Frank Baumgarte Application of a physiological ear model to irrelevance reduction in audio coding

AES 17 t h

International conference on High Quality Audio Coding 1

APPLICA TION OF A PHYSIOLOGICAL EAR MODEL TO

IRRELEV ANCE REDUCTION IN AUDIO CODING

FRANK BAUMGARTE

Institut f¨r Theoretische Nachrichtentechnik und Informationsverarbeitung

Universit�t Hannover, Hannover, Germany

baumgart@tnt.uni±hannover.de

A previously published physiological ear model is applied as perceptual model to an audio coder complying with the ISO/

MPEG-2 AAC standard. The achieved subjective sound quality is compared to results from an optimized psychoacoustical

model. Significant deviations of the generated masked thresholds from the physiological ear model and the psychoacoustical

model are evaluated with respect to psychoacoustical measurements.

INTRODUCTION

High-quality audio coding for target bit rates of 64 kbit/s

per channel and below requires a sophisticated perceptual

model for the reduction of irrelevance. In this application

both, irrelevance and redundancy reduction provide a sig-

nificant contribution to the overall coding gain.

The primary task of the perceptual model is the predic-

tion of the masked threshold for introduced quantization

noise. Subband or transform coding schemes use a time-

to-frequency mapping with subsequent quantization and

coding of the spectral components. These schemes cur-

rently offer the best audio quality at a given bit rate for high

quality applications. Quantization noise originates from

amplitude quantization of spectral component samples

and typically consists of narrow-band noise with a band-

width determined by the decoder signal synthesis employ-

ing the inverse time-to-frequency mapping. In case of a

very coarse quantization consecutive reconstructed sam-

ples of a spectral component can be equal to zero so that

these components are removed from the original signal.

These considerations illustrate that irrelevance reduction

is achieved on one hand by permitting quantization noise

up to a level where it remains just inaudible and on the

other hand by omitting signal components which are inau-

dible.

Perceptual models currently applied widely ignore the

highly nonlinear properties of the human auditory system

which influence masking. These models predict signifi-

cantly deviating masked thresholds compared to psycho-

acoustical measurements especially in situations where the masked threshold is mainly determined by nonlinear

ef fects [1]. Masking from complex audio signals is

assumed to depend to a great extend on the nonlinear

sound processing. A previously published ear model

[1][2][3] overcomes these limitations by rebuilding the

sound processing of the auditory system based on physiol-

ogy . The model was verified using results from psycho-

acoustical measurements of masked thresholds including

masking effects mainly determined by the nonlinear sound

processing of the auditory system. For the model verifica-

tion masked thresholds for simple test signals like a pure

tone or narrow-band noise were considered.

In order to control the quantization of an audio coder,

an appropriate procedure for adjusting the step sizes

depending on the ear model output is necessary. In contrast

to the model verification with pre-defined masker and test

signals the introduced quantization distortions are not

known a priori. It is only possible to estimate the power

spectral density without actually carrying out the quanti-

zation and reconstruction. For the physiological ear model

it is necessary to have the temporal waveform of the audio

signal and the reconstructed (decoded) signal available.

The audio signal is associated with the masker and the

reconstructed signal is associated with the masker plus

superimposed test signal in the terminology of psycho-

acoustical masking experiments. The model predicts

whether the distortion is audible or not and provides a

distance measure between the distortion perception mea-

sure and an internal threshold value.

Frank Baumgarte Application of a physiological ear model to irrelevance reduction in audio coding

AES 17 t h

International conference on High Quality Audio Coding 2

In order to utilize the ear model for audio coding a

quantizer step size adjustment procedure controlled by the

physiological ear model is integrated into an ISO/

MPEG-2 AAC encoder and evaluated. The subjective

sound quality is assessed using a variable bit rate in order

to shape the quantization noise such that it is just inaudible

according to the ear model prediction. This approach

avoids the influence of the bit allocation algorithm on the

introduced noise level which is necessary to achieve a

fixed bit rate.

This paper is focussed on the quantizer step size adjust-

ment procedure and the achieved sound quality obtained

from the physiological ear model. Section 1 contains a

brief review of the physiological ear model structure. The

step size adjustment procedure is presented in Section 2.

First results from the ISO/MPEG-2 AAC implementation

are reported in Section 3. Conclusions are drawn in the last

Section.

1 PHYSIOLOGICAL EAR MODEL

The physiological modeling approach can only be realized

for the processing stages of the auditory system with

known physiological properties. While the physiology of

the peripheral ear up to the auditory nerve is widely

explored, there is less knowledge available about the phys-

iology of the neural processing stages in the central ear.

