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Abstract     

For the comparison of subjective 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 hearing-impaired subjects 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 
improvements in the Signal-To-Noise-Ratio (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 degradation of speech 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 evaluations in terms of sound quality and the Speech 
Intelligibility Index (SII) 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 hearing-impaired subjects. With regard to the mentioned 
trade-off between SNR improvement and speech recognition it could be observed that the NR algorithm 
leading to the highest objectively calculated SNR showed the lowest values for the subjective rating of 
“Speech clarity”. 
 

Zusammenfassung   

Zum Vergleich von subjektiven und objektiven Bewertung von Rausch-Unterdrückung, im Hinblick auf 
Sprachverständlichkeit und Klangqualität, warden eine Anzahl von objektiven Berechnungen mit den 
Resultaten zweier Hörtests verglichen. 20 hörgeschädigte Probanden wurden rekrutiert, um einen 
Hagerman Sprachtest im Störgeräusch und einen modifizierten Paarvergleich, den paired comparison rating 
(PCR ), zu absolvieren. Vorherige Studien haben gezeigt, dass eine reine Verbesserung des Signal-Rausch-
Abstandes (SRA) nicht in der Lage ist, den Nutzen eines Rauschunterdrückungssystems (RUS) für den 
Hörgeschädigten zu beschreiben. Das ist wahrscheinlich darauf zurückzuführen, dass ein 
Rauschunterdrückungssystem, welches den SRA stark verbessert gleichzeitig starke Verzerrungen 
verursacht, welche in einen Verlust an Sprachverständlichkeit resultieren können. Um diesen Effekt zu 
messen, wurde eine Methodik verwendet, die auf die Detektion von Verzerrungen spezialisiert ist. Diese 
Messung wurde dann von einer weiteren objektiven Berechnung, die den SRA am Ausgang des RUS misst,  
unterstützt. Die letztere Methode ist in der Lage den Effekt der Rauschunterdrückung separate für den 
Sprach- und den Rauschanteil des Signals zu betrachten. Des Weiteren wurden Berechnungen zu 
Klangqualitäts-Attributen (PESQ und eine zusammengesetzte Messung) und der Speech Intelligibility Index 
(SII) zur objektiven Bewertung von Sprachverständlichkeit  verwendet. Es lies sich zeigen, dass keine der 
objektiven Berechnungen in der Lage ist, eine zuverlässige Vorhersage der Resultate aus den Hörtests mit 
Hörgeschädigten Probanden zu tätigen. Im Hinblick auf die erwähnte Wechselwirkung zwischen SRA-
Verbesserung und Sprachverständlichkeit konnte gezeigt werden, dass das RUS, welches die grösste 
theoretisch berechnete Verbesserung des SRAs bewirkt, im Gegenzug die geringsten Werte für die 
subjektiv bewertete “Sprach-Deutlichkeit” erzielt.      
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1    Introduction 
 

“Hearing in noise” – an expression, 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 are doing 24 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 

summarized as “noise”; the louder the noise and the more similar to the wanted signal, the more 

this noise decreases the ability to follow conversations, announcements or any other wanted 

acoustical signals. Thus, “hearing in noise” describes one of the most difficult challenges for our 

ears and consequently also for the artificial ears – the 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 background noise. 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 environments – a goal which turns out not to be easily 

achieved by simply reducing or suppressing the noise. Especially “aggressive” noise reduction 

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 distortion which 

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 the hearing 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 of listening, 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 reduction. 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 evaluation of the 

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, requiring a large number of participants 

to result in significant data and thus, are rather cost-intensive. On this account, there is a high 

demand for objective evaluations, which correlate well with subjective listening tests. Such an 

objective predictor with preferably 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 attempts to design 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, perceptual models to predict 

the quality of a certain enhancement system. To the latter category belongs the ITU 

recommendation P.862 “Perceptual Evaluation of Speech Quality” (PESQ) *3] with a focus on 

quality aspects concerning speech transmission by the system under test. To assess and predict 

speech intelligibility, the Speech Intelligibility Index (SII) was developed. This physical measure is 

one of the few objective evaluations which allow taking the individual hearing loss of a subject into 

account. Regarding 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 subjects as a reference group. 

Though this yields results which are easily comparable to the outcomes of other studies, a reliable 

prediction of the real-life 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 subjective and objective rating results, concerning the performance of noise 

reduction (NR) systems, predictions of a small number of objective calculations were compared to 

laboratory test results of speech recognition and sound quality. These tests were performed with 

hearing-impaired listeners at Widex A/S research facility, ORCA Europe, in Stockholm, Sweden. 

Concerning the objective measures, a method focusing on the degree of distortion introduced by 

the NR algorithm [1] was used and backed up by a measure developed by Hagerman and Olofsson 

[2] which is based on separate processing of speech and noise. This allows for investigating an 

improvement in SNR and the influence of noise reduction on speech and noise separately. 

Furthermore, the PESQ [3] and a composite measure developed by Hu and Loizou [4] were part of 

the objective evaluations in terms of sound quality and the Speech Intelligibility Index (SII) 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. All tests were conducted binaurally with linearly 
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fitted hearing aids, provided by Widex, to compensate for the participant’s hearing loss. A set of 

pre-processed noisy stimuli were presented binaurally in a sound-proof booth. The noise condition 

was represented by a babble noise which was derived from the original ISTS recording [6]. Three 

software-based NR algorithms were 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 a third algorithm was optimized for the use in hearing aids. When the necessary amount of 

subjective and objective data was obtained, various statistical analysis techniques were used to 

evaluate the predictive ability of the objective methods. 

 

2   Preliminary study to obtain a ”realistic” SNR 
 

In the field of research based on laboratory tests, it is always requested to transfer the appropriate 

real-life situation as accurately as possible to the laboratory. In the current study this means that 

there was need for test-conditions which simulate a real-life situation, in which a noise reduction 

(NR) system in a hearing aid could help. Thus, a preliminary study was carried out to determine a 

realistic signal to noise ratio (SNR) which occurs 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 preliminary study was based on a database developed by Wagener et al [7] wherein hearing 

aid users were asked to record samples of the acoustic environments of their everyday life. This 

data was then analyzed with regard to the signal type as well as to the importance of the 

particular situations. Concerning situations with a presence of background noise, cafeteria or 

restaurant environments turned out to be the conditions in which the subjects used their hearing 

aids for the longest duration. This was especially true, whenever the task in the particular situation 

was to follow conversations between two or more people. The original Wagener recordings were 

digitally stored with a resolution of 16 bit and a sampling rate of 44.1 kHz. Each recording was cut 

to a duration of 60 s and organized in classification groups (e.g. “Conversation with background 

noise; two persons in train”). In this manner, a comprehensive audio library was created, which 

contained a detailed documentation on e.g. signal levels or the results of the corresponding 

questionnaires.   

 

It should be of highest priority for hearing aid manufacturers to improve their devices in situations 

in which the hearing aids are worn most frequently and for the longest duration. According to the 

Wagener-study, such a situation can be found in cafeteria or restaurant environments. Thus, for 

the evaluation of noise reduction (NR) algorithms, a test-stimulus superimposed by a noise signal 

with the characteristics similar to cafeteria- or restaurant-like environments was needed to 

examine the performance of a NR system in a realistic condition. Due to this, a babble noise was 
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produced (see chapter 4.3.1). In order to mix this type of noise with the test speech-signal at a 

realistic SNR, the recordings of the Wagener-study, which correspond to the restaurant or 

cafeteria environment, where taken for further investigations. 

