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Speech perception depends on access to spectral and temporal atmsstitemporal
cues include slowly-varying amplitude changes (temporal envebope higher-rate amplitude
changes (temporal fine structure, TFS). This study sought to fyudnatieffects of alterations to
temporal structure on the perception of speech quality by pareatigtvarying the amount of

TFS available in specific frequency regions.

The three research aims were to: 1) establish the rold=8fifi quality perception, 2)
determine if the role of TES in quality perception differs Ifsteners with normal hearing and
listeners with hearing loss, and 3) quantify the relationship leetvitelligibility scores and
quality ratings. Quality ratings were obtained using an 11-poaté $or three signal processing
types (two types of vocoding noise and total band removal), and widredif amounts of
background noise (none, 18, and 12 dB signal-to-noise ratios (SNRg)ydoge of frequency

regions.

TFS removal above 1500 Hz had a small, but measurable, effect ory gatatigs for
speech in quiet (i.e. a 2.2-point drop on an 11-point scale). For spenoise, TFS removal
had a smaller effect (at most a 1.2-point drop). TFS modiicatalso influenced the temporal
envelope. Analyses using the Hearing Aid Speech Quality Indas@) (Kates & Arehart,

2010) showed that temporal envelope modifications provide a partial, though pietem



description of sound quality degradation. Thus, TFS is important to consideodels of

guality perception of speech.

Intelligibility performance was correlated with quality ingjs, with larger correlations
evident for poorer intelligibility. However, a significant relatibisbetween intelligibility and

quality was documented even when intelligibility remained above 95%.

The results of this study have both scientific and clinical implications.fiftiegs
provide insight into the mechanisms that affect sound quality perception, includimdetioé
TFS. Additionally, this knowledge may be applied to future signal processimgndiesiping to

maximize both speech intelligibility and sound quality in new hearing aids
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Chapter 1: Introduction

Many of the 31.5 million Americans with hearing loss are candidatekearing aids
(Kochkin, 2005a). While recent clinical trials document the benefieafing aids (e.g. Larson,
et al., 2000), only 20-40% of individuals who are candidates actuallytbem (Kochkin,
2005a; Dubno et al., 2008). Approximately 65-75% of those who wear heattgraisatisfied
with their instruments (Kochkin, 2005a; Dubno, et al., 2008). Numerous factors contribute to the
lack of satisfaction, some related to speech intelligibility smahd quality (Kochkin 2005a, b).
Research has shown that alterations to the signal, through noiseeaordnd linear signal
processing, can affect both speech intelligibility and speechtyq(&g., Moore & Tan, 2004,
Davies-Venn et al., 2007; Arehart et al., 2007; Anderson et al., 2009;rAetlah, 2010). These
types of processing can take the form of modifications to the apécimain and the temporal
domain. Temporal information, as used in this dissertation, refers ®wdt#miporal envelope
(slowly-varying amplitude changes over time) and tempanal $tructure (higher-rate amplitude
changes over time with rates close to the center frequerttye dfand or auditory filter). While
maintaining high levels of speech intelligibility is importaot fiser satisfaction with hearing
aids, it is possible to have high levels of subjective intelligyowith poor sound quality (e.g.
Preminger & Van Tasell, 1995a). The purpose of this study is totiudhe effects of
alterations to the temporal structure of speech on the perceptite qpiality. The research
focus is to determine how removal of temporal fine structure etip frequency regions

affects sound quality in situations where speech intelligibility remaingh levels.

Temporal envelope has been shown to be a salient cue in sound qualé@ptiper
Greater amounts of temporal envelope degradation lead to gredtetions in predicted and

subjective quality ratings using models of sound quality (e.g., H&b€olimeier, 2006; Stone



& Moore, 2007; Arehart et al., 2007; Anderson et al., 2009; Kates & Areb@10). Many
signal manipulations used in hearing aids take the form of nonling&al dignal processing
(e.g. dynamic range compression and spectral subtraction). $igesg manipulations create
alterations to the temporal envelope of speech, and may have unintpedssptual
consequences. For example, as the amount of dynamic range compiresgiases, the effects
on the temporal envelope increase. These changes in temposfdpenare associated with
decreased sound quality ratings (e.g. van Buuren et al., 1999). Hovittleelitdrature exists

regarding the effects of temporal fine structure modifications on sound cquexldgption.

In contrast to the limited number of studies which addressdleeaf temporal fine
structure in sound quality perception, a significant number of ratedies have examined how
temporal fine structure is used in speech intelligibility. &@ingle talker in quiet, speech with
no temporal fine structure is highly intelligible for listemerith normal hearing and for listeners
with mild to moderate hearing loss due to cochlear damage (Rapnén et al., 1995; Beent,
2006). However, when listening to speech in the presence of competdoppral fine
structure plays a more important role (e.g., Qin & Oxenham, 2003ntiogeal., 2006; Bgkent
2006; Hopkins et al., 2008; Hopkins & Moore, 2009). When speech is presented with a
competing sound, temporal envelope only cues are insufficient forspegch intelligibility for
both listeners with normal hearing and listeners with hearirgy lasteners with normal hearing
achieve better speech understanding in noise from inclusion of t&nfiperstructure only up to
about 5000 Hz, while listeners with hearing loss benefit from immiusf temporal fine structure
up to about 1500 Hz (Hopkins et al., 2008). This decreased ability to userétiime structure
in listeners with hearing loss has been attributed, in part, to braadéory filters associated

with cochlear hearing loss (Hopkins et al., 2008).



This study has three research aims. The first aim is totifuéehe role of temporal fine
structure in sound quality perception. The second aim is to datifithe role of temporal fine
structure differs for listeners with normal hearing and listeners wéhreloss. The third aim is
to objectively quantify the relationship between intelligibilitpdaquality. As in studies
examining the role of temporal fine structure in speech inteilityi (e.g. Hopkins et al., 2008),
this study parametrically varies the amount of temporal fingctsire in different frequency
regions. Given the increased importance for temporal fine steutbturspeech intelligibility
when speech is in the presence of competition, quality ratingspémch are obtained in quiet,
and at 18 and 12 dB signal-to-noise ratios (SNRs). Some previousha®hown that quality
ratings are largely determined by subjective intellighpiithen subjective intelligibility is poor
(Preminger & Van Tasell, 1995a). This study provides objectiveadatiaining the relationship

between intelligibility and quality for a range of speech conditions.

The purpose of this study is to quantify the effects of altaratio the temporal structure
of speech on the perception of its quality. The research focusdetdomine how removal of
temporal fine structure in specific frequency regions affeats@ quality in situations where
speech intelligibility remains at high levels. Based on diaden the speech intelligibility
literature, we know that the type of vocoding noise, the amount aedofypackground noise,
and the frequency region of the vocoded speech all affect lispareeption. Because of
differential ability to use temporal fine structure in listenefith normal hearing and listeners
with hearing loss, quality perception based on temporal finetsteucemoval may also differ

between listeners with normal hearing and listeners with hearing loss.

Studies which examine the role of temporal fine structure irligibdlity provide a

framework for studying factors that may be important in tbdysof quality perception for both



listeners with normal hearing and listeners with sensorindweating loss. In this project,
several factors identified to be important in intelligibility are marapad in order to increase our
understanding of the role temporal fine structure plays in qualigepgon. Specifically, this
study uses three types of signal processing, including two typeecofding noise (a noise-
envelope-intact and a noise-envelope-removed) and removal of high-frego@ndy of the
signal. The vocoding noise is designed to remove the temporastineture and keep the
temporal envelope intact. We also manipulate the frequency regtbe aftered signal through
changes to the band cutoff, such that as the band cutoff decreases, the amowngdlibeat is
vocoded or removed is increased. A final factor is the amount of toacidynoise. Because
background noise increases the importance of temporal fine stractgpeech intelligibility,

three levels of background noise are included in this study.

The results of this study have both scientific and clinical impbos. First, the results
provide insight into the mechanisms underlying sound quality perceptionaddition to
previously existing documentation regarding the importance of thpamal envelope to sound
quality perception, the results provide objective data supporting dilee of temporal fine
structure in quality perception. Furthermore, the findings proindeght into how best to
improve signal processing design for hearing aid applicationstaDigjgnal processing in
hearing aids has the goal of maximizing speech intelligrbéditd sound quality. Integrating
these results with the existing speech intelligibility &tere may allow for improved hearing aid

signal processing design.

In addition to providing knowledge regarding the relative importanctheftemporal
envelope and temporal fine structure in sound quality perception, wemrgide evidence to

support objective modeling of sound quality. As described above, many qguoeditycs



currently employ measures of temporal envelope degradation. Ths fiesad this study may
allow the addition of a component which also examines temporal finetise degradation,
enhancing the effectiveness of objective models of quality peoceptiGiven that a significant
amount of patient satisfaction with hearing aids is relatethéosound quality of the device,
facilitating an increase in our understanding of sound qualigep&aon may enhance our ability

to improve current signal processing strategies.



CHAPTER 2: BACKGROUND AND SIGNIFICANCE

The purpose of this study is to quantify the effects of altersto the temporal structure
of speech on the perception of its quality. The research focusdetdomine how removal of
temporal fine structure in specific frequency regions affeats@ quality in situations where
speech intelligibility remains at high levels. This chapteovigles a framework for
understanding how alterations to the temporal fine structure péeck sample might affect a

listener’s perception of the quality of that speech sample.

Sound Quality Perception

In order to effectively study the perception of sound quality,imhgortant to understand
how a listener makes decisions about sound quality. A typicalnigeaid wearer might report
that a particular signal processing strategy sounds “shrilihambled” or “loud”. The number
of adjectives used by a listener suggests that more than one &feors sound quality
perception.

Several researchers have published reports regarding the multi-ingnsature of
sound quality perception (e.g. Gabrielsson & Sjogran, 1979; Gabrieldsal., €1988;
Gabrielsson et al., 1990; Preminger & Van Tasell, 1995a, b; Neunadn £998; Arehart et al.,
2007). Gabrielsson and colleagues have shown that listeners ugdenfatttors to judge the
sound quality of an acoustic sample. The number of specific dimermgperads on the nature
of the signal, the sound source of the reproduction, and the heatng ef the listener. For
example, in Gabrielsson and Sjogren (1979), subjects were gilishad 200 adjectives and
asked to rate the relevance of each adjective to multiple sopradivetions using three sources:

loudspeakers, headphones, and hearing aids. The 200 adjectives were cedsolidatight



distinct dimensions, with the number of dimensions per sound sourceydstween two and
five. The number of dimensions was dependent upon the type of processihugted with each
reproduction system. Overall, the eight dimensions were separatedacets representing
clearness/distinctness, sharpness/hardness-softness, brightkaesssja fullness-thinness,
feeling of space, nearness, disturbing sounds, and loudA&#esugh multiple dimensions may
be required to fully describe a particular type of processingjraiec measurement of sound
quality perception is possible with a single dimension (e.g., van Butrah, 1999; Moore &
Tan, 2004; Arehart et al., 2010, in press).

Another factor which may affect sound quality perception is intkility. Preminger and
Van Tassel (1995a) found that when subjective intelligibility elé®ved to vary from poor to
good, individual quality dimensions of clarity, pleasantness, listenfogt,efoudness, and total
impression were not significantly different from subjectiveliigiility or from each other. In
other words, a high degree of correlation exists between each siimesuch that when
subjective intelligibility was varied, there was a consistentiatian between subjective
intelligibility and each of the other dimensions. In contrast, whdmnestive impressions of
intelligibility remained high, significant differences in qualitgtings among the individual
dimensions were found. These results indicate that when subjectelbgiioiity is poor,
listeners do not identify multiple unique dimensions of quality, and sulgeichpressions of
intelligibility drive quality ratings. In contrast, when listeseate intelligibility as high, they are
able to perceive and accurately rate variations in sound quality perception.

For a speech signal with high intelligibility, listeners netyl have decreased sound
quality, particularly for speech in background noise and/or under ehtféypes of hearing aid

signal processing (e.g. Preminger & Van Tasell, 1995a; Gsdwieet al., 1990; Anderson et al.



2009). Given this relationship between speech intelligibility anécpguality, it may be
possible to develop a framework for determining which types oekiganipulations will affect
speech quality. If intelligibility has been degraded, sound quaday be adversely affected.
However, in those instances where signal manipulations do not hilirgibility, degradations
to sound quality may still occur. One factor that may alterqunality of a signal without

harming intelligibility is manipulation of the temporal fine structure.

Temporal Structure

An acoustic signal takes place in two domains: the frequepegtfal) domain and the
time (temporal) domain. When a signal is described in termsedietmporal domain, an attempt
is made to describe the overall temporal structure of the sighaltemporal structure of an
acoustic speech signal is commonly divided into two parts: thelyslearying temporal
envelope which is superimposed upon the quickly varying temporal finéusgucl he temporal
envelope, also known as the amplitude envelope, provides information about tisgyirdad
duration of a signal (Rosen, 1992). Temporal fine structure includesnation about voicing
and manner of articulation for speech sounds, intonation and stress (Rosen, I199%
dissertation, the temporal envelope is defined as frequency informequal to or below 300
Hz, with temporal fine structure including all frequency content ell@d0 Hz. Because the
temporal envelope range is extended to 300 Hz, the temporal envelbpentain information

related to the fundamental frequency (FO) and lowest harmonic(s) of moss.talker

Temporal Structure in Models of Sound Quality

8



The relative importance of the temporal structure to sound qualitemion has not
been explicitly studied. However, objective models of quality pemeptwhich include
estimates of temporal envelope degradation, are reasonably acatipatedicting subjective
ratings of sound quality for listeners with normal hearing angness with hearing loss.

Current models of sound quality have been shown to be accuratedicting speech
quality ratings for a range of noise, nonlinear, and linear progeseimditions. Several of these
models of quality are envelope based (e.g. Hansen & Kollmeier, 19¢9%rH Kollmeier,
2006; Stone & Moore, 2007; Kates & Arehart, 2010). Typically, these mddetgion by
calculating the difference in envelopes between a clean mekergignal and degraded output
signal, and correlating the difference to subjective measure®wifd quality. Though each
model uses a different mathematical basis, the overall intiplices that changes to the temporal
envelope are correlated with changes in sound quality perceptioex&omple, the PEMO-Q
developed by Huber and Kollmeier (2006) functions by cross-correlatieg envelope
modulations of the input and output across auditory frequency bands. Theéru@eps
Correlational model (Cep Corr) developed by Kates and Arehart (J@87inel cepstrum
coefficients to the short-time spectra (produced by samplingrithelope across frequency) and
then cross-correlates the cepstrum coefficients. Both the PEM@d Cep Corr models ignore
the FO of most speakers, as well as any harmonics. The Hesdn8peech Quality Index
(HASQI) (Kates & Arehart, 2010) is comprised of a noise and nomlitexan and a linear
filtering term. The noise and nonlinear portion of the quality modelsores the changes in the
envelope time-frequency modulation. The evolution of the spectral shagretime for the
processed signal is then compared to that for the cleannedesgynal. Differences indicate a

loss in quality. The linear portion of HASQI measures changdseiiong-term internal signal



spectrum. The difference between the spectrum of the processeléansignals is computed as
a function of frequency, and the standard deviation of the diffeienaee input to the linear
quality index. The HASQI model multiplies the noise and nonlinear tr the linear filtering
term to produce the final index value.

The use of these models in fitting the same subjective quality judgnugpisrss the idea
that utilizing the difference in signal envelope between eefsx and output is a valid technique
(Kates & Arehart, 2010). The modeling studies generally show atioelcoefficients above r =
0.8 between actual quality ratings and predicted quality ratorgbdth judgments by listeners
with normal hearing and by listeners with sensorineural hedossy Although the use of
envelope differences has proven to be accurate, these models do nimtdakecount how
temporal fine structure may affect sound quality perception. A rdeghio examination of
temporal fine structure variations will provide an additional fea{temporal fine structure) that

may be implemented in objective models of subjective sound quality perception.

In addition to providing evidence to support objective modeling of sound quality
knowledge regarding the relative importance of the temporal erevedopl temporal fine
structure in sound quality importance may aid in the developmendradl processing strategies
for hearing aids. Many signal processing strategies haedfegt on the temporal structure or
audibility of the signal. Given that a significant amount ofgdtsatisfaction with hearing aids
is related to the sound quality of the device, facilitating rammeiase in our understanding of

sound quality perception may enhance our ability to improve current signal prgcetsatagies.
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Effects of Hearing Aid Signal Processing on Temporal Structure and Sound Quality

Many factors of hearing aid design may affect sound qualityesé factors include both
linear processing (e.g., Gabrielsson & Sjogren, 1979; Gabrielssbn #990; Gabrielsson et al.,
1991; Preminger & Van Tasell, 1995 a, b; Moore & Tan, 2003; Ricketlk, &008) and noise
and nonlinear processing (e.g., Lawson & Chial, 1982; Crain, 1992; Rakeszma-Spytek,
1994; Kozma-Spytek et al., 1996; Stelmachowicz et al,. 1999; Versfad, €1999; Tan &
Moore, 2003; Arehart et al., 2007; Davies-Venn et al., 2007; Tan & Moore, 20G8g-dbthe-
art commercial hearing aids involve complex nonlinear signal pogegesigns, such as
dynamic range compression and noise reduction (Chung, 2004; Kates, 2808)dional
linear design, increased spectral bandwidth beyond the traditidh#iH4; is also beginning to

be implemented in commercial devices.