Therefore, the ear model is composed of a physiological

model for the peripheral ear and complemented by a psy-

choacoustically based model for the neural processing in

the central ear. Both model parts fit in the conception of

signal detection theory which provides a framework for an

analytical description of the detectability of a signal in

noise.

1.1 Model Conception

A general model structure for the prediction of masked

thresholds can be derived from the conception of signal

detection theory [5]. A simple example will be given here

in order to illustrate some basic ideas behind the theory

and their consequences for this application.

The conception assumes that a virtual observer which

only has access to a signal with superimposed distortions

has to decide whether the signal is present in the observed

signal or not. The signal corresponds to the test signal used

in psychoacoustics and will be referred to as test signal in

the following. A simple signal model assumes two sources

of distortions as shown in Figure 1. The test signal itself is

distorted by additive external noise. This distorted test

signal is preprocessed by a system which can be associated

with the peripheral ear. The observer has access to the

internal signal representation given by the preprocessed

signal with superimposed internal noise. The observer is

assumed to be realized in the central ear, where the neural

signals are to be evaluated. An optimal observer shows the best performance in terms of the detection error probabil-

ity . It performs a measurement on the observed distorted

test signal and compares the measurement result with a

threshold value as shown in Figure 2. The test signal is

detected by the observer when the measurement exceeds

the threshold value.

Signal detection theory can be applied to psychoacous-

tical masked threshold measurements by assuming that the

external noise in Figure 1 is introduced by a masker signal

which is added to the test signal. In general the masker is

not restricted to consist of a stochastic noise signal but it

may as well consist of an arbitrary deterministic signal like

a pure tone. The internal noise is associated with noise

produced by the signal transduction and additional distor-

tions which are present in the inner ear.

4 84 164 244

5

10

15

20

25

30

35

40

45

Frank BaumgarteApplication of a physiological ear model to irr elevance r eduction in audio coding

AES 17 t h

International confer ence on High Quality Audio Coding9 constant frequency . The impulse sequence creates an har-

monic line spectrum with a fundamental frequency corre-

sponding to the impulse repetition rate.

Figure 10: Spectrogram of a synthetic vowel.

Dif ferences of the decoded signals are not obvious from

the spectrograms (not shown). However , the decoded sig-

nals have dif ferent subjective quality . The mean dif ference

gradings of the decoded signals from 5 subjects were 0.63

grades higher for the modified encoder compared to the

reference encoder . The number of encoded bits is virtually

identical. Clearly audible distortions from the reference

encoder are present in intervals with significant frequency

modulation which confirms the presumption of an

improper tonality measure in these signal parts.

2.2Signal-to-Masked Ratio

A deeper insight into the dif ferent results obtained from

both encoders can be illustrated comparing the dif ferent

SMRs. The SMR determines the quantization step size in

each scalefactor band and thus the number of bits neces-

sary to encode the subband samples. The SMR provides

information about the dif ferent masked thresholds of the

encoders and dif ferent shaping of the quantization noise.

A short signal excerpt from the sequence ‘ ‘German

male speech 1’ ’ is utilized here to illustrate the results. The

scalefactor -band ener gies of the excerpt are shown in Fig-

ure 1 1a. The SMR from both encoders are given in Figure

1 1b and 1 1c.

Compared to the modified encoder the reference

encoder shows a smoother shape and only a little correla-

tion between SMR and ener gy spectrum. For the frame

indicated in the Figures by a vertical line the SMR is

depicted in Figure 12. The bars in this graph are horizon-

tally sized according to a linear frequency scale so that the

total area of all bars is approximately proportional to the

number of bits necessary to encode the subband samples

of that frame.

Figure 1 1: Excerpt from ‘ ‘German male speech’ ’ con-

taining the spoken words ‘ ‘zwei Ohren’ ’. Scalefactor -

band ener gies (a) and signal-to-mask ratios from the ref-

erence encoder (b) and modified encoder (c). The greys-

cale-to-level assignment is valid for the graphs (b) and

(c).

4 84 164 244

5

10

15

20

25

30

35

40

45

Frank BaumgarteApplication of a physiological ear model to irr elevance r eduction in audio coding

AES 17 t h

International confer ence on High Quality Audio Coding10

Figure 12: Signal ener gy and signal-to-mask ratio

(SMR) shown for the indicated frame in Figure 1 1. Each

bar represents one scalefactor band (sfb). The width of

which is proportional to the bandwidth in Hertz.

115 230 345 460

Figure 13: Illustration of the internal threshold excess after several iteration steps. Lar ge values are shown in black, white areas indicate that no audible dif ference is detected by the ear model. The corresponding input signal is the excerpt from ºGerman male speech 1º also used in Figure 1 1. For each iteration step the abscissa represents the input signal duration.

