This part

includes discussion of studies in group B (i) unlike section I. A more detailed review of

these studies leads to some common observations, summarised in the following table.

The studies are compared to the attenuation (audibility) and distortion (clarity) factors in

Plomp’s model (1978) mentioned in the beginning of the chapter. The table identifies

four stereotypical hearing states (columns) and characterises them in terms of typical

hearing difficulties.
Table 2.2: Summary of common observations of group B studies.
Type 1 11 I v
Type of loss Normal Hearing loss SNR loss Both SNR+Hearing Loss
hearing
Clinical Normal Loss of Loss of clarity | Loss of both, audibility + clarity
manifestation audibility audibility
and clarity (sensitivity)
Difficulties No difficulty | More More Difficulty hearing in both noise and
in both quiet | Difficulty Difficulty quiet
and noise hearing in hearing in
quiet (& hence | noise even if
sometimes in high dB levels
noise if at low
dB levels)
IVa IVb
Audibility + Audibility and
clarity affected to | clarity not
similar extent affected to same
(i.e. increased extent
hearing loss, (i.e. increased
increased SNR) hearing loss,
decreased SNR or
vice versa)
Benefit from Limited Benefit from Benefit from
conventional benefit from hearing aids to hearing aids to
hearing aids conventional some extent only | some extent only

hearing aids

if signal-to-noise
ratio is improved

if signal-to-noise
ratio is improved

Though the above classification is quite broad and there could be more than one type

present in the clinical population, it is usually the type IV both ‘a’ and ‘b’ that causes

the maximum concern and in particular ‘b’ wherein the listeners most commonly
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complain that ‘they can hear but not understand’. Such difficulties are most commonly

seen in individuals with sensory hearing loss especially due to ageing (presbycusis).

Other studies (Jerger et al., 1989) revealed high correlations between hearing sensitivity
and speech understanding measures. Similarly various studies (Plomp and Mimpen,
1979; Duquesnoy, 1983; Duquesnoy and Plomp 1980; Gelfand et al., 1986) supported
the finding that hearing loss status is the most significant factor determining speech
intelligibility in quiet and noise. On the other hand, various other studies have proposed
explanations for variations in speech recognition scores such as effects of aging, overall

cognitive and personality factors (Nelson et al., 2009).

So again, the relation between the two needs to be established further and the present

research attempts to do the same as part of aim 1.

2.3.2 Aim 2-Relations between speech recognition and suprathreshold

measures

As mentioned in the first chapter as well as in aim 1, most of the studies in group Bii
revealed presence of other factors while exploring the relation between speech
recognition, hearing threshold and other measures. These include various suprathreshold
measures such as frequency resolution (Festen and Plomp, 1983), temporal resolution
(George et al., 2006), spatial resolution (Divenyi et al., 1997 b, c) as well as cognition
(Jerger et al., 1991) and sometimes loudness recruitment. Frequency and temporal
resolution in relation to speech recognition are more of interest in this section while the

others will be discussed more in aim five.

2.3.2.1 Reduced frequency resolution (selectivity)

Many people with a sensorineural hearing loss have difficulty separating sounds of
different frequencies when they are presented simultaneously (Ludvigsen and Kuk,
2001). This loss of frequency selectivity also manifests itself as excessive upward
spread of masking (Ludvigsen and Kuk, 2001). The end result includes increased

difficulty with speech understanding in noise, because frequency components become
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more difficult to resolve in environments with competing signals (Ludvigsen and Kuk,
2001).

a) Frequency resolution and critical band concept:

Fletcher (1940) measured the threshold of a sinusoidal signal as a function of the
bandwidth of a band pass noise filter. He suggested that the peripheral auditory system
behaves as if it contained a bank of band pass filters (with continuously overlapping
centre frequencies) called ‘auditory filters’. According to him the basilar membrane
provided the basis for the auditory filters. Thus, each location on the basilar membrane
responds to a limited range of frequencies, so that each different point corresponds to a
filter with a different centre frequency. Data reported by Moore (1986) were found to be
consistent with this. Thus, when trying to detect a signal in noise background, the
listener is assumed to make use of a filter with a centre frequency close to that of the
signal. This filter will pass the signal but remove a great deal of the noise. Only the
components in the noise which pass through the filter will have any effect in masking
the signal. It is usually assumed that the masked threshold for the signal is determined
by the amount of noise passing through the auditory filter; specifically, threshold is
assumed to correspond to the signal-to-noise ratio at the output of the filter. This set of
assumptions is called the power spectrum model of masking (Patterson & Moore,

1986).

In the band-widening experiment described above by Fletcher (1940), it was observed
that further increase in noise bandwidth results in more noise passing through the
auditory filter, provided the noise bandwidth is less than the filter bandwidth. However,
once the noise bandwidth exceeds the filter bandwidth; further increases in noise
bandwidth will not increase the noise passing through the filter. This bandwidth at

which the signal threshold ceases to increase is called the ‘critical bandwidth’.

b) Methods to estimate the shape of the auditory filter

Most methods including the psychophysical tuning curve (PTC) (Moore, 1986) and
notched noise method (Patterson, 1976) for estimating the shape of the auditory filter at
a given centre frequency are based on the assumptions of the power spectrum model of
masking. The threshold of a signal whose frequency is fixed is measured in the presence
of a masker whose spectral content is varied. It is assumed, that the signal is detected

using the single auditory filter which is centred on the frequency of the signal, and that

40



threshold corresponds to a constant signal-to-masker ratio at the output of that filter.
However, the PTC method can give rise to off-frequency listening (Moore, 1986) since
it assumes that only one auditory filter is involved. The listener might make use of more
than one filter especially when the masker frequency is above the signal frequency. He
does this by attending to a filter centred just below the signal frequency. The notched
noise method is more useful since it prevents this off-frequency listening by making use
of a noise masker band stop or notch centred at the signal frequency. The signal is fixed
in frequency and the deviation of each edge of the noise is from the centre frequency is
denoted by Af. The width of the notch is varied and the threshold is determined as the
function of the notch width. As the width of the spectral notch is increased, less and less

noise passes through the auditory filter and the masked threshold decreases.

