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Abstract

For the comparison ddubjective and objective rating results of noise reduction (NR) with regard to speech
intelligibility and sound quality, predictions of a number of objective calculations are compared to the
results of two subjective listening tests. 20 hearingpaired sibjects were recruited to perform a
Hagerman speech test in noise and to rate three quality aspects with the modified version of a paired
comparison test; the paired comparison rating (PCR). Previous studies stated that a simple observation of
improvementsin the Signallo-NoiseRatio (SNR) does not reveal the benefit for the hearing impaired from

a NR system. This is probably because a NR system that strongly increases the SNR also might introduce a
great amount of distortion, resulting in a degradationsgfeech intelligibility. To measure this effect, an
objective method focusing on distortion introduced by the NR algorithm was employed. This calculation
was backed up by a method developed by Hagerman and Olofsson (2004) which is based on the separate
processing of speech and noise to investigate a SNR improvement and the influence of noise reduction on
speech and noise separately. Furthermore, the perceptual evaluation of speech quality (PESQ) and a
composite measure were part of the objective evaluationsterms of sound quality and the Speech
Intelligibility Index (Sll) in terms of speech recognition.

It was shown that none of the investigated objective measures is capable of providing an accurate
prediction of the results from listening tests with h@sgimpaired subjects. With regard to the mentioned
trade-off between SNR improvement and speech recognition it could be observed that the NR algorithm
leading to thehighest objectively calculated SNR showed the lowest values for the subjective rating of
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Zusammenfassung

Zum Vergleich von subjektiven und objektiven Bewertung von Raustdrdrickung, im Hinblick auf
Sprachverstandlichkeit und Klangqualitét, warden eine Anzahl von objektiven Berechnungen mit den
Resultaten zweier Hortests verglichen. 20 hoérgeschadigte BRddya wurden rekrutiert, um einen
Hagerman Sprachtest im Storgerdusch und einen modifizierten Paarvergleich, den paired comparison rating
(PCR ), zu absolvieren. Vorherige Studien haben gezeigt, dass eine reine Verbesserung dasuSiinal
Abstandes (SRAjicht in der Lage ist, den Nutzen eines Rauschunterdriickungssystems (RUS) fir den
Horgeschadigten zu beschreiben. Das ist wahrscheinlich darauf zuriickzufilhren, dass ein
Rauschunterdriickungssystem, welches den SRA stark verbessert gleichzeitig starkeunderme
verursacht, welche in einen Verlust an Sprachverstandlichkeit resultieren kénnen. Um diesen Effekt zu
messen, wurde eine Methodik verwendet, die auf die Detektion von Verzerrungen spezialisiert ist. Diese
Messung wurde dann von einer weiteren olijgkn Berechnung, die den SRA am Ausgang des RUS misst,
unterstitzt. Die letztere Methode ist in der Lage den Effekt der Rauschunterdriickung separate fir den
Sprach und den Rauschanteil des Signals zu betrachten. Des Weiteren wurden Berechnungen zu
KlangualitatsAttributen (PESQ und eine zusammengesetzte Messung) und der Speech Intelligibility Index
(SI) zur objektiven Bewertung von Sprachverstandlichkeit verwendet. Es lies sich zeigen, dass keine der
objektiven Berechnungen in der Lage ist, eine Ziédgsige Vorhersage der Resultate aus den Hortests mit
Horgeschadigten Probanden zu tatigen. Im Hinblick auf die erwéhnte Wechselwirkung zwischen SRA
Verbesserung und Sprachverstandlichkeit konnte gezeigt werden, dass das RUS, welches die grosste
theoretisdh berechnete Verbesserung des SRAs bewirkt, im Gegenzug die geringsten Werte fur die
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1 Introduction

1 S NR Y 3 ¢ anyexpressibng that reminds first of all of test procedures in the field of
audiology. It sounds like something technical, experimental, something presented in medical
laboratories. But actually it is more or less exactly what we aregi24 hours a day and 7 days a
week. It is rather uncommon to communicate in absolutely quiet surroundings; very seldom we
are able to focus on a talker without any disturbing acoustical events. Those disturbing events are
adzYYlF NAT SR I & entheadisa &é fhe niofe Simikraaditie wanted signal, the more
this noisedecreaseshe ability to follow conversations, announcements or any other wanted

F O02dza GAOFf aAraylfad ¢Kdza>X GKSIENAY3I Ay y2AaSE
ears and consequently also for the artificial e&rghe hearing aids. Especially people with
sensorineural hearing losses report major problems of acoustical perception in communicative
situations with a simultaneous presence of some sort of backgrowisen Therefore, hearing in
noise is also a major concern for the hearing aid manufacturers across the globe, to improve the
functionality of their devices in noisy environmentsa goal which turns out not to be easily
achieved by simply reducing or suppa & Ay 3 GKS y2AaSd 9AaALISOALT T &
algorithms, which gain a large improvement concerning the signal to noise ratio (SNR), can result
in a loss of speech recognition. A loss that might be caused by a particular type of distortibn whic
arises from the nonlinear behavior of the hearing aid and which affects noise and speech in equal
measure. However, it is not necessarily true that the algorithm leading to the best speech
recognition scores is automatically the preferred algorithm by ltlearing aid wearer. It might also

be a noise reduction scheme with a moderate noise reduction which also produces a moderate
amount of distortion, which is the choice of preference. This might be true, if this particular
algorithm improves the ease ofstening, i.e. it allows the hearing aid wearer to listen
concentrated for a longer period of time with a reduced hearing exhaustion.

Due to the controversial nature of the mentioned aspects, there are several different approaches
to the problem of noise r@uction. Hearing aid manufacturers are improving their algorithms to
find a good balance between speech recognition, noise loudness and ease of listening. To this day,
it is then finally the human ear which is responsible to perform a meaningful evaluatitme

quality of a new developed algorithm. There are speech tests in noise to determine speech
recognition scores or paired comparison tests focusing on quality judgments. In most cases those
experimental test procedures are quite time consuming, reggira large number of participants

to result in significant data and thus, are rather cogensive. On this account, there is a high
demand for objective evaluations, which correlate well with subjective listening tests. Such an
objective predictor withpreferably low computing effort and high calculation speed would allow

an inexpensive and stepwise evaluation of a noise reduction algorithm. With such a measure, even
the smallest parameter changes or code improvements in the development process of an
algorithm could be quickly evaluated for several types of input signals or listening situations.
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Furthermore, a standardized procedure for objective evaluations would provide a better
comparability between results of different workgroups. Several attemptsdésign such an
objective test method have been made in the past. Some of them focus on pure SNR
improvement, while others measure and weight the amount of distortion introduced by the
algorithm. Only a few include or are even based on psychoacoustic,gteatenodels to predict

the quality of a certain enhancement system. To the latter category belongs the ITU
NBEO2YYSYRIGAZ2Y tdycH dat SNOSLI dzi 3] Wit h fodzs dnA 2 Y
guality aspects concerning speech transmission by theesystinder test. To assess and predict
speech intelligibility, the Speech Intelligibility Index (Sll) was developed. This physical measure is
one of the few objective evaluations which allow taking the individual hearing loss of a subject into
account. Regaling the objective methods to predict quality aspects, none is approved to include
hearing loss specific data so far. This is why it is common to perform studies to evaluate speech
enhancement/noise reduction algorithms by using normal hearing subjecisraterence group.
Though this yields results which are easily comparable to the outcomes of other studies, a reliable
prediction of the realife performance of the tested enhancement systems, worn by hearing
impaired people, is not achieved.

Therefore,it is the aim of this study to evaluate both speech intelligibility and quality aspects of
noise reductions algorithms with subjective and objective methods and a reference group of
hearing impaired subjects.

1.1 General overview

For the comparison of sygctive and objective rating resultsoncerning the performance ofoise
reduction (NR)systems predictions of a small number of objective calculatiorese compared to
laboratory test resultof speechrecognitionand sound qualityThese tests were performed with
hearingimpaired listeners aWidex A/S researchacility, ORCA Europen Stockholm Sweden
Concerning the objective measuresmethod focusing orthe degree ofdistortion introduced by

the NR algorithnjl] wasused andbacked up by aneasuredeveloped by Hagerman and Olofsson
[2] which is based on separate processing of speech and .nbise allows for investigating an
improvement in SNRand the influence of noise reduction on speech and noise separately.
Furthermore,the PES@3] and a composite measure developed by Hu and Ldé#pwere part of

the objective evaluations in terms of sound quality and the Speech Intelligibility Index (Sll) in terms
of speech recognition.

The subjective data was derived from two types of listening tests, where the Hagerman speech

test in noise[5] provided data on speech recognition, while a paired comparison test was
employed to evaluate aspects of sound quality.tédits were conducted Ilnaurally with linearly

6| Page



fitted hearing aidsprovided by Widexi 2 O2 YLISY &l S T2 NJ (i KR sdtbf NI A O,
pre-processechoisystimuliwere presentedbinaurallyin a soundproof booth The noise condition

was represented by babble noisewhich wasderived from theoriginal ISTSecording[6]. Three
softwarebasedNR algorithmsvere included in the study with the purpose to enhance the noisy
program material. Two of the algorithms were based on general concepts of speech enhancement,
while athird algorithmwas optimized for the use in hearing ai¥8henthe necessary amount of
subjective and objective data was obtained, various statistical analysis techniques were used to
evaluate the predictive ability of the objective methods.

- Ve s A Ve

2 00A1 EIl ET AOU OOOAU O1 1T AOAET A o00OAAI EO

In the field of research based on laboratory tests, it is always requestedrsferthe appropriate
reaklife situationasaccuratdy as possibléo the laboratory. In the current study this means that
there was need for testonditions which simulate a reéfe situation, in which a noise reduction
(NR) system in a hearing aid could help. Thymeaminary study was carried out to determine a
realistic sgnal to noise ratio (SNR) whiclecurs frequently in daily life situations of hearing aid
users; situations in which the presence of background noise decreases the intelligibility of the
desired signal as well as the ease of listening.

This préiminary study was based on a database developedMageneret al [7] wherein hearing

aid userswere asked taecord samples of the acoustic environments of their everyday Tifes

data was then analyzed with regard to the signal type as well as tonipertance of the
particular situations.Concerning situations with a presence of background noise, cafeteria or
restaurant environmentsurned out to be theconditionsin which the subjects used their hearing

aids for the longest duratiorthis was espedig true, whenever the task in the particular situation

was to follow conversations between two or more peoplée originaMWagenerrecordings were

digitally stored with a resolution of 16 bit and a sampling rate ofl 4Hz. Eachecordingwas cut

to a duration of60 sl YR 2NBFYyAT SR Ay OflFaaAFAOIGA2Y 3IANRC
Y2A&AST G662 LISNB2YA AYy GNIAYyE0d LY GKA& YIyyS]
contained a detailed documentation on e.g. signal levels or the tesilthe corresponding
guestionnaires.

It should be of highest prioritior hearing aid manufacturerto improve their devices in situatien

in which the hearing aglare worn most frequently and for the longest duration. According to the
Wagenerstudy, such a situation can be found in cafeteria or restaurant environments. Tows,
the evaluation of noise reduction (NR) algorithms, a-&shulus superimposed by a noise signal
with the characteristics similar to cafeteriamr restaurantlike environmats was needed to
examine the performance of a NR systema realistic condition. Due to this, a babble noise was

7| Page



produced (see chaptet.3.1). In order to mix this type of noise with the test speexpnal at a
realistic SNR, the recordings of thWWagene-study, which correspond to the restaurant or
cafeteria environment, where taken for further investigations.

In the first instance, theselectedrecordings were cut so that they only contained speech and
background noise simultaneously. Afterwards, thediiied recordings were reheckedwith

regard to a reasonable amount and duration of speech pauses. Another set of noisy audio files
(containing different speaker and noise conditions) with an a priori known SNR were used to test
the ability ofa number & Matlab-implementations odifferent noise estimation algorithms, which
were taken from[ 2 A 1 bPakash&peechenhancemeni8].L y Of dZRSR Ay (KS GSal
minimum tracking algorithm, three versions of the minimwantrolled recursive average
algorithm, a continuous minimal tracking algorithm, a weighted spectral average algorithm and a
connected timefrequency regions algorithmA look at the test results revealed large differences

in performanceaccuracy of these noise estimation algorithms tisat all of them were testedn
particularon a speechn-babble sample (female speaker) with a SNR similar to the one derived
manually (by physically measuring the rms levelhispeech pause and the rms level in part
containing speech) from th&/agene recordings. Thisvasbecause such a stimulus corresponds
best to the one used later on in the main study. After this examination, the noise estimation
algorithm which matched the a priori known SNR of the test file best was selected to perform an
accurat estimation of the SNR of th@&agenerrecordings. Thefinally selected Mininum-
Controlled Recursive Averaging (MCRA) algorithm can be summarized as follows:

1. Compute the smooth noisy speech power spectrum density (PSD) using
"Y_hQ | Y_ phQ p | Y _HhQ
with| as a smoothing factor aritY _hQ as the smoothedover frequencyhoisy PSD.