Dynamic range compression is designed to restore the audibiityange of sounds by
providing more amplification for low-level portions of the signahtimgh-level portions, and to
normalize loudness for hearing-impaired listeners (e.g., Souza, 2008g (2004, Kates, 2008).
A physical consequence of dynamic range compression is a redotctlos peak-to-valley ratio
of the temporal envelope, thereby smoothing the temporal envelgp&tene & Moore, 1992,
2007; Jenstad & Souza, 2005). These physical changes to the tempolapesiae been
shown to have negative perceptual consequences for some listeicbrassdecreased sound
quality (e.g. Neuman et al., 1995; Neuman et al., 1998, Lunner et al., 199Buueen et al.,
1999; Souza et al., 2005; Moore & Tan, 2008; Ricketts et al., 2008; Andersbn 2009).
Neuman et al. (1998) found that ratings of clarity, pleasantness, and overalsimoprdecreased
as compression ratio increased, while ratings of background mmesased with increasing

compression ratio. Anderson et al. (2009) found the sound quality prefenas less for

11



compressed speech in noise when compared to unprocessed speede.itHoaever, there

appears to be a perceptual boundary where listeners do not repedseecsound quality for
compression systems (e.g. Neuman et al., 1994; Shi & Doherty, 20089xdfople, Neuman et
al., (1994) found that in conditions in which there was background noismélist preferred

unprocessed speech and a compression ratio of 1.5:1 to higher compragsgriwWhen the

amount of background noise was decreased, listeners did not differdrgieveen unprocessed
speech and compression ratios up to 2:1. Shi and Doherty (2008) found juslgrinelatrity

were similar between compressed and unprocessed speech.

In contrast to the purpose of compression, spectral subtraction hasathe decreasing
the amplitude of low-level portions of the signal that are preblymaoise in an attempt to
provide a cleaner speech signal. Spectral subtraction involesmtsh of the power spectrum
of the assumed noise, followed by the subtraction of the estimateslsp@ctral magnitude from
the noisy speech. This process is implemented in multiple chamuklsilh adaptively reduce
the gain in each channel in response to the noise estimates,(R@@8). Spectral subtraction
alters the temporal envelope by increasing the peak-to-vat®y Research on sound quality
perception for spectral subtraction is mixed (e.g. Arehart e2@0D3; Ricketts & Hornsby 2005;
Anderson et al., 2009; Arehart et al., 2010). Arehart et al. (2010) fouredwias no difference
in quality ratings between speech in noise and speech in noise prbosgh spectral
subtraction. In contrast, Anderson et al. (2009) found that listenefiesrpre speech in noise
processed with spectral subtraction compared to speech in nosRiwspectral subtraction.
Although the spectral subtraction routine was the same in both stildieqeech in Anderson et

al. (2009) was noisier, perhaps leading to some of the differences.

12



One additional design receiving interest in the literatureneseasing the available
spectral bandwidth in hearing aids. Current hearing aids typjmaliyde amplification through
6 kHz. Depending on the degree of hearing loss, many high fregapaech sounds may not be
audible. In an attempt to improve audibility of high frequency speeels, chigh-frequency
amplification may be provided through a hearing aid. However, even apfitopriate
amplification though the typical available bandwidth, some speech soufidstilvnot be
audible to a hearing-aid user. This lack of audible bandwidth may toeneletal to some
listeners, especially for some speech sounds (e.g. Stelmachetatz,2002; Stelmachowicz et
al., 2004; Pittman et al., 2005; Stelmachowicz et al.,, 2007; Stelmacha&wiet, 2008).
However, increased bandwidth frequently results in increasedi@ighency gain, which in turn
may cause audible feedback (a high-pitched whistling sound). Audsguxdibdck results from an
amplified signal leaking back into the hearing aid and gettingm@ised (Dillon, 2001). One
of the most common ways to remove audible feedback is to reduce tmtaoh amplification
in the frequency region where the feedback is occurring,ifighthe amount of amplification
that can be provided. If the signal at the output of the hearinig &idhly correlated with the
signal at the input, the feedback cancellation system will oftempt to cancel the input signal
rather than model the feedback path. This situation arises, for examiy@n the input is a single
tone or musical note. The inaccurate modeling of the feedbackcpatlhen lead to system
instability (e.g. “whistling”). Removing the temporal fine structunf the hearing-aid output at
high frequencies also removes the correlation between the output ahdgrgaitly reducing the
error in modeling the feedback and thus allowing higher gain.

Expanded bandwidth also has conflicting results regarding benspetrh quality (e.g.,

Gabrielsson et al.,, 1990; Moore & Tan, 2004; Ricketts et al., 2008; Arehat, 2010).

13



Listeners with normal hearing consistently rate signalé witreased bandwidth higher than
signals with decreased bandwidth. Ricketts et al. (2008) found theasneg the low-pass filter
(LPF) cutoff from 5.5 kHz to 9 kHz improved speech quality for fiste with normal hearing.
Arehart et al. (2010) also reported that speech quality fenkss with normal hearing improved
as the LPF cutoff frequency increased from 2 kHz to 7 kHz. Inasmspeech quality rating are
affected less by changes in bandwidth in listeners with reedéwss. In Ricketts et al. (2008),
only a subset of listeners with hearing loss judged sound qualibe better for increased
bandwidth, while in Arehart et al. (2010) average quality ratingstveased bandwidth did not
change for listeners with hearing loss. Taken together, thealts indicate that additional high-
frequency information may improve sound quality perception for listkewé&h normal hearing
and for some, albeit not all, listeners with hearing loss.

Although not all listeners benefit from increased sound quality doh ef these signal
processing designs, some listeners do achieve improved sound quakiytiom. However, it is
unclear how much of the temporal signal is actually requoeachieve this benefit. It is clear
that both compression and spectral subtraction affect the temporédmnveesearch from the
compression and noise reduction literature indicates that listereeedle to withstand a limited
amount of degradation to the temporal envelope before quality percéeptadfected. These
guality reductions can be accurately predicted by objective moflsisund quality perception.
Additionally, while increasing the spectral bandwidth may imprawend quality, it does not
necessarily indicate that the full temporal content must beadaito achieve this benefit.
However, there is little to no information available regardingeffect of temporal fine structure
alterations to sound quality perception. What is available israfisant amount of literature

regarding how temporal fine structure affects speech intalligi It may be possible to derive

14



some insight into the role temporal fine structure plays in sauadity perception from the
speech intelligibility literature. Determining the limits pérceptual tolerance to temporal fine
structure manipulation may be of benefit to hearing aid signaessing development, and
provide complementary knowledge to our understanding of temporal envelops effesound

quality perception.

Vocoding

In order to study the separate effects of temporal envelopeamubral fine structure on
speech perception, signals are often created which separat®tbeds through a process called
vocoding (e.g. Dudley, 1939; Shannon, et al., 1995). This technique has beeo stsely the
importance of temporal envelope and temporal fine structure cues to pitch and spesutope
When a signal is vocoded, it is filtered into a specified nurobdrands, and the envelope of
each band is used to modulate a carrier signal (either nomaeowaves). As the number of
bands increases more of the temporal envelope structure remtaicts iEach band is then re-
filtered (using the same filter bank) to remove any out-of-maadulation effects and the bands
are recombined. The recombined signal includes the temporal envelopended portions of
the temporal fine structure (dependent on specific envelope fiiteff érequencies). The carrier
signal used to replace the temporal fine structure can be &ihee tone at the center frequency
of the band (sine vocoder) or a Gaussian noise (in a noise vocodeme-irosoded speech, a
sine wave at the center frequency of the band is multipliedhdextracted envelope for that
band. In noise-vocoded speech, a Gaussian noise is multipliec: Bxtifacted envelope for
each band, thereby randomizing the phase of the periodicity angor&nfine structure
contained in the band. The Gaussian noise traditionally used in noisdevedas intrinsic

random amplitude fluctuations over time, meaning that at argngpoint in time, the noise has
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its own noise envelope. It has been suggested that this intnioise envelope may have a
detrimental impact on speech understanding when combined withntpered envelope of the
speech. Removal of the noise envelope from the Gaussian noise isegyaasibboth noise-
envelope-intact vocoding noise and noise-envelope-removed vocoding noise hawve bee
described in the literature (Pumplin, 1995; Kohlrauch et al., 1997; Whétall, 2007; Kates,

submitted).

Regardless of the type of carrier used in the vocoding procesgna grocessing
confound exists (Kates, submitted). Although vocoding is designedntove temporal fine
structure cues, vocoding also affects the temporal envelope becausenpimgal envelope in
each band is forced to have the same amplitude for all of theeineies within the band, thus
removing the spectral ripple that would normally exist acrosbdhne. As the number of bands
decreases, the amount of degradation to the temporal envelopeaacrBlas spectrum of the
vocoded output shows a stepped pattern in the temporal envelope of thegiadl Figure 1
provides a visual representation of this stepped pattern usingragpants. The set of
spectrograms shows the input signal in the top panel (2 sentgrutesn Dy a male talker) and
the version reproduced using a 16-channel noise-envelope-intact vocodem(panel). The
spectrogram of the noise-vocoded speech has edges in the tintequreh€y domains because
the envelope structure that varies within a frequency band in the signal is replaced by
constant values across the band in the modulated noise signal (the output). For, ias@aBbes,
there is a clear difference between the input and the output at 4500hHze input, there is a
marked variation across frequency that is missing in the outputefohe while it is accurate to
say that in a vocoded signal the temporal fine structure hasrée®ved, it is not accurate to

say that the complete temporal envelope structure is intact. Even witmikesidin, vocoding
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Figure 1. A set of spectrograms showing the input signal in the top panel (2 sespakessby

a male talker) and the version reproduced using the 16-channel vocoding noise (botthm pane
The vocoded noise spectrogram has more obvious edges in the time and frequency domains and
the envelope structure that varies within a frequency band in the input sigrahsed by

constant values across the band in the vocoded signal.
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is still a valuable signal processing tool. Vocoding provides a consistent metteodpairal fine
structure removal, allowing for experimentation on the effectsewiporal fine structure on

speech perception.

Temporal Structure in Speech Intelligibility

The effects temporal fine structure removal (through the prarfegscoding) on speech
intelligibility has been shown to vary based on a number of factditsese factors include,
among others, the number of bands, the type of vocoding carrier sigmélequency region of
the temporal fine structure, and the presence or absence of backgomadAdditional factors,
such as the hearing status or age of the listener, may alsa gigyificant role in the importance
of temporal fine structure to speech intelligibility, althougie tmechanisms responsible for
differences in perception may vary between groups. Given thgorship between speech
intelligibility and sound quality (e.g. Preminger & van Tasell, E)9binderstanding the effects
of temporal fine structure removal on speech intelligibilitytferse disparate groups of listeners
may provide insight for understanding the effects of temporalsfineture removal on speech
quality perception.

In one of the earliest studies on temporal fine structure rdm8kannon et al. (1995)
tested normal-hearing listeners with speech in quiet thatsubjected to noise-envelope-intact
vocoding with 1, 2, 3, or 4 bands. As the number of bands was increased foo) §peech
understanding improved for vowels, consonants and sentences. With four hsieterd
showed speech intelligibility that exceeded 80%. This redubiws that robust speech
intelligibility can be achieved even with the limited cuesilabée in the vocoded speech.
Shannon et al. (1995) also investigated the importance of temporabga\geles by measuring
speech intelligibility for vocoded signals in which the envelope-nadoiul low-pass filter (EM
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LPF) cutoff vas varied from 16 Hz to 500 Hz. Listeners showed pgadormance for the
intelligibility of vowels and sentences for 16 Hz EM LPF wteampared to higher EM LPF
cutoff values. Consonant recognition was not affected by chamtfes EM LPF. The effects of
the EM LPF cutoff indicate that temporal envelope modulation above 16 Haportant for
speech that contains periodic voiced information (vowel sounds), but not fiwdipe/oiced
sounds (consonants). Limited temporal envelope cues (low EM LPF)andffimited spectral
resolution (small number of bands) are all that are needed to ceuoffeyent information for
good speech understanding in quiet for listeners with normal hearing

Souza and Boike (2006) also varied the number of bands availab&tettets using
restricted temporal fine structure information, from 1 to 8 baaslsyell as an unprocessed (full
temporal fine structure) condition using vowel-consonant-vowel (V@Wud. There was not a
significant difference in speech understanding for the 1-band on@-txanditions between the
listeners with normal hearing and listeners with hearing ladsp&rformance for both groups
improved with increasing amounts of temporal fine structure infeomatHowever, listeners
with hearing loss did not show as much improvement in speech understamgingadditional

temporal fine structure was available, compared to the listeners with roearaig.

In an expansion of the work of Shannon et al. (19959k&d (2006) studied the effects
of the number of vocoded bands for both listeners with normal hearinggamrs with hearing
loss for speech in quiet and speech noise. Specifically, a noise-envelopgantatdr was used
and the number of spectral bands varied from 2 to 32 bands. In this strdyal hearing
listeners had speech understanding scores >60% for vowel and consmogmition in the 4
band condition in quiet, and reached asymptote (~85% correct) in thed&badition. Speech

understanding in listeners with sensorineural hearing loss wasstamtlsi poorer than that of
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normal-hearing listeners in all conditions (with asymptote reaahe®0% correct), though the
trends in performance were similar in the two groups. Listeméth hearing loss achieved
maximum benefit with the same number of bands (8) to listengnsnarmal hearing in quiet
and low noise conditions (10 dB Signal to Noise Ratio [SNR]), withuribhér improvement in
consonant and vowel recognition when the number of bands was increasedntréstc in
conditions with higher levels of background noise (0 and -5 dB SNRpdrstavith hearing loss
were not as able as listeners with normal hearing to make userefsed information available
when the number of spectral bands was increased. For listerteriearing loss, maximum
benefit was achieved with 8 bands of information for both vowel and cons@taghnition in
all conditions (with ~50% correct asymptote in the 0 dB SNR conditiovts)e listeners with
normal hearing required 12 bands to reach asymptote for vowel racogaitd 10 bands to
reach asymptote for consonant recognition (with asymptotshedaat ~65% correct). At an
SNR of -5 dB, listeners with normal hearing did not reach asymptdie16 bands. As this
study shows, listeners with normal hearing and with sensorinewahféoss need only limited
temporal information to achieve asymptote levels speech understamtieg speech is
presented in quiet. However, when speech is presented in backgrowndoasinformation is
required to achieve best performance, and even when asymptaehsdegintelligibility scores
may not be comparable to scores achieved in quiet.

Examining differences in listeners with normal hearing andrers with hearing loss,
Hopkins and Moore (2007) found that listeners with hearing loss werablfoto discriminate
differences in complex tones that had the same temporal envelopdfergnt temporal fine
structure. The consequences of this disability may come inotime 6f decreased speech

understanding in noise. Hopkins et al. (2008) explored the benefit listeiensormal hearing
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and listeners with sensorineural hearing loss receive from iogole$ temporal fine structure in
a 32-band speech sample in the presence of a competing babbleordldmp structure was
removed using a noise-envelope-intact vocoder. In contrast to Istenmgr normal hearing,
listeners with hearing loss received only 4.9 dB of benefit incépesception threshold (SRT)
scores when the stimuli went from no temporal fine structure tatdmiporal fine structure.
Listeners with normal hearing received 15.8 dB of benefit. Listewéh hearing loss showed
less benefit than normal-hearing listeners from the addition wipdeal fine structure
information, especially at mid- and high- frequencies. It isthvoioting that there was no
additional benefit to increasing the availability of temporak fstructure above 4102 Hz for
listeners with normal hearing, while listeners with hearings losceived no benefit from
additional temporal fine structure over 1605 Hz. In addition to diffeentperformance based
on the amount of temporal fine structure available, between-grdigpedices increased when
the number of spectral bands was increased. Normal-hearing ksiem@oved when a sine-
wave vocoded signal was increased from 16 bands to 32 bands,istaiers with hearing loss
did not. These results indicate that listeners with hearirsgdiesless able to make use of added
temporal fine structure information and less able to make use ofl ageetral cues (thorough

additional spectral bands).

The type of vocoding noise also influences intelligibility of gee For example,
Whitmal et al. (2007) reported differences in intelligibilityr fa vocoding noise which has an
intact noise-envelope and a vocoding noise which has had the noise-envetopved.
Listeners performed more poorly on measures of speech inteitigibok vocoded speech
processed with a noise-envelope-intact vocoding noise, compared tceanegope-removed

vocoding noise.  Similarly, Souza and Rosen (2009) speculated that theerdiffs seen
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between tone and noise vocoders (with an intact noise envelope) nuae lie differences in
how the noise envelope affects perception of the speech envelopelisténar is using the
speech envelope to identify individual sounds, then it is possible trmingltthe speech
envelope will affect intelligibility. The greater the inase in speech envelope distortion, the

greater the likelihood of decreased speech intelligibility.