¢) Frequency resolution in hearing impaired ears

According to Moore (1986), the perceptual consequences of a loss in frequency
selectivity are many and variable. The first major consequence is a greater susceptibility
to masking by interfering sounds when we are trying to detect a signal in a noisy
background. A second, but related, difficulty is that of perceptually, separating two or
more simultaneously presented sounds. When the auditory filter is broader than normal,
it is much more difficult to hear out one voice from a mixture of voices. Thus holding a
conversation when two people are talking at once can be very difficult for the hearing
impaired person Moore (1986). A third difficulty arises in the perceptual analysis of
complex sounds, such as speech or music. Moore also reviewed several studies
(Zwicker and Schorn, 1978; Florentine et al., 1980; Pick et al., 1977) which revealed
flatter psychophysical tuning curves (PTC) and broader auditory filters in cases of

cochlear impairment as compared to normals.

d) Level dependence of frequency resolution

From above it can be seen that many hearing impaired listeners appear to have poor
frequency resolution. And this occurs due to broadening of the auditory filters. At the
same time it also known that as signal level is increased, the spectral representation in
the basilar membrane becomes broader (Allen, 2000). Thus, because hearing impaired
subjects require signals to be presented at high sound-pressure levels, the deterioration
of frequency resolution found for them may be to some extent a result of level effects.

There has been some evidence that frequency resolution becomes poorer with
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increasing signal level (Evans 1977). However study by Wightman and Raz (1980)
revealed otherwise. They found a difference of only 2 dB between the thresholds of
frequency resolution measures at high and low probe levels with one subject even
producing a narrow curve at high levels. They suggested that there is only a slight
reduction in frequency selectivity at high levels and hence it is unlikely that poor

frequency resolution in these subjects is due to high signal levels.

e) Frequency resolution and speech intelligibility

Several investigators have found significant links between speech intelligibility and
frequency resolution (Dreschler and Plomp, 1985; Patterson et al., 1982; van Rooij et
al., 1989; Glasberg and Moore, 1989; Ter Kuers et al., 1992) while others have not
(Dubno and Schaefer, 1992; Lutman and Clark, 1986) since they found other factors

like hearing threshold level or age to be more important.

2.3.2.2 Reduced temporal resolution

Temporal resolution refers to the ability to distinguish consecutive pulses as separate
events. Time is a very important dimension in hearing since all sounds change over
time. Furthermore, for sounds which convey information, such as speech and music,
much of the information appears to be carried in the changes themselves, rather than in

the parts of the sounds which are relatively stable (Moore, 1986).

a) Methods to measure temporal resolution (Moore, 1986).

Gap detection: This is the most common method of measuring temporal resolution. The
threshold of detecting a gap in broadband noise provides a simple and convenient
measure of temporal resolution since the long-term magnitude spectrum of broadband
white noise remains the same if the noise is briefly interrupted. Usually a two-
alternative forced-choice (2AFC) procedure is used: the subject is presented with two
successive bursts of noise and either the first or the second burst at random is
interrupted to produce the gap. The task is to indicate which burst contained the gap.

Temporal modulation transfer function (TMTF): In this method, white noise is

sinusoidally amplitude modulated, and the threshold for detecting the modulation is
determined as a function of modulation rate. This function relating threshold to

modulation rate is called TMTF.
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Forward masking: Forward masking is when the masker is presented first and the signal

follows it. It is often used to test temporal resolution ability. Basically, a loss of
temporal resolution gives rise to more forward masking i.e., the masker will decay more
slowly after the termination of the masking sound, thus decreasing the perceived gap

size.

b) Temporal resolution in hearing impaired people

Reduced temporal resolution is known to adversely affect masking release (which refers
to improved signal to noise ratio in fluctuating noise compared to stationary noise seen
in normal hearing individuals and absent in hearing impaired) (George et al., 2006).
Studies (Festen and Plomp 1990; Glasberg and Moore, 1992; Festen, 1993; Dubno,
1992) have shown reduced temporal resolution in terms of either reduced gap detection
or smaller masking release or reduced ability to take advantage of temporal dips etc.
The temporal dips arise because there are moments when the overall level of the
competing speech is low, for example during the brief pauses in the speech or during
production of low-energy sounds such as m, n, k or p . Peters ef al. (1998). During these
temporal dips the SNR is high and this allows brief ‘glimpses’ to be obtained of the
target speech . Peters et al. (1998)

¢) Temporal resolution and speech intelligibility

Some studies ( Tyler et al., 1982; Dreschler and Plomp, 1985; Irwin and McCauley,
1987, George et al., 2006) investigating the relation between these have found a link
between the two another study (Festen and Plomp, 1983) have not since they found

frequency resolution to be more important.

Analysis of specific signal attributes such as frequency, intensity and duration is partly
done by the central auditory system (Albeck et al., 1992; van Rooij & Plomp, 1990).
Extracting a signal from a competing background of noise is also intrinsically done by
central mechanisms (Albeck et al., 1992). Thus deterioration of neurons in the central
auditory nervous system can limit both frequency and temporal resolution for more
complex signals which may contribute to reduced speech recognition performance

(Philips et al., 2000).
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As stated when considering aim one, the results from the different groups of studies to
some extent varied due to the different test batteries used. However, some of the test
measures including SRT, HTL, frequency and temporal resolution were commonly
studied in Festen and Plomp, (1983); George et al., (2006); Divenyi et al, (1997 a, b,
c), while the studies by Jerger et al., (1991) and Humes et al, (1994) did not test for
frequency and temporal resolution. However, it is worthwhile to note that in the former
studies where the similar test measures were compared, the results were different.
Festen and Plomp (1983) observed that frequency resolution is closely allied to speech
recognition in noise. On the other hand, George et al. (2006) concluded that temporal
resolution was an important factor for determining SRT in fluctuating noise, whereas
Peters et al., (1998) concluded both spectral and temporal dips are important in
understanding speech in the presence of background noise. Study by Bernstein (2010)
like George et al. (2006) also investigated why hearing impaired listeners do not receive
as much benefit to speech intelligibility from fluctuating maskers, relative to stationary
noise, as normal hearing listeners. It was suggested that this difference may arise as a
consequence of differences in the signal-to-noise ratio (SNR) at which HI and NH
listeners are tested. The Extended Speech Intelligibility Index (ESII) was fit to NH data,
and then used to make FMB (fluctuating masker benefit) predictions for a variety of
results in the literature. Using this approach, reduced FMB for HI listeners and NH
listeners presented with distorted speech was accounted for by SNR differences in many
cases. HI listeners may retain more of an ability to listen in the gaps of a fluctuating

masker than previously thought.

