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AbstractAbstractAbstractAbstract 

A new method for the objective estimation of sound quality 
for both normal-hearing and hearing-impaired listeners is 
presented.  It is based on three main parts: 1) Subjective 
sound quality ratings, 2) An auditory model, coupled to 3) An 
artificial neural network.  The paper presents sound quality 
predictions on two perceptual scales, Clearness and 
Sharpness, and compares these to actual subjective ratings.   

1.1.1.1.  IntroductionIntroductionIntroductionIntroduction 

There is today still a large gap between our perception of the 
sound quality of sound-reproducing devices and the so-called 
‘objective’ measurements.  There are many standardized, and 
relevant measurements that are used for assessment of the 
‘quality’ of a device, e.g. frequency response, distortion, 
signal/noise ratio.  They give some indication of the 
performance of the device, but often little knowledge about 
the sound quality perceived by the listener, i.e. the 
‘subjective’ measure.  Thus, the listening test remains the 
final and most relevant evaluation of a device.  However, 
listening tests are very costly and time-consuming, and great 
care must be put into experimental design, statistical analysis 
etc.  In the development cycle of a device, the formal and 
representative listening test will cause an unacceptable delay, 
and faster methods are desirable.   

So there has been a desire to link the objective (physical) 
measures with the subjective impression (rating) of sound 
quality.  Correlating subjective ratings with the existing 
technical measures has not been very successful.  And the 
technical measures have been of very little use if 1) the test 
device performs a deliberate and clearly audible modification 
of the signal as would a hearing aid (e.g. frequency shaping, 
dynamic range compression, effects etc.) or 2) if the test 
device behaves in a very non-linear and signal-dependent 
manner, where real-world signals are the only useful test 
signals (e.g. bit-rate reduction coders, dynamic range 
compression, advanced signal processing algorithms).   

These current developments combined with the 
availability of modern signal-processing tools have raised an 
interest in objective measures of sound quality, based on 
models of the human auditory perception, and a number of 
such measures have been proposed, e.g. PAQM [1] and more 
recently PESQ ([2] and [3]). See also [4] for an overview.  
All of these methods have relied on some type of difference 
between an ideal reference and a modified (test) with the 
purpose of predicting if the modification is audible and, for 
some measures also, estimating the subjective amount of 
degradation.  This is a good approach for predicting the 
effects of small, undesirable signal modifications (e.g. bit-rate 
reduction).  However, this type of measure is not feasible, if 

no obvious external reference is available (= the unprocessed 
signal), for instance with hearing aids, signal processing 
equipment, and loudspeakers.   

The present work [5] presents an absolute measure of 
sound quality, in the sense that no external reference is 
required - the perceived sound quality is predicted directly on 
a number of subjective scales.  It is thus feasible to use for 
audio devices that perform deliberate signal processing, or if 
no optimal reference is available - both of these conditions 
apply to hearing aids.  The measure is called OSSQAR: 
Objective Scaling of Sound Quality And Reproduction. It 
consisted of three components:  1)1)1)1) Subjective sound quality 
ratings providing reference data, 2)2)2)2) an auditory model with 
hearing loss, coupled to 3)3)3)3) an artificial neural network, that 
was trained to predict the sound quality ratings. 

2.2.2.2.  OSSQAR: Subjective measuresOSSQAR: Subjective measuresOSSQAR: Subjective measuresOSSQAR: Subjective measures 

The subjective listening tests had a number of important 
goals: 

• To obtain quantitative, reliable sound quality ratings for 
the development of OSSQAR.  

• To evaluate both normal-hearing and hearing-impaired 
listeners and compare their results with respect to 
subjective sound quality. 

• To study the nature of the subjective scales and select the 
most appropriate ones.   

The listening tests are described in detail in a report [6]. 