2. Performminimumtracking on’Y_hQ to obtain"Y  _hQ using

{OX 0¥ o5 m
0 _hQ aQd _ phQmd _hQ
0 _AQ 0 _hQ

Qai Q
0 _hQ aQd _ phQid _hQ
0 _hQ Qd _ phQm _hQ
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end

3. Determineny _hQ using

andnHlhQ | AU phQ  p | 1 _hQ to smoothry _hQ over time.Where

- 7 h
Y _fQ _

and| denotes a smoothing constant.

4. Compute the timefrequencydependent smoothing factord _hQ in
@ _hQt | p | 1 _hQ
using the smoothed conditional probabilit-uhQ.

5. Update the noise PSP _hQ using

, _hQ & _hQ, phQ p & _hQ 9 _hQs

The calculations were done with the following fixed constant values: T&), | T80 )| &
and] T.

After applying the described noise estimation algorithm, a mean SNR of 4 dB was determined
across allWagenerrecordings for the cafeteria/restaurant environment and was consequently
RSTAYSR da GKS GNBFfAadGAOe {nooverlsigraaNdvek & RRYIB NS =
SPLThe calculated level was used as the presentation level for theihstéasts within the main

study.
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3 Noise Reduction

The problem ofdisturbing and signajuality degradingnoise in awal transmission systems has
lead to several different approaches for designing algoritiwhgh provide speech enhancements

or, in the case of this studyparticularly noise reduction (NR). For all of those techniques, it is
crucial to know or gather precise and detailed information about the pure speech and the pure
noise signal separately. Furthermore, the most effective prangsstrategy depends on the
available number of microphone channels and the type of noise. The latter can be related to the
desired signal in a correlated manner, such as echo and reverberation, or in an uncorrelated
manner, such as traffic noise or thevarmonmental background sounds in a restaurant or bar. It is
to mention, that the purpose of this study was not to analyze and evaluate the quality of the
different attempts of noise reduction, but to investigate the predictive ability of the selected
objedive measures on preferably different types of singlennel NR algorithms. The selected
algorithms stem from two different main classes of speech enhancement design and were
similarly applied to the program material for both the subjective and the objediests. Each of

the included algorithms was softwatsased and therefore required offline processing of the
employed audio material (i.e. the material has to be -precessed by the algorithms before
presentation within the listening tests).

3.1 Statistical -model -based NR algorithms

Algorithms of this class work on statistical information derived from the output/noisy signal which

is passed through a transmission system. From the analyzed set of statistical parameters of the
noisy signal, a mathematl routine tries to provide a linear or ndimear estimation of the clean
aA3dylrfQa LI NIYSIGSNE 2F AYyGSNBadod ¢KS ONHzOA |
transformation coefficients. Some of these algorithms take also aspects of aural percepton
account and employ psychoacoustical models to optimize their parameters.

3.1.1 Bayesian estimator based on the weighted -euclidean distortion measure (WEDM)

This algorithm[8] uses a Bayesian cost function to calculate the error in sioe spectral
amplitude estimation and employs a perceptual weighting of the error spectrum. The parameters
for the perceptual weighting are derived from a distortion measure which focuses on aspects of
masking in the auditory system. Quantization noise is mdffecdlt to detect near the higkenergy
regions of the spectrum, which means that masking is provided in particular near the formant
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peaks, e.g. the quantization noise is masked by the formant peaks and thus inaudible. Therefore it
IS necessary to design waeighting filter which shapes the error spectrum by placing more
emphasis on the spectral valleys and less emphasis near the formant peaks. This filter is realized
by using the inverse spectrum of the original signal.

To estimate the magnitude of thgpeech spectrum, the following Bayesian risk function, based on
the included distortion measure, must be minimized:

W ®Q

P o) N o QW Q QwQ

where X(f) and Y(f) denote the speech and noise spectra, respectivelys andQsn "Q
describes thea posterioni probability density function (PDF)he term in brackets describes the
perceptually motivated distortion measure, with "Q being the maximum @osteriori magnitude
estimator.

3.1.2 Wiener filtering algorithm based on a priori  SNR estimation (Wiener)

The Wiener algorithm used in this study estimates a SNR before the filter and is defitieel by
following transfer function:

whered "Qand0 "Q are the power spectra of the speech and the noise, respectively. Their
ratio defines the SNR at the specifiequency’Q Concerning the transfer function it is true, that

m 0°Q p, with O'Q mmat extremely low SNRs andO™Q p at extremely high SRis.

Thus, the Wiener filter attenuates portions of the spectrum where the SNR is low and emphasizes
those where the SNR is high. Based on the fact that the spectra of the speech and the noise are
not available separately at the input of the algorithm, apraori SNR is estimated on a frame by
frame basis:
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where| is a smoothing constant ( 1o )y the enhanced signal spectrum at frande and
frequency™Qis specified byd "B hand & "B andO " denote the noisy speech and the
noise, respectively. The Wiener algorithm which is employed in this study derives the initial noise
spectrum by analyzing the first 120 ms of the input signal, expecting this time segment to contain
noie only. In accordance with the franwaise functioning of the algorithm, an updated noise
spectrum is derived from any noise only frame. The processed signal is eventually obtained by

oG Ogn d o
STNVG Y

)

3.2 Perceptually tune d spectral subtraction NR algorithm

Assuning that the disturbing noise was added to the original signal, the noise can be canceled by
simply subtracting the noise spectrum from the mixed, noisy signal. On this account, the quality of
such an algorithm idvased the performance and accuracy of the speech detection and the
resulting estimation of the noise spectrum.

Unlike the other algorithms used in this study, which are more or less basic processing schemes
for speech enhancement without optimizations tomla a particular application, the following
algorithm was developed to be applied in the field of hearing aids. Therefore, the original idea of
the spectral subtraction technique was expanded by a perceptual tuning. According to this, the
introduced algothm works with shortened block sizes for the processing and includes other
modifications such as an optimized aggressiveness parameter and a lowpass filtering of the
spectral filter coefficients. This perceptually motivated optimization of the parameterseiant to

achieve a well balanced trada#f between speech distortion and noise reduction with a preferably
f2¢6 FY2dzyd 2F YdzAAOFft y2A4S INIHAFIFIOGad ¢KS N
Spectral Subtraction algorithm with lowpass filteradlS O NI f FAf G SNPIO2SFFAOA.

The PSSLP analyzes the input signal in Mamtowed processing blocks df msduration. For
each of the analyzed frames, the enhanced signal Discrete Fourier Transformation (DFT)
coefficients’Yd hQ are obtained as follows:
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YahQ O &hQ¢on dhQ, with

GahQ "YahQ 0O &ahQ,and

5 _ " _ b anq Y

O ahQ nO & hQ g ahQ ————=—""
d P N & 6 hQs 1

u ¥

where"Ya hQ denotes the input speech and 8 RQ the input noise with the frame inde& and
the DFT binQ 'O & hQ describes a timeand frequencydependent gain function, wher@
stands for a smoothing parameteaf£0.9), that assures a time constant of 19 ms for the adaptive

gain variations. Within the gain function, the noise spaotr0 & hQ s estimated according to
the Minimum Statistic algorithnB8]. The parameter controlling the degree of spectral subtraction
Aa yIFYSR dal 33NPB &BAQX &8 6 Sdermingd: &S & FuNdtion of the estimated
¢ hs

h s’
tuned parameters are included into the calculation of the aggressiveness factor to improve the
FfA2NRAGKYQa LISNDS LI dz chchaldddl-atiapt théirdvales Kdvly, Jlepeddifgl Y S G
on the overall SNR and lead to the following computation:

frequencydependent noisysignalto-noise ratio (NSNR) & hQ Additional manually

| ahQ @ ©o dRop e QAR &

This dependency of the aggressiveness values on the frequEpandent frame based NSNR is
shown inFigure 1, where the algork Y Q& 2 LISNJ { A y 3 -1583Byafti lolver entl af Y A G S
b{bwQad YR bHp R. 0 GKS dzLJLISNJ SYRd® C2NJ NI Az
set to zero. At the output of the PSSLP algorithm the enhanced signal is derived from the inverse
DFT ofYd hQ.
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Figue 1. Dependencyof the aggressiveness values on the frequedependent frame based NSNR

4 Laboratory study

4.1 General procedure

The aim of the current study, to explore a number of objectiheoretical measures to see to
what extent they have the potential to quantify the effect of noise reduction for hearing impaired
listeners, implies the requirement for two basically different concepts of evaluation. In the first
part of the study, the yepreferred and most accurate method for obtaining data on the quality of
performance of a device or algorithm was carried out. This was the evaluation of a number of
noise reduction (NR) algorithnusingsubjective tesmethods

The principal componentsfohe laboratory study were two listening test speech test in noise to
measure speech intelligibility before and after the process of noise redyctind a paired
comparison testusingnoisy speech material, to evaluajgeference, speech clarity anabise
loudness The developed procedure of testing for this part of the study required the recruited
subjects to come to the ORCA facilities for three visits. Therefore, the expected expenditure of
time was approximately 60 minutes for the first, 120 miesifor the second and 90 minutes for

the third visit. The schedule of each visit will be described in chdpfetn order to increase the
reliability of the results, both the speech recognition test and the paired comparison test were
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performed twice intwo independent sessions with a time lag of at least one weekddition, this
enables an analysis of tes#test differences.

4.2 Llistening tests

Two listening tests were introduced with different original/clean material but under the same
noise colition. Also the type of speech enhancement (noise reduction) was the same for both
tests, i.e. the three selected NR algorithdesscribed in chapter @/ere applied to the material in

an identical mannerAll listening tests were supervised by an audidbdgiom ORCA Europe,
Stockholm.

4.2.1 Speech recognition test (Hagerman)

The Hagerman teg6], which is now the most commonly used sentence test material in Sweden,
was developed to examine the speeicttelligibility in noisy environments. Therefore, a sentence

test was created which is organized in test lists, where each list consists of temofigesentences

read by a female speaker. Each sentence has a duration of approximately six seconds and follows
the same grammatical structure (name, verb, numeral, adjective, object) to form not necessarily
YSI yAyYy 3T dz aSYyiSyOSaszyYIS®aANEI9d &It a7t eYiZBNA Yy R
sentences were recorded and digitally edited by randomly combining words from the entire
inventory. This was done in order to provide a test with phonemically balanced material and to
achieve equal difficulty beveen the lists. The technique of randomized combinatiaisthe
elementsin a sentence was also introduced to reduce the possibility of memorizing or guessing
the sentence. Beyond that, this method also reduces the overall learning effect and thus @xcreas
the degree of reliability of the Hagerman test.

For the current studyan adaptive version of the Hagerman test was selected with the parameters
optimized, so that the procedure converged at a percentage score of 80% correctly repeated
keywords in senteces.This was done in order to bring the resulting SNR to higher values, so that
the subjects do not end up at unrealistic SNRs, where the NR algorithms tend to show a rather
poor performance.

Since the noise reduction scheme was applied to the progratemadprior to the presentation of

the stimulus, the Hagerman test had to be modified to allow for operation withppoeessed

files. Therefore, the program material was processed, so that each sentence was available in the
desired range of SNR condit@rWhile the speech signal was fix#te noise level was adaptively
adjusted to match the proper SNR. In order to obtain the desired percentage score of 80%, the
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original step rang¢10] was modified as showm Table 1. Each subject had to complete the same
procedure of the Hagerman test for each NR algorithm plus the unprocessed conditenrder

in which the conditions were tested was fully randomized across subjects and between test and
re-test. For eachtest and subject an initial SNR of 8 dB was selected to facilitate the
familiarization period with a rather easy recognition task. This familiarization period consisted of
one Hagerman list with an increased step size for the adaptive procedure. ThiScatozh was

done in order to converge towards the SNR corresponding to 80% recognition before the actual
test started. After completing the training list, a maximum of 3 further lists could be used before
the test was automatically aborted. The selectiof the lists as well as the selection of the
corresponding sentence within the list was randomized, whereas all ten sentences of a list were
tested before the next one was selected.

Tablel. Step range (dB) for the Hagerman test floe training and the test lists.

Correctly identified words Step size training list (dB) Step size test list (dB)
0% +4 +2
20% +3 +2
40% +2 +1
60% +1 +1
80% 0 0
100% -3 -1

Within the three test lists two abort criteria were defined; the current run of the Hagerman test
was automatically aborted after six reversals or in case a subgeced80% six times in a row. In
the latter case, the SNR at which the six repetitions iehgerformed was regarded as the result
of the current run. In case of the first abort criterion, the mean vaNigé 'Y of the last¢ T

reversalsY was calculated to obtain the Hagerman result.