Thus, whether frequency resolution or temporal or both are responsible for reduced
speech recognition performance is still debated and the problem is that they tend to co-

vary. So the studies in the present research will contribute towards this debate in aim 2.
2.3.3 Aim 3: Speech recognition in different groups of hearing loss

The studies discussed so far have investigated relations between speech recognition and
threshold measurements as reviewed in aim 1 or with suprathreshold measurements as
in aim 2. In other words, the focus of all studies was on observing interrelations on a

specific group of hearing impaired people. This subject group of hearing impaired
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people usually consisted of individuals with a range of hearing loss not exceeding
moderate. The study by Lutman (1987) observed the outcome of the FAAF (Four
Alternative Auditory Feature Test) speech test in noise in relation to other
psychoacoustic measures including the sensitivity (audiogram), frequency
resolution(PTC), temporal resolution (gap detection), intensity resolution (intensity
difference limen), temporal, integration, suppression (two tone), distortion (2f;—f>) and
adaptation. Results from multiple regression suggested that for normal and mild groups
combined, upward spread of masking and gap detection both in the 4000 Hz region
were the best predictors. In mild and moderate groups combined, gap detection at 2000
Hz and average sensitivity at 2000 Hz and 4000 Hz were best. However, after
partialling for sensitivity, gap detection was not a significant predictor. Pavlovic (1984)
also attempted to study speech recognition and used SII predictions for different groups
of losses. He inferred from the representation in his SII model that suprathreshold
distortion factors were present in addition to loss of audibility, for the more severe
losses while for mild and moderate hearing losses, reduced audibility was sufficient to
explain SNR loss. However, much of his inference was related to the fact that he used

filtered speech materials as discussed in chapter one [section 1.41, class B(i) studies].

In Lutman’s study, the findings obtained were for combined groups of hearing loss like
normal-mild or mild-moderate rather than for systematic investigation of discrete
groups. It is possible that auditory measures can be differentially affected as the
magnitude of hearing loss differs. Whereas Pavlovic’s study used only SII predictions
and did not measure any suprathreshold measures, in the present study, the focus will be

on specific groups of hearing loss and their relation with other suprathreshold abilities.

2.3.4 Aim 4: Speech recognition in different types of noise

Various studies that have compared the use of stationary and fluctuating noises revealed
both greater repeatability for speech recognition for stationary noises than for
fluctuating noises, and larger differences between the scores of normally hearing and
hearing impaired listeners for fluctuating noises than for stationary noises (Summers
and Molis, 2004; Nelson et al., 2003; Dubno et al., 2002; Bacon ef al., 1998; Hagerman,
1995, 2002; Eisenberg et al., 1995; Gustafson and Arlinger, 1993; Takahashi and
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Bacon, 1992; Bronkhorst and Plomp, 1992; Festen and Plomp, 1990, George et al.,
2006). From these studies it appears that hearing impaired listeners are poorer in using
the speech information that is physically present in the gaps of the fluctuating noises.
Part of this effect appears to be related to reduced audibility (elevated thresholds); the
reminder is often interpreted as being caused by a loss of temporal resolution and
possibly counteracted by informational masking. In fact, in the study by George et al.
(2006) temporal resolution and age were considered to be responsible for the reduced
benefit from masker release in hearing impaired ears while frequency resolution was
ruled out as an explanatory suprathreshold deficit. Bacon et al., (1998) also reported a
relationship between pure-tone thresholds and the size of the masking release from
fluctuating noise and a high negative correlation of 0.75 between the two for hearing

impaired listeners and 0.83 when normal listeners were included.

However, only one recent study by George et al., (2006) has compared both the types of
noise to observe if different factors influence speech recognition in the two noises. Thus
the findings are limited and more study of this aspect is required which will be covered

in chapter four.
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2.4 Multidimensionality of hearing loss (Aim 5)

As outlined in the first chapter, this aim concerns exploring relations beyond speech
recognition and hearing threshold, so that hearing loss can be viewed in a more
complete perspective. Also in the latter section it was suggested that the use of a
complete test battery will aid in such a perspective. The selection of the different test
domains was further discussed in the same light based on review of the relevant studies
in section I. In this section each of the domains will be discussed along with some

background on each.

2.4.1 Hearing sensitivity

The absolute threshold of hearing is the minimum sound level of a pure tone that an
average ear with normal hearing can hear in a noiseless environment. It is commonly
referred to as hearing threshold level (HTL). It measures an individual’s auditory
sensitivity and also suggests the extent to which less intense components of the
everyday sounds such as speech may be inaudible. Pure tone audiometry (PTA) is
standard clinical measure included in all auditory test batteries. Various suprathreshold
deficits including speech recognition in noise and quiet, frequency resolution, temporal
resolution may be correlated with HTL since most of them are found to be more or less

dependent on the extent of HTL.

2.4.2 Speech recognition in noise

As discussed in the beginning of the chapter one, the ability to recognise speech in the
presence of interfering noise was considered by many people to be the greatest handicap
associated with their hearing impairment (Kramer et al., 1996). Its importance as part of
a test battery is established. Testing speech recognition in noise has greater face
validity than in quiet since it approximates everyday listening conditions where
presence of ambient noise is common experience. Further, speech recognition tests need
to be a compromise between realistic environment and reproducibility in the clinical
setting. Actually, realism of levels of both speech and noise are essential for an accurate
estimate of any deficient measures. Further, any speech test has to be language specific

and optimized for the general and clinical population. Such speech in noise tests using
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sentence material have been developed in various languages and are being constantly
developed in different places. A table outlining some of the commonly used speech

recognition tests in different languages is included in Appendix II.

Again, as mentioned previously, speech recognition in both stationary and fluctuating
noise is important as both types of background are commonly experienced in everyday
life. The following figure shows the performance of normal hearing and hearing
impaired individuals on different types of interfering backgrounds. As can be seen, there
is a clear difference in the performance between the two groups as well for different
types of noise in the normal hearing. The latter differences are minimal for the hearing
impaired group. Such observations in different interfering backgrounds help uncover the
underlying auditory impairments. Thus inclusion of speech recognition in different
types of noises such as stationary and fluctuating, is as important as studying its
interactions with other auditory and non-auditory capabilities, which was frequently

highlighted in the previous discussions.
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Figure 2.1: Average discrimination curves for sentences presented in steady-state noise,
two band modulated noise and interfering noise for normal (upper panel) and hearing
impaired listeners (lower panel). Re-plotted from Festen and Plomp (1990).
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2.4.3 Loudness perception

Loudness scaling is popularly used as a measure for diagnosis of loudness recruitment
in clinical audiology. Loudness scaling basically reveals the relation of loudness percept
to the intensity of the sound stimulus. The use of categorical rather than magnitude
scaling procedures for clinical use seems more practical because of relatively short
completion time and simplicity for the patient (Allen et al., 1990). Though magnitude
estimation procedures are possible, they may not be reliable enough for use clinically
due to a wide range of educational backgrounds, ages and hearing losses found in the
general population (Studebaker and Scherbecoe, 1988). The Categorical Loudness Units
basically define how loud a stimulus is perceived in terms of ‘soft’ and ‘loud’ rather

than in the ratios of loudness of different stimuli.