2.1.2.1.2.1.2.1.  Subjects and stimuliSubjects and stimuliSubjects and stimuliSubjects and stimuli 

The study included 12 Normal-Hearing (NH) and 11 Hearing-
Impaired (HI) subjects.  The HI subjects were selected to 
match a particular shape of hearing loss, typical for an in-the-
ear (ITE) hearing aid user.  The investigation used 64 
subjectively very diverse signal and processing conditions in 
an attempt to obtain general results and to make the subjects 
use a wider range on each perceptual scale.  These were 
created as various combinations of speech or music, added 
background noise, filtering, clipping and compression, 
forming a total of 64 stimuli.  The 64 stimulus files for the 
normal-hearing group were multiplied by individual scale 
factors to equalize the long-term level (Leq), in order to keep 
the perceived loudness approximately constant.  After scaling, 
64 new stimulus files for the hearing-impaired group were 
generated, by convolving with a digital filter, providing the 
proper frequency-dependent amplification according to the 
POGO II gain prescription rule [7] for the common hearing 
loss shape.  All stimulus files were 30 sec. in duration, and 
always played twice in succession, allowing the subject one 
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minute to rate each stimulus.  The signal files were played 
from the hard-disk of a PC, using the Ariel DSP-16 signal 
processing board as a digital-to-analog converter, followed by 
a 10 kHz low-pass filter.  A manual attenuator was used to set 
the signal level to Most Comfortable Level (MCL) once for 
each subject.  The signal was delivered monaurally to the best 
ear of the subject via Sennheiser HD250 Linear II 
headphones.  All listening took place in a sound-proof 
audiometric test booth 

2.2.2.2.2.2.2.2.  Rating procedureRating procedureRating procedureRating procedure 

The rating scales and rating procedure were based on previous 
work by Gabrielsson et al. [8], from which six perceptual 
scales were chosen: 

• Loudness • Clearness • Sharpness 
• Fullness • Spaciousness • Overall 

Impression 
The scale was designed as a horizontal line with 

numerical markers and verbal labels for the midpoint and the 
two extremes of each scale.  The rating form is shown in 
Figure 1. 

Figure 1 The rating scale used in the subjective rating 
experiment.

Before every session, the subject received a short written 
instruction on how to perform the rating task, plus a brief 
written description of the midpoint and the two extremes of 
each of the six rating scales.  After audiogram screening and 

interview, each subject participated in three rating sessions on 
different days. 

2.3.2.3.2.3.2.3.  Main resultsMain resultsMain resultsMain results 

The data from the rating forms were entered into a 
spreadsheet for further statistical analysis.  No transformation 
or normalization was applied to the data, and it was assumed 
that the rating scale data followed a normal distribution. A 
two-way analysis of variance (ANOVA) was applied to each 
subject for each rating scale, testing two effects: Stimulus and 
Day (1-2-3).  This was done to ensure that each subject was 
reliable and useful in the group analysis, and useful for the 
training of OSSQAR.  It was found that all 12 normal-hearing 
(NH) subjects had significant stimulus effects on all six scales 
(p < 0.01), except one subject on the Loudness scale.  All NH 
subjects had significant day-to-day changes on one or more 
scales (p < 0.05).  For the 11 hearing-impaired (HI) subjects, 
all had significant stimulus effects on all six scales (p < 0.01), 
except one subject on the Sharpness scale.   

2.3.1. Effects of signals and subjects.   

In order to make general statements concerning the subject 
populations, all subjects were included in six analyses of 
variance (ANOVA), one for each rating scale.  These 
ANOVA's tested the four main effects:  Stimulus, Group (NH 
vs. HI), Subject (within group) and Day (1-2-3).  One NH 
subject (the poorest performer) was left out of the analysis to 
balance the design (thus 11 subjects in both groups).   

The 64 stimuli were different, with large significant 
effects on all scales (p < 0.01), however the magnitude of the 
effects on the Spaciousness and Loudness scales was 
relatively smaller.  It was expected that Loudness had a small 
effect, since the signals were equal in power.  There was no 
difference between the two groups (NH vs. HI) (p >> 0.05), 
meaning that one group is not shifted on the rating scale 
compared to the other.  Given the simplistic amplification 
scheme to compensate for hearing loss, it is unlikely that the 
two subject groups had the same auditory perception of the 
stimuli.  They have nevertheless rated the mean values equal, 
giving a strong indication, that the subjective scales are not 
absolute.   

There was a significant difference between Subjects (p < 
0.01), i.e. the subjects use the scales differently, but the 
subject effect is numerically smaller than the stimulus effect.  
There is no overall difference from day-to-day, i.e. no 
systematic shift on the rating scales during consecutive 
sessions.   

In the experimental design used here, it is also possible to 
examine certain interactions.  There was a significant 
Stimulus-Group interaction indicating that the two groups 
(NH and HI) disagree on the rating of the stimuli - this can be 
due to the difference in hearing capacity and/or the age 
difference.  Given this fact, we must conclude that elderly 
hearing-impaired and young normal-hearing subjects cannot 
be equated in the present and future experiments. 

Inspection of the means of Stimulus-Group interaction 
separately for the two groups confirmed that the experimental 
design elicited responses over a broad range on the scale, with 
stimulus means covering almost the entire 0-10 range (data 
not shown).  The majority of responses are under midway, 
meaning rather low Clearness in general.  Generally, the 
means for the NH group are more spread out on the scale, i.e. 
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the NH group uses a wider range on the scale.  This can also 
be interpreted as a higher sensitivity for the NH group. 