YO 'Y

™| O

After test and retest were completed, the mean SNR value of the results from both sessions was
calculated per NR algorithm and the unprocessed material, respectively. This calculation defined
the reference SNR condition for the input files for the Slewations, which are part of the
objective methods (see chaptérl.1).
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4.2.2 Paired Comparison Rating (PCR)

Since a measure of speech recognition alone is not sufficient to evaluate the performance of a NR
algorithm, a modified version of an ordingpgired comparison test, the paired comparison rating

[11] was included in the study to allow for expanding the evaluation of the NR algorithms in terms
of sound quality. An advantage of the PCR method is that it produces results in terms of physical
SNRshat correspond to equal subjective performance with and without the NR activated. The
obtained SNR values can then be expressed as ag8NRichieved by the performance of the
current NR algorithm.

In the current study, a fixed SNR of 4 dB for the processed material was compared to two different
SNRs of the unprocessed version. The first comparisasa made on a processed and an
unprocessed file at same SNR (d=0) while the unprocessed signal iecthredscomparison was
presented at a SNR increased by 5 dB (d=5). The difference between the two compared signals
was then rated on a scale as showrApendix AAfter the ratings were completed, the marks on

the scale were physically measured and the enor less free scale was manually normalized to a
+10 unit scale. According to Dahlquist et al. the &R "Oin this studywas finally obtained as
follows (see figure):

For each subject (inde), four ratings (two in the tessession and two in theetestsession)Y

‘Q poO &, were obtained for each SNR conditio® ( t€ IQ v) for each type of noise
reduction (indexXQ. Due to the fact that the order in which the processed and the unprocessed
stimulus was presented might have had an auop on the subjective rating, each paired
comparison was done twice, once with the unprocessed stimulus presented first and once with
the processed stimulus presented firskinally the median of the linearly interpolated or
extrapolated gain values werlculated to express the achieved S for subject :

With this method, the point of subjective equality is determined, i.e. in other words, the process
of noise reduction has the same effect as achieved by increasing/decreasing the SNR of the
unprocessed material by the amount of Shiin. Any SNRjain exceding +7 dB or-7 dB,
respectively, were set to these limits, since these values were defined as the maximum benefit of
the applied signal enhancement. Calculating the median values had the advantage that any
extremes on the rating scale were excluded.
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Paired Comparison Rating (PCR)

Rating difference

444 5.5/ 9/
SHR unprocessed/processed (dB)

Figure 2. Example for the calculation of the SIgRin regarding the PCR method. In this
example, the subject rated the equal SNR condition (4/4) with a 2 on the rating scale and
the +5 dB SNR condition (9/4) with 2 on the rating scale (filled squares). By
interpolation, the point of subjective equality is calculated at 6dsnpared to4 (6.5/4;

red line). This results in a final Si&n of 2.5 dB.

tKS RSAONAOSR LINRPBOSRdAINE ¢Fa NBLSEFISR FT2NJ St (
O GFRINMINE EDK G ®EIBNAGEe oaidlfSia GeRtEAIKSOGeED |yl
Within one category all noise reduction algorithms were tested in one test run in totally
randomized order (concerning the NR algorithm and the order of processed and unpmbcesse
sound).A total number of 12 paired comparisongere performed for each rating category (3 NR
algorithms x 2 SNR conditions x 2 reversedler conditions).

Depending on the individual ratings of the subjects, there is a certain set of cases that nught oc
while doing the analysis of the PCR. These cases result in a slightly different calculation ofthe SNR
gain which is explained with the help of the following figures:
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Case 12 and 3

The first threecases describe more or less expected ratinghey indicate a higher rating for the
equal SNR conditiothan for the +5 dB SNR condition concerning the unprocessed material. An
ordinary interpolation or extrapolation can be done to obtain the SjdR.

Faired Cornparison Paired Comparison

Rating difference
=)

Rating difference

2k 2 il
A -4 T
5 I L 5 I I
44 = 44 94
SNR unprocessediprocessed (dB) SNR unprocessed/processed (dB)

Paired Comparigon

Rating difference
o
T

L I
a1 91
SNR unprocessed/processed (dB)

Figure3. Case one, two and three concerning the potential rating results for the paired comparison test.
The results for these cases are derived in the same way as explained with the help oRFiguthe SNR
gain values are calculated by interpolation/exicdation.
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Case 4 and 5

Theserating outcomes indicate generally positive ratings, which imply a certain benefit to the
listener caused by the NR algorithm. Unexpected in these cases are the observations, that the
rating remains at the same value for the +5dB SNR condition for theocegsed material (upper

part of Figured) or the algorithm was judged to perform even better while being compared to the
unprocessed file with the improved SNR (lower part of FighreDespite those rather illogical
findings, these cases argue for a siganhancement produced by the NR algorithm, so that their
corresponding SNBain was defined to be at a fixed value of +2.5 dB.

Paired Comparisan

Rating difference
o
L

L L
414 S
SNR unprocessed/processed (dB)

Paired Comparison

Rating difference
o
L

444 E
SNR unprocessed/processed (dB)

Figure4. Case four and five of the possible PCR ratings; indicate a rather
illogical use of the rating scale but geniydamply a benefit achieved by the
use of the NR algorithm. The SH&rs for these findings were set to +2.5
dB.
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Case 6and 7

The findingsshown by Figur® state ratings, which lead to the conclusion, that the NR algorithm
has no explicit influence on the currently evaluated rating category. In the upper graph of the
figure, this isndicated bytwo zero ratings, one for the equal SNR condition and the satiegr

for the +5 dB condition. The lower graph in Fighmenotes another illogical rating; while the NR
algorithm seems to degrade the signal quality (with regard to the current rating category) for the
condition with unprocessed and processed signasaane SNRs (indicated by a rating-2)f, the
comparison of the processed signal to the unprocessed one with an improved SNR by +5 dB
suddenly leads to rating, which indicates a quality improvement by the NR algorithm (+2 on the
rating scale). Since the @ssin both graphs do not allow for a distinct statement on a positive or
negative influence due to the processing with the NR algorithm, theseg@hR/alues for case six
and 7 are equaled to zero.

Paired Comparison

Rating difference
o
I
I

I I
444 974
SNR unprocessed/processed (dB)

Paired Comparison

Rating difference
=)

I I
444 L
SMR unprocessed/processed (dB)

Figure5. Case six and seven of the possible PCRgstindicate a rather
illogical use of the rating scale and imply that no benefit is achieved by the
use of the NR algorithm. The Siy&ins for these findings were set to 0 dB.
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Case8 and9

The graphs shown in FiguBeare comparable to the findings ingeire 5. But in contrast to cases

six and seven both rating results are shifted below the subjective equality line (zero on the rating
a0t S0P ¢KAA AYRAOIFGSa GKS &ddzo2S00Qa LISNOSLIIA
general. Thereforeghe SNRyain values are set t@.5 dB.

Paired Comparison

Rating difference
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Figure6. Case eight and nine of the possible PCR ratings; indicate a rather illogical use of the rating scale and imply a
signal degradation caused by the use of the NR algorithm. The&N&for these findigs were set t62.5 dB.
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Unlike he test material for the Hagerman test, which consisted of single sentences, was regarded

to be disadvantageous for a quality assessment task. This is because a rather short stimulus, which
is repeated several times iNMB g2 O2dzf R RANB OO GKS adzmaSOoiQa 1
signal and distract from the original task of evaluating an overall quality aspect. Therefore, a
number of running speech recordings, with a duration of approximately 40 s were sefectie

paired comparisons. These recordings were looped and the participants were free to switch
between the unprocessed and processed sound as often as desired before reaching a final
judgment. It is to mention, that the audio material of a comparisdin& f I 6 St SR A G K &
GazdzyRHeéX a2 (0KIG (GKS adzweSOtd KIFIR y2 (y2sfSR
unprocessed) was currently presented.

4.3 Program material

4.3.1 Noise signal

Both subjective listening tests in this study, i.e. the Hagerman test and the Paired Comparison
wkiAy3 ot/ w0 ¢SNB RSaA3aIySR (G2 LINBaSyda | af
preliminary study, described in chapt2ra noise with acoustical chacteristics similar to that of a
cafeteria/restaurant environment was favored to perform the listening tests. Thus, a signal which
simulates the situation of a simultaneously talking group of people was required. This signal
should not include intelligiblewords or phrases, to assure that, especially for the paired
comparison test, the subjectvould not be distracted by any detailed information in the
background noise.

To produce the desired noise signal, the recording of the International Speech Tedt(EBgHp]

which was developed by the European Hearing Instrument Manufacturing Association (EHIMA),
was chosen for further modification3he ISTS signal is based on the recordings of six different
female speakers who read out the same story in theiotmer tongue. Randomly selected
segments of these six recordings are attached to each other to form an audio file with a duration
of 60 s, wheras the language is changed from segment to segment and each laagpages

once within six consecutive segments. Also, a natural spacing of speech pauses is coriEniered.
signal provides the modulation spectrum of natural speech and the long term average speech
spectrum of female speech between 100 Hz and 16 kHz accordjhg]to

To form the wanted babble noise, the ISTS signal was superimposed eight times with randomly
varying start points and modified with a Hanning window with 2ms ramps to eliminate audible
artifacts. The eightfold superposition was obtained by copying briginal material to eight
different trackso in the digital audio workstation Cubase SE3. In addition to simply mixing the
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recordings, the levels of the eight ISTS track®re pairwise decreased by 2 dBh ¢ & ¢Q06
compared toq, @& ®;0 o0 1QJ406 O  @Q9 and filtered with a high shelv equalizer
(Qo th 'QOpwith a pairwise attenuation of 5 dB. This modification was done to apply a more
cafeteria/restaurant like characteristic to the noise, accounting for #& that the conversation

level and especially the high frequency parts of the speech spectrum are attendéteently
depending on the distance to the sound source. As a final stage of editing, the babble noise was
filtered to the long term average spectrum of the Hagerman sentences and the running speech
material used in the PCRespectively, to match the spectrum of ti&wedish talkers of the test
material. Anidentical spectral shape of theedred signal and the disturbing noise offered a worst
case situation for the NR algorithms and thus allowed for evaluating the performance at their
technical limit. Finally, the tavversionsof the ISTS babble noise of duration 60 s were stored on
the laboratory computer at a sample frequency of 44,1 kHz and a resolution of 16 bit.

4.3.2 Hagerman Test

The selectedspeech materiafor this study consisted dfix lists of Hagermasentences where

each sentence was passed through the same procedure of processing before it was included in the
fAAGSYyAy3d (Satde ¢KS Nry3aS 2F {bwQa i ¢6KAOK
defined from-12 dB to +5 dB with a stepige of 1 dB.

At a first stage, theclean speectsentences were resampled to match the desired sample rate of
22000 Hz and a resolution of 16 ftihe same settings were applied to the noise signgte rather
uncommon sample rate of 22000 Hz had to beplegd because one of the Matlab
implementations for the NR algorithms did not work properly with the preferred sample rate of
22050 Hz. To generate the noisy sentences, a segment of the noise with the duration of the
appropriate clean Hagerman sentence lan additional duration of 2 s was cut out of the
originally stored 60 babblesample (i.e. for a 6 s Hagerman speech sample, a 8 s segment of noise
was cut out of the ISTS babble) and modified with a Hanning window with 1ms ramps. The
additional 2 s ohoise were used as an initial pure noise part of the noisy file, allowing the noise
reduction algorithm to adjust properly. Note that this initial noise was not deleted after processing
0dzi NBYFAYSR LI NI 2F GKS &0 A Y debndmtheAofthcamiir S NJ
ALISSOK NBO23ayAidAzy (GlFlal® ¢KS RAFTFSNBYG {bwQa
active speech level of a clean Hagerman sentence according to tR€ PI®G13] standard and

then scaling the appropriate noise segmedepending on the calculated speech energy. This
method implicates that the speech level remained constant during all testing conditions while
solely the noise was adjusted in level to change SNR conditions. The properly scaled noise segment
was then boh added to and subtracted from the speech signal to form the noisy test material
with the potential to store speech and noise separately after processing according to Hagerman
YR hft2FaazyQqQa 6.52).Rsites gréviSiigy th® possihliitstdldalculate the SNR
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improvement using the processed noise and speech separately, these two signals are also required
for the calculation of the Speech Intelligibility Index (SII).

To obtain the final program material féie listening test, the noisy Hagerman sentences for each
SNR condition were run through the different noise reduction algorithms to obtain the processed
signals, i.e. the stimuli for the listening test and the input signals to the appropriate objective
methods. Since the noise reduction algorithoseddiffered in the degree of gain changes applied

to the input signal, it was necessary to introduce a stage of loudness equalization, to ensure that
the results of the speech recognition test was not influeshday differences in the overall
presentationloudness To account for the problem of various output levels after processing, a
f2dzRySaa OIFfOdzZ A2y | OO2NRAY3 G2 az22NB-IyR
varying sound$14] was performedNote that this model does not take a potential hearing loss
into account Due to the great amount of files and the resulting effort of computing, it was
decided to consider one representative processed Hagerman sentence for the loudness
calculations. With rgard to the preliminary realistic SNR study, the 4 dB SNR condition was
selected as a reference. The summary of the loudness calculation is shdaflernl. Note that a
default calibration of 100 dB FS was used to determine the-terg loudness impressn in

phon.