Most loudness procedures (e.g. Allen et al., 1990; Elberling and Nielson 1993; Ricketts
and Bentler, 1996, Cox ef al., 1997; Rasmussen et al., 1998; Keidser ef al.; 1999) use a
pre-measurement phase, which determines the individual’s auditory dynamic range
before the actual data collection phase begins, which is time consuming. However, the
procedure of Brand and Hohmann (2002) omits this phase thus increasing time
efficiency. Also instead of using ascending level sequences (Cox et al., 1997; Keidser et
al., 1999) which cause significant bias of the loudness function estimates, the above

method uses randomized levels which avoid an accumulation of biases.

Further, many loudness procedures (Cox et al, 1997; Launer et al., 1996; Elberling,
1999 etc) have used seven categories except Brand and Hohmann (2002) who used 11
categories (seven labelled and four interleaved) and KieBling (1996) who used 13. The
11 categories as total range of responses was considered a compromise between
feasibility in clinical set up and precision (Brand and Hohmann, 2002). The most
commonly investigated frequency is 500 Hz (Allen et al, 1990; KieBling, 1996)
followed by broadband noise (Ricketts and Bentler, 1996) and 3000 Hz (Keidser et al.,
1999).
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Thus the procedure by Brand and Hohmann proves to have advantages since there is
omission of the pre-measurement phase included in most procedures, thus increasing
time efficiency as well as use of randomized levels which avoid an accumulation of
biases. This was considered a compromise between feasibility in clinical set up and

precision.

2.4.4 Frequency and Temporal Resolution

Frequency and temporal resolution of the auditory system together dictate its ability to
discriminate complex acoustic signals, including speech sounds. Natural sounds also
feature combined frequency-temporal patterns (Supin, 1997). It is therefore essential to
study the resolution of such frequency-temporal patterns. Further, impaired frequency
resolution results in impaired discrimination of formants and vowels while masking of
syllables occurs with impaired temporal resolution which in turn can jeopardise speech

communication (Schorn and Zwicker, 1990).

Although there are many studies that have measured either frequency resolution (e.g.
Leeuw and Dreschler, 1994; Rosen et al., 1998; Noordhoek et al., 2001) or temporal
resolution (e.g. Eddins 1999, 2001; Noordhoek et al, 2001) extensively, few have
measured both in the same participants because of the time constraints. Very few

studies have tried to measure them using a single combined procedure.

Supin (1997) measured combined frequency-temporal resolution of hearing in normal
hearing listeners using rippled noise stimulation in conjunction with a phase-reversal
test at octave frequencies. In the test, the participants have to detect phase reversals
(interchanges of peaks and valleys in frequency domain) for different reversal rates and
ripple densities. The ripple-density resolution limits were constant at phase-reversal
rates below 2-3/s and diminished at higher phase-reversal rates. However, a large
learning effect was found when measurements were conducted with feedback; subjects
appeared to discriminate based on spectral coloration (distortion) instead of phase
reversals. It was tried to eliminate this effect by omitting feedback. However, it could
not be shown whether this change in paradigm really eliminated this extra cue, since the

long-term spectra of alternating and non-alternating stimuli are always different.
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Phillips et al. (2000) evaluated frequency and temporal resolution in a group of three
types of elderly listeners: normal hearing, hearing loss with good speech-recognition
skills and hearing loss with poor speech recognition skills for simple and complex
stimuli, as well as syllable recognition in quiet and noise. Results revealed that the
group of listeners with hearing loss and poor word recognition did not differ from those
with hearing loss and good word recognition on both spectral and temporal resolution
for simple stimuli. However, frequency resolution was compromised for listeners with
poor word recognition abilities when targets were presented in the context of complex
signals which supported their hypothesis that unusual deficits in word-recognition
performance among elderly listeners were associated with poor spectral resolution for

complex signals.

Larsby and Arlinger (1997) suggested a method for evaluation of temporal, spectral and
combined frequency-temporal resolution. Masked thresholds of tone pulses at signal
frequencies of 500, 1000, 2000 and 4000 Hz in four different noises were measured:
broadband continuous noise, noise with spectral gaps around the signal frequency
(bandwidth: 1/10, 1/3 and 1-octave), noise with temporal gaps (coinciding with the
signals) and noise with both spectral and temporal gaps as shown in Figure 2.2 shown

below.
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Figure 2.2: Adapted from Larsby and Arlinger (1997): a) pulsed sinusoidal test signal the
octave band noise was modified to provide different masking conditions: b) with no gap, c)
with spectral gap, d) with temporal gap

A Bekesy tracking procedure was used with varying test tone. Results revealed that
release of masking increased with increasing temporal or spectral gaps and more so if
both gaps were combined. Maximum release of masking was obtained with a 100 ms
temporal gap combined with 1-octave notch filter. The overall difference in release of

masking between the young and elderly normal hearing was 2 dB.

The method presented by Larsby and Arlinger (1999) was used by them to measure
spectral, temporal and combined resolution in two groups of listeners (normal hearing
and hearing impaired). Since many hearing impaired listeners have sloping hearing
losses, different masking effects at different frequencies will occur. To avoid such
problems, the method was modified by replacing the wide-band pink noise with an
octave band noise as masker. It was demonstrated that hearing-impaired subjects show
less release of masking than normal-hearing subjects, the release of masking is inversely
related to the degree of hearing impairment. The test-retest reliability was reasonably
good, comparable to or better than what is found for regular hearing threshold

measurements using a tracking method. There was no need for training for the test.
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These combined frequency and temporal measurement methods prove to be very useful

mainly due to their time efficiency and clinical feasibility.

2.4.5 Tests of cognition

The speech process yields not only the sensation of an incoming stimulus, but also its
processing and interpretation in the context of previous experiences. Information about
how things are related and categorized, for example contextual, lexical, syntactic and
semantic information, is stored in the long-term memory. Controlling top-down
processes work in parallel with stimulus-driven bottom-up processes in every
information-processing stage (Hallgren 2005). Thus hearing includes both audition and

cognition.

Any kind of distortion or limitation of an incoming stimulus (e.g. in difficult listening
situations, such as noise and reverberation) or distortion because of a hearing
impairment, makes the process more dependent on top-down processing. The situation
becomes more cognitively demanding than normal. Some cognitive functions
deteriorate as a consequence of hearing impairment in severely hearing impaired and
deaf people. More precisely, it has been shown that the phonological ability declines
when auditory stimulation is reduced over a longer period (Anderson and Lyxell, 1998;
Andersson, 2001). Further, it is well known that many cognitive functions decline with
age in the later part of life. Different noise sources put different demands on cognitive
skills in the individual. In the complex process of speech understanding the listener
depends on peripheral hearing as well as central auditory and cognitive functions. For
speech processing in noise these cognitive functions are likely to be especially
important since the noise partly masks the speech signal. Several studies have shown
the importance of cognitive skills in speech processing tasks (Gatehouse et al., 2003;

Lunner, 2003; Lyxell et al., 2003; Pichora-Fuller, 2003).
Cognitive functions also appear to be important in order to make use of amplification in

modern hearing aids with advanced signal processing. In recent studies it has been

argued that individual cognitive prerequisites interact with different signal processing
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algorithms in determining the benefit obtained from hearing aids (Gatehouse et al.,

2003; Lunner, 2003).