 

In the first instance, the selected recordings were cut so that they only contained speech and 

background noise simultaneously. Afterwards, the modified recordings were re-checked with 

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 of a number of Matlab-implementations of different noise estimation algorithms, which 

were taken from Loizou’s book on speech enhancement [8]. Included in the testing were Martin’s 

minimum tracking algorithm, three versions of the minimum-controlled recursive average 

algorithm, a continuous minimal tracking algorithm, a weighted spectral average algorithm and a 

connected time-frequency regions algorithm. A look at the test results revealed large differences 

in performance accuracy of these noise estimation algorithms, so that all of them were tested, in 

particular on a speech-in-babble sample (female speaker) with a SNR similar to the one derived 

manually (by physically measuring the rms level in a speech pause and the rms level in part 

containing speech) from the Wagener recordings. This was because 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 

accurate estimation of the SNR of the Wagener recordings. The finally selected Minimum-

Controlled Recursive Averaging (MCRA) algorithm can be summarized as follows: 

 

1. Compute the smooth noisy speech power spectrum density (PSD) using 

 

                                

 

with    as a smoothing factor and         as the smoothed (over frequency) noisy PSD. 

 

2. Perform minimum tracking on        to obtain           using 
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                                                                  end 

 

3. Determine         using 

 

if            

 

                                                               

                                                                                  else 

                                                              

 

                                                                    end 

 

and                                   to smooth        over time. Where 

        
      

         
 and    denotes a smoothing constant. 

 

4. Compute the time-frequency-dependent smoothing factor          in 

 

                      

 

using the smoothed conditional probability         . 

 

5. Update the noise PSD    
       using 

   
                 

                              

 

The calculations were done with the following fixed constant values:       ,       ,        

and    . 

After applying the described noise estimation algorithm, a mean SNR of 4 dB was determined 

across all Wagener recordings for the cafeteria/restaurant environment and was consequently 

defined as the “realistic” SNR. Furthermore, these files have a mean overall signal level of 72 dB 

SPL. The calculated level was used as the presentation level for the listening tests within the main 

study. 
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3   Noise Reduction 
 

The problem of disturbing and signal-quality degrading noise in aural transmission systems has 

lead to several different approaches for designing algorithms which provide speech enhancements 

or, in the case of this study, particularly 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 processing strategy 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 the environmental 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 

objective measures on preferably different types of single-channel 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 objective tests. Each of 

the included algorithms was software-based and therefore required offline processing of the 

employed audio material (i.e. the material has to be pre-processed 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 mathematical routine tries to provide a linear or non-linear estimation of the clean 

signal’s parameters of interest. The crucial information is mostly given by the Fourier 

transformation coefficients. Some of these algorithms take also aspects of aural perception into 

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 short-time 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 more difficult to detect near the high-energy 

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 a weighting 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 the speech spectrum, the following Bayesian risk function, based on 

the included distortion measure, must be minimized: 

 

     
            

 

    
 

 

 

                  

 

where X(f) and Y(f) denote the speech and noise spectra, respectively, and              

describes the a posteriori probability density function (PDF). The term in brackets describes the 

perceptually motivated distortion measure, with       being the maximum a posteriori 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 defined by the 

following transfer function: 

      

      
      

      
      

  
 

 

where        and        are the power spectra of the speech and the noise, respectively. Their 

ratio defines the SNR at the specific frequency  . Concerning the transfer function it is true, that 

        , with        at extremely low SNRs and         at extremely high SNRs. 

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, an a priori SNR is estimated on a frame by 

frame basis: 
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where   is a smoothing constant (      ), the enhanced signal spectrum at frame   and 

frequency   is specified by          and        and        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 

noise only. In accordance with the frame-wise functioning of the algorithm, an updated noise 

spectrum is derived from any noise only frame. The processed signal is eventually obtained by 

 

               
        

          
 

 

 

3.2   Perceptually tuned spectral subtraction NR algorithm 

 

Assuming 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 is based 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 towards 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 algorithm 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 parameters is meant to 

achieve a well balanced trade-off between speech distortion and noise reduction with a preferably 

low amount of musical noise artifacts. The resulting implementation is a “Perceptually tuned 

Spectral Subtraction algorithm with lowpass filtered spectral filter coefficients” (PSSLP) [9]. 

The PSSLP analyzes the input signal in Hann-windowed processing blocks of 4 ms duration. For 

each of the analyzed frames, the enhanced signal Discrete Fourier Transformation (DFT) 

coefficients         are obtained as follows: 
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                       , with 

 

                    , and 

 

                          

 
 
 
 

        
          

 

        

 
 
 
 

 

 

where        denotes the input speech and N      the input noise with the frame index   and 

the DFT bin  .          describes a time- and frequency-dependent gain function, where   

stands for a smoothing parameter ( =0.9), that assures a time constant of 19 ms for the adaptive 

gain variations. Within the gain function, the noise spectrum          
 
 is estimated according to 

the Minimum Statistic algorithm [8]. The parameter controlling the degree of spectral subtraction 

is named “aggressiveness factor”        and is determined as a function of the estimated 

frequency-dependent noisy-signal-to-noise ratio (NSNR)        
         

          
. Additional manually 

tuned parameters are included into the calculation of the aggressiveness factor to improve the 

algorithm’s perceptual quality. These parameters (     and  ) adapt their values slowly, depending 

on the overall SNR and lead to the following computation: 

 

                                     

 

This dependency of the aggressiveness values on the frequency-dependent frame based NSNR is 

shown in Figure 1, where the algorithm’s operating range is limited to -15 dB at the lower end of 

NSNR’s and +25 dB at the upper end. For ratios beyond these values, the aggressiveness factor is 

set to zero. At the output of the PSSLP algorithm the enhanced signal is derived from the inverse 

DFT of        . 
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Figure 1. Dependency of the aggressiveness values on the frequency-dependent frame based NSNR. 

 

4   Laboratory study 
 

4.1   General procedure 
 

The aim of the current study, to explore a number of objective, theoretical 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 yet preferred 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) algorithms using subjective test methods.  

The principal components of the laboratory study were two listening test: a speech test in noise to 

measure speech intelligibility before and after the process of noise reduction, and a paired 

comparison test, using noisy speech material, to evaluate preference, speech clarity and noise 

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 minutes for the second and 90 minutes for 

the third visit. The schedule of each visit will be described in chapter 5.1. In 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 in two independent sessions with a time lag of at least one week. In addition, this 

enables an analysis of test-retest differences. 

 

4.2   Listening tests 
 

Two listening tests were introduced with different original/clean material but under the same 

noise condition. Also the type of speech enhancement (noise reduction) was the same for both 

tests, i.e. the three selected NR algorithms described in chapter 3 were applied to the material in 

an identical manner. All listening tests were supervised by an audiologist from ORCA Europe, 

Stockholm. 

 

4.2.1   Speech recognition test (Hagerman) 

 

The Hagerman test [5], which is now the most commonly used sentence test material in Sweden, 

was developed to examine the speech-intelligibility in noisy environments. Therefore, a sentence 

test was created which is organized in test lists, where each list consists of ten five-word sentences 

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 

meaningful sentences, e.g. “Elsa flyttar nio ljusa mössor” (“Elsa moves nine light caps”). The 

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 between the lists. The technique of randomized combinations of the 

elements in 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 increases 

the degree of reliability of the Hagerman test. 