TablellwSadzZ Ga 2F GKS f2dzRySaa OF t Odzt | (A 2y avarfirg€2MdRA Yy I (G2 L

Noise reduction algorithm LongTerm loudness impression [phon]

Hagerman Unprocessed 87,4
Sentence Wiener 86,3
SNR =4 dB WEDM 85,3

PSSLP 86,0

To compensate for the differences in loudness impression, the particular reference sentences
(sentence 1 from Hagerman list 2 at a SNR of 4 dB, processed by each NR algorithm) were scaled
to a value of 86,%hons. The scaling factor needed to adjust the reference sentence for a certain
NR algorithm to match the desired loudness was then also applied to each sentence for each SNR
condition within the same type of processing. Also the spectra of the unprocesskgrocessed

stimuli were compared to decide the need for a spectral equalization. Accorditige tobserved

spectral differences for the two SNR conditions 0 dB and 4 dB, it was decided that no spectral
equalization was required. Thus, the stage of ledness equalization completed the procedure

of signal preparation ancesults inthe program material which was finally used for the Hagerman

test.
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4.3.3 Paired Comparison Rating

The programmaterial for the PCR was derived from seven recordings of a female talker telling
different stories with the duration of approximately 60 s each. This running speech material was
recorded in a sound booth and in a post processing procedure optimizedreggrd to level
fluctuations and a balanced amount and duration of speech pauses. To lower the required
processing time for all the calculations within the procedure of signgparation, the material

was shortened by truncating the recorded files aft€r g. In addition, this facilitated to shorten

the overall test time in case participants tesdito listen to the whole stimulus before making a
judgment. An unexpectedly abrupt ending of the audio material, which might cause audible
artifacts and thus inflence the subjective rating, was avoided by fading out speechin the
playback software. In order to ensure the same signal properties between the two listening tests,
also the running speech sentences were downsampled to 22000 Hz prior to the précessng
speech and noise. This was performed in an identical way as already for the Hagerman sentences
with the only exception that for the PCR only two SNR conditions (4dB and 9dB) were needed.
Hence, the computing effort was reduced concerning furth&icualations, so that in case of the
running speech stimylit was possible to perform the level equalization of the processed files by
directly adjusting the rms level of each recording. This implies that the entire PCR material was
presented to the subjet at the same digital rms level. In a last step of signal preparation, the
material had to be resampled to 32000 Hz again; since this was lowest sample rate the playback
software for the paired comparison was capable of working with.

4.4 Subjects

Thesubjects, who patrticipated in both the speech recognition test and the paired comparison test,
were recruited from the internal databasat ORCAEurope The subjects in this database are
basically aware of the fact that their data is recorded for reseaeelsons and are generally willing

to participate in experimeral studies without any payment. This was also the case for the current
study, i.e. none of the subjectgere paid for participation, but received a small box containing six
hearing aid batteriess a gift at the end of the last visit.

20 subjectswith a mildto-moderate hearing loss were recruitedr the laboratory tests and
attended both aest- andare-test sessionA written invitation including a short description of the
test procedures w&s sent to the subjects prior to the first visiihese participants were chosen to
satisfy the following criteria:

- a maximum age of 80 years to ensure a proper operation of the test procedures, which
include the handling aiiremote control for the pairedcomparison test
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- a symmetri¢ sensorineurahearing loss with a maximum threshold of 60 HB at the
frequencies 500, 1000 and 2000 Hz

- a maximum asymmetry of 15 dB at three neighhgifrequencies

Hearing level {dB)

= : : : : : -4
00 feiemims e e e TR TP IR P A — AT

125 250 500 1000 2000 4000 8000
Frequency (Hz)

Figure 7 Mean audiogram and range of hearing threshaddishe participants.

Based on those criterielevenfemale andnine male subjects betweef2 years andB2 years with

a mean age ofl.5years were invited to participate in the study. Their mean audiogaawh the
range of hearing thresholds shown in Fgure 7. Since all of the subjects were recruited based on
database information, whicho some extentincluded older audiogramsa new audiogram was
recorded for subjectsvhere the current audiogram wasolder than six monthsSome of the
participants showedhanges in their hearing loss after recording a new audiogram during the first
visit. For two of the subjects these changes lead to a violation oltmemetrycriteria. For those
subjects, the results of the speech recognition test were observed to demidexclusionNote

that all subjects were kept for the entire stud.summary of the individual hearing thresholds is
shown inAppendixB with criteriaviolations being highlighted.
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All participants were provided with the same Widex hearing aid in amleompensate for their
individual hearing loss. For further details on the hearing aid fitting and adjustment see chapter
51

4.5 Equipment

The current study was carried out at the ORCA Europe facilities in Stockholm. The listening tests
and the pue-tone audiometry were performed in a sound booth. The stimuli presentation was
realized under free field condition for the listening test and using a Telephonic3J@Hrphone

during the audiometry procedure. In order to perfo the necessary listenirtgsts with regard to

the individual hearing losses, each subject was provided with a Widea hearing aidwithout

any brand nameNote that the hearing aid was programmed to achieve a linear amplification
without any type of adaptive signal processing. The program material was stored in a computer
and played back using a sap consisting of a RME Fireface 800 sound card and a De®o
loudspeaker. For information concerning the calibration of the system, see chdpgehe

LIN2E OSRdzNE 2F aAiraylf LINRPOSaaAy3da gla R2yS Ay
R2008b and with help of the digital audio workstation Steinberg Cuba3eTBE latter was also

used to operate the paired comparison test, while it was remote controlled from the sound booth
using a Frontier Tranzport. The remote control was modified with foam in such a way, that only
the desired functions were operable andibile to the subject Concerning the Hagerman speech

test in noise, Matlab was used for stimplayback the subject was provided with a microphone

to transmit the responses to the test operabr g K2 YI NJ SR (GKS O2NNBOI
YI GNREE€

4.6 Calibration

To ensure aconstant sound pressure levelor the stimuli presentationin the free field, a
calibration procedure was introduced. There, a 60 seconds long sample of white noise was shaped
according to the long term average spectrone representative clean Hagerman sentence (for

the speech recognition tests) and one representative clean running spescrding (for the

paired comparison tests), respectively. Afterwards, the digital rms levels of the shaped noise
samples were adgted to match the level of a Wieng@rocessed noisy sentence with a +4 dB
input SNR. The Wiener processing was chosen because this algorithm was the reference for the
loudness equalizatior(see chapter4.3). For the paired comparison test the selection af
reference algorithm was not crucial, sintiee entire processed running speedmaterial was
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optimized to have identical digital rms levels. The SNR of 4 dB was chosen according to the results

of the preliminary realistic SNR stubee chaptel).

Spectral Shaping
20 T T T T

10

©Orig. Signal
Reference
Shaped Signal

Power Spectrum Magnitude [dB]

10 10°
Frequency [Hz]

Figure 8 White noise shaped according to the long term average spectrum of a Hagerman sentence

Following the signal preparation, the two shaped and leveled noise files were stored on the
laboratory computer. From there they were played back and the sopressure levelwas
checkedr 0 (KS f A a iThe/ rBelsdramentigede peiifdrrdedwith a sound level meter
which was operated in-#veighting mode To achieve the desired playback level of 72 dB SPL, the

output level of the soundcard was directly adjil SR ¢ A G K

GKS KSfLI 2F (K

mixing environment. Since the Hagerman shaped noise and the running speech shaped noise
required different amount of level adjustmest the individual settings were stored 880 presets

in the mixer software.

With a presentation level of 72 dB S&id a posiprocessing measured SMR7 dBachieved by

the Wiener NR algorithma speech level 6054 dB SPwas setl

l.j

KS A& {d S NDaA

reference conditiofh The described calibration routine was repeated once at the beginning of
each day of testing to readjust the level settings in casmeasured presentation level differed

from the desired 72 dB SR\lo adjustments had to be made.
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5 Experimental set -up

This chapter summarizes the schedule for the first part of the study concerning the subjective
listening tests. Besides a practicdéscription on how the listening tests were introduced,
performed and supervised detailed description on each of the three visits will reveal further
AYTF2NXIEGA2Y 2y LINBLINYGA2YyA gAGK NBIFNR G2 4F
compensation for the individual hearing losses.

5.1 Visitl

5.1.1 FRure tone audio metry

Since some of the participants were recruited based on audiograms of earlier sessions (older than
six months), a new audiogram was recorded for those subjects astatiep of the laboratory
study. The pure tone audiometry sessions provided the data on the individual hearing thresholds
for air and bone conduction for the audiometry frequencies 125, 250, 500, 1T&@), 2000,
3000,4000 and 8000 Hz. After recordiniget audiogram, it was checked for possible violations of
the inclusion criteria for the participants and tleidiogram wagiled for later use in the hearing

aid fitting and for the theoretical calculations.

5.1.2 Hearing aid fitting

Since all subjectaere provided with Widex hearing aids, the process of fitting was done with the
appropriate fitting software Compass. The desired, not iApependent gain at any selected
frequency was calculated according to the NAitting rule. This prescription wakeveloped to
define an optimized fitting for linear hearing aids to compensate for mild to moderate hearing
losses and thus matches the requirements of the current study. The original prescription was
modified by decreasing the calculated gaurve by-6 dB. 3 dBwere subtracted to compensate

for summation issues due tabinaural fitting and another 3 dBwere subtracted to compensate

for a higher presentation level in the study than the standard speech level of 65 dB SPL that the
prescription is basedro The decrease in gain from the NRLprescribed also had the advantage

of corresponding tdhe outcome of several studigbat have foundthat the originaINALRfitting

rule might cause slightly too high gain val(i&s].
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The desired linearity of theearing aid was obtained by switching off all adaptive signal processing
features of the device, namely any type of noise reduction or speech enhancement in general, any
compression modes or feedback carnagon.

5.1.3 Ear impression

In some casethere might be need for new earmolds. This was because the NR could be of a type
that reduces the gain most in the low frequency (LF) range. If so, it would be difficult to evaluate
that effect since LF sounds would enter the vent (either the drilled werhe earmould or any
leakage that might be around the earmould@herefore, the ventilation path was occluded with
blue tack during the listening tests

For participants who needed new earmolds, due to improper vent sizes or suboptimal fitiof the
own eamolds, ear impressions had to be taken. Priomaking ear impression®toscopy was
performed in order to examine the external auditory canals with regard to abnormal pathologies.
The ear impressions were taken and sent to an external institute whicuged the adequate
earmolds. New individual earmolds had to be organized for 16 of the participating subjects.

5.2 Visit 2

5.2.1 Hearing aid fitting

The hearing aid fitting was done at the beginning of visito2 subjecs who receivednew
earmolds, but could be carried out in visit 1 for the four subjects who could use their own
earmoulds. For more information on the fitting procedure, see chapiet.2.

5.2.2 Hagerman test

After the participant was provided with the linearly fitted hearingsithe listening tests started

with the Hagerman test. Note that the procedure of the Hagerman test was-aatomatically
controlled by a user interface in Matlab. In order &nsure that the correct calibrated
LINBaSydalridAazy fS@St gl a | OKA S @ 2Rthe sdundickrd mixed a i S
preset, containing the output level settings for the Hagerman test, was selected. A short
instruction was given by thaudiolagistto prepare the subject for the test procedure and to give a

short description of the stimuli. Afterwards, thHigst randomly chosen condition (one of the three

NR algorithms or the unprocessed materiafs chosen as the initial test condition. Rememnb
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that for each type of processing, there was one training list to be performed prior to the actual
data recording. The noisy Hagerman sentence was then binaurally presented to the subject with
the initial SNR condition of 8 dB from a loudspeaker withadi  y OS 2F 2y S YSGSN
position and a height that approximately matched the average length of the subj¥¢tsle the
subject was instructed to repeat the perceived sentence or parts of itatltBologisthad to select

the repeated wordsfrom a matrix which contained the entire inventory of words used in the
Hagerman test. In accordance with the marked words on the screen, the percentage of lgorrect
perceived words was immediately calculated by the software and the next sentence with the
appropriate SNR (se&able | for the stepsize calculation) was presented. This procedure was
repeated for all types of processing, each until one of the abotéria was fulfilled. After
completion of the Hagerman test, the subjetdta was automaticallgtored on the laboratory PC

and the participant was offered to take a break before the second listeningvesitaunched.