In studies of speech recognition in hearing impaired listeners across a range of ages,
results may be confounded by cognitive effects. Therefore, it is desirable to include
direct measures of cognitive function so that these effects can be accounted for in the

analysis.

2.4.6 Binaural hearing

Binaural hearing in simple terms means listening using two ears. By its nature, the
auditory system is equipped to listen and extract cues from signals coming from both
the ears (binaural) as opposed to just one (monaural) in order to aid in better hearing.
(Ross 2006). Binaural redundancy, as when the brain receives same information from
both ears independently, has also been cited as a binaural advantage. Because of the
brain’s ability to synthesize dissimilar information arriving from the two ears, the
overall (two-ear) perception is usually greater than that occurring from each ear
separately (Ross 2006). In other words, when speech and noise are presented binaurally
to an observer, the intelligibility of speech in a given amount of noise is higher,
especially when the speech and noise seem to arrive from different places. This ability
becomes especially important while listening to a speech/ signal in the presence of
background noise, since central auditory structures are able to suppress interfering
noises while focusing on the speech of just one person in a noisy environment, a

phenomenon known as the cocktail party effect. (Ross 2006)

The potential advantages of binaural hearing in people with impaired hearing might
include: (i) improved hearing in a quiet background when the speech reaching the ears
is at or a little above the auditory thresholds—this is due to summation of the sound
energy equivalent to an increase of 3 to 6 dB, (ii) improved speech discrimination—by
summation of information content from the two ears, when their hearing losses are
dissimilar in frequency distribution, (iii) enhanced localization of the speech source, and
(iv) improved ability to hear speech in a background of noise MacKeith and Coles

(2007). With binaural hearing one ear is nearly always nearer the source of the desired
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signal than the other and is therefore in a better position with regard to the relative
levels of the signal and noise—the 'head shadow effect MacKeith and Coles (2007)".
Further, the additional sounds arriving at the far ear provide the brain with information
through time of arrival differences and intensity differences at the two ears that enables
it to process the speech and noise signals separately, with an apparent unmasking of the
speech—the 'squelch effect' MacKeith and Coles (2007) . Hence inclusion of binaural
hearing when considering multidimensional aspects of hearing is essential. As pointed
in first chapter, it has only rarely been included in multidimensional studies such as

Divenyi (1997).

Binaural advantages are most commonly measured in terms of release of masking or
masking level difference (MLD). MLD are most widely studied for 500 Hz tone
detection in presence of distracting noise (Wilson et al., 2003; Olsen, 1976; Poth et al.,
1992) but have been also explored using speech in the presence of speech shaped noise
(Poth et al., 1992) or distracter sentences (Cameron et al. 2006). Other than type of
stimuli, it is also studied as a measure of different speaker locations or separations
(whether free field or through earphones), ranging from the classical 180° (Hirsh, 1950)
to various other locations including 60° (Freyman et al., 1999), 90° (Cameron et al.,
2006) amongst others. On an average, the more the spatial separation between the signal

and the distracter, the higher are MLD values.

The abbreviation ILD is commonly used for two related phenomena. ILD as Interaural
Level Difference refers to the level cue that is present in binaural experiments. In the
context of this study we use ILD for speech as the Intelligibility Level Difference that is
defined as the benefit for speech intelligibility due to binaural effects. The ILD in the
present research thus attempts to explore the effects of binaural hearing and spatial

separation. Thus ILD used in this way is in effect MLD for speech.

2.4.6.1 Intelligibility level difference (ILD)'

The intelligibility level difference (ILD) quantifies the benefit that a listener has from

separating speech and noise sources. The ILD, for example is the difference between the

! (source:http://hearcom.eu/prof/DiagnosingHearingLoss/AuditoryProfile/Binauralintegration.html).
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binaural SRT when speech is presented from the front and noise is presented from the
side (SoNgg) and the binaural SRT when both speech and noise are presented from the
front (SoNp). Because of the benefits achieved from the head shadow effect and from
binaural processing in the auditory system, the separation of speech and noise sources
can lead to an improvement of the SRT. This benefit is estimated by the ILD test, and it
is about 6-12 dB in normally hearing subjects. ILD thus represents the release of
masking from using the all dichotic cues available to the listener, which are
predominantly (i) the better SNR in the ear opposite to the noise (this is a monaural cue)
and (ii) the binaural “squelch” from utilising the differences between signals across the

ears Lutman (2008).

Speech

and Noise Speech

—
2

90

& et 7

(SoNo SoNso)

Figure 2.3: Diagrammatic representation of ILD as difference between the S,N, and
SoNgoconditions.(source:http://hearcom.eu/prof/DiagnosingHearingLoss/AuditoryProfile/B
inaurallntegration.html).

2.4.6.2 Binaural intelligibility level difference (BILD) 2

For differentiating between the head shadow effect and binaural processing in the brain,
the binaural intelligibility level difference test can be used. The SRT in a binaural
situation with SoNgy presentation is compared to the SRT in the same situation but with
plugging of the ear that is directed towards the noise source. Because of the benefits
achieved from binaural processing, the results without the plug (binaural presentation)
can be better than those with the plug (monaural presentation) by as much as 3-6 dB in

normally hearing subjects. This difference is called the BILD. The ‘plugging’ here is

? (source:http://hearcom.eu/prof/DiagnosingHearingLoss/AuditoryProfile/Binauralintegration.html).
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related to blocking the ear from the noise so that monaural measurements can be
obtained which can be achieved by switching off the headphone on the side of the ear
that is pointed towards the noise. This restricts the release of masking from monaural
cues on the ear nearer to the noise. By obtaining the difference between the SNR
outcome in this test condition and the SNR outcome in the ILD test condition (b), the

contribution to unmasking from dichotic (binaural) cues, or “squelch”, can be derived.

Speech Speech

90

Ao

(SoNeo)

Figure 2.4: Diagrammatic representation of BILD as difference between the difference
between the monaural and binaural SoNoy and SoNggmeasurements.
(source:http://hearcom.eu/prof/DiagnosingHearingLoss/AuditoryProfile/Binaurallntegra
tion.html).