Taken together, these results show that several factors inflapaeeh understanding for
listeners with normal hearing and listeners with hearing loss. These fmciade the number of
bands used to process the speech, the frequency region of the temmgostiucture removal,
the amount of background noise, and the type of vocoding noise used irotkessprg. The
above results show that for a single talker in quiet, spedéthno temporal fine structure is
highly intelligible for listeners with normal hearing and fistdners with mild to moderate
hearing loss due to cochlear damage (e.g., Shannon et al., 190&nt32006). However, when
listening to speech in the presence of competition, temporal funggte plays a more important
role (e.g., Qin & Oxenham, 2003; Lorenzi et al., 2006skBat 2006; Hopkins et al., 2008;
Hopkins & Moore, 2009). When speech is presented in the presence of aiognspend,
temporal-envelope-only cues are insufficient for high speecHigibélty for both listeners with
normal hearing and listeners with hearing loss. The amount eligitiility degradation
depends on both the type of target speech sample (e.g. individual sountls, avaentences)
and the amount of background noise. Listeners with normal hearing acledee $peech
understanding in noise from inclusion of temporal fine structure onlg apdut 5000 Hz, while
listeners with hearing loss benefit from inclusion of tempora ftructure up to about 1500 Hz

for target sentences in milti-talker babble (Hopkins et al., 2008).
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As the above research shows, access to and the ability to use,aefm@istructure
differs between listeners with normal hearing and listendts aoichlear hearing loss. However,
hearing loss may not be the only factor in this decreasedyalitfiéesearch also shows that older
listeners, both with and without clinically significant hearingsloperform more poorly on
speech intelligibility tasks compared to younger listeners with normahigearhese differences
have been attributed, in part, to differences in temporal resolabdmies (Gordan-Salant &

Fitzgibbons, 1993, 1999; Pichora-Fuller, 2003).

When the temporal fine structure is removed through vocoding, remotehpbral fine
structure cues do not have the same impact on these groups, witiddiece showing that
removal of temporal fine structure leads to sharper decreasspeech understanding for
younger listeners with normal hearing (e.g., Hopkins et28l08; Arehart et al., 2010). For
example, Arehart et al. (2010) found that younger listeners wess labte than older listeners
to use temporal fine structure to discriminate two vowels theg w@ncurrently presented. This
differential effect between groups suggests that older and paarnpaired listeners are less able

to make use of temporal fine structure cues.

When specifically considering the differences between youngemérs with normal
hearing, older listeners, and listeners with hearing loss, two faetors stand out. Younger
listeners with normal hearing show more benefit than both oldendst and listeners with
hearing loss when more spectral information is provided by a greatger of bands. Second,
the ability to use additional temporal fine structure is condistalifferent between listeners
with normal hearing and listeners with hearing loss. When addittengdoral fine structure
cues are provided, there is benefit to listeners with normalngganihile older listeners and

listeners with hearing loss are comparatively not able tosadbese additional cues. While it is
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known that aging also has a negative impact on the ability teeogmotal fine structure, it may
be that the mechanisms responsible for this decrease diffeedreblder listeners and listeners

with hearing loss. For this reason, it is important to consider each group indiidual

Relationship between frequency selectivity and temporal structure

While the role of temporal fine structure in speech perceptiooti€learly understood,
its assumed utility in speech perception depends on the underhsoq@tson that accurate
neural encoding of resolved and unresolved harmonics is important. Understaedingdding
of temporal fine structure in the auditory pathway may provideesmsight into how much
temporal fine structure is actually available to a listenerspeech perception. There are two
primary ways that temporal fine structure is encoded in theaaydiyystem: place coding and
temporal coding. Research suggests that these differenaxading abilities (and therefore
available temporal fine structure) may partially explain difeerences between listeners with
normal hearing and listeners with hearing loss regarding thigyaiol utilize temporal fine
structure (Moore, 2008). These encoding differences may resmtghysiologic differences in
the auditory pathway, such as in the sharpness of the traveling lr@aglness of auditory

filters, and the phase-locking abilities of the impaired auditory system.

Encoding of temporal fine structure begins in the cochlea, whiclidmscas a frequency
analyzer (Plomp, 1964). Frequency analysis, or frequency sdhlcivithe ability of the
cochlea to separate an incoming complex signal into its component frequen@gshyBivlogic
factors enhance the ability of the cochlea to perform thek. taThe first is the tonotopic
organization of the basilar membrane which provides a “place metbodifefjuency analysis

(Plomp, 1964). The second is the compressive nature of a healthgasoshich sharpens the
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traveling wave of an incoming signal and intensifies low-levehsls (e.g. Oxenham & Bacon,
2003).

Each location along the basilar membrane responds best toi@lparfrequency, but
will respond to other frequencies if the traveling wave is big ginpomeaning that each location
can be thought of as a bandpass filter. The compressive natuhealttay cochlea sharpens the
peaks of low intensity traveling waves. This effect is not sgandamaged cochlea, resulting in
wider traveling waves (Glasberg & Moore, 1990). Narrow filteif pass single resolved
harmonics of a complex tone. Wider auditory filters will passtiplal unresolved harmonics,
which interact and form a complex waveform with a period corresponindpat of the
fundamental frequency, leading to the recovery of envelope cuezdGh@01). This process is
true for both a healthy and an impaired cochlea. The transitimtaiency region between
resolved and unresolved harmonics is expected to occur in lower frequency negialsnaged
cochlea with abnormally broad filters (e.g., Bernstein & Oxenh2®06 a, b; Hopkins et al.,
2008). Therefore, listeners with cochlear hearing loss may hesg&e access to resolved
harmonics because of the increased width of the auditory filten etmpared to a listener with

an intact cochlea and normal hearing.

Speech intelligibility research indicates that speech irdtion extracted from low-
frequency resolved harmonics is more beneficial than tempomlsfiucture extracted from
high-frequency unresolved harmonics (e.g. Hopkins et al., 2008; Hopkinsod&reM2010).
However, even high frequency temporal fine structure is at $eas¢what beneficial for speech
intelligibility (Hopkins & Moore 2010), by providing information aboutclition of consonants

(Rosen, 1992) and vowel formant information from higher frequencies (Y&udachs, 1979).
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Listeners with greater access to resolved harmonics mayimgveved speech understanding

compared to listeners with limited access to resolved harmonics.

In addition to wider auditory filters, temporal encoding of the sigmay also be affected
by cochlear hearing loss. Just as in the cochlea, the auditory iseiu@otopically organized.
Peripheral neural representation of the signal includes phasegotkimdividual resolved
harmonics, encoded by the timing of the nerve impulse, as welltae envelope of unresolved
harmonics, which are coded by changes in the firing rate over(Rose, 1967). Neural phase
locking has been shown to decrease in high frequency regions in marsotdl as cats,
especially above 4- 5 kHz (e.g. Joris & Yin, 1992). Becausbkeofvider auditory filters in a
damaged cochlea, there is less phase-locking to individual harmardcsn@eased phase-
locking to the envelope of unresolved harmonics. Additionally, some evideggesss that
phase locking may also be decreased in the presence of cochleag tess (Woolf et al.,
1981), leading disrupted neural encoding of both resolved and unresolved harmegacdless
of auditory filter width. However, the contention that phase lockengisrupted by cochlear
hearing loss remains controversial (Harrison & Evans, 1979).

These physiologic results are supported by recent work modelingl renooding of
temporal fine structure (Heinz & Sawaminathan, 2008, 2009; Sawamin20Ed). Heinz and
Sawaminathan (2008) showed that models of auditory nerve firingnmatie listeners with
sensorineural hearing loss have poorer across-fiber correlatiom the wider auditory filters.
Decreased correlation may result in degraded spatiotemperakl response patterns for
acoustic temporal envelope and temporal fine structure. The modesnlgs of Sawaminathan
(2010) showed that temporal fine structure in normal hearing listasea relatively weakly

encoded signal compared to the temporal envelope. However, even tkly eeeoded
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temporal fine structure was correlated with improved performancespm®ech in noise
intelligibility tasks for listeners with normal hearing (Sammathan, 2010). These results are
consistent with speech intelligibility research showing tsaeanporal fine structure is added to
a speech signal, speech intelligibility improves, with reducedefite for listeners with

sensorineural hearing loss (e.g., Hopkins et al., 2008; Hopkins & Moore, 2010).

The physiologic literature suggests that listeners withimgdoss are limited by their
inability to utilize and discriminate temporal fine structure.ediced frequency selectivity
and/or reduced phase locking may provide a partial explanation forafdime differences seen
between listeners with normal hearing and listeners with hpdass. Differences in the
physiology of the auditory system may not allow listenert \Wearing loss the access to the

temporal fine structure cues that are available to listeners with normaichea

Summary

The purpose of this study is to quantify the effects of altaratio the temporal structure
of speech on the perception of its quality. The research focusdetéomine how removal of
temporal fine structure in specific frequency regions affeatsi@é quality in situations where
speech intelligibility remains at high levels. Based on diaden the speech intelligibility
literature, we know that the type of vocoding carrier sigma,amount and type of background
noise, and the frequency region of the vocoded speech all astecter perception. Because of
the differential ability to use temporal fine structure in listerveith normal hearing and listeners
with hearing loss, quality perception based on temporal finetsteucemoval may also differ

between listeners with normal hearing and listeners with hearing loss.
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The literature on the intelligibility of speech with limitéalno temporal fine structure
described above provides a framework for factors which may be @ampart studying the
impact of temporal fine structure on quality perception for both listeners withahtwearing and
listeners with sensorineural hearing loss. In this projeaterak factors identified to be
important in intelligibility are manipulated in order to increase understanding of the role
temporal fine structure plays in quality perception. Specljic#this study uses three types of
signal processing, including two types of vocoding noise (a noiseegreseitact and a noise-
envelope-removed) and removal of high-frequency bands of the signahls@manipulate the
frequency region of the altered signal through changes to the banff] suth that as the band
cutoff decreases, the amount of the signal that is vocoded or rensaneceiased. A final factor
is the amount of background noise. Because background noise increagepdiiance of
temporal fine structure to speech intelligibility, three lewdl®ackground noise are included in

this study.

The results of this study will have both scientific and cliniogdlications. First, we will
increase our understanding of the mechanisms underlying sound qualéptper. Second, the
results will provide insight into how best to improve signal prangsdesign for hearing aid
applications. Digital signal processing in hearing aids has ta @f maximizing speech
intelligibility and sound quality. Determining the limits of peptual tolerance for manipulation

to changes to temporal fine structure may benefit signal processingaeeio
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Statement of Purpose

The purpose of this dissertation is to quantify the effectsropdeal fine structure removal on
speech quality ratings for different stimuli in both a groupsiéhers with normal hearing and a

group of listeners with sensorineural hearing loss. To this end, this studydesgecific aims.

Specific Aim 1

The first aim is to establish the relationship between temfioktructure and speech quality
ratings by parametrically varying the amount of temporad Structure available in the signal of
both a male and a female talker. Because background noise cantlafamportance of

temporal fine structure, the stimuli will be presented in both quiet and background noise.

Research Question 1

Do speech quality ratings vary with removal of the tempora Btructure contained in

different frequency regions of the acoustic signal for quiet or noisy speech?

Prediction 1

Removal of temporal fine structure is predicted to affect qupétception differently based
on frequency region. It is also predicted that the impact of teinfimeastructure removal

may be greater in noisy speech compared to quiet speech.

Specific Aim 2

The second aim is to quantify the effect of hearing statispeach quality ratings as the amount

of temporal fine structure is varied by frequency region for speech in quiet auh spaoise.
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Research Question 2

Does the role of temporal fine structure in speech quality ratings depehe loearing status

of a listener?

Prediction 2

Hearing status is expected to differentially affect spepdlity ratings, such that listeners
with normal hearing and listeners with hearing loss will showatians in the relative
importance temporal fine structure by frequency region. éxected that listeners with
normal hearing will show greater variation is sound quality gatiwhen temporal fine

structure is removed, given their increased sensitivity to temporal fucist.

Specific Aim 3

The third aim is to establish the relationship between qualiipgs and intelligibility scores
ratings by objectively measuring both quality and intelligipifior the same conditions in a

group of listeners with normal hearing and a group of listeners with hdasisg

Research Question 3

Are speech quality ratings correlated with intelligibility scoregle same conditions?

Prediction 3

Quiality ratings are predicted to vary with intelligibilithen intelligibility is poor. Quality
ratings are predicted to vary independently of intelligibiligpres when intelligibility is

high.
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CHAPTER 3: METHODS

Research Design

The purpose of this experiment is three-fold. The first gdal éstablish the relationship
between temporal fine structure and quality perception. The secahdsgo determine if this
relationship differs between listeners with normal hearing éstdners with sensorineural
hearing loss. The third goal is to explore the relationship between speedgiligtiand sound
quality ratings. It is known that temporal fine stwre plays a role in pitch perception, as well as
assisting in speech understanding in complex environments. Howeverniperaé envelope
appears to contribute more to speech understanding than temporaluoh@ st(e.g. Hopkins et
al., 2008). What is unclear is how much these temporal finetwteucues contribute to a
listener’s perception of speech quality (Specific Aim 1), andtindrethe contribution is affected
by hearing status (Specific Aim 2). Although this study focusesound quality perception, the
overall experimental design is similar to Hopkins et al. (2008). ifsly, we divide the signal
into 32 bands and vocode the signal in individual bands (in groups of two), begivithnie
highest two bands first and working progressively downward in frequ@&sxause Hopkins et
al. (2008) showed that listeners with hearing loss are able tweutdmporal fine struare
information below 1419 Hz for speech intelligibility, speech vocodinignited to the frequency

region above 1500 Hz.

Specific test conditions are discussed below (see section TésdConditions Two
types of vocoding noise are used to remove the temporal finewtoom the speech signal
(see section titledstimulus Generation)The first vocoding noise uses traditional vocoding

techniques, and includes both the speech envelope and the noise envelopesélyL Tina
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second vocoding noise type replaces the noise envelope with the gpwetbpe (SM noise).

Control conditions using band removal (REM) are also included. In tugghtions, the signal

is low pass filtered at the band edge, so the entire portion abobartdecutoff is removed. In

the case that there is no change to quality ratings due to sapwling, the inclusion of control

conditions allows us to determine if removal of the entire signdetrimental. Quality ratings

are expected to decrease more rapidly for band removal thaododing. However, a lack of

difference in quality ratings between an intact signal abaral-removed signal may indicate
either an inability to hear the difference (lack of audibiliy it may be that although portions
removed through the REM conditions are audible, band removal does not ttetracjuality

perception.

Subjects

This study includes a total of twenty listeners: ten withmadrhearing and ten with
hearing loss. Listeners underwentaariometric evaluation at their initial visit. Listeners in the
normal-hearing group (NH) were required to have air conduction thressB0ldB HL or better
at octave frequencies from 250 to 8000 Hz (ANSI, 2004), with all athh@iometric tests within
normal limits. The NH group included nine women and one man with an rage of 44.3
(range: 20- 64¢ = 16.2). Listeners in the hearing-impaired group (HI) were redqud have at
least a mild sensorineural hearing loss that would be corngatith a hearing aid fitting, with
other audiometric test results consistent with a sensorineunahdndass. Specifically, the air-
bone gap was less than or equal to 10 dB and acoustic reflexes were congistiet degree of
hearing loss. The HI group included three women and seven men wittaa age of 67.4
(range: 47-816 =11.3). The better hearing ear was used for testing, with the tefdhé right

ear for the NH group in cases where both ears met the critltiisteners were consented after
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audiometric testing, but before any experimental procedure. Aitipants were recruited from

the Boulder/Denvemetro area and were native speakers of American Englishor thie
experimental listening tasks, subjects were tested monaundllydividually in a double-walled
sound-treated bootf.able 1 shows the age, sex, and air conduction thresholds for the test ear for
all subjects. Table 1 also shows results from the Mini M&tate Exam (MMSE) (Flostein et

al., 1975) and the Quick Speech in Noise Test (QuickSIN) (Killial.e2004). Table 2 shows

the test results for the TFS1 test (Moore & Sek, 2009) (cadolkad a d’ value) for FOs of 200,

300, and 400 Hz. These tests are described in more detail in the following sections.

As shown in Figure 2, there is noted variability in the audidméhresholds of the
individual listeners in the HI group. Listeners of variable headaogity were purposefully
recruited in order to explore the contribution of hearing loss on the role of temperatriicture
on sound quality perception. Although there is a positive relationship dretage and amount
of hearing loss, this relationship is not statistically significg@earson correlation coefficient:

r =0.1006, p = 0.782).
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Table 1. Individual subject information.
2 kHz), HFPTA = high frequency pure tone average (average of 1, 2, and 4 kHz).

HA user = hearing agl, UE = test ear, PTA = pure tone average (average of 0.5, 1, and

Sub HA QuickSIN

ID sex | age | user TE | TE MMSE | PTA HFPTA | 250 500 1000 | 2000 | 3000 | 4000 | 6000 | 8000
HI1 F 81 Y R 6.5 27 52 55 40 45 55 55 45 55 50 70
HI2 M 62 Y L 2 30 25 38 15 15 20 40 55 55 40 15
HI3 M 68 N L 3 29 35 47 35 35 35 35 60 70 60 65
H14 M 51 N R 1 30 28 33 20 25 25 35 40 40 45 40
HI5 M 73 Y R 8.5 28 30 43 35 25 15 50 55 65 55 65
HI6 M 61 N R 3 30 12 22 5 10 15 10 20 40 30 35
HI7 F 47 Y L DNT 30 55 68 20 30 60 75 65 70 65 55
HI8 M 75 N R 8.5 30 37 48 25 30 30 50 60 65 65 65
HI9 F 74 N L 0.5 28 27 30 20 25 20 35 35 35 35 40
110 M 55 Y R 15 30 23 35 25 15 25 30 30 50 45 50
NH1 F 51 N L 2 30 10 7 5 15 5 10 5 5 5 5
NH2 F 56 N R 3.5 30 5 5 5 5 5 5 0 5 0 0
NH3 F 57 N R 0.5 30 12 10 20 20 5 10 10 15 10 10
NH4 F 60 N R 2 30 8 10 5 5 10 10 10 10 10 10
NH5 F 64 N R -0.5 30 18 18 20 20 15 20 20 20 20 10
NH6 M 39 N R 2.5 29 12 12 15 10 15 10 10 10 5 0
NH7 F 21 N R 0.5 30 13 13 5 10 10 20 15 10 0 0
NH8 F 46 N R 1 30 5 5 5 5 5 5 5 5 15 20
NH9 F 20 N R 15 27 13 10 20 15 15 10 10 5 10 0
N10 F 29 N R 0.5 29 5 7 0 5 10 0 0 10 10 15




Table 2. TFS1 results for individual subjects. Scores are reportédScores >0.78 indicate
the listener scored above chance on the task. CNT = could ndtidestier was not able to
complete task due to playout intensity limitations).