5.2.3 Paired Comparison rating

The Hagerman test was for each subject followed by the paired comparison rating. To prapare th
test with regard to the correct level calibration, tlaeidiologisthad to open the sound card mixer
environment again and to select the preset which was stored for the PCR. Afterwards, the
software Cubase E3 was launched to control the test procedur@&he software, which was
originally designed for multrack audio recording and mixing, was configured to allow for a paired
comparison performance as follows:

Two empty audio tracks were created and their outputs routed to the loudspeaker system in the
sound booth The audio files for the first comparison were placed on the audio tracks in such a
manner, that the processed file was played back from one track and the unprocessed from the
other (e.g. unprocessed on audiol and processed on audio2). Both eweints were looped and
synchronized in time, i.e. their start points were detthe same value on the Cubase internal
virtual timeline. By pressing the pldyutton, both audio tracks were presented simultaneously,
whereas the desired one (the one seledtior listening) was set to solmode, which means that

the output of the other track was automatically muted. Due to this, the audio outputs of the
corresponding tracks were muted alternately by switching between the tracks. Note that within
Cubase, whicls optimized for handling audio material, the process of switching did not cause any
audible artifacts. The described procedure assures, that independent from switching tracks, the
running speech material was continuously presented to the listener,hesptocess of switching
between the tracks solely corresponded to the activation/deactivation of the noise reduction. All
other comparison pairs were consecutively arranged on the timedioeordingto the defined,
randomized order. The presented signalmmarison was playbackoped until it was manually
selected to proceed with the next comparison. In order to avoid a visual distraction by the
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graphical user interface on the screen, the entire test was rercotgrolled from the sound

booth by theaudiolagist2 NJ 4§ KS &dzo 2SO0 ORSLISYRAYy3a 2y GKS a
control). The functionality of the remote control was restricted included starting and stopping the
audio playback, switching between tracks and proceeding to the next compa¥duile being in
playbackmode, a LED on the remote control indicated the currently played audio.track

Within the current visit, each rating category (preference, speech clarity and noise loudness) was
tested once (three runs of the PCR procedure per)yigith each combination of unprocessed
and processed material, i.e. each SNR condition and each type of noise reduction, was included.

Before the actual testing was performed, a training run was initialized to familiarize the subject
with the remote contol, the stimuli and the test/rating procedure. Thereforan extraset of

paired comparison was usetsame for each subjegt During the entire PCR proceduren a
audiologistsupervised the performance to check for correct stimulus presentation and prcgzer u

of the appropriate rating scheme. No limitations concerning the duration of the stimulus
presentation were defined, i.e. the subject was instructed to switch between the two sound
samples as often as desired in order to make the final judgment. ThE €l Q&4 LINBFSNBY
regard to the current rating dimension, was then evaluated on the bipolar rating scale as shown in
Appendix A The scale was provided on paper and the subject was free to set a mark anywhere
between the left and right border of the scale, with 0 indicating the point of equal quality.

Visit 2wascompleted after the rating for each comparison pair in each ratiaggory was made
by the subject. The rating sheets were then filed for statistical analysis and a time and date was
arranged for visit 3.

5.3 Visit 3

The purpose of the last visit was tobtain a second set of dataith regard to the speech
recogniton scores and the quality ratings obtained during visit 2. Therefore, the same test
procedures already described for visit 2 were used to obtain a second set of results
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6 Objective methods

The task of the below described objectireethodsis to provide a preferably accurate prediction

of the results of the corresponding listening test. As already described in the introduction, the
subjectively perceived information, used to evaluate different quality aspects of an audio signal
(such as e.gnoise loudness, speech intelligibility or sound quality), is based on different physical
and psychoacoustical aspects, which are introduced by the signal processing schemes of a hearing
aid. Therefore, a certain set of different objective measures wéects in this study in order to

allow for a differentiated objective evaluation of the criteria retrieviadthe listening testsThe
methods are described in the following subhapters, where the Speech Intelligibility Index was
used to predict the restd of the Hagerman test and all other objective methods were supposed

to be correlated with the results of the PCR.

6.1 Theoretical measures

6.1.1 Speech Intelligibility Index (SII)

The Sll is a physical measure which shows a high correlationtheitbutcome of a variety of
subjective listening tests for speech intelligibility, such as the Hagerman test in noise which was
employed in this study. As an American National Standard (ANSLSB/% this method is well
established and it is included many similar studies. It is to mention that originally, this standard
was developed to predict the results of listening tests performed by otologically nédrezaing
subjects. But the measure has developed to include parameters such as an equivaleng hear
threshold and an insertion gain to account for hearing loss and the use of a hearing device which
offers amplification or attenuation. Besides the hearing threshold and the insertion gain, the
equivalent speech and noise spectrum are required for thlewations. The SlI calculations can
furthermore be made with various spectral resolutions on the input spectra. As a last parameter
for the standard computation, the Sll employs a certain band importance function which is
supposed to account for the chaateristics of the actual speech material. In order to use the Sll as
a prediction of the results derived from the Hagerman test, the calculations were done with regard
to the following implementation:

The separated speech and noise spectra have to bemdxdaafter processing by the NR algorithm
toend dzNBE GKS alFYS aiaaylrta Fd GKS AyLdzi G2 GKS
Therefore, the processed noisy files were treated using the Hagerman and Olofsson method (see
chapter6.1.2)to separat the speech from the noise after processing. Concerning the resolution

of the input spectra analysis, speech and noise were analyzed wthodeoctave bands. Since
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there is no band importance function whichparticulady derived from the program mateal of

the Hagerman test, the band importance function for a similast,t¢he SpeecHn-Noise test
(SPINJ16], was usedIn addition, a desensitization stag§l7] was included in the calculations. In
order to allow a more straightforward comparison tietresults from the Sll calculations and the
results of the Hagerman test, it was helpful to transform the Sll into speech recognition probability
according to the following equatioi 8]:

1 Q0é Qt Qp @B 8

The input argumentsa the SII measure, i.e. the crucial spectrum levels were derived from the
same list of Hagerman sentences for each subject, but at the particular SNR each individual ended
up with at the listening test. Furthermore, the individual hearing thresholds amdrdal ear
insertion gains (REI@jereincluded to personalize the results.

6.1.C (ACAOIT AT AT A /171 £0011T8680 1 AOGET A
The Hagerman and Olofsson meth{f] is based on the separation of speech and noise after

processing, i.e. it indicates the changes to theut SNR imposed by the NR algorithm. Thus, the
result of this method can be expressed as an improvement in SNR.

To perform the measurement, two different noisy input signals are created:

whered 0 denotes the clean speech signal and the noise signal. According to the equations,

the difference of the two input signals is a 180° phase shift of the noise @art. and
W are then processed by the noise reduction algorithm to compute the two output signals
() and® . By adding and subtracting these signals the Hagerman and Olofsson method

results in the following outputs:
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According to this, the spectra of the processed speech and the processed noise are available
separately and their relation can be expressed as the SNR of the enhanced signal.

Since an improvemernh SNR should be reflected by the subjective assessment of noise loudness,
one of the criteria of the PCR, the processed speech and noise signals from the running speech
samples were selected as input signals for the Hagerman & Olofsson method. Thetieéore,
speech and noise signals were separated after being processed by the different NR algorithms and
the improvement in SNR was calculated for eamtordingfor each type of noise reduction. The
mean value of altecordingswithin one NR algorithm was fafly calculated to get a single value

for the SNR improvement of the specific NR algorithm.

6.1.0 /11T £001TT AT A (AT OAT 60 3ECT Al O $EOOT OOET I

This objective measure analyzes the amount of distortion caused by a processing sdhame o
nonlinear system, e.g. a NR algorithm. Unlike most other measures focusing on nonlinear
distortion, the SDR measure does not use the coherence between an input and a corresponding
output signal to estimate the degree of introduced distortion, but conggatwo output signals.
These two output signals result from two input signals which are passed through the system under
test separately and are linearly related by the Hilbert transform, i.e. the two sigmafs and

@ O can be called a Hilbert paiif, @ 0 is the Hilbert transform ofw 0. After being passed
through a nonlinear processing, these signals would lose their property of being a Hilbert pair with
the amount of mismatch indicating the degree of nonlinearity. To quantify this m@méte twe

sided power spectral density (PSD) of a complex signal, which is derived from the two real valued
output signals, is calculated. Any nonlinearity will cause a-zesn PSD at the negative
frequencies as well as it will influence the PSD attpasfrequencies. The ratio between the PSD

at positive and that at negative frequencies can thénally, be expressed as a frequency
dependent SDR. By weighting the signal PSD and the distortion PSD-weilyhting filters and
calculating the differene at their output, it is possible to specify a single SDR in diasko be
mentioned that the described method is sensitive to fastting applications but not to systems

with slow adaption times.

The following listing summarizes the procedure of Glogsy 'y R | I yaSyQa {5w Y
employed to evaluate the program material for the PCR. The processing scheme has been
performed for each sentence processed by each of the included NR algorithms as well as for the
unprocessed files.
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1. The two input sigalsw 0 and w0 were derived from the original recordings, where
WO " wo , i.e. the Hilbert transform ofo 6 was calculated and both signals were
stored separately.

2. w0 andw 0 were run through the noise reduction algorithm to obtain the two output
signalsh 0 andw o . Afterwards a new complex signald  ©wo6 @ 0 was formed.

3. If the tested system is linear, the two output signal® andw 0 keep the property othe
input signals which formed a Hilbert pair. To verify this, the-siked PSD ob 0 was
calculated to maintain values for the negative frequenci®és "Q and the positive
frequencies’Y "Q, respectively. Note that a PSD at the negative frequencies uaigg
zero indicates a notinear behavior of the system under test.

4. To achieve a single number SDR result, the signal and the distortion PSBweighted
and the difference in power at the filter outputs was calculated.

5. Within one type of process (i.e. the processed sentences for one NR algorithm) the
mean value of all sentences was calculated to result in a single number SDR which
represents the amount of nehinearity of the particular algorithm.

This method has showed a high correlation between subjective and objective data on distortion
produced by the nodinear behavior of several compression systdt]sit should be noted, that

the requirement that the two output signals of a system form tbétit pair, when the respective
input signals fom a Hilbert pair, is a necessary but probably not sufficient condition for the system
to be free from perceptible distortion.

The A-weighted SDR was measured for eaebordingof running speech for each g of noise
reduction. Afterwards, the mean value of aficordingswithin one type of noise reduction was
calculated to gain the averaged SDR for the particular NR algorithm.
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6.1.4 Perceptual Evaluation of Speech Quality (PESQ)

The PESQ is registered as recommendation P.862 of the International Telecommunication Union
(ITU) for objective evaluations of end-end speech quality of narroland telephone networks

and speech coded8]. The method outputs a score which is supposedbé a proper prediction of

the quality assessment made by listeners. Therefore, the PESQ is based on the comparison of an
original/clean input signado 6 and the corresponding output signaldy which was fed through

the system under test. To accoufdr psychophysical aspects of the human auditory system, the
PESQ employs a perceptual model which estimates the internal representation of an audio signal
which is available as an input to the system. The procedure is illustratéegure 9.

Reference Level Input —»  Auditory
. - I B
signal alien filter transform
Ve ! Prediction of
0 \‘\ Time . R .. ercerved
| System i | Disturbance [, Cogmitive _,.p
\_ under J align anc S = speech
under test . processing modelling .
S~ equalise T = \‘ = quality
Deg‘adcdl—p LE_VEI | Tnput | | —»| Auditory Identify bad
signal align filter transform mntervals

Fy

Re-align bad intervals

o

Figure 9 Summarized scheme of the PESQ procedure

The PESQ defines a constant subjective listening level of 79 dB SPL at the ear reference point (ITU
T P.830). To account for this definition, both input signals to the objective method, i.e. the
original/clean sgnalandthe degraded signal are equalized to have the same constant power level.
Since the measurement was developed to evaluate speech quality in the field of
telecommunication, the input signals to the PESQ are filtered to match the frequency resgonse o
a standard telephone handset. At the next stage the two signals are aligned in time so that
corresponding parts of the original and degraded signal are considered for comparison. This step is
reconsidered after the perceptual model is applied, to realggcttions which lead to large
disturbance values. These disturbance values are an output of the employed perceptual model
(AppendixQ which is applied to maintain the discrepancy between original and degraded signal.
The absolute difference between an ginal and a degraded section gives a measure of audible
error/distortion. The result of this measure (including additional weighting and averaging) finally
stands for the PESQ scores which, for most cases, match the range of scores that result from well
edablished subjective listening tests. Thus, the PESQ allows for a straight forward correlation
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analyses between subjective and objective damathe current study, the correlation betweethe
PESQ scores and the PCR resdts be determinedThis is espgally interesting with regard to
GKS NYGAy3I OFGS3I2NASaE aalLISSOK Of I NAdGeée FyYyR alL

6.1.V (6 ATA ,TEUIT O8O0 #11 bl OEOA - AAOGOOA

For all theaforementionedmethods it is true that they are optimized to estimate or predict a
certain aspect of signal quality or intelligibility. Thus, for most cases, the authors of the objective
measures note, that their calculation is most likely not sufficient to replace subjectise t
methods completely. This is because a method predicting the extent of distortion is not directly
capable of givingraaccurate estimation of for example speech intelligibility, whereas the Sll is no
proper predictor for noise loudness or hearing fatgtidence, a linear or nonlinear combination of
different measures that focus on different aspects of quality or intelligibility assessment could
potentially yield an improvement concerning the correlation between subject and objective data,
in particular wth regard to the prediction of overall quality or the choice of preference.