However various studies have used the above terms interchangeably. Levitt and Rabiner
(1966) defined binaural intelligibility level difference (BILD) as the difference in signal
level (in decibels) between two binaural conditions (SoNo, SoNgo) for a given percent
intelligibility and found it to be 6 dB for 50% intelligibility. They also found that it is
only partly dependent on low-frequency interaural differences. Other studies (e.g.
Blauert 1997; Johansson and Arlinger 2002) found BILD for a stationary masker to be
about 47 dB and defined it as the difference in the speech reception threshold (SRT) in
the SoNy and SNy presentation mode. As seen in figure 2.4, SoNj is the condition when
both speech and noise come straight ahead (0°) while SoNgy is the condition where
speech comes from straight ahead and noise comes at right angle (90°) (whether left or

right side).
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In summary, binaural hearing helps localization and improves intelligibility of speech in

noise and the effects of this can prove advantageous to the hard of hearing.

Effects of hearing impairment on binaural masking release

Hearing impairment also affects the release from masking occurring when sound
sources are spatially separated (Bronkhorst, 1999). Results obtained in a number of
studies reviewed in the study by (Bronkhorst, 1999) indicate that the release from
masking is, indeed, smaller for the hearing impaired than for the normal hearing and
that this factor adds to the deficits discussed above: the hearing loss or speech in noise
and the reduced benefit from fluctuations. The only favorable aspect is that the release
from masking due to 1TD or decorrelation seems to be almost intact in most hearing-
impaired listeners. Only the head-shadow component is reduced (because it occurs at
high frequencies and most hearing impaired have a high-frequency hearing loss). This
means that their performance is less affected by an increase of the number of sources or

by addition of reverberation than that of the normal hearing.
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2.4.7 Localization

The accuracy with which an observer can localize an actual source has been
investigated in two main ways. The observer may be asked to indicate the direction
from which a sound appears to come. Among a wide range of positions, most
commonly in the horizontal plane (azimuth), minimum audible angle (MAA) thus refers
to the smallest difference in location between two sound sources, usually for sources
located around 0° azimuth. In other words, MAA is the smallest angle (or difference in

azimuth or just noticeable difference-JND) that a listener can discriminate.

Gelfand (2004) has reviewed the classic MAA studies by Mills (1958, 1963 and 1972).
He found that the MAA in the horizontal plane was smallest (best) for pure tone
frequencies below about 1500 Hz and above approximately 2000 Hz and was largest
(poorest) between these frequencies. Thus is becomes evident that owing to the
difference in physical nature of the sound, these cues are not equally effective at all
frequencies. Basically, when a sinusoidal sound located to one side of the head reaches
that other side of the head, hence the farther ear, it will be delayed in time and will be
less intense relative to the ear reaching the nearer ear. There are thus two possible cues
as to the location of the sound source; known as ITD (interaural time or phase
difference) and ILD (interaural level or intensity difference). And these cues operate
differentially depending on the frequency of the sound as stated above. Low frequency
sounds have a wavelength which is long compared with the size of the head and thus the
sounds ‘bend’ very well around the head. On the other hand, at high frequencies, where
the wavelength is short compared to dimensions of the head, little ‘bending’ occurs
resulting in a ‘sound shadow’. Thus interaural differences in intensity are negligible at
low frequencies and are more important for high frequencies. On the other hand,
interaural time/phase differences become important for low frequencies and provide
negligible cues for high frequencies. This is because if a tone is delayed at one ear
relative to the other, a phase difference occurs which affects the relative timing of the
nerve impulses at the two ears. Thus high frequency sounds whose wavelength is less
than the distance between the two ears cause ambiguity regarding the sound location
while the low frequency sounds due to larger wavelength can be easily identified based

on the phase differences. This idea that sound localization for pure tones is based on
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interaural time differences at low frequencies and interaural intensity differences at high

frequencies has been called the ‘duplex theory’ by Lord Rayleigh (1907).

Gelfand (2004) also found that the MAA was most acute (approximately 1-2 degrees)
when the sound source was directly in front of the head and increased dramatically to
very high values when the sources were at the side of the head. This phenomenon is
often referred to as ‘the cone of confusion’ as illustrated in the figure 2.5 below. Thus
while the duplex theory above provides a simple model for localization, it does not
explain the same fully, since it becomes evident that when considering a constant
elevation of the sound source that there are multiple locations which would produce
identical ITDs and ILDs. If the elevation of the sound source is allowed to vary, the
problem is compounded and we get a whole cone surface of points in three dimensional
space that would produce the same ITDs and ILDs. The "cone of confusion" thus causes
ambiguity of the ITDs and ILDs that are generated from these locations. In general, if
the sound is in front, the accuracy of localization is within about 2° or so; if to one side,
it will be up to about 7° and if above the typical errors range from 14° - 20° (Blauert,
1997).

Figure 2.5: Diagram illustrating the ‘cone of confusion’ in localising sounds.

MAA measurement provides significant localization information relevant for everyday
listening. Most studies have used physical separation of sound sources by means of a
loudspeaker array. However, some studies (Wightmann and Kistler, 1989b; Besing and
Koehnke, 1995) have used a virtual set-up for MAA measurements, whereby cues

arising from different source locations are simulated, as described below.
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2.4.7.1 Virtual localization

For virtual localization with headphones, head-related transfer functions (HRTF) are
used to filter the sounds. HRTFs are usually measured with a miniature microphone
placed at the entrance to the ear canal near the eardrum while sounds that vary in
azimuth and elevation are being presented. Generic HRTFs can also be measured with a
dummy head, so that it is not necessary to measure HRTFs for each subject. Sounds
filtered with the appropriate HRTF for a certain direction and presented through
headphones will be perceived as originating from that direction outside the head, as they

will contain appropriate interaural time and level differences.(HEARCOM, 2005)

An advantage of virtual localization over free-field localization is that it is not necessary
to have a sound-treated room with many speakers. Virtual localization behaviour can be
tested in a standard audiometry room. Moreover, confounding factors like the sound-
field calibration and head movements are eliminated. Further, in free-field localization
testing, it is quite cumbersome, although not impossible to ensure that the sound sources
and the listeners are in exactly same locations for each test session. This problem does
not arise with headphone testing. The disadvantage is that, as this test is done over
headphones, it cannot be done with hearing aids. Second, dummy head HRTFs are
‘average HRTFs’ and they are not optimal for all subjects. Therefore, the sound image

resulting from filtering with these HRTFs might vary for different subjects.