2.3.2. Rating scales and perceptual dimensions.  

Two questions were addressed concerning the properties 
of the rating scales: 1) which of them are relevant in 
describing the perceived sound quality adequately, and 2) are 
they interpreted the same way by the two subject groups?   

These questions were answered by means of a factor 
analysis, where the underlying perceptual dimensions were 
derived on the basis of the rating data from all six scales. Two 
dominant factors emerged: Factor 1 accounted for 47.9% 
(NH) and 50.7% (HI) of the total variance and can be 
interpreted the same way by the two subject groups:  It is 
dominated by equal contributions from Clearness and Overall 
impression with some contribution from Fullness.  This shows 
that Overall Impression is a redundant scale, equally well 
covered by Clearness.  Factor 2 accounted for 20.2% (NH) 
and 22.7% (HI) of the total variance and it is dominated by 
Sharpness and Fullness, the two having an opposite effect.  
The two subject groups have opposite orientation along 
Factor 2, due to slight differences in the factor analysis, 
however the perceptual interpretation is the same.  Factor 2 
may be interpreted as low-frequency vs. high-frequency 
spectral content, i.e. a low-frequency dominated stimulus will 
be rated very Full and very Dull (not Sharp), and opposite 
when much high-frequency energy is present. The placement 
of the original rating scales in the underlying factor space is 
shown for the primary two factors in Figure 2. 

In the present factor analysis, there is very good 
agreement between the two groups with respect to correlation 
between scales and the location of the rating scales in the 
underlying factor space, thus we can conclude that normal-
hearing and hearing-impaired listeners perceive sound quality 
in the same perceptual space, and both groups use the same 
interpretation of the scales.  This is an important result for the 
definition of an objective quality measure that is common for 
both groups. 

3.3.3.3.  OSSQAR: Auditory modelingOSSQAR: Auditory modelingOSSQAR: Auditory modelingOSSQAR: Auditory modeling 

In order to predict sound quality, the measure should 
probably include knowledge of hearing, i.e. some auditory 
model.  This is equivalent to other modern perceptually based 
quality measures, except that OSSQAR should operate 
without a reference signal.  The assumption in the present 
project was that the of use an auditory model to implement 
the known basic psychoacoustics for the normal and the 
impaired ear was likely to produce the most representative 
measure.  The unknown properties - coupling from auditory 

model to sound quality estimates should then be established 
by means of a trained artificial neural network.   

An auditory model can be either based on the physiology 
of the hearing system - outer, middle and inner ear, or it can 
be based on the psychophysics of hearing.  In the present 
work, the psychophysical approach was used, since only this 
aspect of hearing is well enough documented to facilitate the 
development of a practical, quantitative measure.  This is 
especially true when hearing loss is included, since no 
physiological data are available on the typical age-induced 
hearing loss in humans.   
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Figure 2 Rotated factor weights 1 and 2 for the two 
subject groups.  For both groups, factor 1 accounts for 
roughly 50% of the total variance and factor 2 
accounts for additional 21%.

The present auditory model, named AUDMOD [9], is 
shown schematically in Figure 3.   

12



Figure 3 Block diagram of the auditory model 
(AUDMOD). 

The core of the model is a set of filters shaped as rounded 
exponentials (roex) in the frequency domain.  These filter 
shapes are derived from detection thresholds of pure tones 
masked by notched noise, with the tone located in the notch 
[10].  Contrary to the original (classical) critical bands that 
were specified in terms of cut-off frequencies only [11], the 
filter shape is specified, and the output of the filterbank 
output is the excitation pattern (E), which includes frequency 
masking effects automatically, by virtue of the sloping filter 
shapes.  In auditory models based on classical critical bands, 
the filter bank uses rectangular bands and the excitation 
pattern must be calculated afterwards by convolving, in the 
frequency domain, with a spreading function, similar to a 
narrow band masking pattern [1]. 

The present model encodes loudness, according to the 
models by Zwicker & Feldtkeller [11], and Zwicker & Fastl 
[12]:  Specific loudness (N') is calculated from the excitation 
in each critical band (here: each filter channel), by means of a 
power function with exponent 0.23.  The threshold of hearing 
is considered equal to an internal masking noise, hence there 
is a steep growth of loudness close to threshold.  The total 
loudness can be calculated by summing the specific loudness 
across all bands.   