For the current study, an 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 sentences. 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 program material prior to the presentation of 

the stimulus, the Hagerman test had to be modified to allow for operation with pre-processed 

files. Therefore, the program material was processed, so that each sentence was available in the 

desired range of SNR conditions. While the speech signal was fixed, the noise level was adaptively 

adjusted to match the proper SNR. In order to obtain the desired percentage score of 80%, the 



16 | P a g e  
 

original step range [10] was modified as shown in Table 1. Each subject had to complete the same 

procedure of the Hagerman test for each NR algorithm plus the unprocessed condition. The order 

in which the conditions were tested was fully randomized across subjects and between test and 

re-test. For each test 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. This modification 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 selection of 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. 

 

Table I. Step range (dB) for the Hagerman test for the 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 subject scored 80% six times in a row. In 

the latter case, the SNR at which the six repetitions where performed was regarded as the result 

of the current run. In case of the first abort criterion, the mean value        of the last     

reversals   was calculated to obtain the Hagerman result. 

 

       
 

 
   

 

   

 

 

After test and re-test 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 SII calculations, which are part of the 

objective methods (see chapter 6.1.1). 
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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 ordinary paired 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 

SNRs that correspond to equal subjective performance with and without the NR activated. The 

obtained SNR values can then be expressed as a SNR-gain achieved 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 comparison was made on a processed and an 

unprocessed file at same SNR (d=0) while the unprocessed signal in the second comparison 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 shown in Appendix A. After the ratings were completed, the marks on 

the scale were physically measured and the more or less free scale was manually normalized to a 

±10 unit scale. According to Dahlquist et al. the SNR-gain   in this study was finally obtained as 

follows (see figure 2): 

For each subject (index  ), four ratings (two in the test-session and two in the retest-session)     , 

        , were obtained for each SNR condition (          ) for each type of noise 

reduction (index  ). Due to the fact that the order in which the processed and the unprocessed 

stimulus was presented might have had an impact on the subjective rating, each paired 

comparison was done twice, once with the unprocessed stimulus presented first and once with 

the processed stimulus presented first. Finally, the median of the linearly interpolated or 

extrapolated gain values were calculated to express the achieved SNR-gain 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 SNR-gain. Any SNR-gain exceeding +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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Figure 2. Example for the calculation of the SNR-gain 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 a -2 on the rating scale (filled squares). By 
interpolation, the point of subjective equality is calculated at 6.5 compared to 4 (6.5/4; 
red line). This results in a final SNR-gain of 2.5 dB. 

 

The described procedure was repeated for each of the three rating categories “preference” 

(“föredrar”), “speech clarity” (“talets tydlighet”) and “noise loudness” (“brusets hörstyrka”). 

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 unprocessed 

sound). A total number of 12 paired comparisons were performed for each rating category (3 NR 

algorithms x 2 SNR conditions x 2 reversed-order conditions). 

Depending on the individual ratings of the subjects, there is a certain set of cases that might occur 

while doing the analysis of the PCR. These cases result in a slightly different calculation of the SNR-

gain which is explained with the help of the following figures: 
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Case 1, 2 and 3 

The first three cases describe more or less expected ratings. They indicate a higher rating for the 

equal SNR condition than for the +5 dB SNR condition concerning the unprocessed material. An 

ordinary interpolation or extrapolation can be done to obtain the SNR-gain. 

 

 

 

 

Figure 3. 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 of Figure 2, i.e. the SNR-

gain values are calculated by interpolation/extrapolation.  

 

 

 



20 | P a g e  
 

Case 4 and 5 

These rating 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 the unprocessed material (upper 

part of Figure 4) or the algorithm was judged to perform even better while being compared to the 

unprocessed file with the improved SNR (lower part of Figure 4). Despite those rather illogical 

findings, these cases argue for a signal enhancement produced by the NR algorithm, so that their 

corresponding SNR-gain was defined to be at a fixed value of +2.5 dB.    

 

 

Figure 4. Case four and five of the possible PCR ratings; indicate a rather 

illogical use of the rating scale but generally imply a benefit achieved by the 

use of the NR algorithm. The SNR-gains for these findings were set to +2.5 

dB. 
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Case 6 and 7 

The findings shown by Figure 5 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 is indicated by two zero ratings, one for the equal SNR condition and the same rating 

for the +5 dB condition. The lower graph in Figure 5 denotes 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 signal at same SNRs (indicated by a rating of -2), 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 cases in both graphs do not allow for a distinct statement on a positive or 

negative influence due to the processing with the NR algorithm, these SNR-gain values for case six 

and 7 are equaled to zero. 

 

 

Figure 5. Case six and seven of the possible PCR ratings; indicate a rather 

illogical use of the rating scale and imply that no benefit is achieved by the 

use of the NR algorithm. The SNR-gains for these findings were set to 0 dB. 
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Case 8 and 9 

The graphs shown in Figure 6 are comparable to the findings in Figure 5. But in contrast to cases 

six and seven both rating results are shifted below the subjective equality line (zero on the rating 

scale). This indicates the subject’s perception, that the NR algorithm degrades the signal quality in 

general. Therefore, the SNR-gain values are set to -2.5 dB. 

 

 

 

Figure 6. 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 SNR-gains for these findings were set to -2.5 dB. 
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Unlike the 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 in a row, could direct the subject’s focus on particular details within the 

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 selected for the 

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 comparison was labeled with “sound1” and 

“sound2”, so that the subject had no knowledge about which stimulus condition (processed or 

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 

Rating (PCR), were designed to present a “Speech in noise” condition. As a result of the 

preliminary study, described in chapter 2, a noise with acoustical characteristics 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 intelligible words or phrases, to assure that, especially for the paired 

comparison test, the subject would not be distracted by any detailed information in the 

background noise. 

 

To produce the desired noise signal, the recording of the International Speech Test Signal (ISTS) [6] 

which was developed by the European Hearing Instrument Manufacturing Association (EHIMA), 

was chosen for further modifications. The ISTS signal is based on the recordings of six different 

female speakers who read out the same story in their mother 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 language appears 

once within six consecutive segments. Also, a natural spacing of speech pauses is considered. This 

signal provides the modulation spectrum of natural speech and the long term average speech 

spectrum of female speech between 100 Hz and 16 kHz according to [12].  

 

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 the original material to eight 

different tracks   in the digital audio workstation Cubase SE3. In addition to simply mixing the 
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recordings, the levels of the eight ISTS tracks   were pairwise decreased by 2 dB (               

compared to          ;            ;            ) and filtered with a high shelv equalizer 

(            ) with a pairwise attenuation of 5 dB. This modification was done to apply a more 

cafeteria/restaurant like characteristic to the noise, accounting for the fact that the conversation 

level and especially the high frequency parts of the speech spectrum are attenuated differently 

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 PCR respectively, to match the spectrum of the Swedish talkers of the test 

material. An identical spectral shape of the desired 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 two versions of 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 selected speech material for this study consisted of six lists of Hagerman sentences, where 

each sentence was passed through the same procedure of processing before it was included in the 

listening test. The range of SNR’s at which the noisy Hagerman sentences should be presented was 

defined from -12 dB to +15 dB with a step size of 1 dB.  