2.4.8 Self-report measures

Hearing problems in elderly patients cannot be evaluated completely with conventional
audiological tests in most cases. Bertoli et al., (1996) reported an auditory handicap
(based on psycho-social difficulties faced by them) was found in one-third of subjects
with mild hearing losses and in two-thirds of subjects with greater hearing losses. Thus,
diagnostic hearing assessment as well as the outcome of a hearing aid fitting can be
measured in both subjective and objective terms. Subjective assessment includes the
handicap caused by the hearing loss and the extent to which the hearing aid reduces
impairment. In simple terms, subjective assessment is based on how the person with

hearing loss feels about the loss and the communication difficulties faced by him as
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opposed to the objective quantification obtained from formal tests. It further involves
the perceived benefit of the aid in real-life situations and can therefore be of high face
validity. The most common subjective assessment is through administration of a
comprehensive questionnaire which includes various everyday hearing situations
including background noise, localization, sound quality, listening in a group amongst

others.

Some of the commonly used questionnaires are outlined in the following table.
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Table 2.3: Outline of common questionnaires.

Self report measures

Features

a) HMS (British English)
(Noble and  Atherley,
1970): Hearing Measure
Scale

- To assess auditory disability
- 42 items covering 7 areas: speech hearing, acuity for non-speech sounds,
localization, emotional response, speech distortion, tinnitus, personal

opinion

- Validation: 27 adult males (chippers in a foundry)

b) Speech, spatial and
qualities of hearing scale

(Noble and Gatehouse,

- To measure a range of hearing disabilities across several domains, using a
self-report inventory

- 50 items in 9 subscales: Hearing speech in a variety of competing contexts,

2004, Gatehouse and | the directional, distance and movement components of spatial hearing, the
Noble, 2004) abilities to segregate sounds, the abilities to attend to simultaneous speech
streams, qualities of hearing experience regarding ease of listening,
naturalness, clarity and identifiability of different speakers, everyday
sounds, musical pieces and instruments
- Validation: 153 new clinic clients
¢) HHIA  (American | - To quantify perceived handicap. Can also be used to assess benefit of
English): Hearing hearing aids by measuring pre and post fitting of the aid

Handicap Inventory for
Adults (Newman et al.,
1990; Newman et al.,
1991)

- 25 items with 2 subscales concerning: emotional consequences, social and
situational effects

- Validation: 28 adults (29-59 years)

d) Amsterdam Inventory
for Auditory  disability
and handicap (Kramer,

1995, 1996, 1998)

- To identify factors in hearing disability in daily life and assess its
associated handicap

- 30 items including detection of sounds, distinction of sounds, auditory
localization, speech intelligibility in quiet and noise, intolerance of noise

- Validation (Dutch version): 274 adults (16-66 years )

- Translated into Dutch, English, Spanish, Swedish

e) Gothenburg Profile
(Swedish, Arlinger et al.,
1998; Ringdahl, 1998)

- To measure the experienced hearing disability and handicap using a self-
report inventory

- 20 items with 2 scales: experienced disability including being able to hear
speech (5 items), being able to localize sounds (5 items), experienced
handicap including impact of hearing impairment (5 items), how to
performance and reaction to hearing difficulty (5 items)

- Validation: 924 persons (14-91 years)
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2.4.9 Listening effort

Listening is the process of receiving, constructing meaning from, and responding to
spoken or nonverbal messages. However, what happens when a person cannot listen and
identify a stimulus perfectly because of some sort of distortion of the signal or some
background noise? There are at least two possible ways which affect the person’s
performance. The first and the most obvious one is reduction in speech intelligibility
which leads to less amount of information available to the listener. The second is the
less obvious one; the effort required or put into the listening activity. This listening

effort is discussed in the following section.

An individual with hearing impairment may expend greater listening effort to maintain
listening performance than normal hearing individuals (Downs, 1982). Also sometimes,
when masking or distortion is not sufficient to produce errors of identification, a listener
may nevertheless have to make more effort to distinguish what is said (Surprenant,
1999). Increased listening effort, and the subsequent stress create an increased working
load for hearing impaired individuals in relation to normally-hearing ones, so the former
tire quickly. Further, this listening fatigue is worsened due to effects like loss of
environmental awareness, passive listening and finding it hard to relax in such

distracting environments (Portis, 2005).

Such subjective measures give significant information about the actual communication
difficulty faced by the individual as versus his objective score. For example a patient
may report significant benefit from the hearing aids because he or she is expending less
effort to hear in everyday listening environments, even if the clinical performance
measures do not show large benefits. Thus together it can contribute tremendously
towards diagnosis and hence a better intervention. In fact, Sato et al., (1998) suggested
subjective ratings of the easiness of speech recognition as an alternative approach to

word or syllable recognition tests.

Having reviewed the relevant studies and concepts in different objectives, the next
chapter describes the research methodology, subject criteria as well as detailed

functioning of each test in the auditory profile designed for the present study.
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Chapter Three
Research Methodology

3.1 Introduction

As discussed in the previous chapters, the test methods included in the thesis, comprise
a test-battery approach with each test representing a different and potentially important
domain of the peripheral auditory system. This will contribute towards explaining the
two key questions put forth in the study which concern investigating the relations of
speech recognition, threshold and other auditory as well as non-auditory capabilities.
These questions concerned with which auditory factors are responsible for prediction of
speech recognition in general across a range of hearing loss and is the variation in
auditory performance across a range of hearing impairment multidimensional, or can it
be approximated by a single unidimensional hearing loss construct.This perhaps is not
only the most appropriate approach for the above but is also essential for outlining the
various dimensions that optimally characterizes age related sensory neural hearing loss

mainly affecting .cochlea.

While the last chapter outlined and discussed the different auditory and non-auditory
domains, this chapter discusses the selection of actual test measures used in each of the
domains. The implementation of the test battery included in the experiments is
described. This is followed by the research procedures and protocols It should be noted
that the various experiments carried out within the scope of the thesis were part of an
EU project called HearCom and adhere to its standard. The project involved multi-
centre study which was carried out across five centres in Europe including UK,
Germany, Netherlands (two centres) and Sweden. While the selection of test domains
was based on systematic review of the relevant studies, the selection of the actual tests
to some extent was influenced by the project requirements and aims. Thus the final
selection of the test measures depended on various aspects concerned with the project
including ready availability of tests which were already developed and standardised by
partners involved in the study and pilot studies. Some were exclusively developed for

the multi-centre study.
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3.2 Selection of test measures for each domain