The present auditory model performs the following 
operations on the signal:   

• The incoming signal (t) is windowed to a user-specified 
frame-size. 

• An FFT analysis is performed on the windowed signal 
and a power spectrum (f) is obtained.  

• Equalization is then applied to the power spectrum to 
compensate for the frequency response of the coupler, in 
which the signal was recorded.   

• In the same way, a transmission factor is applied by 
multiplication in the frequency domain.  This factor can 
be interpreted as the linear transmission characteristics of 
the ear canal and the middle ear.   

• The signal power is determined in rectangular bands (or 
wider, in the hearing-impaired case), by summing the 
power spectrum (f) within the limits of each band.  These 
power values are used to adjust the filterbank: 

• The resulting power spectrum is then passed through a 
filterbank, consisting of 30 auditory roex filters whose 
shapes depend on hearing loss and on the band-specific 
signal power.  The roex filterbank output is the 
excitation pattern (E). 

• The parameters for hearing loss (THR) are converted 
from dB Hearing Level (HL) to dB Sound Pressure 
Level (SPL) and used to influence frequency selectivity 
in the filterbank and sensitivity in the loudness function.  
Dashed lines indicate these initialization parameters. 
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• The roex filterbank output (E) is passed on to the 
specific loudness function that converts excitation in 
each channel to specific loudness, (N').  The absolute 
threshold of the subject is taken into account here.  N' is 
the default model output, but the output can be taken at 
other points in the model.   

• The total loudness of an incoming signal can be 
calculated by summing the specific loudness across 
bands. 

The auditory model has been implemented as a PC 
program that reads waveform signal files and outputs the 
results to different optional file formats. Various parameters 
for the auditory model, including hearing loss, are specified in 
an accompanying parameter file.  Further details can be found
in [9]. 

4.4.4.4.  OSSQAR: Neural network modelOSSQAR: Neural network modelOSSQAR: Neural network modelOSSQAR: Neural network model 

In order to predict the subjective sound quality ratings by 
means of the output from the auditory model, the two sets of 
data were connected, using an artificial neural network 
(ANN). A MultiLayer Perceptron was used with the 
Backpropagation training algorithm.  The neural network was 
then trained using the majority of the subjective rating data 
and subsequently tested using the remaining rating data for 
verification.  See [13] for a detailed description. 

4.1.4.1.4.1.4.1.  Network input.  Network input.  Network input.  Network input.   

For each stimulus, lasting 30 s., the auditory model output - 
specific loudness (N’) - consisted of roughly 2350 frames, 30 
bands wide.  This large amount of data had to be reduced, to 
keep the neural network small, considering the small amount 
of subjective ratings available for training.  This was done by 
combining the bands 3-by-3 into 10 bands and calculating the 
mean and standard deviation across time, resulting in 20 
numbers per stimulus.  To account for the subject factor, 12 
input nodes were added to the network to inform about the 
current subject during training.  Thus, the network contained 
a total of 32 input nodes.   

When used for prediction, the 20 stimulus values are 
presented to the network, and the 12 subject nodes are set to 
1, one at a time.  In this manner the ratings of the 12 subjects 

can be estimated and the group estimate is calculated as the 
mean of these values. 

4.2.4.2.4.2.4.2.  Network output.  Network output.  Network output.  Network output.   

The network contained one output node only, representing 
either Clearness or Sharpness.  For simplification, one 
network was trained per subject group (NH/HI), i.e. a total of 
4 networks.  Training was done using 56 of the 64 stimuli, 
reserving 8 stimuli for independent testing.   

5.5.5.5.  Evaluation of OSSQAREvaluation of OSSQAREvaluation of OSSQAREvaluation of OSSQAR 

After training OSSQAR separately for the two dominant 
perceptual dimensions, Clearness and Sharpness, and the two 
subject groups, Normal-Hearing and Hearing-Impaired 
subjects, it was evaluated by plotting predicted vs. actual 
observations of the quality ratings.  For each stimulus, the 
mean actual rating was calculated across all subjects in the 
group and the predicted rating was calculated across the same 
subjects.  The test set was 8 of the total 64 stimuli, selected in 
a balanced manner to represent all classes of distortion.   

When these 64 points are plotted in a X-Y scatterplot, 
they should ideally lie exactly on the 1:1 line.  However, even 
the best prediction will not be better than the random errors 
inherent in the subjective rating data.  Thus the mean values 
should be plotted with error bars, indicating the 95% 
confidence intervals.  These have instead been plotted as 
dashed lines surrounding the 1:1 lines.  All data points falling 
within these lines have an acceptable prediction error.   