At a first stage, the clean speech sentences were resampled to match the desired sample rate of 

22000 Hz and a resolution of 16 bit (the same settings were applied to the noise signal). The rather 

uncommon sample rate of 22000 Hz had to be applied 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 plus an additional duration of 2 s was cut out of the 

originally stored 60 s babble sample (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 of noise 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 

but remained part of the stimulus in order to draw the subject’s attention to the forthcoming 

speech recognition task. The different SNR’s per sentence were computed by first determining the 

active speech level of a clean Hagerman sentence according to the ITU-T P.56 [13] standard and 

then scaling the appropriate noise segment depending 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 both 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 

and Olofsson’s method (see chapter 6.1.2). Besides providing the possibility to calculate 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 for the 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 algorithms used differed 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 influenced by differences in the overall 

presentation loudness. To account for the problem of various output levels after processing, a 

loudness calculation according to Moore and Glasberg’s model of loudness applicable to time-

varying sounds [14] was performed. Note 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 regard to the preliminary realistic SNR study, the 4 dB SNR condition was 

selected as a reference. The summary of the loudness calculation is shown in Table II. Note that a 

default calibration of 100 dB FS was used to determine the long-term loudness impression in 

phon.  

 

Table II. Results of the loudness calculations according to Glasberg and Moore’s model for time-varying sounds 

 Noise reduction algorithm Long-Term loudness impression [phon] 

Hagerman 
Sentence 

SNR = 4 dB 

Unprocessed 87,4 
Wiener 86,3 
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 86,3 phons. 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 unprocessed and processed 

stimuli were compared to decide the need for a spectral equalization. According to the observed 

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 the loudness equalization completed the procedure 

of signal preparation and results in the program material which was finally used for the Hagerman 

test.  
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4.3.3   Paired Comparison Rating  

 

The program material 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 optimized with regard 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 signal-preparation, the material 

was shortened by truncating the recorded files after 40 s. In addition, this facilitated to shorten 

the overall test time in case participants tended to listen to the whole stimulus before making a 

judgment. An unexpectedly abrupt ending of the audio material, which might cause audible 

artifacts and thus influence the subjective rating, was avoided by fading out the speech in 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 process of mixing 

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 further calculations, so that in case of the 

running speech stimuli, it 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 subject 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 
 

The subjects, who participated in both the speech recognition test and the paired comparison test, 

were recruited from the internal database at ORCA Europe. The subjects in this database are 

basically aware of the fact that their data is recorded for research reasons and are generally willing 

to participate in experimental studies without any payment. This was also the case for the current 

study, i.e. none of the subjects were paid for participation, but received a small box containing six 

hearing aid batteries as a gift at the end of the last visit.   

20 subjects with a mild-to-moderate hearing loss were recruited for the laboratory tests and 

attended both a test- and a re-test session. A written invitation including a short description of the 

test procedures was sent to the subjects prior to the first visit. These 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 of a remote control for the paired comparison test 
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- a symmetric, sensorineural hearing loss with a maximum threshold of 60 dB HL at the 

frequencies 500, 1000 and 2000 Hz 

- a maximum asymmetry of 15 dB at three neighboring frequencies 

 

 

Figure 7. Mean audiogram and range of hearing thresholds of the participants. 

Based on those criteria eleven female and nine male subjects between 62 years and 82 years with 

a mean age of 71.5 years were invited to participate in the study. Their mean audiogram and the 

range of hearing thresholds is shown in Figure 7. Since all of the subjects were recruited based on 

database information, which to some extent included older audiograms, a new audiogram was 

recorded for subjects where the current audiogram was older than six months. Some of the 

participants showed changes in their hearing loss after recording a new audiogram during the first 

visit. For two of the subjects these changes lead to a violation of the symmetry criteria. For those 

subjects, the results of the speech recognition test were observed to decide on exclusion. Note 

that all subjects were kept for the entire study. A summary of the individual hearing thresholds is 

shown in Appendix B with criteria-violations being highlighted. 
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All participants were provided with the same Widex hearing aid in order to compensate for their 

individual hearing loss. For further details on the hearing aid fitting and adjustment see chapter 

5.1. 

 

4.5   Equipment 
 

The current study was carried out at the ORCA Europe facilities in Stockholm. The listening tests 

and the pure-tone audiometry were performed in a sound booth. The stimuli presentation was 

realized under free field condition for the listening test and using a Telephonics TDH-39 earphone 

during the audiometry procedure. In order to perform the necessary listening tests with regard to 

the individual hearing losses, each subject was provided with a Widex Inteo hearing aid without 

any brand name. Note 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 set-up consisting of a RME Fireface 800 sound card and a Jamo D400 

loudspeaker. For information concerning the calibration of the system, see chapter 4.6. The 

procedure of signal processing was done in Mathworks’ programming environment Matlab 

R2008b and with help of the digital audio workstation Steinberg Cubase SE3. The 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 and visible to the subject. Concerning the Hagerman speech 

test in noise, Matlab was used for stimuli-playback, the subject was provided with a microphone 

to transmit the responses to the test operator, who marked the correct words in a “sentence 

matrix”. 

 

4.6   Calibration 
 

To ensure a constant sound pressure level for the stimuli presentation in 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 spectrum of one representative clean Hagerman sentence (for 

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

paired comparison tests), respectively. Afterwards, the digital rms levels of the shaped noise 

samples were adjusted to match the level of a Wiener-processed noisy sentence with a +4 dB 

input SNR. The Wiener processing was chosen because this algorithm was the reference for the 

loudness equalization (see chapter 4.3). For the paired comparison test the selection of a 

reference algorithm was not crucial, since the entire processed running speech material 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 study (see chapter 2).  

 

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 sound pressure level was 

checked at the listener’s position. The measurements were performed with a sound level meter 

which was operated in A-weighting mode. To achieve the desired playback level of 72 dB SPL, the 

output level of the soundcard was directly adjusted with the help of the soundcard’s software 

mixing environment. Since the Hagerman shaped noise and the running speech shaped noise 

required different amount of level adjustments, the individual settings were stored as two presets 

in the mixer software.  

With a presentation level of 72 dB SPL and a post-processing measured SNR of 7 dB achieved by 

the Wiener NR algorithm, a speech level of 70.54 dB SPL was set at the listener’s position (for the 

reference condition). The described calibration routine was repeated once at the beginning of 

each day of testing to readjust the level settings in case a measured presentation level differed 

from the desired 72 dB SPL. No 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 practical description on how the listening tests were introduced, 

performed and supervised, a detailed description on each of the three visits will reveal further 

information on preparations with regard to the participants’ hearing loss, i.e. information on the 

compensation for the individual hearing losses. 

 

5.1   Visit 1 

5.1.1   Pure tone audiometry 

 

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 as a first step 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, 1000, 1500, 2000, 

3000, 4000 and 8000 Hz. After recording the audiogram, it was checked for possible violations of 

the inclusion criteria for the participants and the audiogram was filed for later use in the hearing 

aid fitting and for the theoretical calculations.  

 

5.1.2   Hearing aid fitting 

 

Since all subjects were provided with Widex hearing aids, the process of fitting was done with the 

appropriate fitting software Compass. The desired, not input-dependent gain at any selected 

frequency was calculated according to the NAL-R fitting rule. This prescription was developed 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 gain-curve by -6 dB. 3 dB were subtracted to compensate 

for summation issues due to a binaural fitting, and another 3 dB were subtracted to compensate 

for a higher presentation level in the study than the standard speech level of 65 dB SPL that the 

prescription is based on. The decrease in gain from the NAL-R prescribed also had the advantage 

of corresponding to the outcome of several studies that have found that the original NAL-R fitting 

rule might cause slightly too high gain values [15]. 
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The desired linearity of the hearing 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 cancellation.  

 

5.1.3   Ear impression 

 

In some cases there 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 vent in the earmould or any 

leakage that might be around the earmould). Therefore, 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 fit of their 

own earmolds, ear impressions had to be taken. Prior to making ear impressions, otoscopy 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 which produced 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 visit 2 for subjects who received new 

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 chapter 5.1.2. 

