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ABSTRACT

This paper describes the application of a quantitative

psychoacoustical signal preprocessing model for objective

speech quality measurement. The preprocessing is applied

to transform the original and the distorted speech signal to

an internal representation which is thought of as the infor-

mation that is accessible to higher neural stages of percep-

tion. From a comparison of these internal representations a

quality measure can be derived that shows a high correla-

tion to the subjective MOS data of various test data bases.

The inherent parameters of the preprocessing model were

derived directly from psychoacoustical data independent of

the present study. The detection thresholds of codec-like

distortions obtained in a psychoacoustical experiment could

also be predicted by the model. This indicates that the in-

ternal representation contains the relevant information for

detecting perceivable di�erences. It provides evidence for a

direct relation between speech quality and detectability of

a distortion.

1. INTRODUCTION

The goal in speech quality measurement is to quantify the

quality degradation of a speech sample relatively to an un-

degraded reference situation in order to predict the subjec-

tive quality rating of a listener panel. Objective, i.e. non-

auditive, instrumental methods for speech quality measure-

ment have been of large interest for a long time already due

the substantial e�ort needed for reliable and reproducible

subjective listening tests.

In this study, the distorted speech signals were generated

by low-bit-rate speech coding-decoding devices (\codecs")

such as used in mobile telephony. These codecs produce

a speech signal that is fully intelligible and allows for al-

most normal speaker identi�cation, compared to standard

telephony, but exhibit a clearly reduced speech quality due

to their highly nonlinear and/or time-variant algorithm. In

listening experiments, carried out by the research center

of Deutsche Telekom, the speech quality was subjectively

rated by test subjects.

In objective speech quality measurement, the application

of psychoacoustical preprocessing models is motivated by

the assumption, that subjects are able to judge the qual-

ity of a test speech signal by comparing a kind of \inter-

nal perceptual representation" of the test sound with that

of a reference sound [1, 2, 3, 4, 5]. This representation is

thought of as the information that is accessible to higher

neural stages of perception. It should contain the percep-

tually relevant features of the incoming sound. Di�erences

in this \internal representation" of input and output signal

are expected to correspond to perceivable di�erences of the

two signals and thus to indicate a decreased speech quality

of the output signal.

2. PSYCHOACOUSTICAL PREPROCESSING

MODEL

An elaborated functional model of the auditory processing

has been successfully applied by Dau [6] to simulate con-

ditions of simultaneous and non-simultaneous masking in

a wide range of psychoacoustical experiments. As a �rst

stage, a gammatone-�lter bank simulates the �ltering by

the basilar membrane [7]. It splits the signal into 19 crit-

ical bands with center frequencies from 350 to 3500 Hz.

Each channel is halfwave recti�ed and low-pass �ltered at

1 kHz to model the hair cell transduction characteristic.

The adaptation loops [8], modeling temporal masking ef-

fects, calculate a nonlinearly compressed and adapted en-

velope of the signal. A �nal low-pass �lter at 8 Hz analyzes

the temporal resolution of the envelope signal.

3. APPLICATION OF THE MODEL TO

SPEECH QUALITY MEASUREMENT

The above model was applied to speech quality measure-

ment in the way depicted in Fig. 1.

In subjective listening tests, typically sentences of di�er-

ent speakers are coded by the same codec-condition and

are rated individually by the subjects. For the objective

method, these sentences of di�erent speakers were concate-

nated and their average mean opinion score (MOS) calcu-

lated in order to reduce the variability of the MOS due to

the di�erent voices of the speakers. The original and the

distorted signal are then aligned with respect to overall de-

lay and overall RMS. Both signal are then transformed to

their internal representations.

For the purpose of speech quality measurement, each

channel output is time-averaged in frames of 20 ms with

50% overlap. A band weighting (see Fig.2) is applied by in-

dividual gain factors for each channel. This weighting char-

acteristic accounts for the relative perceptual importance of

di�erent band for speech quality. It is a slight modi�cation

of the 40-Phon Iso-loudness contours. The �nal objective

speech quality measure q is calculated as the overall correla-



tion coe�cient between the weighted representations of the

original and the distorted signal. A value of q = 1:0 re
ects

identical representations. The quality in terms of MOS is

expected to be a monotonically increasing function of q.
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Figure 1. Signal processing scheme of the percep-

tion model. Transformation of the input sound sig-

nal into its internal representation according to [6],

and calculation of the speech quality measure.

4. RESULTS WITH THE OBJECTIVE

SPEECH QUALITY MEASURE

The described method was applied to the German language

test material of the ETSI GSM-halfrate selection test, the

ITU-8kbit test and two internal tests with di�erently cas-

caded ADPCM, the latter performed by Deutsche Telekom.

The results of the objective speech quality measurement are

shown in Fig. 3. The subjectively rated quality in terms of

the MOS is plotted versus the objective quality measure.

The numbers and characters represent the di�erent codec
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Figure 2. Band weighting applied to the internal

representation before calculation of q, as a function

of the critical bandwidth ERB.

conditions within the corresponding test. The correlation

coe�cient and the rank correlation coe�cient between sub-

jective and objective data and the standard deviation of a

�rst order �t function are given in the upper left of each

panel.