For Clearness shown in Figure 4, the predicted values of 
the training data are scattered in a symmetrical band around 
the 1:1 line, with some points outside the confidence 
intervals.  The same picture is seen for the test set, with about 
the same amount of prediction error.  Generally, there is a 
little overprediction of Clearness in the middle of the scale.   
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Figure 4 OSSQAR prediction of Clearness vs. the 
mean actual rating for the 12 normal-hearing subjects.  
The predictions for the points outside of the dashed 
lines deviate significantly from the actual ratings. 

The correlation is high (r = 0.95) for the training set and 
slightly lower for the test sets (r = 0.92).  These results are 
similar to the values provided in [14], that predicted 
subjective degradation on a 1-5 scale.  Their prediction values 
should be compared to the above plot of Clearness, since 
Clearness is almost identical with Overall Impression in the 
present study [6].  In [14] no verification with independent 
test data was done, and the maximum prediction error is 0.5  
(12.5% of full scale), which can be compared to the present 
maximum training set error of 11% and maximum test set 
error of 9% for Clearness, as shown in Figure 4.   

The predicted value of Sharpness, for Normal-Hearing 
listeners, is shown in Figure 5. There is some underprediction 
of Sharpness in the range 5-9, i.e. the "poor" side of the scale.  
The training data are not evenly spaced along the Sharpness 
scale, and thus not optimal for training.   
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Figure 5 OSSQAR prediction of Sharpness vs. the 
mean actual rating for the 12 normal-hearing subjects.  
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Figure 6 OSSQAR prediction of Clearness vs. the mean 
actual rating for the 11 hearing-impaired  subjects. 

The test and training set errors are very similar, and the 
two correlation coefficients are identical (r = 0.94).  The 
maximum deviations are 13% on both training and test sets. 

The predicted value of Clearness, by Hearing-Impaired 
(HI) listeners, is shown in Figure 6. 

The spread around the 1:1 line is larger than for the NH 
group (Figure 4), but so is the 95% confidence interval, and 
roughly the same number of stimuli fall outside of the 95% 
limits in the two cases (26 for NH, 21 for HI).   The 
correlation coefficients are good, r = 0.95 for the training set 
and r = 0.92 for the test set.  The maximum prediction errors 
are larger that for the Normal-Hearing subject group:  18% for 
the test set and 13% for the test set.  The test set is generally 
predicted with the same accuracy as the training set. 

The predicted values of Sharpness, by Hearing-Impaired 
listeners, are shown in Figure 7. As for the NH group, the 
actual Sharpness ratings are clustered around the mid-point 5, 
and the training data are thus not ideally spread out.  There is 
generally a small overprediction of Sharpness, unlike the 
underprediction in the NH case (Figure 5).  However, the 
spread outside of the 95% limits is smaller than for the NH 
subjects, only 16 points are outside the limit, compared to 31 
for the NH group.  This is also reflected in the larger 

correlation coefficient for the training set (r = 0.97).  The test 
set correlation is moderate (r = 0.83), due to a clustered test 
set.   
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Figure 7 OSSQAR prediction of Sharpness vs. the 
mean actual rating for the 11 hearing-impaired  
subjects.  
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6.6.6.6.  ConclusionConclusionConclusionConclusion 

A method for the objective estimation of sound quality has 
been developed and evaluated. The present work has shown 
that such a measure is a feasible and meaningful concept for 
both normal-hearing and hearing-impaired listeners, 
providing fast and repeatable estimates of sound quality.  This 
measure, OSSQAR (Objective Scaling of Sound Quality And 
Reproduction), predicts the perceived sound quality on two 
independent perceptual rating scales: Clearness and 
Sharpness.  These two scales were shown to be the most 
relevant for assessment of the sound quality in connection 
with the present types of distortion, and they were shown to 
have the same perceptual meaning for both normal-hearing 
and hearing-impaired listeners.   

Using test data from the subjective rating experiment, the 
prediction error of OSSQAR was found to be only slightly 
larger than the random variance in the subjective ratings. 

OSSQAR was designed as an absolute measure, however 
the subjective sound quality ratings on which it was based, 
were found not to be absolute.  Thus, the OSSQAR 
predictions can be used to rank the quality of the 
reproductions, but not to predict precisely the outcome of any 
subjective quality rating experiment.   

Further verification with new signals and distortion types 
will be required to assess how general and reliable OSSQAR 
is, and to identify the precise limitations of its application.  It 
is most likely that OSSQAR and other perceptually based 
objective sound quality measures should be viewed as 
supplements to technical measurements and listening tests, 
rather than replacements.   
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