Subject 200 Hz d' 300 Hz d' 400 Hz d'
NH1 3.93 1.83 3.89
NH2 5.53 1.43 6.73
NH3 1.59 1.50 2.05
NH4 0.44 1.27 1.71
NH5 0.46 0.22 0.04
NH6 2.60 1.44 0.13
NH7 4.97 0.40 4.32
NH8 4.80 2.81 6.09
NH9 10.92 6.20 10.40
N10 3.09 2.39 6.93
HI1 0.10 CNT CNT
HI2 0.05 0.34 0.04
HI3 2.65 CNT CNT
HI4 0.00 0.39 0.38
HI5 CNT CNT CNT
HI6 3.25 3.76 2.94
HI7 CNT CNT CNT
HI8 -0.14 CNT CNT
HI9 -0.20 0.01 0.10
110 0.90 2.30 CNT
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Figure 2. Age (horizontal axis) and pure tone average (PTAcakaxis) . Although there is a
positive relationship between age and amount of hearing loss, thisnefep is not statistically
significant (p = 0.782).
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Stimulus Generation

The primary goal of this study is to examine the role of tealdore structure in sound
quality perception. The temporal fine structure is separated thhentemporal envelope using
standard accepted vocoding techniques in the literature.  Threealgsimmal processing
methods are used to manipulate the signals. The first two methodlve noise-excited
vocoders. The third method involves removal (filtering) of specifibfigquency portions of
the signal.

The two vocoding noise types (fluctuating and smooth) are based orh sfpeecing
techniques. These two types of vocoding noise allow for examinatitibedmpact an intact
noise envelope has on quality perception. An intact noise envelope insoduacelated
modulations to the speech envelope, and may causing interferenqeevegiption of the speech
envelope. In the fluctuating (FL) vocoding noise, the noise envelopanenmiact and is
combined with the speech envelope (Figure 3a). In the smooth (SM) ngauuise, the noise
envelope is removed before being combined with the speech envelgpee(Bb). The amount
of vocoding in a speech sample is determined by the band cutoff @)ds above the BC are
vocoded, while bands below, and including, the BC maintain their original stineture.
Specific signal processing techniques are discussed below, inctathhgignal removal (REM)
and the addition of background babble.

Figures 3a and 3b depict the order of processing for both the FL Mndo&ding
procedures. The speech sample is first combined with the background attit#eappropriate
SNR. The speech sample is then passed through a bank of 3pasandinear-phase finite
impulse response (FIR) filters. The band edges and center freggiehthe 32 bands are listed
in Table 3 and are based on a standard equivalent rectangular ban@R&) (Slaney, 1993).

In vocoded bands, the signal envelope is generated via the Hilbefbotnanshe signal in each
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band is then divided by the envelope to give the fine structure. Imaestavhere the envelope
hits zero (which potentially would return an output with no meaning), MXg lprovides a
division output of zero. A linear-phase envelope-modulation low-pass (B8 Hz) is used to
filter the speech envelope in each vocoded band. The speech is dbestriected with the
original fine structure and filtered envelopes. The Gaussae used for the noise vocoding is
passed through the same linear-phase FIR filer bank as the spg@eehof two things is then
done to the noise: 1) the noise is multiplied by the speech envelop@dfing; FL; Fig. 3a), or
2) the noise envelope is removed by dividing the noise signal irirekjegency band by its
envelope after which it is multiplied by the speech envelope (sm8dh;Fig. 3b). Both the
speech and noise are then passed through the same filters afrst fittering stage to remove
any out-of-band modulation products. The RMS level of the noise and speeathi frequency
band is equalized separately to the RMS level of the original spgméch in the corresponding
band. The band removed conditions (REM) are created using the samad3@aba linear

phase FIR filer. The amplitude of the signal in the bands above the BC is theneset to z
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Figure 3a. Stimulus generation block diagram: The additive noiseonulated by the
filtered speech envelope (fluctuating noise; FL). The backgt babble is added to the speech
at the appropriate SNR before processing begins. The speeclefians to the speech +
background babble. The noise line refers to the vocoding noise.

Speech

Figure 3b. Stimulus generation block diagram: The noise envelope is replacediligrdte

speech envelope (smooth noise; SM) and then added to the speech. The background babble is
added to the speech at the appropriate SNR before processing begins. The spedels|ioe

the speech + background babble. The noise line refers to the vocoding noise.
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Table 3. Cutoff frequencies for band edges. CF = center frequency of band.

Band CF Lower Edge Upper Edge
1 118 100 137
2 157 138 179
3 201 180 225
4 250 226 277
5 304 278 334
6 365 335 398
7 432 399 469
8 507 470 548
9 591 549 636
10 684 637 734
11 787 735 843
12 902 844 965
13 1030 966 1100
14 1173 1101 1251
15 1332 1252 1418
16 1509 1419 1605
17 1706 1606 1813
18 1926 1814 2045
19 2170 2046 2303
20 2442 2304 2590
21 2745 2591 2909
22 3082 2910 3265
23 3458 3266 3661
24 3876 3662 4102
25 4341 4103 4594
26 4860 4595 5140
27 5437 5141 5749
28 6079 5750 6427
29 6795 6428 7182
30 7591 7183 8022
31 8478 8023 8958
32 9465 8960 10000
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Stimuli

The test materials for sound quality and speech intelligibilgythe sentences from the
IEEE corpus (Rosenthal, 1969). All stimuli are digitized at 44.1 kHzaaedlown-sampled to
22.05 kHz to reduce computation time. The vocoding is implemented withtemizesd
MATLAB routine (seeStimulus Generatign The two sentences in the quality portion were “A
saw is a tool used for making boards.” and “Take the winding path takbe These two
sentences cover a broad range of sounds typical in American English.

The IEEE sentences are spoken by a male talker and by @ fatkalr. These same two
talkers are utilized in both the quality and the intelligibilggtions of the experiment. The
difference between talkers in terms of the long-term avespgech spectrum for the quality
sentences is shown by Figure 4. Speech from the male talk&ins more energy in the low-
frequencies (below 200 Hz). Speech from the female talker nsntadre energy in the mid-
frequencies (500-3000 Hz). The average fundamental frequency (R@gforale talker is 114
Hz with a range of 75 — 161 Hz. The average FO for the female talR87 Hz with a range of
143 — 383 Hz. Formant regions for the male and female talkedédeq such that the male
talker’'s formant regions were lower in frequency (Figure 5a,b).

A multi-talker babble is the background noise of choice. It is mnoon type of
background noise encountered by listeners in everyday life. Thetatker babble background
noise is the six-talker babble background from the Connected SpeschCEY) (Cox et al.,
1988). The duration of the babble is matched to the duration of eaelns®rand pauses were
inserted in the babble to duplicate the pauses between the senfdressntences and babble
are gated on and off using 5-msec raised cosine windows. The dw&t8llof the speech
samples is kept a constant level, so in conditions where backgrows®l is@dded there is a

slight decrease in target speech level.
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Figure 4. Long term average speech spectrum of male and female talkenal€halker has
more energy in the low-frequencies (below 200 Hz). The female talker has mayy iartbe
mid-frequencies (500-3000 Hz).
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Figure 5 a, b. Output of gammatone filter bank for male and &talider. A) The male talker
has substantial energy under 500 Hz. B) The female talker haarpranergy between 200-
1300 Hz.
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Speech is played out at an average level of 65 dB SPL for listengre normal hearing
group. Individualized frequency-specific linear amplification usingLNRA (Byrne & Dillon,
1996) is applied to each stimulus to compensate for elevated tlig$bolisteners in the group

with hearing loss.

Test Conditions

This goal of this study is to establish the role of tempona $tructure in sound quality
perception. The aim is to determine the impact that type oflgigneessing (type of vocoding
noise and band removal), amount of background noise, frequency region, and statuggave
on the role of temporal fine structure to quality perception. Toethds this study includes four
sets of stimuli, for a total of 75 test conditions. In all setstwhuli, original temporal fine
structure information below (and including) band 16 is kept intact. The upper egigencyg for
band 16 is 1605 Hz. Table 4 provides an overview of the 75 test condition.

Setl

The first set of conditions is created by replacing bandpae#ah with FL vocoded noise
(see Figure 3a). The noise is passed through an envelope-modulation |dikgrags300 Hz to
retain the same temporal envelope as the original speech etitering temporal fine stroare
cues. The original speech is divided in 32 bands. In groups of two, begiviih the highest
two frequency bands, two bands of FL noise replace two bands of origeaths until the
highest 16 bands are vocoded with FL noise. These 8 conditions are gréseqiet and at a

12 and 18 dB SNR, for a total of 24 conditions.
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Set 2
The second set of stimuli is similar to the first, but usésvBcoded noise (see Figure
3b). Again, the noise is passed through an envelope-modulation low{persatfi300 Hz to
retain the same temporal envelope as the original speech etitering temporal fine stroare
cues. The original speech is divided in 32 bands. In groups of two, begivith the highest
two frequency bands, two bands of SM noise replace two bands of bsgeech until the
highest 16 bands are vocoded with SM noise. These 8 conditions arequaseyiiet and at a
12 and 18 dB SNR, for a total of 24 conditions.
Set 3
The third set of stimuli functions as the control set, and remaovweg d&ands of speech
information. In groups of two, beginning with the highest two frequencgldatwo bands of
speech information are systematically removed two bands abea tIn the most limited
condition speech will only be available in the lowest 16 bands. Thesed#tions are presented
in quiet and at a 12 and 18 dB SNR, for a total of 24 conditions.
Set4
An additional 3 fully intact conditions are also presented. Thenaligipeech is divided

in 32 bands and presented in quiet, and at 12 and 18 dB SNR.
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Table 4. Experimental test conditions. | = intact temporal fimecwire, FL =fluctuating
vocoding noise, SM = smooth vocoding noise. Each of the 25 conditions was guleadavels
of background noise (quiet, 18 db SNR, and 12 db SNR) for a total of 75 total conditions.

Cond # 16 18 20 22 24 26 28 30 32
1 | | | | | | | | |
2 | | | | | | | |
3 | | | | | | |
4 | | | | | |
5 | | | | |
6 | | | |
7 | | |
8 | |
9 |
FL,
10,18 |1 | | ! ! ! | | SM
FL, | FL,
11,19 |1 | | ! ! ! | SM  |swm
FL, |FL, |FL
12,20 |1 | | ! | | SM_[sM_ |[sMm
FL, |FL, |FL, |FL
13,21 |1 | | ! | SM__|[SM  [sM [sMm
FL, |FL, |FL, |FL, |FL
14,22 |1 | | ! SM_[SM_ [sM |sSM |sM
FL, |FL, |FL, |FL, |FL  |FL
15,23 || | | SM_|[SM_ [SM_[sM |sM |sM
FL, |FL, |FL, |FL, |FL, |FL, |FL
16,24 |1 | SM |sM [sM [sM |sM |sSM [swm
FL, |FL, |FL, |FL, |FL, |FL, |FL, |FL
17,25 |1 SM_|[SM_ [sM [sM |SsM |SM |[SM |sMm
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Test Procedures

This study includes two main experimental tasks, a sound quatlitg task and a speech

intelligibility task.

Quality:

In the sound quality rating task, listeners judge the sound quality ofStlenditions
(described above, séeest Conditions The 11-point rating scale ranges from 0 (min) — 10
(max) in 0.1 increments, and is modeled after the overall impressale in Gabrielsson et al.
(1988). Figure 6 shows an example of the visual screen produced loydioen MATLAB
routine that is used by the listener to rate the sound qualitgraétice set is rated on the scale
and includes a sample of 27 of the 75 test conditions. This pradiiceiseended to familiarize
the listener to the quality rating tasks and range of test conslitiEach of the 75 conditions are
presented a total of 4 times for each talker, with 2 preserdataynone talker and then two
presentations for the second talker before repeating the cyloée.order of presentations is
randomized, such that half of the listeners hear the male faigenand half hear the female
talker first. Listeners are responsible for the pace of ptasen and are given breaks after 50
trials, or more frequently as needed. Test instructions forotlvedsquality task are included in

the Appendix.

Intelligibility:

For each of the 75 conditions, listeners are presented with fiveediffsentences for
each of the two talkers, for a total of 750 sentences in tledigitiility experiment (se€elest
Conditiong. Each sentence contains five keywords, for a total of 3750 kdgworConditions

are presented in random order, with half of the listeners préeseittethe male talker first, and
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half presented with the female talker first. Given that theElE&rpus has only 720 sentences, a
small number of sentences are repeated. All sentences withikea (male or female) are
unique. Listener responses are scored by the examiner for numlkeywbrds correctly
identified, and verbal responses are recorded for offline scasngeeded. Completion of the
intelligibility task allows us to quantify intelligibility andamiliarize listeners to the test
conditions. Test instructions for the speech intelligibility task are includéteiAppendix.

Cognitive and Temporal Resolution Screenings (MMSE and TFS1 test)

In addition to measures of speech intelligibility and quality, liste also participate in
two additional tasks. The first, the Mini Mental Status ExBMSE) (results listed in Table 1),
is designed to provide a screening test for general cogrstatus (Folstein et al., 1975). All

listeners have a passing MMSE score of 27 or higher.

The second task, the TFS1 test (Moore & Sek, 2009a), is designddtdomine
sensitivity to temporal fine straare changes between harmonic (H) and inharmonic (I) complex
tones (results listed in Table 2). In this task, listeneest@discriminate between a consistent
series containing all H tones from a fluctuating series, contpibhoth H and | tone. In the
consistent condition, four tones are presented in an H H H H ondléhe Fluctuating condition,
four tones are presented in an H | H | order. The results ¢askeare computed as the smallest
AF detectable by a listener. Following two correct respoises row, the value oAAF is
decreased, while following one incorrect response it is incredgedprocedure continues until
eight changes in direction have occurred. Maximaf allowed is 0.5AF. Temporal fine
strucure thresholds above this point are extrapolated based on the percemtage(out of 40)
at 0.5AF. Normal temporal fine straare sensitivity has been shown to b&Faof 0.3 or better.

For participants in this project, scores are converted to d’ valuasler to accurately compare
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abilities between listeners. There was a level limitatidh playout of the TFS1 stimuli, such
that listeners with thresholds above 55dB HL for the harmonic freegeteibe tested (2200,

3300, and 4400 Hz) are not able to participate in the task.

Stimuli Presentation and Playout

Listeners are first tested using the TFS1 test and the MML&Eeners then participate in
the intelligibility task, with a total of 5 repetitions of each caiodi per talker. The intelligibility
task serves two purposes. First, it allows for documentation edfighility for the processing
conditions chosen for this study. Second, it provides listeners wititidazation to the talkers
and the various processing conditions they encounter in the qualitgnpoftthe experiment.
The final stage of the experiment is the quality ratings qurti Listeners judge the overall

speech quality of the processing conditions a total of 4 times for each talker.

For listener presentation, the digitally-stored intelligipigind quality speech stimuli are
processed through a digital-to-analog converter (TDT RX8),t@mmuator (TDT PA5) and a
headphone buffer amplifier (TDT HB7). Finally, the stimuli arespnted monaurally to the

listeners’ test ear through a Sennheiser HD 580 earphone.

The TFS1 test is presented to the listener on a laptop inside a-@\@lldé sound booth.
The stimuli are processed through an external sound card (E-MU 4di@reupresented to the

listener’s test ear through Sennheiser HD-25 headphones.
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Table 5: Experimental tasks broken down by hour of participation

Hour Task Details

1 Audiometric Evaluation | typanometry, acoustic reflexes, air and lbonduction
pure tones, Speech Reception Threshold testing (SRT), and
word recognition testing (using NU-6 recorded word lists),

QuickSIN

2 MMSE, TFS1 MMSE: Cognitive screening task; TFS1: sensititaty
changes in temporal fine structure at FOs of 200, 300 and
400 Hz

3-5 Speech Intelligibility 2 talkers * 5 presentations * 75 conditions=

750 total sentences (3750 keywords)

6-8 Sound Quality 2 talkers * 4 presentations * 75 conditions =

600 total quality ratings
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Figure 6. Screen capture of custom MATLAB interface used by each subjate the quality of the stimuli.

Quality Experiment

Play
I I I I [ [ I [ I I I
0.0 1.0 2.0 3.0 4.0 5.0 6.0 7.0 8.0 8.0 10.C
Min Very Bad Rather Bad Midway Rather Good Very Good Max

Welcome to the Quality Routine! Press Play to Start.