 

5.2.2   Hagerman test 

 

After the participant was provided with the linearly fitted hearing aids, the listening tests started 

with the Hagerman test. Note that the procedure of the Hagerman test was semi-automatically 

controlled by a user interface in Matlab. In order to ensure that the correct calibrated 

presentation level was achieved at the listener’s position (see chapter 2), the sound card mixer 

preset, containing the output level settings for the Hagerman test, was selected. A short 

instruction was given by the audiologist to prepare the subject for the test procedure and to give a 

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

NR algorithms or the unprocessed material) was chosen as the initial test condition. Remember 



32 | P a g e  
 

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 with a distance of one meter to the listener’s 

position and a height that approximately matched the average length of the subjects. While the 

subject was instructed to repeat the perceived sentence or parts of it, the audiologist had to select 

the repeated words from 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 correctly 

perceived words was immediately calculated by the software and the next sentence with the 

appropriate SNR (see Table I for the step-size calculation) was presented. This procedure was 

repeated for all types of processing, each until one of the abort-criteria was fulfilled. After 

completion of the Hagerman test, the subject-data was automatically stored on the laboratory PC 

and the participant was offered to take a break before the second listening test was launched.    

 

5.2.3   Paired Comparison rating 

 

The Hagerman test was for each subject followed by the paired comparison rating. To prepare this 

test with regard to the correct level calibration, the audiologist had to open the sound card mixer 

environment again and to select the preset which was stored for the PCR. Afterwards, the 

software Cubase SE3 was launched to control the test procedure. The software, which was 

originally designed for multi-track 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 audio1 and processed on audio2). Both audio events were looped and 

synchronized in time, i.e. their start points were set to the same value on the Cubase internal 

virtual timeline. By pressing the play button, both audio tracks were presented simultaneously, 

whereas the desired one (the one selected for listening) was set to solo mode, 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, which is 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, i.e. the process of switching 

between the tracks solely corresponded to the activation/deactivation of the noise reduction. All 

other comparison pairs were consecutively arranged on the timeline according to the defined, 

randomized order. The presented signal comparison was playback looped 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 remote-controlled from the sound 

booth by the audiologist or the subject (depending on the subject’s ability to handle the remote 

control). The functionality of the remote control was restricted included starting and stopping the 

audio playback, switching between tracks and proceeding to the next comparison. While being in 

playback mode, 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 visit), with 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 control, the stimuli and the test/rating procedure. Therefore, an extra set of 

paired comparison was used (same for each subject). During the entire PCR procedure, an 

audiologist supervised the performance to check for correct stimulus presentation and proper use 

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 subject’s preference, with 

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 2 was completed after the rating for each comparison pair in each rating category 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 to obtain a second set of data with regard to the speech 

recognition 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 objective methods is 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.g. noise 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 was selected in this study in order to 

allow for a differentiated objective evaluation of the criteria retrieved in the listening tests. The 

methods are described in the following sub-chapters, where the Speech Intelligibility Index was 

used to predict the results 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 SII is a physical measure which shows a high correlation with the outcome 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 (ANSI S3.5-1997), this method is well-

established and it is included in many similar studies. It is to mention that originally, this standard 

was developed to predict the results of listening tests performed by otologically normal-hearing 

subjects. But the measure has developed to include parameters such as an equivalent hearing 

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 the calculations. The SII calculations can 

furthermore be made with various spectral resolutions on the input spectra. As a last parameter 

for the standard computation, the SII employs a certain band importance function which is 

supposed to account for the characteristics of the actual speech material. In order to use the SII 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 be obtained after processing by the NR algorithm 

to ensure the same signals at the input to the SII calculations as at the listener’s position. 

Therefore, the processed noisy files were treated using the Hagerman and Olofsson method (see 

chapter 6.1.2) to separate the speech from the noise after processing. Concerning the resolution 

of the input spectra analysis, speech and noise were analyzed in one-third octave bands. Since 
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there is no band importance function which is particularly derived from the program material of 

the Hagerman test, the band importance function for a similar test, the Speech-In-Noise test 

(SPIN) [16], was used. In addition, a de-sensitization stage [17] was included in the calculations. In 

order to allow a more straightforward comparison of the results from the SII calculations and the 

results of the Hagerman test, it was helpful to transform the SII into speech recognition probability 

according to the following equation [18]: 

                 
    
          

 

The input arguments to 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 and the real ear 

insertion gains (REIG) were included to personalize the results.  

 

6.1.2   Hagerman and Olofsson’s method 

 

The Hagerman and Olofsson method [2] is based on the separation of speech and noise after 

processing, i.e. it indicates the changes to the input 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: 

 

                    

                    

 

where      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 part.           and 

          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 improvement in 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. Therefore, the 

speech and noise signals were separated after being processed by the different NR algorithms and 

the improvement in SNR was calculated for each recording for each type of noise reduction. The 

mean value of all recordings within one NR algorithm was finally calculated to get a single value 

for the SNR improvement of the specific NR algorithm. 

    

6.1.3   Olofsson and Hansen’s Signal to Distortion Ratio (SDR) measure 

 

This objective measure analyzes the amount of distortion caused by a processing scheme of a 

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 compares two 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 signals       and 

      can be called a Hilbert pair, if        is the Hilbert transform of       . 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 mismatch, the two-

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 non-zero PSD at the negative 

frequencies as well as it will influence the PSD at positive frequencies. The ratio between the PSD 

at positive and that at negative frequencies can then, finally, be expressed as a frequency-

dependent SDR. By weighting the signal PSD and the distortion PSD with A-weighting filters and 

calculating the difference at their output, it is possible to specify a single SDR in dB. It has to be 

mentioned that the described method is sensitive to fast-acting applications but not to systems 

with slow adaption times.  

The following listing summarizes the procedure of Olofsson and Hansen’s SDR measure which was 

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 signals      and       were derived from the original recordings, where 

              , i.e. the Hilbert transform of      was calculated and both signals were 

stored separately. 

 

 

2.      and       were run through the noise reduction algorithm to obtain the two output 

signals      and      . Afterwards a new complex signal                  was formed.  

 

 

3. If the tested system is linear, the two output signals      and       keep the property of the 

input signals which formed a Hilbert pair. To verify this, the two-sided PSD of      was 

calculated to maintain values for the negative frequencies       and the positive 

frequencies      , respectively. Note that a PSD at the negative frequencies unequal to 

zero indicates a non-linear behavior of the system under test. 

 

 

4. To achieve a single number SDR result, the signal and the distortion PSD was a-weighted 

and the difference in power at the filter outputs was calculated. 

 

 

5. Within one type of processing (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 non-linearity of the particular algorithm. 

 

This method has showed a high correlation between subjective and objective data on distortion 

produced by the non-linear behavior of several compression systems [1]. It should be noted, that 

the requirement that the two output signals of a system form a Hilbert pair, when the respective 

input signals form 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 each recording of running speech for each type of noise 

reduction. Afterwards, the mean value of all recordings within 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-to-end speech quality of narrow-band telephone networks 

and speech codecs [3]. The method outputs a score which is supposed to be a proper prediction of 

the quality assessment made by listeners. Therefore, the PESQ is based on the comparison of an 

original/clean input signal      and the corresponding output signal y    which was fed through 

the system under test. To account for 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 illustrated in Figure 9.  

 

 

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 signal and the 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 response of 

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 realign sections which lead to large 

disturbance values. These disturbance values are an output of the employed perceptual model 

(Appendix C) which is applied to maintain the discrepancy between original and degraded signal. 