3CONCLUSIONS

In this paper results from the application of a physiological ear model to irrelevance reduction in audio coding are reported. The ear model as such was described in earlier publications [1][2][3]. The ear model structure is motivated here considering conceptions of signal detection theory . An iterative quantizer step size adjustment procedure is developed to integrate the ear model into an ISO/

MPEG-2-AAC compliant encoder .

Results are given in comparison to a reference AAC encoder utilizing an optimized psychoacoustical model already evaluated in former MPEG listening tests. The subjective quality from the reference encoder and the modified encoder shows the same performance in terms of mean quality over all test items. Slightly dif ferent quality is observed from the individual items. The modified encoder with the optimized psychoacoustical model replaced by the ear model shows improved quality for speech but lower quality for one of the single instrument recordings. One reason for the better speech performance is the improper tonality estimation for frequency-modu-lated signals of the reference encoder . This property is confirmed from additional measurements using synthetic frequency-modulated signals. Another reason is assumed to result from the fast changes of the speech signal statistics which can be more adequately resolved by the ear model.

Comparisons of the signal-to-mask ratio (SMR) obtained from both encoders show significant dif ferences.

For the variable rate encoding utilized here the SMR deter-

Frank BaumgarteApplication of a physiological ear model to irr elevance r eduction in audio coding

AES 17 t h

International confer ence on High Quality Audio Coding1 1 mines the quantizer step sizes so that the quantization-

noise level approximates the masked-threshold level. The

reference encoder results in a smooth SMR shape over

time and frequency while the SMR from the modified

encoder has a more signal-dependent shape. From the sub-

jective assessment it can be stated that the perceived dif-

ferences between the decoded signals are smaller than

expected from the dif ferent SMRs.

The virtually equal performance of the optimized psy-

choacoustical model and the physiological ear model in

terms of subjective audio quality in first results reported

here indicates that the ear model is able to adequately

predict masked thresholds for complex audio signals. In

this application the ear model still provides room for

parameter optimization based on more extensive subjec-

tive evaluations than could be realized in the present work.

ACKNOWLEDGEMENTS

The project was supported by the Deutsche Forschungsge-

meinschaft (German national research foundation).

REFERENCES

[1]Baumgarte F . ‘ ‘Evaluation of a Physiological Ear

Model Considering Masking Ef fects Relevant to

Audio Coding,’ ’ 105th AES Convention, San Fran-

cisco, CA, Preprint 4789, 1998.

[2]Baumgarte F . ‘ ‘A Physiological Ear Model for

Auditory Masking Applicable to Perceptual Cod-

ing,’ ’ 103r d AES Convention, New Y ork, NY , Pre-

print 451 1, 1997.

[3]Baumgarte F . ‘ ‘A Physiological Ear Model for Spe-

cific Loudness and Masking,’ ’ Pr oc. IEEE W AS-

P AA, New Paltz, NY , 1997.

[4]Moore, B. C. J.; Alc�ntara, J. L.; Dau, T . ‘ ‘Masking

patterns for sinusoids and narrow-band noise mask-

ers,’ ’ J. Acoust. Soc. Am., V ol. 104, No. 2 (1),

1023±1038.

[5]Green, D. M.; Swets, J. A. Signal detection theory

and psychophysics, W iley , New Y ork, 1966.

[6]Zwicker E., Fastl H. Psychoacoustics. Facts and

Models. Springer V erlag, New Y ork, 1999.

[7]ISO/IEC JTC1/SC29/WG1 1. Coding of moving

pictur es and audio ± MPEG-2 Advanced Audio

Coding. ISO/IEC 13818-7 international standard,

1997.

[8]ISO/IEC JTC/SC29/WG1 1/N1279. NBC Refer ence

Model 3 monophonic subjective tests: overall

r esults, 1996.

[9]ISO/IEC JTC/SC29/WG1 1/N1280. NBC Refer ence

Model 4 ster eophonic and multichannel subjective

tests: overall r esults, 1996.

[10]ISO/IEC JTC/SC29/WG1 1/N1419. Report on the

formal subjective listening test of MPEG-2 NBC

multichannel audio coding, 1996.

[1 1]ISO/IEC JTC/SC29/WG1 1/N2006. Report on the

MPEG-2 AAC ster eo verification test, 1998.

[12]ITU-R. Methods for the subjective assessment of

small impairments in audio systems including mul-

tichannel sound systems. ITU-R Recommendation

BS.1 1 16. Geneva, 1994.