Audibility

An excitation pattern model (Hopkins et al., 2008) is employed in dodguantify the
audibility of the target signal after NAL-R gain has been aggie each subject with hearing
loss. Mean excitation levels between 100 and 10,000 Hz are calcfdateach subject. This
model incorporates a middle ear transfer function. Default védudbse proportion of inner and
outer hair cell damage are assumed based on audiometric threstaidslin The model gives
estimates of the excitation level at threshold as a functioreqiéncy for each subject. This
threshold level was compared to the level of the stimulus for betimiale and female talker.
For both the talkers, it is found that the target signal was autlibbeigh at least 5,500 Hz.
Figure 7 shows the threshold level compared to the stimulus leviblefonale talker for each HI
listener, as well for the level for an NH listener, whilgute 8 shows the same for the female
talker. The entire signal was audible for all listeners in the NH group andLfbli§eners in the
HI group. For the 5 listeners who were unable to hear theidulals it was ensured that the
signal was audible through at least 5500 Hz (band 27). Specifitiatlgners with limited
audibility were HI9 (audibility through band 27), HI2 (band 28), HId8ng 29), HI4 (band 31),

and HI5 (band 31).
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Figure 7. Excitation levels of the male target speech (datted)land excitation levels at threshold (solid line) for individuatihg-
impaired subjects. Excitation levels for normal hearing subjects are shoeoniparison in the bottom right panel.
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Figure 8. Excitation levels of the female target speechdgddihes) and excitation levels at threshold (solid line) for icldizi
hearing-impaired subjects. Excitation levels for normal hearing subjecsti@avn for comparison in the bottom right panel.
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Chapter 4: Results

Results of the study include a data set of quality ratimgsaadataset of intelligibility
scores for 20 listeners (10 with normal hearing and 10 withritekoss). The quality ratings are
calculated from four presentations for two talkers in 75 conditions ftmtal of 600 quality
ratings per listener (not including practice trials). Qual#iings are reported, pictured, and
analyzed in terms of the raw score given on the 0-10 point scalantBfiggibility scores are
calculated from five presentations for two talkers in 75 conditions for a tof&l0o§entences per
listener (3750 keywords). Intelligibility scores are reported #uostiated in terms of percent
correct of number of keywords, although all statistics were padgd on arcsine transformed

data (Studebaker, 1985) in an effort to stabilize the error variance.

The quality data set is first analyzed to determine reiligbéind consistency of the
ratings. The quality data set is then analyzed to explofereiiices between a) the male and
female talker, b) types of signal processing (FL, SM, and REMffects of SNR (quiet, 18 dB
and 12 dB SNR), d) band cutoff (vocoding or removal of the highest 16 baBdsonsecutive
2-band steps moving from highest to lowest), and e) effedteaifing status. This analysis is
used to examine the data in context of Specific Aims 1 and 2 bydeong the relationship
between quality perception and temporal fine structure. The finabpat the results section
examines Specific Aim 3 and details the relationship betweenqtladity ratings and

intelligibility scores for both groups of listeners.

Unless otherwise indicated, all statistics were completedyUSPSS version 18 using a

mixed-model repeated measures analysis of variance (RM ANOVW situations where the
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assumption of sphericity was violated, the Greenhouse-Geissectoomr factor was used to

determine significance.

Quality Dataset

Figures 9 and 10 show the average quality ratings given by thgrolkd (Figure 9) and
the HI group (Figure 10). Each of the twelve panels contain tbage scores with standard
error bars for all three signal processes (FL, SM, and R&Mp function of band cutoff
(vocoding or removal of the highest 16 bands in 8 consecutive 2-bandrsiejng) from highest
to lowest, with the full intact signal as the right-most pointaohepanel). Each panel shows one
SNR (quiet, 18 dB SNR, or 12 dB SNR) for one talker (maleeprale). The left panels show
data from quality ratings for quiet speech, the middle panels show XEN&Band the right

panels show 12 dB SNR.

The raw data have been examined based on a number of factors:statkesignal
processing, SNR, and band cutoff. For each of these factors, thes raihguality ratings, as
well as the general movement in quality rating changes, argasibetween listeners with
normal hearing and listeners with hearing loss. Quality mfingthe male and female talker are
similar in range; however, the overall trend is for the fenslleet to be rated more poorly than
the male talker for the same condition. When examined by signatgsiog, the trend is for
vocoded conditions to be rated more highly than band removal. Within éhgpes of vocoded
noise, SM noise is consistently rated more highly than FL noisa@it@uatings based on SNR
show a large differentiation, with quality ratings decreasiaghe amount of background noise

increases, irrespective of signal process. Finally, as haoff decreases (more of the signal is
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manipulated) quality ratings decrease. This effect is matgteable in quiet, with the effects of

band cutoff decreasing as the SNR decreases.

Specifically, the male talker ratings for the NH group rainge 2.33 to 8.92 and for the
female talker range from 2.22 to 9.0. The average quality rdtindgee HI group for the male
talker range from 2.63 to 8.65 and for the female talker range fromi@&.63. Quality ratings
for the NH group for the FL vocoding noise range from 4.63 to 9.0, ratomngSM range from
5.38 to 8.87, and for REM range from 2.22 to 8.91. Quality ratings éoHthgroup for the FL
vocoding noise range from 4.81 to 8.65, ratings for SM range from 5.02 to 8.6#r&REM
range from 2.76 to 8.62. Quality ratings for quiet speech raoge 2t87 to 8.97 for the NH
group and from 3.87 to 8.65 for the HI group. Quality ratings fatB&NR range from 2.45 to
6.34 for the NH group and from 2.99 to 6.42 for the HI group. In the conditidghghe most
background noise, 12 dB SNR, quality ratings range from 2.22 to 5.95 for thgradid and
from 2.76 to 5.77 for the HI group. For band cutoff quality ratinggedrirom 2.22 (in the 16
band cutoff condition) to 9.0 (in the intact 32 band condition) for the NH gnodifram 2.63 to
8.65 for the HI group. While band cutoff has 9 levels, from 16 BC to 32tfCstatistical
analysis contains just 8 levels (16 BC to 30 BC), as the intactC3%ds not collected for all
signal processes. The intact condition served as its own set ofi@oesdas there was no signal

processing factor associated with the intact signal.
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Figure 9. The average quality ratings for listeners in thlegkbup are shown here. Each panel contains the three signadgingce
types for one talker (male or female) and one SNR (quiet, 18, or 13Nf. The FL vocoding noise is represented by open
triangles, the SM vocoding noise by closed circles, and the REMtmsdby closed squares. The top row shows the results for the
male talker, the bottom row for the female talker. Speech &t qudisplayed in the left panels, 18 dB SNR in the middle paasdis

12 dB SNR in the right panels. The error bars represent the standard error.
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Figure 10. The average quality ratings for listeners in HI gesashown here. Each panel contains the three signal procsgsag

for one talker (male or female) and one SNR (quiet, 18, or 12 dB.SWhe FL vocoding noise is represented by open triangles, the
SM vocoding noise by closed circles, and the REM conditions by ckipetes. The top row shows the results for the male talker,
the bottom row for the female talker. Speech in quiet is displayd left panels, 18 dB SNR in the middle panels, and 12 dB SNR
in the right panels. The error bars represent the standard error.
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Within visit and across visit reliability

In this section, the results are discussed in terms of listesmrsistency within a visit
and across visits, differences between the male talker anéradef talker, and the effects of

temporal fine structure removal, SNR, and band cutoff.

Listeners provided quality ratings for each processing conditiorafdr &lker a total of
four times, with the first two presentations rated within thst fsession, and the second two
presentations rated within a session during a second, separatgivésiaite correlations provide
a means to quantify how consistent listeners were within and agsitssfor the same stimulus
(same condition and some talker). Figure 11 shows four separttr ptats for trial 1 plotted
against trial 2 for the NH listeners for visit 1 and visit 2vbbth the male and female talkers,
while Figure 12 shows the same for the HI listeners. Each atd represents a single
listener’s rating on trial 1 of the given visit (horizontal gagainst trial 2 (vertical axis) of the
same visit. Both groups of listeners demonstrate consisterggatithin a visit. The Pearson
correlation coefficients are 0.89 and 0.92 (p< 0.001) for the HI listeares0.93 and 0.96

(p<0.001) for the HI listeners.

Figure 13 shows an additional four scatter plots for the camelaetween visit 1 and
visit 2 for the male talker and the female talker for each grdupe female talker is depicted in
the top panels, the male talker in the bottom panels. Each datagpoegents a single listener’s
rating for trial 1 of visit 1 plotted against trial 1 of visia@d trial 2 of visit 1 plotted against trial
2 of visit 2. The Pearson correlation coefficient is between 0.84 andp)<89.001) for the four
comparisons. When the two quality ratings from visit 1 are geerand two quality ratings

from visit 2 are averaged the Pearson correlation coeffibemteen visit 1 and visit 2 rises to
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range from 0.86 - 0.92 (p<0.001). The strength of the correlations forgbmips of listeners
suggests that the rating scale used in this study was bleeirstrument in quantifying the
effects of stimulus processing on quality perception. As such, ¢éas score of all 4 trials for

each condition form the basis of the remaining statistical analyses.
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Figure 11.Scatter plots of the within-session ratings for the NH graupte male talker (top
panels) and the female talker (bottom panels). Each data poieseefs a single subject’s rating
of a specific stimulus for trial 1 (horizontal axis) and tBalvertical axis) within a visit (visit 1
in left panels and visit 2 in right panels). The dashed line wouftefect match (0 to 0 and 10

to 10). The solid line represents actual regression line. Aléledions are significant at p <
0.01.
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Figure 12. Scatter plots of the within-session ratings fothgroup for the male talker (top
panels) and the female talker (bottom panels). Each data poieseefs a single subject’s rating
of a specific stimulus for trial 1 (horizontal axis) and tBafvertical axis) within a visit (visit 1

in left panels and visit 2 in right panels). The dashed line woufgetiect match (0 to 0 and 10

to 10). The solid line represents actual regression line. Aléledions are significant at p <
0.01.
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Figure 13. Scatter plots of the across-session ratings fdemmae talker (top panels) and the
male talker (bottom panels). The NH group is represented in theale¢ls, the HI group in the
right panels. There are two data points for each listenerdn panel. The first data point
represents trial 1 of visit 1 (horizontal axis) and trial 1 ot @gvertical axis). The second data
point plots trial 2 of visit 1 (horizontal axis) and trial 2 of vBifvertical axis). The dashed line
would be perfect match (0 to 0 and 10 to 10). Solid line represents mgtession line. All
correlations are significant at p < 0.01. Similar results i@rad when the within-visit ratings
were averaged.
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Omnibus Statics: Quality Ratings

An omnibus RM ANOVA provides an overview of the entire quality dgtasd includes
the within-subject factors of talker sex (2 levels: male anthfe), signal processing (3 levels:
FL, SM, and REM), SNR (3 levels: quiet, 18 dB and 12 dB SNR), and band @itefels: 16
BC to 30 BC). There is a single between-subject factor of grdaple 6 presents the results of
this statistical analysis. All four within-subject mairieets are significant, indicating that all
main effects are significantly related to quality ratingalker sex [F(1,18) = 10.2; p = 0.005;
partial n? = 0.362], signal processing [F(2,36) = 32.6; p < 0.001; paffiat 0.644], SNR
[F(2,36) = 38.8; p < 0.001; partigf = 0.683], and band cutoff [F(7,126) = 81.8; p < 0.001;
partialn® = 0.82]. The between-subject factor of group is not significait,18) = 0.067; p =
0.798; partiah?® = 0.004], indicating that there was no difference in qualitpgatbetween the

groups.

In addition to the main effects, there are also several signtfinteractions, five two-
way interactions and one three-way interaction. The firstifstgnt interaction is talker sex *
signal processing [F(2,36) = 4.2; p = 0.036; parfiat 0.189], which indicates that the effect of
signal processing on quality ratings is dependent on the dbr tdlker. The second significant
interaction is SNR * signal processing [F(4, 72) = 10.7; p < 0.00Jiabqﬁ'l: 0.372], indicating
that the effect of signal process on quality ratings epeddent on SNR. The third through fifth
significant interactions are based on band cutoff: talker sex * haotf F(7, 126) = 4.3; p =
0.007; partiah? = 0.192], SNR * band cutoff [F(14,252) = 22.2; p < 0.001; patfial 0.552],
and signal processing * band cutoff [F(14,252) = 28.6; p < 0.001; paftial0.614], which

indicates the effect of band cutoff on quality ratings are seadii changes in talker sex, SNR,
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and signal process. There is one significant three-term intara&NR * signal process * band
cutoff [F(28, 504) = 5.1; p <0.001; part'nfl = 0.221], which indicates that the effects of signal

process on band cutoff are dependent on SNR.

Figures 9 and 10, along with the raw data, show the significantatiffes for the main
within-subject factors revealed by the statistical analy3ise male talker is rated significantly
higher than the female talker. The difference in type afadigrocessing is especially visible in
the figures, with REM conditions showing the lowest overall ratargSM conditions showing
the highest quality ratings. The amount of background noise also $igsificant impact on
quality ratings, with ratings highest in the quiet conditions andedsing significantly as the
amount of background noise increases. And finally, band cutoff isdicigt factor, as quality
ratings decrease as more information is removed from the $ignalB0 BC to 16 BC, through

vocoding (FL and SM) and total removal (REM).

The significant interactions can also be interpreted in the dootdlke data in Figures 9
and 10. Consider, by way of example, the top three panels in Figwrech, show the average
guality ratings for the NH group for the male talker at 3 SNRhe significant signal processing
* SNR interaction indicates that the differences in qualityngst between signal processing
types decreases as the SNR decreases, which can be sedopntiinee panels of Figure 9. We
can also easily see the SNR * band cutoff interaction in those fam®e panels. As SNR
decreases, the effects of band cutoff are reduced. In the qadtian, there is a large effect of
band cutoff, with reduced effects of band cutoff as the amount of lmacidnoise increases to

12 dB SNR.
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Table 6. Statistical results for the omnibus RM ANOVA withhivmtsubject variables of talker-
sex, signal processing, SNR, and band cutoff (BC). The between goapl® is hearing status
(group). The dependent variable is quality rating. Significant effects ginéghited in gray.

Variable

Partial Observed

df F p n2 Power
talker sex 1,18 10.194 0.005* 0.362 0.855
signal process 2,36 32.559 <0.001* | 0.644 1.000
SNR 2,36 38.849 <0.001* | 0.683 1.000
BC 7,126 81.827 <0.001* | 0.820 1.000
group 1,18 .067 0.798 0.004 0.057
talker sex * group 1,18 1.501 0.236 0.077 0.213
signal process * group 2,36 1.055 0.359 0.055 0.220
SNR * group 2,36 130 0.732 0.007 0.064
BC * group 7,126 3.268 0.053 0.154 0.564
talker sex * SNR 2,36 2.945 0.083 0.141 0.458
talker sex * BC 7,126 4.283 0.007* 0.192 0.860
SNR * BC 14, 252 22.211 <0.001* | 0.552 1.000
talker sex * signal process 2,36 4.201 0.036* 0.189 0.609
SNR * signal process 4,72 10.653 <0.001* | 0.372 0.984
signal process * BC 14, 252 28.626 <0.001* | 0.614 1.000
talker sex * signal process * group 2,36 436 0.595 0.024 0.106
talker sex * SNR * group 2,36 .033 0.933 0.002 0.054
SNR * signal process * group 4,72 402 0.675 0.022 0.110
talker sex * SNR * signal process 4,72 1.134 0.347 0.059 0.339
talker sex * BC * group 7,126 .557 0.789 0.030 0.233
SNR * BC * group 14, 252 1.934 0.161 0.097 0.366
talker sex * SNR * BC 14, 252 1.505 0.177 0.077 0.590
signal process * BC * group 14, 252 .666 0.535 0.036 0.160
talker sex * signal process * BC 14, 252 1.853 0.113 0.093 0.597
SNR * signal process * BC 28, 504 5.106 <0.001* | 0.221 0.994
talker sex * SNR * signal process * BC 28, 504 1.357 0.222 0.070 0.597
SNR * signal process * BC * group 28, 504 1.203 0.309 0.063 0.474
talker sex * signal process * BC * group 14, 252 .759 0.578 0.040 0.257
talker sex * SNR * BC * group 14, 252 433 0.869 0.023 0.179
talker sex * SNR * signal process * group 4,72 1.708 0.173 0.087 0.434
talker sex * SNR * signal process * BC * | 28, 504 1.172 0.321 0.061 0.522
group
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Results based on Specific Aims 1 and 2

The overall omnibus RM ANOVA reveal several interesting findingrFirst, quality
ratings differ between the male talker and the female tailkéh the female talker rated
consistently more poorly than the male talker. In addition, thexrsiignificant effect for type of
signal processing. However, because three types of signalsgpimgeare included in the
omnibus analysis (FL, SM, and REM), it is difficult to direaigtermine the separate effects of
the FL and SM vocoding noise. Given that the goal of the studyaegamine the effects of
temporal fine structure removal, a second series of analysesoarpleted. In this second
analysis the male talker and the female talker datasetsonsidered separately. In addition, the
factor signal process is reduced to two levels in order to ékpkxamine the effects of the two

types of vocoding noise, and is referred to as noise type.