A composite measure developed by Hu and Loiguwas used in this study. The authors
examined different combinations of existing objective measures to form three basic predfotor
overall quality ¢ ), signal distortiond ) and noise distortiond ). To find the optimal weighting
factors for the different measure within one predictor, linear and nonlinear regression analysis
procedures were used. The three composite s@@s include the segmental SNR measure
(segSNR), the frequentysed segmental SNR (fwWSNRseg), the PESQ, the Weighted spectral Slope
measure (WSS), the L-ogelihood Ratio (LLR) and Cepstrum Distance Measure (CEP):

6 P& X XTW® 0 Q0 YO 'Yi OfRT g0 O°YO & Yd 0 YTSt oY1 T ¢ 00
TIo@E QQYOTP mgd O Y'Y

6 TR won® ¢ Q0 YO Y ZRYE OYD ) Yed 0 Y18t p FOYTIE T ¢ OO
mMio@ QQVY0'Y

6 p8iTpT® p QO YO Y Qo @ O°YD v ¢00 Y @i mgOY T T @ 00
T 0 gd O Y'Y

where the subscript in the abbreviations indicatest@ some extent optimized version of the
original measure.
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In connection tothe rating categories for the PCR, the composite measure became interesting
particularlybecause of the possibility to compare the composite measure scores for overall quality
G2 GKS t/w OF{iS3I2NE GLINBFSNBYyOS¢ YR (GKS aoz
Of F NARG&¢

6.2 Signal preparation for the objective measures

To compare the results from the subjective listening tests to some objective calculati@ns,
described objective measureswere applied to the speech material.Since those objective
measures were supposed to give a prediction of the corresponding swgeasults from the
listening tests, it was crucial that the files at the input of the objective measures have identical
LINPLISNIASE Ay O2YLI NR&az2y $AGK GKS NBLNBaSyidl
level. For this reason, certain mdidations of the program material were required before the
objective measures could be applied.

6.2.1 Speech intelligibility Index

For the SII calculations there are several input arguments requiretudng the equivalent

speech spectrum level anthe equivalent noise spectrum level of the program material after
being processed by the NR algorithm. The spectrum levels of the processed files for speech and
noise separately are gained from the addition and subtraction of the original processednfiles a

the same processed files but with a 180° phase shifted noise part. This modification was done
according to the Hagerman and Olofsson method (see chdpfeR).Since the onghird octave

band method for the SlI calculations was chosen for this studynbise and the speech part of

the material was filtered in on¢hird octave bands according to the ANSI SH986 specification

for octave band and fractional octave band digital filtgt8]. Thiswas donefor the bands ranging

from 1600 Hz to 8000 Hayhereas the bands below 1600 Hz were filtered according to the
multirate filter implementation of Orfanidif20]. After the filtering processthe transfer function

2T (GKS aAr3aylrt OKIFIAY FTNRBY GKS O2Yiddogtédbldbad 2 (K
filtered) was applied to both speech and noise to assure the same signal characteristics at the
AyLlzi 2F GKS {LL OIFtOdzZFGA2y Ia G (GKS &adzmaScC
one-third octave bands into the appropriate spectrum lesjghe following calculation was done:
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where wis the overall level after energy summatiofQthe center frequency of the current ore
third octave band and the corresponding rms power at that band.

where @ "Q denotes the rms level in dB SPL at the -timed octave bandQ with being the
OFf AN SR aLISSOK tS@St |4 GKS fAaGSYSNna LkRa

®0 ® 0 pEiiDHQ

where ® "Q is the spectral level aht "Q the bandwidth corresponding to the orthird octave
band center frequenciQ

The described calculation was done for both the processed noise and the processed speech signals
from one list of Hagerman sentences and the spectral levels ageaged (median values) within

the list before the actual Sll scores were computed. The same Hagerman list (set of sentences) was
chosen for all subjects, whereas the levels of the speech and noise parts within that particular list
were dependent on thendividual SNR at which the subjects ended up in the Hagerman test. The
FdzNI KSNJ Ay Ldzi F NBdzySyida (G2 GKS {LL OFf OdzZ I A2
hearing threshold levels and the REIG. Both information were available in the nemuedhd

required no further modifications.

622 (ACAOI AT AT A /171 £001 160 1 AOET A

The Hagerman and Olofsson method to measure an improvement in SNR is based on the relation
between the SNR of the unprocessed noisy material at the input of the NR algorithm and the SNR
of the enhanced output material. To allow for a direct calculatiorthef SNR of the processed
material, the spectra of both the processed speech and the processed noise need to be available
separately. In order to obtain this type of data, the process of computing the unprocessed noisy
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signals was modified in such a wayattexactly the same noise sample was both added and
subtracted from the clean speech material. Both versions were then stored separately. For further
information on the theoretical aspects of this method, see chaptér2.

623 /11 £001T 1T Al BRnjeAsur® AT 6 O 3

The running speech recordings were regarded as the input material for the SDR measure
Therefore, the Hilbert transform of each sentence processed by each NR algorithm, as well as of
the unprocessed files were calculated and separately stofidte original material and the
corresponding Hilbert transforms were then passed through the systems under test to obtain the
processed output pair which is at the same time the input pair for the SDR measure. For further
details on the method see chaptérl.3

To ensure that the input material to the objective measure had the same signal characteristics as
0KS aAaylt GKIFGd ¢g2ddZd R 06S NBO2NRSR 4 GKS &dz
signal chain as well as the individual REIG were appdigde material. As an addition to the
original method introduced by Olofsson and Hansen, which does not account for the individual
hearing threshold of a subject while evaluating the predictive performance, the hearing thresholds

of the subjects in the wrent study have to be considered to allow for individual results per
subject. Therefore, a white noise was shaped with regard to the individual hearing threshold of
the subjects and added to the input signal before the objective measure was performueal. T
procedure of shaping the noise is summarized in chapi2i5.

6.2.4 Composite and PESQ measure

The PESQ and the composite measure allow a maximum input sample rate of 16 kHz. Thus, the
running speech material was downsampled to this value priortite computation of the
measures. As for the SDR measure, the PESQ and the composite measure were not designed to
take individual hearing thresholds into account. Thus, the input program material was modified in
the same way as for the SDR measure, i.e.pgfegram material was filtered according to the
aArdylrt OKIFIAyQa (UNIYaFSN FdzyOliA2y YR (GKS AYRA
added to individualize the results.
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6.2.5 Hearing threshold shaped noise

None of the objective methodshich were employed to predict aspects of sound quality allow for
entering subjectelated, individual data. The theoretical measures are mainly based on the
comparison of parameters obtained from the spectral information of the input signals, i.e. most
caes solely an unprocessed and the corresponding processed file are passed through the
objective measure. Bufor tests involving hearingmpaired subjects, it might banportant to
individualize the results. Therefore, modifications of the input materight objective measures
wererequired.

Adding information like the transfer function of the signal chain or the REIG to the input signals is
synonymous with applying a certain amount of linear filtering to the noisy signal. This does not
affect the physicRSNR since the same linear filter is applied on the noise and the speech part of
the signal to the same extentlowevez Al 61 a8 RSOARSR (G2 FRR SEGN]
hearing loss to the program material before it was passed through the obgectilculations. This
information was provided in form ad white noise, whichwasshaped according to the individual
hearing thresholds of each subject. The frequency range of the noise was limited to 8000 Hz
because the spectral contribution above 800@ ttas low for boththe speech andhe noise

material. Furthermore, the transfer function reveals an extra attenuation in the high frequency
regions. The process of noise shaping can be summarized assfollow

1. with information on the digital rms level of the program material and the presentation
f SO@St G GKS af AirdB SRLSMNNNRar taibeation facgwfas calculated:
| pT

2. the hearing thresholdsY "Q and the nominal maximum audibleefd (MAF) values
(provided for one third octave bands) were interpolated to obtain values for the entire
frequency range of the desired noise signal. Afterwards a level conversion to dB SPL was
applied:

Y QY 'Q 00

3. in order to obtain the correct calibrated threshold valués , the calibration factor was
applied:
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4. the vector of hearing thresholds Y was regarded as a linear system with the
corresponding impulse respons®0. A white noise € 0 was produced and the
convolution of Q0 and ¢ 0 resulted in the desired hearing threshold shaped noise
W 0:

w o e O
After the computation, the individual hearing threshold shaped noise for each subject was stored
onthe computer.
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7 Results

7.1 Listening tests

7.1.1 Speech recognition

The results for the Hagerman speech test in noise were derived from the combined data set from
both listening test sessions. This means that for each subject two SNR values per NR adgatithm

the unprocessed condition were included in the collected datse test design of the Hagerman

test in this study implies that the obtained SNR values correspond to a speech recognition score of
80%. The mean values between the two obtained SNRs for each subject and each signal condition
are given in Tablél. The &st row in this Table denotes the acremshjects mean SNR value for
each NR algorithm and the unprocessed condition, respectively.

Tablelll. Individual results for the Hagerman test for each NR algorithm and the unprocessed Inateria
Values indicate the SNRs [dB] which lead to speech recognition scores of 80%. Also, thsubpeoss
standard deviation (SD) and mean values are given.

Subject Nr. PSSLP Unprocessed WEDM Wiener
1 +0.0 -2.9 +15 -0.9
2 +2.6 -0.8 +4.4 +18
3 -2.9 -2.8 +04 -2.0
4 +2.6 2.1 -04 +25
5 -3.1 -14 -1.0 -0.1
6 -3.2 -2.0 -2.9 -1.4
7 -1.1 -0.1 +1.0 -2.5
8 -3.9 -4.9 -3.6 -3.3
9 -2.6 -1.3 -1.3 -1.8
10 -0.3 -0.5 +1.0 -1.3
11 +8.1 +25 +9.9 +35
12 -2.5 -3.1 -25 -3.6
13 -1.1 -0.8 -1.5 -2.6
14 +2.8 +34 +5.9 +2.8
15 2.4 -1.9 -0.8 +0.1
16 +0.1 2.1 -0.9 +0.8
17 +1.0 -04 +35 -0.9
18 +2.8 +0.6 +24 +21
19 -5.4 -3.6 -2.9 -4.0
20 -0.8 +04 -0.1 -0.5
SD +3.1 +2.0 +3.3 +2.2
Mean -0.5 -1.2 +0.6 -0.6
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With regard to the acrossubjects mean valuesf the SNR for speech recognitisnoresof 80%,

the lowest(and best)value of-1.2 dB was observed for the unprocessed material. For the noisy
speech material with applied noise reduction, a slightly higher B&HRequired to reach a speech
recognitionof 80%. This means, that each NR algorithm degrades the speech material to some
extent, so that alsothe speech recognition is decreased. The calculated SNR improvements
(equivalent to the degree of degradation), which are needed after the NR processiaghieve

the same speech recognition score as for the unprocessed material are 0.7 dB (PSSLP), 1.8 dB
(WEDM) and 0.6 dB (Wiener). The results ¢fri@dman tweway analysis of variance lgnks
revealedthat the difference betweerthe processing with theWVNEDM algorithmand all other
conditionsis statistically significant (p<(Gj

7.1.2 Paired Comparison Rating

The individual ratings per subject and per rating category were analyzed as described in chapter
4.2.2 With regard to this, also the results for the PCR are expressed in dB values, which describe a
positive or negative gain in sigAal-noise ratio. Negative SNjins specify some sort of signal
degradation caused by the NR processing, while positive valaéise the degree of benefit
introduced by the algorithm.

The analysis of the rating sheets was already started after approximately half of the subjects
completed at least one session of the listening tests. Since some of the obtained rating results
from the PCR showed extremely unexpected and rather illogical characteristics, the material for
the particular sessions were reviewed. This examination revealed that the NR performance was
very different forone particular running speech recording. The spekcshape of this recording
differed to such an extent from the other material that a fair comparison wagossibleand the
recording had to be excluded from further tests. For the subjects who did not complete both test
and retest by then, a new runningpeech recording was processed to replace the defective one.
The ratings that were done ote faulty stimulusprior to its exclusion were excluded from the
analysis After the data exclusiomt least two ratings were available for each subject, so that a
SNRgain value could be calculated for each subject and each rating condition. A summary of the
number of ratings which resulted in the final S&n is given in Tabl. For more than half of

the subjects, the SNgain could be calculated on a compleget of ratings, while in six cases the
calculated gain refers to just one rating pair (one rating for the equal SNR condition and one for
the corresponding +5 dB SNR condition).
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Table IV.Number of subjects for which the calculated S was based oane, two, three or all four rating pairs.
Statistic for each PCR condition (NR algorithm and rating category).

Rating pairs Preference Speech Clarity Noise Loudness

used for gain

calculation

PSSLP WEDM  Wiener PSSLP WEDM  Wiener PSSLP WEDM  Wiener

4 13 11 12 10 11 12 11 13 12
3 5 4 5 6 7 7 4 5 5
2 2 5 3 3 2 0 4 1 1
1 0 0 0 1 0 1 1 1 2

In order to visualize the sound quality judgments of the PCR, depending on the rating category and
the type of noise reduction, the following figures show the mean vatidke calculated SNBain

across subjects. The straight red line denotes the median and the blue box thegiradiie

range, limited at the bottom by the 25% quartile and at the top by the 75% quartile. The whiskers
are maximized to 1.5 times the interquartile range and outliers within the set of collected data are
marked by red crosses.