The absolute difference between an original 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-

established subjective listening tests. Thus, the PESQ allows for a straight forward correlation 
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analyses between subjective and objective data. In the current study, the correlation between the 

PESQ scores and the PCR results can be determined. This is especially interesting with regard to 

the rating categories “speech clarity” and “preference”. 

 

6.1.5   Hu and Loizou’s Composite Measure 

 

For all the aforementioned methods, 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 subjective test 

methods completely. This is because a method predicting the extent of distortion is not directly 

capable of giving an accurate estimation of for example speech intelligibility, whereas the SII is no 

proper predictor for noise loudness or hearing fatigue. Hence, 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 with regard to the prediction of overall quality or the choice of preference. 

A composite measure developed by Hu and Loizou [8] was used in this study. The authors 

examined different combinations of existing objective measures to form three basic predictors for 

overall quality (  ), signal distortion (  ) and noise distortion (  ). To find the optimal weighting 

factors for the different measure within one predictor, linear and nonlinear regression analysis 

procedures were used. The three composite measures include the segmental SNR measure 

(segSNR), the frequency-based segmental SNR (fwSNRseg), the PESQ, the Weighted spectral Slope 

measure (WSS), the Log-Likelihood Ratio (LLR) and Cepstrum Distance Measure (CEP): 

 

                                                                 

                         

                                                                 

              

                                                                 

            

 

where the subscript in the abbreviations indicates a, to some extent, optimized version of the 

original measure. 
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In connection to the rating categories for the PCR, the composite measure became interesting 

particularly because of the possibility to compare the composite measure scores for overall quality 

to the PCR category “preference” and the scores for signal distortion to the category “speech 

clarity”. 

 
 

6.2   Signal preparation for the objective measures 
 

To compare the results from the subjective listening tests to some objective calculations, the 

described objective measures were applied to the speech material. Since those objective 

measures were supposed to give a prediction of the corresponding subjective results from the 

listening tests, it was crucial that the files at the input of the objective measures have identical 

properties in comparison with the representation of the audio material at the subject’s perceptual 

level. For this reason, certain modifications 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 required, including the equivalent 

speech spectrum level and the 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 processed files and 

the same processed files but with a 180° phase shifted noise part. This modification was done 

according to the Hagerman and Olofsson method (see chapter 6.1.2). Since the one-third octave 

band method for the SII calculations was chosen for this study, the noise and the speech part of 

the material was filtered in one-third octave bands according to the ANSI S1.1-1986 specification 

for octave band and fractional octave band digital filters [19]. This was done for the bands ranging 

from 1600 Hz to 8000 Hz, whereas the bands below 1600 Hz were filtered according to the 

multirate filter implementation of Orfanidis [20]. After the filtering process, the transfer function 

of the signal chain from the computer to the listener’s position (also one-third octave band 

filtered) was applied to both speech and noise to assure the same signal characteristics at the 

input of the SII calculation as at the subject’s eardrum. To transform the rms powers calculated in 

one-third octave bands into the appropriate spectrum levels, the following calculation was done: 
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where   is the overall level after energy summation,    the center frequency of the current one-

third octave band and   the corresponding rms power at that band.  

 

                 

 

where          denotes the rms level in dB SPL at the one-third octave band  , with   being the 

calibrated speech level at the listener’s position in dB SPL. 

 

                           

 

where       is the spectral level and      the bandwidth corresponding to the one-third octave 

band center frequency  . 

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 were averaged (median values) within 

the list before the actual SII 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 the individual SNR at which the subjects ended up in the Hagerman test. The 

further input arguments to the SII calculation, which individualized the method were the subject’s 

hearing threshold levels and the REIG. Both information were available in the needed form and 

required no further modifications. 

 

6.2.2   Hagerman and Olofsson’s method 

 

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 calculation of the 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 way, that exactly 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 chapter 6.1.2. 

 

6.2.3   Olofsson and Hansen’s SDR measure 

 

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 stored. The 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 chapter 6.1.3. 

To ensure that the input material to the objective measure had the same signal characteristics as 

the signal that would be recorded at the subject’s eardrum, the transfer function of the entire 

signal chain as well as the individual REIG were applied to the 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 current 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 performed.  The 

procedure of shaping the noise is summarized in chapter 6.2.5. 

 

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 prior to the 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. the program material was filtered according to the 

signal chain’s transfer function and the individual REIG and a hearing threshold shaped noise was 

added to individualize the results. 
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6.2.5   Hearing threshold shaped noise 

 

None of the objective methods which were employed to predict aspects of sound quality allow for 

entering subject-related, 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 

cases solely an unprocessed and the corresponding processed file are passed through the 

objective measure. But for tests involving hearing-impaired subjects, it might be important to 

individualize the results. Therefore, modifications of the input material to the objective measures 

were required. 

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 physical SNR since the same linear filter is applied on the noise and the speech part of 

the signal to the same extent. However, it was decided to add extra information on the subject’s 

hearing loss to the program material before it was passed through the objective calculations. This 

information was provided in form of a white noise, which was shaped 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 8000 Hz was low for both the speech and the noise 

material. Furthermore, the transfer function reveals an extra attenuation in the high frequency 

regions. The process of noise shaping can be summarized as follows: 

 

1. with information on the digital rms level      of the program material and the presentation 

level at the listener’s position        in dB SPL, the linear calibration factor   was calculated: 

 

    
           

   

 

2. the hearing thresholds        and the nominal maximum audible field (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: 

 

                      

 

 

 

3. in order to obtain the correct calibrated threshold values     , the calibration factor was 

applied: 
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4. the vector of hearing thresholds       was regarded as a linear system with the 

corresponding impulse response     . A white noise      was produced and the 

convolution of      and      resulted in the desired hearing threshold shaped noise 

      : 

                

After the computation, the individual hearing threshold shaped noise for each subject was stored 

on the 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 algorithm and 

the unprocessed condition were included in the collected data. The 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 Table III. The last row in this Table denotes the across-subjects mean SNR value for 

each NR algorithm and the unprocessed condition, respectively. 

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

Subject Nr. PSSLP Unprocessed WEDM Wiener 

1 +0.0 -2.9 +1.5 -0.9 
2 +2.6 -0.8 +4.4 +1.8 
3 -2.9 -2.8 +0.4 -2.0 
4 +2.6 -2.1 -0.4 +2.5 
5 -3.1 -1.4 -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 +2.5 +9.9 +3.5 
12 -2.5 -3.1 -2.5 -3.6 
13 -1.1 -0.8 -1.5 -2.6 
14 +2.8 +3.4 +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 -0.4 +3.5 -0.9 
18 +2.8 +0.6 +2.4 +2.1 
19 -5.4 -3.6 -2.9 -4.0 
20 -0.8 +0.4 -0.1 -0.5 

SD 
Mean 

+3.1 
-0.5 

+2.0 
-1.2 

+3.3 
+0.6 

+2.2 
-0.6 
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With regard to the across-subjects mean values of the SNR for speech recognition scores of 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 SNR was required to reach a speech 

recognition of 80%. This means, that each NR algorithm degrades the speech material to some 

extent, so that also the speech recognition is decreased. The calculated SNR improvements 

(equivalent to the degree of degradation), which are needed after the NR processing, to achieve 

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 of a Friedman two-way analysis of variance by ranks 

revealed that the difference between the processing with the WEDM algorithm and all other 

conditions is statistically significant (p<0.05). 

 

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 signal-to-noise ratio. Negative SNR-gains specify some sort of signal 

degradation caused by the NR processing, while positive values define 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 for one particular running speech recording. The spectral shape of this recording 

differed to such an extent from the other material that a fair comparison was not possible and the 

recording had to be excluded from further tests. For the subjects who did not complete both test 

and retest by then, a new running speech recording was processed to replace the defective one. 