This second set of analyses allows for more direct examinatithe research questions
for Specific Aims 1 and 2. Specifically, these analyses an8we questions. First, does the
type of vocoding noise used to remove temporal fine structure gffiedity ratings? Second,
does the presence and amount of background noise affect the importateepofal fine
structure to quality ratings? Third, does frequency region (dkfimeband cutoff) affect the
importance of temporal fine structure to quality ratings? And finally, i the effect of hearing
status on the effects of temporal fine structure removal basedral process, SNR, and band

cutoff? The final question will be answered in a separate section related tiicFypec2.
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Results of Specific Aim 1

Specific Aim 1: Establish the relationship between temporal finetstauand sound quality

perception.

Table 7 displays the results for the statistical analysishfe dataset including the male
talker with two levels of noise type (FL and SM vocoding noise).ngwar to question 1, does
the type of vocoding noise affect quality ratings? The anssveres, with SM noise rated
significantly higher than FL noise for the male talker [F(1,28)9.4; p > 0.001, partial® =
0.518]. In answer to the second question: Does the presence and amoust ohfh@nce
quality ratings for speech which has been vocoded? The ansyes,ias the main effect of
SNR is significant [F(2, 36) = 36.3; p > 0.001, partjak 0.669]. Quality ratings for vocoded
speech decrease as SNR decreases. In answer to the third questiom ais dffect of frequency
region of quality ratings for vocoded speech? Again, the ansmges [F(7, 126) = 23.7; p >
0.001, partiam® = 0.569]. Quality ratings for vocoded speech decrease as the bafid cut
decreases (more of the speech signal is vocoded), such that vocodsd wsipledower band

cutoffs are rated more poorly.

Interestingly, the interaction between noise type and SNR isigoificant [F(2,36) =
1.9; p = 0.187, partiah’ = 0.093], indicating that the amount of background noise does not
differentially affect the two types of vocoding noise. Theréasvever, a significant interaction
between noise type and band cutoff [F(7,126) = 11.0; p > 0.001, pgrtiaD.379], such that
quality ratings for the FL vocoding noise show greater decreasband cutoff decreases when
compared to SM vocoding noise. The interaction between SNR and barfidi€gignificant

[F(14, 252) = 11.0; p > 0.001, partigl = 0.379], such that as SNR decreases, the importance of
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band cutoff to quality ratings also decreases. This finding itetidhat importance of temporal

fine structure to quality ratings decreases as the amount of background neasascr

Results for the female talker show similar, though not identi@aids. Table 8 displays
the results of the statistical analysis for the datasegubke female talker with two levels of
noise type (FL and SM vocoding noise). As with the male tallkereffects of noise type, SNR
and band cutoff are all significant factors in quality ratindser€ were also some similarities to
the male talker for specific interaction terms. There wagaificant interaction between noise
type and band cutoff , such that quality ratings for the FL vocoding sbisw greater decreases
as band cutoff decreases when compared to SM vocoding noise. SNR * bamhdvastaiso
significant, such that as SNR decreased, the importance of banftl touguality ratings also
decreased. This finding indicates that importance of temporakfineture to quality ratings

decreases as the amount of background noise increases.

In contrast to the finding for the male talker, the interactiowéen noise type and SNR
was significant for the female talker [F(2,36) = 6.2; p = 0.005,ajafti= 0.256], indicating that
the amount of background noise differentially affects the two tgpescoding noise, such that
the difference in quality ratings between the noise type isxestlas the amount of background
noise increases. A three-term interaction related to Spégificl was found to be significant,
noise type * SNR * band cutoff [F(14, 252) = 3.5; p = 0.005, paffia 0.162]. This finding
indicates that the effects of band cutoff on noise type are dapgemd&NR, such that there is a
greater effect of band cutoff on noise type for vocoded speech in qdi¢hia effect is reduced

as the amount of background noise increases.
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In summary, the differences between the male talker andléetalker are limited, but
significant. There is an overall difference in average quaiings for the two talkers, with the
female talker rated more poorly than the male talker. How#wemain within-subject factors
show the same trends. Given that similarity, there are sorfexedifes in the interactions
between the talkers, dealing specifically with noise type RSNh the female talker, decreases
in SNR have a significant differential effect on qualityngs for vocoding noise type, which is

not seen for the male talker.

Results of Specific Aim 2

The second specific aim seeks to understand the effects of hetatng on quality
ratings for speech with limited temporal fine structure. i&mto the analysis which included all
three signal processing types and both talkers, the between-stdysmt of group is not
significant for the male talker [F(1, 18) = 0.03; p = 0.885, panfiat 0.002] or for the female
talker [F(1, 18) = 0.001; p = 0.983, partigl < 0.001]. This lack of significance indicates the

groups provided similar overall quality ratings.

For the male talker, the only significant interaction involving graiphe three-term
interaction for SNR * band cutoff * group [F(14, 252) = 2.7; p > 0.048, paffia 0.129],
indicating that the effects of band cutoff on quality ratiflysSNR depend on group, such that
guality ratings from listeners in the group with hearing lr®sless affected by band cutoff for

each SNR for the male talker.

For the female talker, however, there is a significant tevor interaction, noise type *

group [F(1,18) = 6.1; p = 0.024, partigl = 0.254], revealing that the quality ratings for noise
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type were dependent on group, such that listeners with normal heegingoge sensitive to
noise type and showed larger differences in noise type ratyngsating the FL noise more
poorly. There is also a significant three-term interaction inmghgroup for noise type * band
cutoff * group [F(7, 126) = 3.9; p = 0.025, partiﬁlz 0.177]. This indicates that the effects of
band cutoff on quality ratings for noise type depend on group, such that qasihiys from

listeners in the group with hearing loss are less affected by band cutedicfonoise type.
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Table 7. Statistical results for the male talker RM ANOWAh within-subject variables of
noise type (FL vs. SM vocoding noise), SNR, and band cutoff (BC). The between grobfevaria
is hearing status (group). The dependent variable is qualitygra8ignificant effects are
highlighted in gray.

Variable Partial Observed
df F p n2 Power
noise type 1,18 194 <0.001* 0.518 0.986
SNR 2, 36 36.3 <0.001* 0.669 1.000
band cutoff 7,126 23.7 <0.001* 0.569 1.000
group 1,18 0.13 0.72 0.01 0.06
noise type * group 1,18 4.2 0.054 0.190 0.495
SNR * group 2,36 0.076 0.798 0.004 0.058
band cutoff * group 7,126 2.2 0.148 0.107 0.340
noise type * SNR 2,36 1.9 0.187 0.093 0.283
noise type * band cutoff 7,126 11.0 <0.001* 0.379 1.000
SNR * band cutoff 14, 252 11.0 <0.001* 0.379 1.000
noise type * band cutoff * group 7,126 1.6 0.185 0.083 0.445
SNR * band cutoff * group 14, 252 2.7 0.048* 0.129 0.667
noise type * SNR * group 2,36 0.366 0.602 0.020 0.093
noise type * SNR * band cutoff 14, 252 2.1 0.080 0.102 0.656
noise type * SNR * band cutoff * group 14, 252 1.4 0.251 0.070 0.455
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Table 8. Statistical results for the male talker RM ANOV#hwithin-subject variables of noise
type (FL vs. SM vocoding noise), SNR, and band cutoff (BC). The batgmup variable is
hearing status (group). The dependent variable is quality ratiSggnificant effects are
highlighted in gray.

Variable of c . Eza rtial gé’vsvzrrved
noise type 1,18 27.6 <0.001* 0.605 0.999
SNR 2,36 41.1 <0.001* 0.695 1.000
band cutoff 7,126 22.2 <0.001* 0.552 1.000
group 1,18 <0.001 0.983 <0.001 0.050
noise type * group 1,18 6.124 0.024* 0.254 0.649
SNR * group 2,36 0.1 0.760 0.006 0.061
band cutoff * group 7,126 2.1 0.147 0.104 0.366
noise type * SNR 2,36 6.2 0.005* 0.256 0.865
noise type * band cutoff 7,126 13.3 <0.001* 0.426 0.998
SNR * band cutoff 14, 256 7.8 <0.001* | 0-303 0.976
noise type * band cutoff * group 7,126 3.9 0.025* 0.177 0.699
SNR * band cutoff * group 14, 256 1.4 0.245 0.074 0.339
noise type * SNR * group 2,36 1.2 0.306 0.063 0.221
noise type * SNR * band cutoff 14, 256 35 <0.001* 0.162 0.910
noise type * SNR * band cutoff * group 14, 256 2.1 0.071 0.104 0.683
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Results for Specific Aim 3

Specific Aim 3: Establish the relationship between intelligibility and quality ratings.

Intelligibility scores for the NH group (Figure 14) and the Hboup (Figure 15) are
presented in 12 panels. Each panel contains the average scorestfiozealignal processing
types (FL, SM, and REM) and band cutoffs (vocoding or removal of tifeesi 16 bands in 8
consecutive 2-band steps). Each panel contains one SNR (quiet, 18 dBrIISRIB SNR) and
one talker (male or female). Overall, intelligibility deses as the amount of signal
manipulation increases. However, for both groups of listenersntékigibility for even the
most vocoded conditions remains above 90%. Intelligibility for the RiBRUitions is more
variable, with intelligibility dropping as low as 44% for the mibstited signal (16 BC) in the

greatest amount of background noise (12 dB SNR).

Specifically, the average intelligibility scores range frofi86 to 100% for the NH group
and from 44% to 100% for the HI group. When examined by type of signagsiag, the NH
group intelligibility scores for the FL vocoding noise range fi@r#bo to 100%, for SM vocoding
noise range from 97% to 100% and for REM range from 54% to 99%. @& girocessing
intelligibility scores for the HI group for the FL vocoding noisegafrom 90% to 99%, for SM
range from 90% to 100%, and for REM range from 44% to 98%. Inkeliigiscores for quiet
for all conditions range from 73% to 100 % for the NH group and from t60%00% for the Hl
group. Intelligibility scores for 18 dB SNR range from 73% to 10684he NH group and from
64% to 98% for the HI group. For the conditions in 12 dB SNR, intelliyilstores range

from 54% to 100% for the NH group and from 44% to 98% for the HI group. TMakféctor,
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band cutoff, has intelligibility scores from 54% (in the 16 band cwuwrfidition) to 100% (in the

intact 32 band condition) for the NH group and 44% to 100% for the HI group.

Given the potential influence of intelligibility on sound quality, goal of this study is
to use listening conditions in which speech intelligibility was higonsistent with this
intention, the great majority of the test conditions have intbllity greater or equal to 90% for
both groups. For the NH group, 71 /75 conditions for the male talker and €0nd@iions for
the female talker have intelligibility scores greateegual to 90%. Out of 150 total conditions,
140 yield intelligibility scores over 95%. For the HI group, 67/75er@inditions and 66/75
female conditions yields intelligibility scores above 90%. Oul%® conditions, 106 yielded
intelligibility scores over 95%. For both groups, all conditions witeliigibility scores below

90% are from REM conditions.

The purpose of specific aim 3 is to quantify the relationship betweality ratings and
intelligibility scores. Figure 16 shows four plots of qualitynigi as a function of intelligibility
scores, divided by listener group and talker. Each point in a panekesps the intersection of
quality rating and intelligibility score for a given grouptleir NH or HI) for a given talker
(either male or female). The quality rating is plotted aldhg horizontal axis, with the
intelligibility score along the vertical axis. For examplee top left panel plots the responses of
the NH group for the male talker. Quality ratings vary febto 9 for both vocoded noise types,
while intelligibility stays high (above 90%). In contrast, moreaatan is seen for both quality

ratings and intelligibility scores for the REM signal process.

For the NH group, for quality ratings above 4 there is littlentw variation in

intelligibility, with intelligibility above 90%. Similarly, irthe HI group, for quality scores above
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5 there is little to no variation in intelligibility scores. Thd#gures indicate that listeners were

able to make distinct quality judgments for stimuli that were similar elligibility.

The relationship between quality and intelligibility is examinethgigwelve bivariate
correlations (Table 9). Each comparison is based on one group (NHl andHbne talker (male
or female) for each signal process (FL, SM, or REM). In the bemdved conditions, there is a
high degree of positive correlation between intelligibilindasound quality for both groups and
both talkers with magnitudes ranging from 0.64 to 0.78 (p < 0.001), witheab®s in
intelligibility linked to decreases in sound quality ratingserage intelligibility scores for the
REM signal processing type range from 44% to 100%, while geagaality ratings range from

2.210 8.9.

Unexpectedly, however, even when the range of intelligibility sc@esmall, and
intelligibility is high, for three of the eight vocoded conditions éheés still a significant
relationship between intelligibility and quality ratings. The HI group shawignificant positive
correlation between intelligibility scores for both the malketaand the female talker for the FL
noise type, again with large magnitude of 0.64 to 0.68 (p = 0.001), suchsthdelfigibility
decreases, so too do sound quality ratings. The intelligibilityesdor the FL noise type for the
HI group conditions ranges from 90% to 99%, while the qualitygatranges from 4.8 to 8.7.
The NH group shows a significant positive relationship betweenigibdity scores and quality
ratings for the female talker for the SM noise type, although the magmnstsdealler at 0.44 (p =
0.031). An even smaller range of intelligibility is evidenced tfus condition, with scores
ranging for 97% to 100%, while quality ratings range from 5.4 to §&nawith decreases in

intelligibility related to decreases in sound quality ratings.
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The results indicate that there is a clear relationship leetw&elligibility scores and
quality ratings for all conditions with poor intelligibility, agell as in some situations where

intelligibility is high. As intelligibility increases, soo® does quality perception.
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Figure 14. The average intelligibility scores for listenergshe NH group are shown here. Each panel contains the threé signa
processing types for one talker (male or female) and one SN&,(§8i or 12 dB SNR). The FL vocoding noise is represented by
open triangles, the SM vocoding noise by closed circles, and the REM conditicleséy squares. The top row shows the results for
the male talker, the bottom row for the female talker. Speeghiet is displayed in the left panels, 18 dB SNR in the mioatels,

and 12 dB SNR in the right panels. The error bars represent the standard error.
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Figure 15. The average intelligibility scores for listenergdhe HI group are shown here.

Each panel contains the three signal

processing types for one talker (male or female) and one SN&,(46i or 12 dB SNR). The FL vocoding noise is represented by
open triangles, the SM vocoding noise by closed circles, and the REM conditicleséy squares. The top row shows the results for
the male talker, the bottom row for the female talker. Speeghiet is displayed in the left panels, 18 dB SNR in the migatels,

and 12 dB SNR in the right panels. The error bars represent the standard error.
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Figure 16. Average results of intelligibility scores plottecadanction of quality ratings for the

male talker (top row) and the female talker (bottom row).

Scfr@am the NH group are

presented in the left panels, the HI group in the right panelscoRditions are represented by
filled triangles, SM by open circles, and REM by filled squares.
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Table 9. Bivariate correlations between intelligibility scoeesl quality ratings. Significant
correlations are highlighted in gray. The specific p-value is indicatedwitbiparentheses.

NH male NH female HI male HI female

FL noise 0.161 (0.452) 0.23 (0.279) 0.64 (0.001*) 0.676 (<0.001*)
SM noise | 0.442 (0.031*) | 0.005 (0.98) 0.335 (0.109) 0.042 (0.845)
REM 0.722 (<0.001*) | 0.684 (<0.001*) | 0.764 (<0.001*) | 0.732 (<0.001%*)
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Chapter 5: Discussion

The main goal of this study is to examine the relationship between temperatrficture
and sound quality perception for listeners with normal hearing aeddis with hearing loss. In
this chapter, the empirical results are interpreted in the dooftéixis goal. As shown in Figures
9 and 10, processing the speech using vocoding techniques, as well ad ofrspeeific bands,
has a measurable effect on sound quality perception. Accordihglyfirét aim of this study
establishes the nature of the relationship between these prgeaksing techniques and sound
quality perception for speech with different amounts of background andelifferent amounts

of vocoding.

Outcomes related to specific aim 1

Specific Aim 1: Establish the relationship between temporal finetsteuand sound quality

perception.

Similar to the methodology of Hopkins et al. (2008), speech is prestnlisteners for a
range of band cutoff frequencies that determine the amount of highefrey temporal fine
structure removal or band removal. In addition to measures of gitigity, listeners were
asked to rate the sound quality of the stimuli using an 11-poimé¢.sc@hree factors are
manipulated in the processing of the speech: 1. type of signal procespmgf(tyocoding noise,
as well as total signal removal), 2. amount of background noise, and 3. Wiaffd &ach of

these factors will be discussed in terms of their effect on sound quality perception.
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Type of Signal Processing

The first manipulated factor is the type of signal processied os the speech sample,
either a vocoding procedure or removal of portions of the signabrder to study the effects of
temporal fine structure removal, this study employs two typasacoding noise, a fluctuating
(FL) noise which has an intact noise envelope, and a smooth (SM)wloiste has the noise
envelope removed through an additional processing step. As a controiargralithird signal
processing type (no signal: REM) is included to measure thetfié signal removal of specific
high-frequency bands on sound quality perception. These three sigeakging types are
intended to provide data representing the effects of temporal tiinetuise removal and the

effects of overall signal bandwidth on quality perception.