Preference:

¢KS NBadzZ Ga F2N) GKS NI GAy3 OF G $03sn NEervigwtoNteT S NS
boxplots allows the statement, that none of the tested NR algorithms is capable of providing an
explicit benefit for the hearing impaired subjects. In casenefWEDM and the Wiener algorithm,

even a slight to moderate qualiyegradation can be observed. The median $€iR values and

those at the 25% and the 75% quatrtile are given in the following table.

Table V.SNRgain values (dB) at the different quarslidor the rating
OF1SI2NE dat NBFSNBy OS¢

PCRwl GAYy3 /I 532NE

psslp wedm wiener
25%quartile -1,.3 -3,3 -3,3
50%quartile 0 -2,5 -1,7
75%quartile 0,3 -1,0 0,9
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The interquartile ranges for the WEDM and the Wiener algorilienconsideralyl larger than the

range for the PSSLP noise reduction. For the latter, the subjects found it difficult to make a choice
on preference between the processed and the unprocessed material. For this algorithm, the rating
results are on averagdase to the point of subjective equality.

FPREFEREMCE - boxplots for median per subject
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values in dB for each NR algorithm.

Speech clarity:

¢CKS NBadzZ Ga F2NJ GKS NI GAy3a OF (s waildldhe sabjettieS O K
ratings indicate that for the PSSLP and the Wiener algorithm the speech clarity is neither clearly
degraded nor improved, the results for the WEDM algoritdmw an explicit degree of speech
clarity degradation. This finding is conform to the results of the speech recognition test, were the
WEDMprocessed material required a significgnhigher SNRhan the rest of the conditionsn

order to achieve a speeclecognition score of 80%. The exact valuegstierSNRyain at the 25%,

50% and 75% quatrtile are given in the following table.
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TableVI. SNRgain values (dB) at the different quartiles for the rating
OFiS3I2NE a{LISSOK Of I NnGe&¢

PCRwl Ay 3 BSpedcllaripyNE

psslp wedm wiener
25%quartile -11 -7,0 -2,5
50%quartile 0 4.7 -0,1
75%quartile 1,0 -2,5 1,9

¢KS NBadzZ Ga F2NJ 6KS NIXadGAy3a OFdGS3a2NE a{ LISSOK C
and Wiener), there were participanishoNJ 4§ SR G KS YIFGSNAFf Qa &aLISSOK
the algorithm (positive gain values at the 75% quatrtile), eviaihother group of the subjects
perceived the speech clarity to be reduced (negative gain values at the 25% quatrtile).

SPEECH CLARITY - boxplots for median per subject

dB
. =
S o SO
dB
o
————e
dB
o

2 | | 2 | 2t |
B |

4 | At 1 4 | 1
|
|

B | &} | B | |
!

PSSLP WEDM Wiener

Figure 11{ dzo 2S OG0 A @S NI} GAy3a FNRY (GKS t/w -F2NJ 4KS OF (-
gain values in dB for each NR algorithm.
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Noi® Loudness:

The loudness of the background noise in the program material, subjectively rated as an aspect of
sound quality is shown in Figul®. Note that for each rating category a positive S value
represents a benefit for the hearing impaired.uBh a positive gain value for the noise loudness
category stands for a reduction of the noise loudness. According to the subjective ratings, the
WEDM and the Wiener NR algorithm were explicitly able to reduce the noise loudness while the
effect was rathemarginal for the PSSLP algorithm. The median@Rvalues and the values at

the 25% and the 75% quatrtile are given in the following table.

Table VIIL.SNRgain values (dB) at the different quartiles for the rating
OFiS3a2NE dab2AasS f2dzRySaas

PCR; Rating/ I (i S WNaiseBoudaess

psslp wedm wiener
25%quartile 0 1,3 1,7
50%quartile 0 2,5 2,5
75%quartile 0,9 4.8 40

The results indicate that for the majority of the subjects the improvement in SNR, gained with the
help of the used NRBIgorithms, exceeds a maximum of +5 dB only in exceptional cases. Especially
for the PSSLP algorithm, which is optimized for adstortion implementation in a hearing aid,

there is almost no effect on the SNR noticeable for the hearing impaired subjects
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MOISE LOUDNESS - boxplots for median per subject
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SNRgain values in dB for each NR algorithm.

7.2 Objective Measures

7.2.1 Sl

-

t

/' w FT2NJ GKS

The results for the speech intelligibility indexere obtained according to the method described in
chapter6.1.1 Thus, an estimated recognition scarepercent, based on the SllI calculation, was
calculated for each subject (including individual data such as the hearing threshold and the REIG)

and for each program material condition (Hagerman sentences processed by the three NR

algorithms and the unprocessed material). Ta¥ld summarizes the individual results for the SlI
calculations, where only the results for the better ear were included.
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TableVIll. Estimated speech recognition scores (%) for the better ear from the Sll calculations for each NR algorithm
and the unprocessed material. Also the acresgbject standard deviations (SD) and mean values are given.

Subject Nr. PSSLP Unprocessed WEDM Wiener
1 96,2 96,8 96,1 96,0
2 91,2 92,1 91,6 91,5
3 96,9 98,9 99,5 98,9
4 89,7 95,3 97,2 95,6
5 97,0 97,5 99,2 98,6
6 97,1 99,2 99,0 99,4
7 94,3 92,4 96,4 96,4
8 97,8 97,4 98,1 98,8
9 92,1 91,8 95,8 92,2
10 95,2 97,4 97,7 97,8
11 98,1 97,3 98,8 98,4
12 82,4 83,7 88,1 84,8
13 98,5 99,4 99,6 99,1
14 91,7 92,2 95,3 92,3
15 98,2 98,5 99,1 98,0
16 92,6 93,5 96,9 94,6
17 86,5 87,7 93,5 92,7
18 94,9 96,4 97,1 97,4
19 84,1 87,3 92,2 86,1
20 90,2 92,4 93,8 93,3
SD 4,8 5.0 3.2 4.4
Mean 94,1 93.2 96.4 95.2

Table VIIl and Figurel3 reveal that the calculated mean values for each NR algorithm/the
unprocessed material are on average betw&3and 97 % with the hghest score fothe WEDM
algorithm and the worst recognition for unprocessed material.
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Figurel3. Median (red line), interquartile range (blue box) and 10% and 90% quantile (whiskers) valuesSt{%)e
calculated by the Sl method. Red plus symbols mark the outliers in the data set.

Sl vs. subjective results

Since the Hagerman test parameters were modified, so that the resulting SNRs correspond to
speech recognition scores of 80%, the same vahmuld also be calculated by the Sl method for
each subject and stimulus condition (if the objective measure performs an accurate prediction of
the subjective results). The Sl method showsraccurate performance regarding the fact, that
the same progam material, which leads to a constant speech recognition score of 80% within the
Hagerman testleads todissimilar scores calculated by the Sl meth@dFriedman test(p-value
smaller than 0,0Lindicatesthat there are statistically significartifferences acrossonditions.

The analysis was performexh the pooled subject dataConcerning the ability of the objective
method to give a precise prediction of the results from an appropriate subjective thst
calculated values from the SII measure are on averdgg score values (percent speech
recognition)highercompared to the subjective observatignse. the Slimodel overestimateshe
speech intelligibility This is because the distortidntroduced by each type of processing is not
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taken into account within the Sll calculations, so thia differing scores are mainly due to the
post processing change in SNR.

7.2.2 Hagerman & Olofsson method

To characterize the used NR algorithms with regard to their ability to physically reduce the noise
loudness, the SNR after processing was calculated according to the method described in chapter
6.1.2 The mean SNR value (after processing) of all runniegcéprecordings within one NR
algorithm was calculated to get a single value for the SNR improvement gained by the specific NR
algorithm. The results show the highest SNR improvement for the WEDM algorithm with 4.6 dB,
followed by the Wiener algorithm with value of 2.7 dB and finally the PSSLP, which improves the
SNR of the input material on average by 1.3 dB.

Hagerman & Olofsson vs. subjective results

To use the advantage of the PCR method which provides results in terms @faBNR dB, the

resuia FNRY GKS t/w OF(S5S32 NB wetebcBmpar&d to thedzBNRS & & €
improvements calculated with the Hagerman & Olofsson method. The observation that the
smallest objectively obtained SNR improvement was introduced by the PSSLP algorithm is also
reflected by the results of the PCR, where the $JdiR was calculated with a median of 0 dB and

75% quartile value of 1 dB. Thus, the objective measure provides a good estimation for the results
at the upper end of the interquartile range of the subjeetiresults. This is also true for the WEDM
algorithm, were the objectively measured 4.6 dB SNR improvement differ from the subjectively
obtained 4.8 dB SN&ain at the 75% quartile by only 0.2 dB. Tdlleombines the results for both

the PCR and the olgve Hagerman & Olofsson method.

Table IX.SNRgain values (dB) at the different quartiles for the rating
OF 6S3A2NE ab2Aas-impraveneyt SdBY calculatgdRrith{ b w
the objective Hagerman & Olofsson method

dNoise loudnessrating and objectively measure
SNR improvement

psslp wedm wiener
25% quartile 0 -0.7 15
50% quartile 0 2.5 2.5
75% quartile 1.0 4.8 4.1
H&O SNR 1.3 4.6 2.7

improvement
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Unlike the previous measurement, which focused on a sigoaloise ratio, the SDR is an
abbreviation for signato-distortion ratio. According to the description of the method in chapter
6.1.3 the results from the Aveighted SDR measure are expressed in dBravinigher values
indicate less distortion and vice versa. The individual results for each subject and each stimulus
condition (NR algorithm/unprocessed) are presentedable X

Table X Individual results for the SDR measure for each NR algorithmtendrprocessed material.
Values indicate the #veighted SDRs (dB). Also, the acreskject standard deviations (SD) and mean
values are given.

Subject Nr. PSSLP Unprocessed WEDM Wiener
1 60.7 94.5 56.4 59.6
2
60.5

106.6 55.6 57.7
3 60.5

1089 56.0 59.2
4 59.9

1168 55.2 59.1
5 61.3

1201 56.7 59.0
6 60.3

1355 55.7 594
7 61.8

1192 57.3 59.2
8 61.6

1140 57.0 60.1
9 59.5

1223 55.8 59.2
10 63.2

1051 60.2 59.9
11 62.5

1112 58.3 59.7
12 62.2

88.9 59.2 60.7
13 594

1133 55.3 58.7
14 62.3

1116 58.5 58.6
15 60.2

1187 56.7 58.7
16 62.1

1209 57.9 59.1
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17 58.6

745 59.8 59.0
18 62.2

85.9 57.5 59.0
19 619

785 59.0 59.6
20 582

1183 559 59.6
SD 14 15.9 1.54 0.6
Mean 60.9 108.2 57.2 59.2

Note that the calculations according to the SDR measure were done based on the correlation
between two output signals after being passed through the NR algorithms. Thus, the mean SDR
value for the unprocessed condih of 108.2 dB can be considered to be a reference for a system
which is not adding any nonlinearity to the input material. The program material processed by the
WEDMalgorithm provides the lowest SDR%%.2 dB, i.e., according to the objecti8DR measure,

this algorithm produces the highest amount of distortiddowever,there are no statistically
significant differences between tifeDRvalues for thealgorithms.

SDR measure vs. subjective results

To analyze if the degree of distortion, calculated by the SDR measure, can reflect any result from
the PCR, i.e. any aspect of subjectively perceived quality, the individual SDR values were compared
to individual SNRain values of each PCR category. Eiddris selected to show a representative
outcome of the comparison.
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Figure 14 Individual SDR values as a function of the -§&AlR values from the
preference ratings from the subjective PCR test.

As already observable in the figure, the correlati@iviieen objective and subjective results is
rather poor. The calculated correlation coefficient for the data in Figdris i 1@ X.U'his

value is also representative for the relations between any other combination of subjective quality
aspect and objective SDR calculation (for each NR algorithm).

7.2.4 Composite measure and PESQ

Unlike all previous objective measures, which resula value which can be expressed in decibel,

the composite measure and the PESQ provide scores as a result. Concerning the composite
measure, a score between 1 and 5 is obtained for each category of the measure (signal distortion,
background distortiorand overall quality), where 1 stands for a bad and 5 for an excellent result.
Concerning the PESQ, the resulting scores are in most cases ranged between 1 and 4 but are
labeled in the same way as the scores for the composite measure. Since the PESQ is one
parameter of the composite measure, the PESQ scores could be directly derived from the
implementation of the composite measure. The mean aciggect results for each objective
category and each NR algorithm are given in Table
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TableXIl. Mean acrosssubject scores from the composite measure and the PESQ. Csig = signal distortion, Cbak = background
distortion, Covl = overall quality.