The ratings that were done on the faulty stimulus prior to its exclusion were excluded from the 

analysis. After the data exclusion, at least two ratings were available for each subject, so that a 

SNR-gain value could be calculated for each subject and each rating condition. A summary of the 

number of ratings which resulted in the final SNR-gain is given in Table IV. For more than half of 

the subjects, the SNR-gain could be calculated on a complete set 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 SNR-gain was based on one, two, three or all four rating pairs. 
Statistic for each PCR condition (NR algorithm and rating category). 

Rating pairs 
used for gain 
calculation 

Preference Speech Clarity Noise Loudness 

 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 values of the calculated SNR-gain 

across subjects. The straight red line denotes the median and the blue box the inter-quartile 

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: 

The results for the rating category “Preference” are presented in Figure 10. An overview of the 

boxplots allows the statement, that none of the tested NR algorithms is capable of providing an 

explicit benefit for the hearing impaired subjects. In case of the WEDM and the Wiener algorithm, 

even a slight to moderate quality-degradation can be observed. The median SNR-gain values and 

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

 

Table V. SNR-gain values (dB) at the different quartiles for the rating 
category “Preference” 

PCR – Rating Category “Preference” 

 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 algorithm are considerably 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 average close to the point of subjective equality. 

 

Figure 10. Subjective ratings from the PCR for the category “Preference”. Mean SNR-gain 
values in dB for each NR algorithm. 

 

Speech clarity: 

The results for the rating category “Speech clarity” are given in Figure 11. While the subjective 

ratings indicate that for the PSSLP and the Wiener algorithm the speech clarity is neither clearly 

degraded nor improved, the results for the WEDM algorithm show an explicit degree of speech 

clarity degradation. This finding is conform to the results of the speech recognition test, were the 

WEDM-processed material required a significantly higher SNR than the rest of the conditions in 

order to achieve a speech recognition score of 80%. The exact values for the SNR-gain at the 25%, 

50% and 75% quartile are given in the following table. 
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Table VI. SNR-gain values (dB) at the different quartiles for the rating 
category “Speech clarity” 

PCR – Rating Category “Speech clarity” 

 psslp wedm wiener 

25% quartile -1,1 -7,0 -2,5 

50% quartile 0 -4,7 -0,1 

75% quartile 1,0 -2,5 1,9 

 

 

The results for the rating category “Speech clarity” show that for two of the NR algorithms (PSSLP 

and Wiener), there were participants who rated the material’s speech clarity to be improved by 

the algorithm (positive gain values at the 75% quartile), while another group of the subjects 

perceived the speech clarity to be reduced (negative gain values at the 25% quartile).   

 

 

Figure 11. Subjective ratings from the PCR for the category “Speech clarity”. Mean SNR-
gain values in dB for each NR algorithm. 
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Noise Loudness: 

The loudness of the background noise in the program material, subjectively rated as an aspect of 

sound quality is shown in Figure 12. Note that for each rating category a positive SNR-gain value 

represents a benefit for the hearing impaired. Thus, 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 rather marginal for the PSSLP algorithm. The median SNR-gain values and the values at 

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

 

Table VII. SNR-gain values (dB) at the different quartiles for the rating 
category “Noise loudness” 

PCR – Rating Category “Noise loudness” 

 psslp wedm wiener 

25% quartile 0 1,3 1,7 

50% quartile 0 2,5 2,5 

75% quartile 0,9 4,8 4,0 

 

 

The results indicate that for the majority of the subjects the improvement in SNR, gained with the 

help of the used NR algorithms, exceeds a maximum of +5 dB only in exceptional cases. Especially 

for the PSSLP algorithm, which is optimized for a low-distortion implementation in a hearing aid, 

there is almost no effect on the SNR noticeable for the hearing impaired subjects. 
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Figure 12. Subjective ratings from the PCR for the category “Noise loudness”. Mean 
SNR-gain values in dB for each NR algorithm. 

 

 

7.2   Objective Measures 
 

7.2.1   SII 

 

The results for the speech intelligibility index were obtained according to the method described in 

chapter 6.1.1. Thus, an estimated recognition score in percent, based on the SII 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). Table VIII summarizes the individual results for the SII 

calculations, where only the results for the better ear were included. 
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Table VIII. Estimated speech recognition scores (%) for the better ear from the SII calculations for each NR algorithm 
and the unprocessed material. Also the across-subject 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 
Mean 

4,8 
94,1 

5.0 
93.2 

3.2 
96.4 

4.4 
95.2 

 

Table VIII and Figure 13 reveal that the calculated mean values for each NR algorithm/the 

unprocessed material are on average between 93 and 97 %, with the highest score for the WEDM 

algorithm and the worst recognition for unprocessed material. 
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Figure 13. Median (red line), interquartile range (blue box) and 10% and 90% quantile (whiskers) values for the SII (%) 
calculated by the SII method. Red plus symbols mark the outliers in the data set.  

 

SII vs. subjective results 

Since the Hagerman test parameters were modified, so that the resulting SNRs correspond to  

speech recognition scores of 80%, the same value should also be calculated by the SII method for 

each subject and stimulus condition (if the objective measure performs an accurate prediction of 

the subjective results). The SII method shows an inaccurate performance regarding the fact, that 

the same program material, which leads to a constant speech recognition score of 80% within the 

Hagerman test, leads to dissimilar scores calculated by the SII method. A Friedman test (p-value 

smaller than 0,01) indicates that there are statistically significant differences across conditions. 

The analysis was performed on the pooled subject data.  Concerning the ability of the objective 

method to give a precise prediction of the results from an appropriate subjective test, the 

calculated values from the SII measure are on average 14,7 score values (percent speech 

recognition) higher compared to the subjective observations, i.e. the SII model overestimates the 

speech intelligibility. This is because the distortion introduced by each type of processing is not 
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taken into account within the SII calculations, so that the 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 running speech recordings 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 a 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 of SNR-gain in dB, the 

results from the PCR category “Noise Loudness” (Table VII) were compared to the SNR 

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 SNR-gain 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 subjective results. 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 SNR-gain at the 75% quartile by only 0.2 dB. Table IX combines the results for both 

the PCR and the objective Hagerman & Olofsson method. 

Table IX. SNR-gain values (dB) at the different quartiles for the rating 
category “Noise loudness” and SNR-improvement (dB) calculated with 
the objective Hagerman & Olofsson method 

“Noise loudness” rating and objectively measured 
SNR improvement  

 psslp wedm wiener 

25% quartile 0 -0.7 1.5 

50% quartile 0 2.5 2.5 

75% quartile 1.0 4.8 4.1 

H&O SNR-
improvement 

1.3 4.6 2.7 
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 7.2.3   Olofsson & Hansen’s SDR measure 

 

Unlike the previous measurement, which focused on a signal-to-noise ratio, the SDR is an 

abbreviation for signal-to-distortion ratio. According to the description of the method in chapter 

6.1.3, the results from the A-weighted SDR measure are expressed in dB, where higher values 

indicate less distortion and vice versa. The individual results for each subject and each stimulus 

condition (NR algorithm/unprocessed) are presented in Table X. 