In this study, it was found that vocoding the signal had a negatnpact on sound
quality ratings from both listeners with normal hearing andrieste with hearing loss. That is,
removal of temporal fine structure results in decreased qualttggs, indicating that the
removal of temporal fine structure is detrimental to sound quaditgeption. In addition, the
type of vocoding noise influences the nature of this impact. c8pe#h an intact noise
envelope (FL) is rated significantly lower than speech without aenenvelope (SM). This
finding supports the idea that listeners are sensitive to thenpeesd the noise envelope in
combination with the speech envelope. An intact noise envelope hassheem to be
detrimental to speech intelligibility (e.g. Whitmal et al., 2003)d the results from this study
indicate that it is also detrimental to sound quality. The imtaise envelope leads to extraneous

modulations in the speech envelope which are negatively impact perception.
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Historically, the literature supports the assumption that the vocqimgess removes
temporal fine structure. There are also associated envelope dEgradasulting from the
vocoding process (Kates, submitted). That is, the speech envelafbected in two ways. First,
the speech envelope is degraded when the signal is divided into liraise the envelope is
forced to have the same amplitude within the band. Second, the noigs bas ienvelope,
which is imposed on the speech envelope during the vocoding processselrbkthe FL noise
leads to greater envelope degradations (resulting from influertbe abise envelope) compared
to the SM vocoding noise. Based on the significant, but limited, eftéctocoding on quality
ratings, the findings from this study suggest that tempanal $tructure removal has no more
than a small impact on sound quality perception for both listenels neitmal hearing and
listeners with hearing loss. Additionally, increased degradationetspeech envelope from the

FL vocoding noise envelope increases the amount of quality degradation.

The results from this study also show that removal of the Isigrihe high-frequencies
has a significant detrimental impact on sound quality perceptiobofibr listeners with normal
hearing and listeners with hearing loss. Quality ratingsli$deners with normal hearing and
listeners with hearing loss are negatively affected when theekspe low-pass filtered, as in the
REM condition. Listeners gave the lowest quality ratings to spieettfis condition, compared

to vocoding of the signal.

Consideration of a listener’s sensitivity to an intact noise epeeiay be an important
factor when determining the most appropriate type of vocoding noise ia aseexperimental
design. Signal bandwidth also bears examination when determiniqpgpeopaate experimental

design.
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Amount of background noise

The second factor manipulated in the processing of the speechamthmt of babble
noise added to the signal. There are three levels of noisenjgede the listeners: speech in
quiet, and speech at 18 dB SNR and speech at 12 dB SNR. Bageltodata, it was
discovered that the intelligibility of the speech signal wiféescted when more noise was added
to the signal (poorer SNRs). A great deal of speech qualiares shows that the addition of
noise is detrimental to sound quality perception (e.g., Arehatft,&007; Anderson et al., 2009,
Arehart et al., 2010). Additionally, studies of intelligibility usimgcoded speech show that as
background noise increases, the importance of temporal fine strtwtspeech understanding
also increases (e.g., Qin & Oxenham, 2003; Lorenzi et al., 20QBe®a2006; Hopkins et al.,

2008; Hopkins & Moore, 2009).

The results of the study indicate that adding background babble tospiech
significantly decreases quality ratings. Unexpectedly, howekie addition of background to
the signal reduces the importance of vocoding to the quality ratigst is, as background
babble was added, the effects of decreasing the band cutoff (soeasatamount of the signal
was vocoded) are reduced. Listeners are not as sensitivegasedramounts of vocoding when
there is background babble added to the signal. These findingowameer to the predicted
findings, which are based on the speech intelligibility literatWhen listening to speech in the
presence of competition, temporal fine structure plays a moreriam role in speech
intelligibility (e.g., Qin & Oxenham, 2003; Lorenzi et al., 20065t 2006; Hopkins et al.,
2008; Hopkins & Moore, 2009). It was expected that as the amount of bankignoise

increased, the importance of temporal fine structure to qualibepton would also increase.
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However, the addition of noise appears to dominate sound quality perceptien. jukt a small
amount of background noise, where intelligibility remains above 90&tices the impact of

temporal fine structure removal on sound quality ratings.

Several possible reasons exist for this finding. For exampleg tlesults may be due to
the increased effects of temporal envelope modification by theglmamd noise. The addition
of background noise, even low-level background noise, may mask the uile affects of
vocoding. In quiet, a listener may be better able to perceiveethection in temporal fine
structure, and its associated temporal envelope effects, from tbdingpprocess. The addition
of a competitor, background babble in this study, has proportionallyegrefiects on the
temporal envelope of the signal, as well as affecting temhgfore structure in the lower
frequency regions not impacted by the vocoding process. Theoadofitihe background babble
has the effect of smoothing the overall temporal envelope by intrugliecreased energy into
low-level valleys in the target speech, thereby reducing the oyerak-to-valley ratio of the
envelope. The background babble may also act as a partial mathertehporal fine structure
of target speech in frequency regions where the temporal tiinetige is intact. These larger
effects from the addition of background babble may overwhelm the comparasmaller
effects of vocoding process, making vocoding a much more insigniffeatdr in quality

perception.

Frequency region

The third factor manipulated is the band cutoff. As the band cwgafiecreased the
amount of vocoding in the signal increased (more of the signal was #)codiemporal fine

structure is removed from the signal beginning in the high-frezjee because of its limited
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utility in speech understanding (e.g., Hopkins et al.,, 2008). The godhi®fspecific

manipulation is to understand how decreasing the presence of terfpersiructure, without
harming intelligibility, affects sound quality perception. By movingtwo-band steps, it was
possible to examine the effects of temporal fine structureovaimin small steps, while

maintaining a reasonable number of test conditions.

Overall, increasing the number of bands that are vocoded dectpeadity ratings. Of
note, however, is the fact that there was not a significant changgality perception until the
signal was altered above 4594 Hz (26 BC). This indicates théstiieers are not sensitive to
high-frequency vocoding of the speech signal. The maximum chagelity ratings seen from
the intact condition (32 BC) to a cutoff of 4594 Hz (26 BC) wagsHerfemale talker in quiet for
the HI group, where quality ratings decreased from 8.62 to 8.43, aléataased of only 0.19

points.

This finding is consistent with the physiological literature rdopgy the utility of
temporal fine structure in high-frequency regions. Based on pbggobata it has been
suggested that listeners may not be as sensitive to temparatfucture above about 5000 Hz
(e.g. Joris & Yin, 1992). This decreased sensitivity appears thebease in this study, as
quality ratings did not improve when temporal fine structure agaed to the signal above 5000
Hz. If a listener is not as sensitive to temporal fine girecit may be expected that removal of
said fine structure would not impact the perception of speech qualitye present results
indicate that our HI group is sensitive to temporal fine strectyr to 4594 Hz with regards to
quality perception, in contrast with their limited abilities tdizeg that region of temporal fine

structure above 1500 Hz for speech intelligibility (e.g. Hopkins et al., 2008).
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The third type of signal processing, signal removal of spehifjh-frequencies is also
significantly affected by band cutoff. Overall, as with vocodingreasing the amount of the
signal removed decreases quality ratings. This effect is pror@unced for the band removal
conditions, where quality ratings decrease by much greater anfourttee same band cutoff
level. For example, in the quiet REM condition, quality ratingsedsad from a high of 8.8 for
the intact signal to 2.9 for the most limited condition. Sintibathe vocoding conditions, there
is no change in quality ratings for total signal removal above 4594THe. largest decrease in

guality ratings from the full intact signal to the 26 BC condition was lessQlapoints.

Table 10 shows the point at which removal of temporal fine strudbemes
significantly detrimental to speech quality perception for sp@ecjuiet for the normal-hearing
listeners. As the table shows, removal of high-frequency temfioeastructure above 5000 Hz
does not affect speech quality ratings. In addition, speech fromalestalker is more resistant
to quality degradation compared to the female talker. As expé&cedthe results discussed
above, the SM vocoding noise for both talkers is also more resistapiality degradation.
These findings are consistent with the speech intelligibiteéyature, showing that when lower-
frequency temporal fine structure is available there i litgnefit to the addition of higher-
frequency temporal fine structure (e.g., Hopkins et al., 2008; Hopkinso&ré/ 2010). The
results presented here are also consistent with the litenagiated to the physiology of the
auditory system, which indicates that listeners are not astigen® even the presence of
temporal fine structure above 5000 Hz (Heinz & Swaminathan, 2008, 2009; NoBek,

2009b), and that temporal fine structure is itself a weakly coded signal (8atham, 2010).
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Table 10. Critical frequency for significantly decreased sounditgyzerception for the NH
group for speech in quiet.

Male Talker Female Talker
SM vocoding noise 2590 Hz 4102 Hz
FL vocoding noise 3265 Hz 5140 Hz
REM 6427 Hz 8022 Hz
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However, it is interesting to note that quality ratings do notedee until such a point where
there would be expected good access to temporal fine structurese pbmts of degradation

may be related to the acoustics of the specific talkers chosen for this stud

The differences between the male talker and the female talkdre examined in light of
their respective acoustic differences. The male talker hesnsistently lower fundamental
frequency, along with consistently lower formant frequencies sgere 5). The removal of
temporal fine structure affects the upper formant regions forfaheale talker at a higher
frequency compared to affected formant regions for the male.t@lkasequently, sound quality
degradation begins at a higher frequency for the female talkegraBation in sound quality
ratings for removal of temporal fine structure begins at 5140 Hhéofemale talker and at 3265
for the male taker (see Table 10). For both talkers, thes¢harérequency regions which
correspond to the third formant for some speech sounds. These resuttsnaistent with
literature that shows these formants are important for speechstaraéng (Leek et al., 1987)
and speech quality (e.g., Simpson et al., 1990; Baer et al., 1993). Apothefor speculation
concerns resolved harmonics. FO for the female talker is aboutare dugher than FO for the
male talker. Thus the ability of the auditory system to resdigehtarmonics will extend higher

in frequency for the female talker given the greater separation betwerarthenics.

The results of the limited effect of band-cutoff in the high fregies fit within the
mixed context of the literature. In this study, increasing ltdvwe-pass-filter cutoff limited
amounts improved quality ratings for both listeners with normal igaaind listeners with
hearing loss. Historically, studies show that for listemetls normal hearing, there tends to be

a consistent improvement in quality as the bandwidth of a signabsesde.g., Arehart et al., in
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press; Arehart et al., 2010; Ricketts et al., 2008; Moore & Tan, 2008je&zson et al., 1990).
Arehart et al. (2010) reported that increasing the low-pdss ¢itoff frequency from 2 kHz to 7
kHz improved speech quality for listeners with normal hearing, whiRacketts et al. (2008)
found that increasing the low-pass filter cutoff from 5.5 kHz to 2 kidproved speech and
music quality for listeners with normal hearing. In confragtality ratings for increased
bandwidth did not improve for listeners with hearing loss in Arehaal.ef2010), while only
some listeners with hearing loss judged sound quality to better imdreased bandwidth in
Ricketts et al. (2008). In this study, both groups of listenersethawproved quality ratings for
extending the bandwidth up to 5 kHz, with no further improvement in quatitygs beyond this

point.

Several possible explanations exist for these findings. As destwadmve, one possible
factor may be the limited utility of temporal fine structatove 5000 Hz. Listeners, even those
with normal hearing, are not as sensitive to temporal fine steucbove 5000 Hz due to
limitations in phase locking (Joris & Yin, 1992). Additionally, eat research modeling of
auditory nerve responses to noisy speech has shown that therteid fiepresentation of TFS in
the neural coding of a noisy speech sample (Swaminathan, 2010).n @i limited
representation, removal of TFS information would be expected to hawedigffects on sound
quality perception. However, further experiments which exarttieerole of TFS in quiet are
needed to more clearly define possible physiologic sources for the reswitsih this study.

A second explanation may lie in the high-frequency audibility ofsigeal. Although
these findings suggest that audibility may be at least pasiyonsible for these findings, the
results of the excitation pattern analysis would seem toaudeaudibility as a factor in the

limited improvement in quality ratings beyond 5000 Hz. For liseemethe NH group and five
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of the 10 in the HI group, the speech information above 5500 Hz is auddht of the ten
listeners in the HI group have audibility through 7100 Hz. Givenhttiexe are no significant
between group differences, it seems unlikely that high-frequaundipility is responsible for this
lack of change in quality ratings. As a follow-up measure tobditgj the omnibus statistical
analysis was re-run with just the group of 15 listeners who had etamgldibility of the full

10,000 Hz signal, and no difference in statistical significance for theeffaicts was found.

A third reason may be the acoustics of the specific speech esarsgdl. Both the male
talker and the female talker had speech energy up to 10,000 HZFigsee 4 and Figure 5).
However, the speech information above 5000 Hz was limited. It maydiegiven this
particular speech sample, the decrease or removal in speechaitibormbove 5000 Hz simply
is not enough to alter quality perception. The use of a diffepmdch sample, one with more
high frequency (> 5000 Hz) content, may reveal differences intguatings for the listeners.
Additionally, although the quality ratings are not significantlyedent between male and female
talkers, there is a difference in the band-cutoff where quaditgeption is degraded, as discussed
above. It is possible that this difference is due to the differenfiemant locations for the two
talkers. Although the linguistic content of the talkers wasé#mee, there is a difference in upper
formant locations between the talkers, with the female talkendpaipper formants in higher-
frequency regions. Removal of important formant regions would happleigter frequency

regions for the female talker, possibly leading to the faster decline ityqouaiception.

Outcomes related to specific aim 2
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Specific Aim 2: Is there an effect of hearing status on thetefééctemporal fine structure
removal on quality perception. Does the effect of hearing status loiE$exd on type of vocoding

noise, amount of background noise, or frequency region?

The results show that no overall significant differences initguakerception exist
between the two groups. That is, listeners with normal heanddisteners with hearing loss

gave similar quality ratings to the conditions presented.

These findings are unexpected given the difference in the abiliedween
listeners with normal hearing and listeners with hearing ms#ilize temporal fine structure in
speech intelligibility. As previous research has shown (e.g., Qdx&ham, 2003; Lorenzi et
al., 2006; Begkent 2006; Hopkins et al., 2008; Hopkins & Moore, 2009; Hopkins & Moore,
2010), listeners with normal hearing are able to make good use jpbr@niine structure even
when in the presence of background noise. In fact, temporal finéus&rimportance increases
when in the presence of background noise for listeners with ndmeaing. In contrast,
intelligibility does not improve as much for listeners with hegrloss when temporal fine
structure is added to a speech signal. Quality ratings ohdistewith normal hearing were
predicted to be more adversely affected by temporal finetsteucemoval when compared to
listeners with hearing loss. Surprisingly, no significant main eifegtiality ratings between the
groups was found. However, some specific significant interactrarstée.g. noise type * group
for the female talker) show that the groups may have a differenaguality perception

thresholds for different aspects of the vocoding procedure.

There is a difference in the abilities of listeners withrmadrhearing and listeners with

hearing loss to detect changes to temporal fine structure th&nig=S1 test. Hopkins and Moore
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(2010) showed a significant relationship between scores on the TRSAntkshe ability to
benefit from temporal fine structure in speech understanding. Ttex & score on the TFS1
test, the greater the intelligibility benefit from the additedriemporal fine structure to a speech
signal. Figure 17 presents a scatter plot of TFS1 scores dhtalizaxis) and the amount of
change in quality ratings between the least vocoded conditiorhanaidst vocoded condition
(vertical axis) for the FL noise (top panel) and the SM vocoding rfbaém panel). Bivariate
correlations were not significant for the NH group (FL vocodingeais 0.388, p = 0.268; SM
vocoding noise: r = 0.466, p = 0.197) or the HI group (FL vocoding noise: r = 0.260.532;
SM vocoding noise: r = 0.519, p = 0.187), and reveal that there is nati@nship between
scores of the TFS1 test and change in quality perception fromoaledspeech sample to an

intact speech sample.

One possible explanation for the surprising lack of an overall gdiftgrence is that
modifications to the temporal envelope may be a determiningrfattthe listeners’ quality
ratings. Research has shown that modification to the temporabpevisl a strong predictor of
quality ratings for both listeners with normal hearing and withihgdoss. It may be possible
that while temporal fine structure removal plays a smallirolguality perception, the effects of
temporal fine structure removal are overshadowed by the eft#cteemporal envelope

modification on quality perception. These effects will be explored in upcomingreect
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Figure 17. Relationship between TFS1 scores for an FO of 20(hétzontal axis) and the
amount of change in quality ratings between the least vocamtatition and the most vocoded
condition for the male talker (vertical axis) for the FL nqisg panel) and the SM vocoding
noise (bottom panel). Bivariate correlations were not significant fddkthgroup (FL vocoding
noise: r = 0.388, p = 0.268; SM vocoding noise: r = 0.466, p = 0.197) or the HI group (F
vocoding noise: r = 0.261, p = 0.532; SM vocoding noise: r = 0.519, p = 0.187)
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Outcomes related to specific aim 3

Specific Aim 3: Establish the relationship between intelligibility and quality ratings.

The results related to specific aim 3 indicate that, as esgbeatsignificant link exists
between intelligibility and quality ratings when intelligibjlis allowed to vary. For example, in
the REM conditions, as intelligibility increased from 44% to 100%,ctireesponding average
quality rating ranged increased from 2.2 to 8.9. This resutbmsistent with the results of
Preminger and van Tassel (1995a) who found that predicted inteltigivdis highly correlated
with quality ratings. Using a subjective measure of intiélligy, Preminger and van Tassel
reported corresponding increases in quality perception for insreag#elligibility. By directly
measuring both intelligibility and quality for the same conditiadhis study is able to provide
objective data regarding the relationship between intelligibditygl quality which supports
previous qualitative findings. Results such as these indicatdidteaters are likely to use
speech intelligibility as a major factor in speech qualitngst Specifically, when intelligibility

is poor, quality ratings will also be poor.