The following sections outline the rationale for selecting the methods for use in the
multicentre study. For frequency specific tests, this entailed choice of frequencies for
testing. With the exception of pure tone audiometry where a full range of frequencies
was included, frequencies compromised a low and a high frequency. For this purpose,
the low frequency was 500 Hz and the high frequency was 3000 Hz. These were chosen
to represent a low and high frequency coordinate for all the measurements. In addition
to the choice of frequencies, it was necessary to choose a presentation level for a
number of tests. Time restrictions prevented obtaining all measures at a wide range of
presentation levels. The choice of presentation level is an important issue that may have
implications for the results of the study. One approach is to choose a fixed presentation
level for all participants. This must be high enough to be audible for the most impaired
participant, yet not uncomfortably loud for participants with normal hearing. For some
tests, this compromise may be impossible to achieve. Moreover, testing at different
parts of the dynamic range for different participants may mean that results are not
comparable across participants. An alternative approach was adopted for the presented
study, which was to present stimuli at approximately equal loudness for all participants.
This entailed obtaining a measure of, or estimating, most comfortable loudness (MCL)
at each of the frequencies 500 and 3000 Hz prior to obtaining other measures. These
frequencies were chosen to represent a low and high coordinate for range of frequencies
and their selection was HEARCOM’s decision It was also necessary to obtain MCL for
a broadband signal, in order to set speech test materials and other broadband signals at

approximately that level.

The following test domains were included.

3.2.1 Hearing threshold

Hearing thresholds were included as a standard measure of hearing acuity and to
estimate audibility of components of speech. Pure-tone thresholds were measured using
a standard clinical audiometer. Air-conduction thresholds were measured at 250, 500,

1000, 2000, 3000, 4000, 6000 and 8000 Hz and bone-conduction thresholds at 250, 500,
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1000, 2000, 3000 and 4000 Hz with adequate masking of the contra-lateral ear, as per
BSA audiometry procedures (2004), or equivalent.

3.2.2 Loudness perception

Loudness growth functions were measured using the procedure called ACALOS
(Adaptive CAtegorical Loudness Of Sounds) by Brand and Hohmann (2002) which was
partly described in chapter II (2.4.3). Also measurements for low (500 Hz), high (3000
Hz) and broadband (BB) frequencies were included. The details of the procedure used
for ACALOS are as follows:

Method: Response scale and adaptive procedure

The Oldenburg-ACALOS procedure iteratively adapts the level range to the subject’s
responses. It is based on the constant stimuli version of the Oldenburg loudness scaling
procedure.

Response Scale

The scale consists of seven main categories named — not heard, very soft, medium, loud,
very loud and extremely loud and four intermediate categories. These eleven categories

are converted to categorical units (CU). The conversion is as follows:

Categorical number | Categorical text cu
1 not heard o}

2 very soft 5

3 10
4 soft 15
5 20
6 medium 25,
7 30
8 loud 35,
9 40
10 very loud 45
11 extremely loud 5o

Figure 3.1: Response scale including the categorical number and its respective category
and categorical unit (CU). The English translation of the original German scale is shown
here.
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Adaptive procedure in detail

100

80 |

60 |

40 |

Level [dB HL]

o 5 10 15
Trial number

Figure 3.2: Example of a run produced by the adaptive procedure from Brand and
Hohmann (2002).

The adaptive procedure also consisted of two phases, which was not obvious to the
subject, because he/she rated the loudness in both phases. The auditory dynamic range
of the subject was roughly estimated in the first phase. More data were collected in the
second phase. In that phase, the dynamic range, in which the stimuli were presented,
was re-estimated twice. The first phase started with a stimulus at 80 dB HL. When this
was inaudible or too loud, the level was changed in 15 dB steps until a response
between inaudible and too loud was given. Thereafter, two interleaved sequences of
stimuli began. These two sequences consisted of ascending and descending tracks
enabled to obtain loudness levels constituting the complete dynamic range from 0-115
dB. In the second phase it was assumed that the final levels of the two interleaved
sequences in the first phase corresponded to the categorical loudness values L5 (very
soft) and L50 (too loud). Thus any categorical loudness levels L5 -L50 can be estimated
by linear interpolation and presented in randomized order. Two iterations were
performed in this study for this estimation. During the procedure described above, the
listener was protected against harmful loud stimuli by the constraint that in any case, the
level was limited to maximally 5 dB above the last level which was rated as too loud
before. Further the procedure also ensures that the number of inaudible stimuli are small
(since they do not produce any loudness ratings) as well as even distribution of stimuli

within the limits of individual auditory dynamic range to reduce bias effects.
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As mentioned in the beginning of the chapter, this test is mainly included to obtain an
MCL value which is used as reference starting level value for other tests described later

in methodology.

3.2.2.1 Purpose of the test

The main use of this test was to obtain a suprathreshold level for each subject which can
be used as starting level for other tests for left and right ears (monaurally). This was
done by estimating the loudness growth functions described below for the three

different types of stimuli (500, 3000 Hz, BB).

3.2.2.2 Specifications and obtaining the MCL value

One variation from the normal test procedure that was applied was that loudness
functions were measured at 500 Hz, 3000 Hz and BB instead of 1000 Hz in the original
test.

Signals used: For narrow band noises, a one-third-octave band of noise was used (center
frequency 500 Hz and 3000 Hz) and for broadband, speech shaped ICRA1 noise was
used. The duration of all signals was 2 s, sampling rate 44.1 kHz, windowed with 100-
ms cos2 ramps. During each trial, the noise was presented twice with a silent

interstimulus interval of 1 s duration

As stated above, the main purpose of this test was to get a reference starting level
(suprathreshold) which can be used for the remaining tests in the protocol. And for the
purpose of the present study, this reference level, also called as the most comfortable
level, was defined as categorical unit: CU 20. (It corresponds to level 5 between the
categorical labels of soft and medium, see above fig 3.3). This level was obtained for
each of the three stimuli (500 Hz, 3000Hz and BB). In the test, these categorical units
are objective representations of the subjective categories of loudness labels of sounds
like soft, medium, loud etc and by using the following model function any level

corresponding to a label and hence a categorical unit ranging from 0-50 can be obtained.

The model function estimates the best fit to the measured values on completion of a run
of any measurement (500 Hz, 3000 Hz and BB) using the adaptive procedure described

above.
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25+m,(L-L,,) for L<L,
F(L)=<bez(L,L,,,L,L;) forL,, <L<L,

25+my(L-L,,) forL> L
It consisted of two linear parts with independent slope values m;, and m;; . The two parts
intersected at the level L, . The transition region between the levels L;s (soft) and L;s

(loud) was smoothed, using a Bezier fit denoted with bez(L, Ly, L15, L35).

The following figure illustrates a screen shot for a typical loudness function obtained for
a trial of broadband signal (BB). As seen, it constitutes the signal level in dB SPL

plotted against categorical units (CU).
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Figure 3.3: Screen shot for a typical loudness function obtained for a trial of broadband
signal displaying the