 

Table X. Individual results for the SDR measure for each NR algorithm and the unprocessed material. 
Values indicate the A-weighted SDRs (dB). Also, the across-subject 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 
108.9 56.0 59.2 

4 59.9 
116.8 55.2 59.1 

5 61.3 
120.1 56.7 59.0 

6 60.3 
135.5 55.7 59.4 

7 61.8 
119.2 57.3 59.2 

8 61.6 
114.0 57.0 60.1 

9 59.5 
122.3 55.8 59.2 

10 63.2 
105.1 60.2 59.9 

11 62.5 
111.2 58.3 59.7 

12 62.2 
88.9 59.2 60.7 

13 59.4 
113.3 55.3 58.7 

14 62.3 
111.6 58.5 58.6 

15 60.2 
118.7 56.7 58.7 

16 62.1 
120.9 57.9 59.1 
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17 58.6 
74.5 59.8 59.0 

18 62.2 
85.9 57.5 59.0 

19 61.9 
78.5 59.0 59.6 

20 58.2 
118.3 55.9 59.6 

SD 
Mean 

1.4 
60.9 

15.9 
108.2 

1.54 
57.2 

0.6 
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 condition 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 

WEDM algorithm provides the lowest SDR of 57.2 dB, i.e., according to the objective SDR measure, 

this algorithm produces the highest amount of distortion. However, there are no statistically 

significant differences between the SDR values for the algorithms.  

 

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 SNR-gain values of each PCR category. Figure 14 is selected to show a representative 

outcome of the comparison.  
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Figure 14. Individual SDR values as a function of the SNR-gain values from the 
preference ratings from the subjective PCR test. 

 

As already observable in the figure, the correlation between objective and subjective results is 

rather poor. The calculated correlation coefficient for the data in Figure 14 is         . This 

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 result in a 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 distortion and 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 across-subject results for each objective 

category and each NR algorithm are given in Table XI. 
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Table XI. Mean across-subject scores from the composite measure and the PESQ. Csig = signal distortion, Cbak = background 
distortion, Covl = overall quality. 

NR Algorithm                     

PSSLP 2,8 2,1 2,1 1,6 
WEDM 1,9 1,8 1,5 1,3 
WIENER 2,1 1,8 1,6 1,3 

 

 

For the categories signal distortion (    ) and background distortion (    ) 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 definition, the PSSLP performs best in each category even 

though the scores in general indicate a rather low quality for each algorithm in each category. 

Figure 15 gives an overview on the relation between the composite scores for the category “signal 

distortion” and SNG-gain values for the rating category “speech clarity” from the PCR. There is a 

correlation coefficient of     0.7110 calculated on the across-subject 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 and the SNR-gain for the PCR category “preference”, a correlation coefficient    0.8975 

was found. The correlation coefficient for the categories ”background distortion” (composite 

measure) and ”noise loudness” (PCR) is    -0,99553 , which means that an increasing score for 

background distortion (less distortion) is reflected by a lower SNR-gain, i.e. corresponds to a 

decreasing improvement in SNR. 
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Figure 15. Individual subjective SNR-gain values as a function of the objectively calculated scores for the composite 
measure category “signal distortion”.  
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8   Discussion 
 

A look at the results of the present study reveals positive and improvable aspects about 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 elaborate 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.  

Regarding 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 SNRs at which they 

should provide a certain benefit for the hearing-impaired subject. The Hagerman results might 

question the choice of a + 4 dB SNR for the material for the paired comparisons. But the results of 

the PCR showed that even at the “realistic” SNR of 4 dB the NR processing resulted in audible and 

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. This 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, with optimized parameters for the implementation in a hearing aid, focuses 

on quality aspects, since “comfort” or “ease of listening” is an important parameter for the 

hearing-impaired. Therefore, the PSSLP can be subjectively described as the best sounding 

algorithm, introducing the lowest amount of “musical tones”. This is true for both the noise part 

and the speech part of the material. But as a trade-off, the algorithm is quite limited with regard 

to the potential improvement in SNR. These findings are to some extent reflected by both the 

subjective and the objective test methods. The little improvement in SNR in contrast to the other 

algorithms can be found in the results for the PCR category for “noise loudness”, where on 

average, the PSSLP ended up at a SNR-gain of 0 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 babble-noise, 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 objective measures 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 different noise reduction strategies but lead to 

a similar sound quality after the processing is applied. Both algorithms add a certain amount of the 

type of distortion characterized as “musical tones” to the audio material. This happens for both 

the speech and the 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 a great improvement 

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 results for the WEDM algorithm for example show the 

largest SNR improvement according to the objective Hagerman & Olofsson method of separating 

speech and noise, but result in the lowest SNR-gain values for the PCR category of “speech clarity”. 

Note that the performance 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 level and SNR. 

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 NR performance, which part of the noise 

recording is superimposed with the speech material. At this point of the study, there is a trade-off 

between a preferably realistic noise condition and the controllability of the parameters. 

 

All the described trade-offs 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 assessed by the use of 

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 using a number 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 measured A–weighted SDR indicated, that the PSSLP algorithm caused 

as much distortion as the WEDM and Wiener algorithm. These findings correspond however not 

with the subjective ratings. These 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 misleading 

results might be the shorter time-constants of the NR algorithms in comparison to the time-

constants of the compression systems which were tested in Olofsson’s and Hansen’s study. 

Furthermore, the characteristics of the nonlinearity might play a role as well. 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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to distortions like the “musical tones” introduced by the WEDM and the Wiener algorithm. The 

results of these algorithms present SDR values, which are similar to those of the “best” rated 

compression system in Olofsson’s and Hansen’s study. This might be due to the fact, the “musical 

tones”, which are often described as distortion, are not of random nature but to some extent 

deterministic, so that their effect is not punished by the SDR measure. These findings confirm the 

statement in Olofsson and Hansen’s report *1+, that a high SDR value, which is, according to the 

underlying method, based on the fact that the two tested output signals 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. 

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 categories), but it cannot explain why 

for the Wiener algorithm, the rather poor rating in the category “signal distortion” (which 

corresponds to speech distortion in the current program material) does not lead to a significantly 

worse speech recognition in the Hagerman 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 the current study, the accuracy of the method has to be 

questioned. The analysis of the rating results revealed, that, unlike in Dahlquist’s study *11], 

several illogical rating pairs were obtained. In an extreme case, the noise loudness was rated 

higher for the 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 impact on the results, since 

the analysis method described in chapter 4.2.2 accounts and compensates for illogical responses. 

The most unpredictable factor, which might complicate the comparison between subjective and 

objective results, is the fact that the subjective listening 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 SII calculation, none of the objective methods 

was originally developed to give a prediction on results obtained with hearing-impaired 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 hearing thresholds and REIG into 

account. Therefore, the influence of the subject’s hearing pathologies on the final results are 

considered to be the most unpredictable parameter in the study design. 
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9   Conclusion 
 

As expected, none of the objective calculations provided 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 procedures in future 

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. 

Furthermore, this study emphasizes the importance of theoretical measures, which are in 

particular developed to predict the results for subjective tests with hearing-impaired participants. 

This is especially true for testing speech enhancement/noise reduction systems, since their 

performance should always be evaluated by the end-user.  
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Appendix A 

Rating Scale 

 

Vänligen markera med ett kryss på respektive tallinje vilket av de två presenterade 

ljuden som du bedömer BÄST med avseende på  
 

         TALETS TYDLIGHET 

 

 

  

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

1 

likvärdiga  klart tydligare tal  klart tydligare tal   

Ljud 1 Ljud 2 

2 

likvärdiga klart tydligare tal  klart tydligare tal   

Ljud 1 Ljud 2 
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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 5 25 45 45 50 55 65 90 

  L 15 15 5 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 5 5 10 30 40 40 50 60 75 75 

  L 5 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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