Interestingly, findings from this study indicate that in saiteations where intelligibility
remains high there is still a correlation with quality rating3ne possible explanation for this
correlation may be a difference in the threshold of temporal steuchanipulation between
speech intelligibility and sound quality perception. Listenersahble to withstand more temporal
structure manipulation before speech intelligibility is affectedlhe threshold for sound quality
perception may be lower, leading to larger reductions in sound qualignfall reductions in
speech intelligibility. For example, the addition of background babatean impact on the

temporal structure of speech. In this study, the addition of backgbalride at 12 dB SNR has
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a very limited effect on speech intelligibility scores. ligility scores for the intact condition
decrease from an average of 99% in quiet to an average of 97% inSIMRIB However, it has
a larger effect on quality ratings. Average quality ratifogghe same condition decreased from

a high of 8.7 down to 5.5.

Use of Quality Models

To date, no published studies have explicitly considered the role gfotamfine
structure on sound quality perception. However, several studies hawcilydoonsidered the
role of the temporal envelope on quality perception. Studies of modeding shown that
guantification of the change in the temporal envelope from a clgaalgio a modified signal
can be used to accurately predict the quality ratings givdisteyers with normal hearing and
listeners with hearing loss. While these models provide acceséiteations of sound quality
perception, they do not account for the entire picture, as they do not adoowlt of the

variation in quality perception.

One such model of sound quality is HASQI (Kates & Arehart, 2010), hvhiees
differences in the time-frequency modulations between an unprocasdeal processed speech
sample. HASQI had been successfully used to model speech sound quadgyg (Kates &
Arehart 2010). HASQI has also been used as a tool to calculaaenthent of modification to
the temporal envelope of a signal that has undergone temporastfungure modification
through various vocoding processes (Kates, submitted). Given the gignatsing confounds
that exist with the vocoding procedure for temporal fine structemsoval (see Chapter 2:
Vocoding), this method provides an objective measure of the amount of térepuedope

modification. Table 10 provides HASQI values for all vocoded conditionthe male talker for
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the NH group. Bivariate correlations are calculated between yualiings for vocoded
conditions and the corresponding HASQI values and are included in TabkdLte 18 shows
scatter plots of the HASQI values as a function of qualtipga for the FL (top panel) and SM

vocoding noise for the male talker (bottom panel).

The correlations between HASQI and the quality ratings inglidaat envelope
modifications are predictive of sound quality ratings for the vocaigrthls. The results from
this study provide evidence to support using envelope-based modelingsmétwas suggested
above that adding in background noise has a large effect onntledoge of a signal by
decreasing the overall peak-to-valley ratio, with the noifiediin the low intensity valleys of
the target speech. HASQI provides an objective measure ofnmbané of this envelope
modification. A comparison of the FL-noise 16 BC vocoded speech sammuiet has a
HASQI rating of 0.808, while the same condition at 12 dB SNR Hd8%QI rating of 0.201.
Compare this to the HASQI rating for FL-noise 30 BC in quiet of O&8Wwbat 12 dB SNR of
0.221. The vocoding process (moving from a 30 BC to a 16 BC), withempdral fine
structure removal and slight temporal envelope modifications, apomsible for only a small
drop in HASQI values (<0.1). This is consistent with the small ahamguality ratings from
the 30 BC to the 16 BC conditions in quieR(Z points) and especially in nois€l(8 points).
However, the large drop in HASQI due to the addition of background reds@) (s associated
with a larger change in temporal envelope structure and latgerge in quality ratings (>3

points).

Even with the slight change in HASQI values due to the vocoding gsptieere is still a

measureable effect on quality ratings. Based on the findings of this stoaly,lie concluded
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Figure 18. HASQI values (horizontal axis) and quality ratijvgstical axis). Small changes in
HASQI within an SNR are correlated with a small, but measerablange in quality ratings for
increases in the amount of vocoding for both FL and SM vocoding noises.
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that full temporal fine structure removal from above 1500 Hz hasadl,Sbut measureable,
impact on quality ratings for both listeners with normal heaaing listeners with hearing loss.
In addition, the data show that even mild to moderate alteratiadhe temporal envelope have a
significant impact on quality perception Interestingly, as fication to the temporal envelope
increases (through the addition of background noise), the importanempdral fine structure
to quality ratings decreases for both listeners with normaliigg and listeners with hearing

loss.

In order to explore this confound between the effect of temporalstineture and
temporal envelope on quality ratings, a metric more directpjoeixg temporal fine structure
changes was also examined for correlations to quality ratimgadditional intelligibility metric,
the I3 metric (Kates & Arehart, 2005) is based on the coherenomdhped cross-correlation)
between the output and reference signals. Using the Speech ilmtélligndex (SII) 21-band
analysis, the coherence is computed for the low-, mid-, and highdgyells. The SlI for each
of the three signal levels is computed based on the coherence Vdladbree levels are then
combined to predict the intelligibility. The largest weight,lfoth NH and HI listeners, is for the
mid-level Sll. For example, if 13 is high (near 1.0), then the ssomsrelation between the
reference and processed signals must be high at all signal levels., Do ithe signal envelope
and temporal fine structure have to match up. I3 is reduced by chamgie envelope
modulation, but temporal fine structure changes have a much strofger Efgure 19 shows
the scatter plots for 13 values plotted as a function of qualitpgst arranged in the same
manner as Figure 18. Table 11 provides I3 values for all vocoded conéttiadhe male talker

for stimuli for the NH group. As with HASQI, bivariate corrébeits were calculated between the
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I3 score and quality ratings. A significant relationship exogtween 13 and the quality ratings,

supporting the conclusion that changes to the temporal fine structure affect iqizds.

As can be seen the significantly high correlations betweentyjuatings and the HASQI
and 13 metrics, envelope and temporal fine structure changdsgaitg correlated with quality
ratings when processed using the vocoding processing technique. ofdeitedan be said that
while both temporal fine structure and temporal envelope play arrajaality perception, the
role played by temporal fine structure is measurably smalleiso, as temporal envelope
degradations increase, the influence of temporal fine structure oryquaings decreases.
Given the signal processing confounds that exist with the vocoding prdaicesnot possible to
fully separate from the effects of temporal fine structuoenftemporal envelope modifications.
However, the use of HASQI and I3, as described above, indicate thaadpmtts of temporal

structure do play a measurable role in quality perception.

Several conclusions regarding quality perception emerge frorsttldg. First, listeners
are sensitive to removal of temporal fine structure between 150000@Hz. Second, the
addition of background noise reduces the relevance of temporal fineistreemoval across all
band cutoff frequencies. The HASQI correlations, as welh@d3 correlations, indicate that

both envelope and temporal fine structure changes are related to chamggyrratings.
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Figure 19. I3 values (horizontal axis) and quality ratings (vertica).axthanges in 13 within an
SNR are correlated with a small, but measurable, change in qualitysridimigcreases in the
amount of vocoding for both FL and SM vocoding noises.
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Table 11. HASQI and 13 values were correlated with the quality ratings of the NH group for each condition. All correlations
were significant at the 0.05 level except for SM vocoding noise at 12 dB SNR.

HASQI : FL | HASQI/ QR corr: FL| HASQI: SM QR coraM 13: FL I3/ QR corr: FL 13: SM QR corr: SM

overall 0.868 (< 0.001) 0.854 (<0.00[1) 0.60.002) 0.541 (0.006)

quiet 0.986 (<0.001) 0.929 (0.001) 0.852@0)0 0.891 (0.003)
30 BC 0.876 0.878 1 1
28 BC 0.867 0.876 0.999 1
26 BC 0.865 0.872 0.999 0.999
24 BC 0.861 0.872 0.998 0.999
22 BC 0.848 0.87 0.995 0.998
20 BC 0.836 0.861 0.988 0.994
18 BC 0.823 0.858 0.968 0.989
16 BC 0.804 0.851 0.901 0.967

18 dB SNR 0.963 (<0.001) 0.839 (0.009) 0.847.001) 0.73 (0.04)

30 BC 0.377 0.376 0.996 0.996
28 BC 0.373 0.374 0.994 0.994
26 BC 0.369 0.375 0.991 0.991
24 BC 0.367 0.373 0.985 0.985
22 BC 0.366 0.374 0.955 0.955
20 BC 0.362 0.372 0.913 0.919
18 BC 0.355 0.368 0.856 0.837
16 BC 0.345 0.368 0.705 0.693

12 dB SNR 0.833 (0.01) 0.429 (0.288) 0.957.(¢81) 0.889 (0.003)
30 BC 0.221 0.222 0.975 0.975
28 BC 0.22 0.22 0.968 0.969
26 BC 0.219 0.222 0.955 0.954
24 BC 0.217 0.222 0.926 0.928
22 BC 0.212 0.221 0.819 0.82
20 BC 0.211 0.22 0.73 0.73
18 BC 0.213 0.22 0.605 0.572
16 BC 0.21 0.221 0.457 0.45




Conclusions

The goal of the study is to establish the role of temporaldiineture in sound quality
perception. Considered in the context of the specific aims, we ts@ablished the role of
temporal fine structure in quality ratings, quantified the diffiee between listeners with normal
hearing and listeners with hearing loss, and objectively mehdhee relationship between

speech intelligibility and quality perception.

Specific aim 1 seeks to establish the relationship betwespotral fine structure and
quality perception. The outcomes resulting from specific ashdw that removal of temporal
fine structure information above 1500 Hz has a small, but measueffielet, on quality ratings.
This finding is true for speech in quiet and speech in the presdrec babble background at an
18 and 12 dB SNR. Using an 11-point quality rating scale, for speechaty tpmporal fine
structure removal resulted in changes that range from 9.5 to 7.3, a 2 Xpap in quality
ratings. For speech in the presence of background noise, terfipersiructure removal has a
smaller effect, with the biggest change dropping from 6.9 to 5.7, a 1.24optin quality
ratings. The overall results indicate that the addition of thei-talker babble has a greater
influence on quality ratings when compared to the influence of temfoogastructure removal.
However, it is important to acknowledge that when the temporaktmeture is removed from
the signal, there is a coexisting degradation in the temporadlope. Given this confound, it is
difficult to isolate the effects of temporal fine structueenoval only on quality ratings. HASQI
provides an objective measure of envelope degradation. FL vocoding stms's more
envelope degradation than SM vocoding noise, as would be expected. Howeven &wen

presence of 12 dB SNR, when HASQI changes from least vocoded teonoded are less than
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0.1, there is still a small drop in quality ratings for inciegisvocoding of about 1 point.
Therefore, while it can be said that temporal fine structureval is responsible for no more

than a small drop in quality ratings, it remains that it is a factor in thisg decreases.

Specific aim 2 seeks to quantify the effect of hearing statugh@mole temporal fine
structure plays in quality perception. The outcomes resulting $fmeuific aim 2 indicate that
there is no overall significant difference in quality ratingsMeen the NH group and the Hi
group for temporal fine structure removal, although there are sorfexedides in quality
perception between groups as evidenced by significant interaetios (e.g. noise type * group
for the female talker). One possible explanation for the lackah effect of group is that
modifications to the temporal envelope may more heavily influgoedity ratings, limiting the

ability to detect between group differences based on temporal fine struchareaie

Specific aim 3 seeks to objectively quantify the relationship etwiatelligibility
performance and quality ratings for the same processing. The @a#gesulting from specific
aim 3 indicate that there is an objective, measurable relatphbshiveen quality perception and
intelligibility for listeners with normal hearing and listesawith hearing loss. This supports
previous research documenting the relationship between subjectiMegibitey and quality
perception (Preminger & van Tasell, 1995a). This relationshigremgest when objective
intelligibility is poor, but remains even for slight decreasesintelligibility performance.
Quality ratings are associated with intelligibility perf@nce, indicating that listeners may
utilize similar mechanisms in decoding speech for intelligibilterformance and quality

perception. However, the tolerance threshold appears to be lowemioortd fine structure
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removal for quality perception, as there is a greater reductiqoality ratings when compared

to the reduction in intelligibility performance for the same processing.

Future Directions

The findings of this study have implications for both objective nwoasl quality
perception and the future design of signal processing for hearingTdiese results show that
quality ratings from both listeners with normal hearing and witdrihg loss are not sensitive to
removal of temporal fine structure at frequencies above 5000 Hayafdahe background noise
and vocoding noise conditions. However, quality ratings are mondisatly affected when
temporal fine structure is removed between 1500 and 5000 Hz. Thénexpit design of this
study limits the extent to which we are able to define §ipenutoff frequencies above which
quality perception is not harmed. Trends exist, however, indic#tagthe specific type of
vocoding noise and specific amount of background noise affect the amioterhporal fine
structure removal that is acceptable. Future work should seekdteiiodse effects and explore
the possibility of defining cutoff frequencies above which tempora ftructure can be
removed using various techniques in different environments for listendrsnormal hearing

and listeners with hearing loss.

Currently HASQI (Kates & Arehart, 2010) considers only the envelopgopoof the
speech temporal structure. The addition of a temporal fine steu¢actor to the modeling
equation may increase its overall accuracy in predicting guzeiiception. The implementation
of temporal fine structure variable in the modeling equation mgy teeidentify the threshold
for temporal fine structure removal. This threshold may ditfedisteners with normal hearing

and listeners with hearing loss. Although our work does not show a effaict of group
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differences, some specific significant interaction termg. (eoise type * group for the female
talker) show that the groups may have a difference in qualitgpegoa thresholds for different

aspects of the vocoding procedure.

Future work may also take the form of addressing the effectsgddral fine structure
“holes” on quality perception. While this project focused on the-frigduency region only, it
may be that there are differences for quality perceptidreihigh-frequency region is left intact,
at least partially, and greater amounts of low and mid frequemegor@l fine structure are
removed. Additionally, given that recent work shows there may htalaNigy high frequency
temporal fine structure above 5000 Hz (e.g. Heinz & Swaminathan, 2008; Moore & Sek,
2009b), it would be useful to determine the perceptual utility of thigpdeal fine structure on
sound quality perception. While in most hearing aid applicationkigiefrequency region is
the most likely to be modified through signal processing, increasinginderstanding of the
mechanisms of sound quality perception and its relationship to tenfiperatructure may allow

for anticipated and as yet unanticipated advances in signal processing.

These results may also contribute to advances in hearing aidl gigoassing design by
providing evidence that the threshold for quality perception regardargpuiation to temporal
fine structure is quite high. Based on this study, we have objectigarahcating that removal
of temporal fine structure above 5000 Hz is not detrimental to quuditseption, regardless of

the type of vocoding noise or amount of background noise.

Several signal processing strategies in use in today'sngeaids function by modifying
the temporal structure of the signal. Processes such as dyramge compression and noise

reduction function primarily on the temporal envelope of the signaleier, other processes
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such as feedback cancellation and increased bandwidth will als@lenal more significant
impact on temporal fine structure. For example, we know that negndahe temporal fine
structure at high frequency regions may help to increase thditgtaf the hearing aid (Ma,
2010). This increased stability will allow for increased gaithese frequency regions without
feedback. Future work establishing a processing frequency-cutoff vaallch the design of
such systems, by allowing an objective determination of when it warilgderceptually safe to
remove the temporal fine structure of the original speech whilangy the benefit of increased

stability via feedback cancellation and increased spectral bandwidth.
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Appendix: Subject Instructions

In addition to verbal instructions, these instructions are also pramedeft with the listener for

reference during the experimental session.

TES1 Test | nstructions

In this task, each trial will contain two intervals in which sounds pldly. Each interval
will consist of a background noise with 4 tones. In one interval thie pftthe tones will
be consistent. In the other, the pitch of the tones will fluctudtaur task it to decide if
interval 1 or interval 2 contains the fluctuating tones, by using the moudek on the

corresponding box.

If your choice is correct, the box will flash green briefly.ydtir response is wrong, the
box will flash red briefly. After a short delay the next triall wtart. Please always

make a response even if you think you are guessing.
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Instructions provided to the listeners are reproduced below. In additiwerbal instructing

these instructions are also printed and left with the listemeeference during the experimental

session.

I ntelligibility | nstructions

In this experiment you will be listening to sentences that havedgieally processed.
Some of the sentences may be difficult understand, or sound “fuzzy”. Ykus tas

repeat as much of the sentence as you understood, even if only one or two words.

To begin sentence playout please click on the button marked PLAY. tWrepeaker

has finished talking, please repeat back as much of the sentence as yaioamadetf

you did not understand any of the words please say “I understood nothing”. To begin
the next speech sample click PLAY. You will be given a breh& aht of each block of

trials. If you would like a break before the end of the block, do not click PLAY.
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Instructions provided to the listeners are reproduced below. In additioerbal instructing
these instructions are also printed and left with the listemeeference during the experimental
session. The instructions were adapted from Gabrielsson 498B)(and Davies-Venn et al.

(2007).

Quality | nstructions

Your task today is to judge the sound quality of the programs you listened to in the previous
sessions. You shall now try to describe how they sound by means of an overall impression scale.
It is graded from 10 (maximum) to O (minimum). You decide yourself on the accuracy that you

consider necessary.

As you can see it is also possible to use decimals. The integers 9, 7, 5, 3, and 1 are defined on the
scale. 10 means maximum (highest possible) sound quality, 9 means very good, 7 rather good, 5

midway, 3 rather bad, 1 very bad, and O minimum (lowest possible) sound quality.

To begin each trial, click on the button marked PLAY. After the sample has ended, mark your
rating on the slider bar using the mouse. Click CONFIRM to indicate that you have made a final
decision. Click PLAY again to begin the next trial. If you would like a break before the end of

the block, do not click PLAY.
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