For all four tests, the data can be �tted by a monotonic

function with only small deviations. In particular, no clus-

ters occur. This means that the individual signal degrada-

tion introduced by the di�erent types of codecs seem to be

transformed in a perceptually \correct" way at the stage of

the internal representations. In all four tests, the correlation

coe�cients are at high levels above 0.9 and the standard de-

viations are smaller than the average standard deviations of

the interindividual variations of the test subjects.

Additionally it can be observed, that not only a high cor-

relation coe�cient within the data of one test data base is

acchieved but also that a certain range of q-values corre-

sponds to the same range of MOS across the di�erent test

data bases, which indicates that q is a good general objec-

tive predictor of the speech quality.

The results were compared with alternative methods of

objective speech quality measurement from the literature [1,

2, 3]. A comparison showed (data not presented here), that

the presented method performed best in most cases. Only

the PSQM [2], in the ITU 8kbit test data base for Dutch

language, yielded similar results, in terms of the correlation

coe�cient between subjective and objective data.

In a post-hoc analysis of the model parameters employed

here it was found that all variations of the model parameters

led to a deterioration in speech quality estimates. This

indicates that the same parameterset which was optimized

in typical psychoacoustical simulations can also serve as an

optimal setup for speech quality measurement.

5. DETECTION THRESHOLD OF

BAND-SPECIFIC DISTORTIONS

In the development of the objective speech quality measure

q it was assumed that perceivable di�erences between two

test signals correspond to di�erences in the internal repre-

sentations of the signals.

In a further experiment it was investigated how the objec-

tive speech quality measure q described above could predict

the detectability of a frequency-dependent distortion intro-
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Figure 3. Results of the objective speech quality

measurement with auditory preprocessing model:

Subjective quality (MOS) versus objective measure

q for the ETSI Hafrate Selection Test, ITU 8kbit

test, and two cascaded ADPCM test.

duced into the speech signal.

Two reference sentences of 2 s duration, uttered by a male

speaker, were chosen from the ETSI data base material. To

introduce a band-speci�c, codec-like distortion, the refer-

ence speech signal was band-pass �ltered at a given center

frequency fc, and subsequently modulated by a Modulated

Noise Reference Unit (MNRU) [9], with a modulation depth

of �Q dB [10]. The bandwidth of the �lters was approxi-

mately one critical band. The original signal was notch �l-

tered, with corresponding center frequency and bandwidth,

and added to the modulated signal (Fig. 4). The distor-

tion is broadband, carrying information of a speci�c narrow

band of the input speech signal.

input
speech
signal

MNRU
 −Q dB

band−pass
    filter

notch
 filter

Figure 4. Signal generation for the band-speci�c

modulated distortion.

In a psychoacoustic experiment, the reference signal and

the manipulated sentence were presented to the subjects in

a 2I-2AFC 1-up-2-down paradigm. Detection thresholds of

the noise-modulated test signal were measured in terms of

the modulation depth as a function of the center frequency.

Two subjects participated in this experiment. The cen-

ter frequencies were set to 300, 500 and 700 Hz, and, with

equidistant spacing of 500 Hz, from 1 kHz upto 3.5 kHz.

The left and right panel of Fig.5 show the results for the

two di�erent sentences.
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Figure 5. Detection threshold for subjects MH

(dashed) and RK (dotted) for the band-pass �ltered

modulated signal in the presence of notched original

signal.

The objective speech quality measure q was calculated for

the same stimuli that were generated in the psychoacous-

tical experiment, with a 
at band weighting instead of the

one shown in Fig.2. The unmodulated signal was taken as

the reference. For the two di�erent sentences, the modula-

tion depth parameter Q of the MNRU leading to a constant

value of the objective speech quality q was determined as a



function of fc. The iso-q-value contours for three di�erent

levels of q are shown in Fig.6 for sentence 1 and sentence 2

(upper and lower panel). From this �gure it is obvious that

the iso-q-value contour for q=0.999 represents the measured

threshold data very well for both sentences and across all

frequencies.
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Figure 6. Iso-q-value contour for the stimuli used in

the experiment. The modulation depth Q leading

to a constant q-value of 0.999, 0.998, and 0.997 is

shown in the graph.

6. CONCLUSION

The objective-subjective speech quality data can be �tted

by an monotonic function with only small deviations. A

high correlation coe�cient is acchieved and, in particular,

no clusters of di�erent codec types occur. This means that

the individual signal degradations introduced by the dif-

ferent types of codecs are transformed in a perceptually

\correct" way into the internal representations.

From the psychoacoustical experiment, it can be con-

cluded that the objective measure q also provides a good

prediction of the detection threshold of introduced band-

speci�c distortion. This �nding supports the basic model

assumption, that the internal representations in fact con-

tains the relevant information for detection of perceivable

di�erences.

The realistic dynamic compression, accounted for by the

adaptation loops, may explain why the perception model

preprocessing performs best compared to alternative meth-

ods. The compressive characteristic is appropriate both for

stationary parts of the signal where the input x is trans-

formed approximately logarithmically, and for sections of

the signal exhibiting temporal masking e�ects which is al-

ways found in speech signals.

In sum, the model shows to be a unifying approach for a

variety of psychoacoustical and speech processing tasks.
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