NR Algorithm Fvod R+ 8 Foom F el IF
PSSLP 2,8 2,1 2,1 1,6
WEDM 19 1,8 15 1,3
WIENER 2,1 1,8 1,6 1,3

For the categories signal distortiod ( ) and background distortiord( ) a high score stands for

a low amount of distortion while for the overall quality and the PESQ category a high score is equal

to a high quality rating. Regarding this ahtiobn, the PSSLP performs best in each category even
though the scores in general indicate a rather low quality for each algorithm in each category.
Figurel53 A @Sa +y 20SNIBASe 2y (GKS NBflFGA2Yy 06SG6SSy
distortiz y ¢ | yR Myb DI f dzS&a F2NJ 6KS NI dGAy3 Ol 6S32Ne
correlation coefficient ofi  0.7110 calculated on the acrossubject mean values of each
algorithm, between the objective and subjective scores. This indicates that a higher score for the
objectively obtained signal distortion (i.e. less distortion) is reflected by a higher value for the SNR
gain obtained in the PCR. For the same analysis with regard to the objective scores for overall
quality andthe SNRF Ay F2NJ G KS t/w OF(GS32NE GiLINBFSNBY O
gl a F2dzyR® ¢KS O2NNBflI A2y | DRBEZFR ORIV 2 MR N2 |
YSIF&dzNBO | yR £y 2Aia S0,99580zvich indads thattan wabeaskgi score for
background distortion (less distortion) is reflected by a lower -§&iR, i.e. corresponds to a
decreasing improvement in SNR.
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8 Discussion

A look at the results of the present study reveals positwvel improvableaspectsabout the
included methods and procedures. Even though the subjective testing with three visits at three
different dates implied a time consuming procedure for participants and audiologists, the general
feedback from the subjects speak for an eledte and reasonable laboratory study. The
implemented listening tests were carried out without any reported technical failures or
unexpected disturbances, so that the results from all recruited subjects could be used for the
theoretical analysis.

Regardig the Hagerman speech test, the subjects ended up on average at lower values than
expected but still within a range of SNRs (around 0 dB SNR) which are not uncommon in everyday
life. Thus, the NR algorithms were operating at quite low but reasonable &N®kich they

should provide a certain benefit for the hearHmgpaired subject. The Hagerman results might
guestion the choice of a + 4 dB SNR for the material for the paired comparisons. But the results of
GKS t/w aK2gSR (KI G & @dByhe NR pragessing iedulied in dudidleratdle  {
to some extent distinguishable cues. To which extent the particular processing schemes affected
the audio material and to which extent those changes were audible differed strongly between the
algorithms. Tis is based on the fact, that only one of the used algorithms was optimized for the
use in hearing aids, while the other two algorithms were more or less basic implementation,
motivated by the general task of speech enhancement.

The PSSLP algorithm, witptionized parameters for the implementation in a hearing aid, focuses

2y ljdz2r tAGe FaLlsSodaxr aiAyoOoS aO2YF2NIié 2NJ 4GSt &€
hearingimpaired. Therefore, the PSSLP can be subjectively described as the best sounding
alglNA 0 KYZ AYUONRRdzOAY3 (GKS t2¢Sad | y2dzyd 27F avyd
and the speech part of the material. But as a traudg the algorithm is quite limited with regard

to the potential improvement in SNR. These findings are toesextent reflected by both the
subjective and the objective test methods. The little improvement in SNR in contrast to the other
FfIA2NAGKYa OFy 6S F2dzyR Ay GUKS NBadzZ §a F2N
average, the PSSLP ended up at a-@NiRof O dB. This value is also obtained for the rating of the

two other quality aspects during the PCR test. This implies that at a SNR of 4 dB in the tested
condition with the ISTS babbt®ise, the PSSLP processing is on average not noticeable and
provides at the same time no benefit for the hearing impaired listener. As a reward for the careful
handling of the audio material with regard to distortion and other audible aspects which could
decrease sound quality, the PSSLP scores best in the objea&sures which focus on sound
quality. Thus, as expected, the algorithm achieves the highest scores for the PESQ as well as for
each category of the composite measure which is absolutely comprehensible.
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The WEDM and the Wiener algorithm are based on diffenoise reduction strategies but lead to

a similar sound quality after the processing is applied. Both algorithms add a certain amount of the
GellsS 2F RAAG2NIA2Y OKIFNIOGSNAT SR a aYdzaaAaOlf
the speech andhe noise part of the signal, so that besides pure preference or overall quality
judgments also speech recognition or speech clarity is influenced in a negative way. This involves,
that the aggressive NR strategies of the WEDM and the Wiener achieve tairgpravement
concerning the SNR, i.e. they reduce the noise loudness a lot, but degrade at the same time the
desired speech signal to such an extent, that this causes mainly negative evaluations from both
subjective and objective test methods. The restdisthe WEDM algorithm for example show the
largest SNR improvement according to the objective Hagerman & Olofsson method of separating
speech and noise, but resultinthe lowest SBIRA Yy @I f dzS&4 F2NJ 6 KS t/ w OF

Note that the perbrmance of the WEDM and the Wiener algorithm could differ even when
processing under the same condition, i.e. the spectral shape of the output or the amount of added
distortion could be different even between two input signals with the same overall lexeEAR.

A reason for that might be the procedure of mixing speech and noise, which selects a random part
of the 60 s babble noise realization for each mixing process. Since the babble noise is only
approximately stationary, it might be crucial for the NBrfprmance, which part of the noise
recording is superimposed with the speech material. At this point of the study, there is adffade
between a preferably realistic noise condition and the controllability of the parameters.

All the described tradeffs and the fact that several different aspects of the current study are
necessary to evaluate the performance of a single NR algorithm, emphasize the basic idea of the
study, that the overall performance or quality of a NR system can hardly be assessedusg thf

just one of the existing objective or subjective methods. Furthermore it turned out, that the
predictive ability of an objective measure can greatly depend on the underlying test object.

The predictive ability of the SDR was investigated usingnaber of compression algorithms [1]

and showed a good correlation between measured and subjectively perceived distortion. In the
current study, the SDR method was applied to evaluate the distortion introduced by a number of
NR systems. As a result, the ,maeed Aweighted SDR indicated, that the PSSLP algorithm caused

as muchdistortion asthe WEDMand Wiener algorithm. These findings correspond however not

with the subjective ratingsThese ratings as well as the objective sound quality measures, which
also focused on some aspects concerning distortion, described the PSSLP as the algorithm which
causes the least amount of distortion or signal degrading artifacts. A reason for the dmglea
results might be the shorter timeonstants of the NR algorithms in comparison to the time
Oz2yadlyda 2F GKS O2YLINBaaAaAzy &aeaidsSvya oKAOK
Furthermore, the characteristics of the nonlinearity might play a esdewvell. There is no explicit
definition on what distortion is or how it sounds like. The SDR measure seems to be not sensitive
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results of these algorithms preseft5w @I f dzSax oKAOK I NB &
O2YLINKBaarzy aealdsSYy Ay hft2FaazyQa FyR || y yQa
G2ySaés 6KAOK IINB 2F3GSy RSAONAROGSR a4 RA&02NI
deterministic, so that their effect is not punished by the SDR measure. These findings confirm the
a0FGSYSyld Ay ht2Faazy FyR 1lyaSyQa NBLRNI oM
underlying method, based on the fact that the two tested outpynsils are close to be an exact

Hilbert pair, is a necessary but probably not sufficient condition for the system to be free from
perceptible distortion.

>
>\'
—
Z

Just as the SDR measure are also the other objective methods only able to give reliable prediction
under certain circumstances or for certain aspects of the program material. For example is the
composite measure quite successful with regard to the prediction of a general trend of the test
systems (according to the calculated values for the different categprbut it cannot explain why

F2NJ GKS 2ASYSNIJ Ff3A2NARGKYSX GKS NIYGKSNJ LI22NJ N
corresponds to speech distortion in the current program material) does not lead to a significantly
worse speech recognition in theagerman test.

Note that it is not necessarily solely the objective methods which are responsible for a rather
inaccurate correlation with the subjective results. Especially with regard to the PCR, which has
been tested in only a single study prior to tberrent study, the accuracy of the method has to be

j dzZSaGA2ySR® ¢KS Fylteaara 2F GKS NI GAyYy NS a dz
several illogical rating pairs were obtained. In an extreme case, the noise loudness was rated
higher for he unprocessed material in the equal SNR condition and even higher for the same
unprocessed material with a SNR improved by +5 dB. Observations like this might question the
reliability of the test method in general but should not have a crucial impacherrésults, since

the analysis method described in chapteR.2accounts and compensates for illogical responses.

The most unpredictable factor, which might complicate the comparison between subjective and
objective results, is the fact that the subjediVistening tests were performed with hearing
impaired subjects. In most cases a pure tone audiogram is not sufficient to predict the perceptive
abilities of the subject. In addition, except for the Sl calculation, none of the objective methods
was origirally developed to give a prediction on results obtained with heammgaired listeners.

The modifications of the input material for the objective methods in this study only present a
simplified procedure to take the individual parameters such as heahrgsholds and REIG into

F 002dzyi®d@ ¢KSNBF2NBZ GKS AyTFtdsSyOS 2F GKS adzm
considered to be the most unpredictable parameter in the study design.
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9 Conclusion

As expectednone of the objective calculationmovided sufficient predictive information about

the characteristics of the program material to make the method solely applicable for an accurate
prediction of subjective results. In this study, a number of objective methods, which focus on
different attributes of the audio signals, were tested to predict the performance of three NR
algorithms. The described results of the study reveal the strengths and weaknesses of each
objective and subjective test method and allow for optimizations of the test procedurdéuture

works. This includes an investigation on how and which of the used theoretical calculations could
be combined to provide a proper prediction of all necessary signal aspects, to finally secure an
accurate estimation of overall quality.

Furthermae, this study emphasizes the importance of theoretical measures, which are in
particular developed to predict the results for subjective tests with heaimgaired participants.
This is especially true for testing speech enhancement/noise reduction nsgsteince their
performance should always be evaluated by the -eisér.
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Appendix A

Rating Scale

Vanligen markera med ett kryss pa respektive tallinje vilket av de tva presenterade
ljuden som du bedomer BAST med avseende pa

TALETS TYDLIGHET

1
Ljud 1 Ljud 2
l ] |
klart tydligare tal likvardiga klart tydligare tal
2
Ljud 1 Ljud 2
l ] J
klart tydligare tal likvardiga klart tydligare tal
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Appendix B

Individual Hearing Thresholds

Ear/Freq| 125 250 500 1000 1500 [ 2000 3000 4000 6000 8000

Subject1--0185 R 35 40 35 35 30 30 40 60 60 65
L 20 20 25 35 35 35 45 60 60 60

Subject2--0008 R 20 20 25 40 55 65 70 65 75 85
L 20 15 20 35 45 60 65 65 75 80

Subject3--0104 R 20 10 15 35 40 40 35 50 50 60
L 20 10 25 40 50 45 40 50 55 70

Subject4--0052 R 15 5 25 45 45 50 55 65 90
L 15 15 20 40 35 50 55 65 90

Subject5--0086 R 15 15 30 45 50 55 55 60 65 80
L 15 10 30 40 45 50 50 55 70 65

Subject6--0050 R 10 30 40 40 50 60 75 75
L 0 5 20 35 35 50 50 65 80

Subject7-0065 R 15 20 25 35 45 55 60 65 65 65
L 15 20 30 40 50 55 65 70 75 70

Subject8-0023 R 15 25 35 30 35 40 40 55 60 85
L 20 20 30 30 35 40 40 45 55 75

Subject9-0093 R 15 20 30 30 40 40 45 45 40 60
L 10 20 25 30 40 40 50 50 50 45

Subject10-0167 R 25 30 40 55 60 60 70 90 70 80
L 25 30 40 50 50 55 60 80 75 60

Subject11-0043 R 30 25 35 35 35 30 50 60 70 80
L 10 20 40 40 50 40 55 65 70 70

Subject12-0018 R 30 30 45 45 55 45 55 60 50 50
L 35 35 45 40 45 45 50 55 40 40

Subject13-0014 R 25 25 35 25 50 60 85 100 90 90
L 10 10 15 10 40 40 50 85 75 80

Subject14-0068 R 10 5 30 35 65 60 55 70 65 80
L 20 20 35 50 60 60 60 75 80 95

Subject15-0046 R 10 15 25 40 50 60 60 65 70 75
L 10 10 20 45 45 55 75 75 80 90

Subject16-0054 R 10 15 35 45 50 50 45 45 60 80
L 20 15 25 40 50 50 45 45 60 90

Subject17-0067 R 40 40 40 50 60 60 75 90 100 90
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L 40 40 40 45 50 55 65 90 100 90
Subject18-0193 R 35 35 45 45 55 55 55 65 70 85
L 30 30 35 45 50 50 60 60 70 80
Subject19-0177 R 30 35 40 50 50 55 50 60 55 55
L 45 50 40 45 45 45 55 60 60 65
Subject20-0184 R 15 15 20 25 30 35 50 85 100 90
L 15 10 15 30 30 35 55 85 95 90
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Appendix C

PESQ Perceptual Model
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P d, power
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