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ABSTRACT

In this contribution a novel structure for the enhance�
ment of speech signals disturbed by acoustic noise is
presented which is based on Spectral Subtraction� The
Spectral Subtraction technique is combined with a novel
estimator for the noise power spectrum which takes ad�
vantage of the employment of a second microphone� Due
to the extension to a two�microphone system the Spec�
tral Subtraction can be used to reduce realistic� non�
stationary noise sources� Additionally� the performance
of the system is further improved by the application of a
post �lter adapted according to Wiener �lter techniques�
As a result� the proposed speech enhancement system
provides a signi�cant suppression of noise in realistic
situations as well as a reduction of room reverberation�

� INTRODUCTION

Spectral Subtraction is a well�known technique to en�
hance the quality of speech signals disturbed by acous�
tic background noise� The fundamental components of
a noise reduction system based on Spectral Subtraction
are an estimator of the power spectrum of the disturb�
ing noise and a noise suppression rule to reconstruct the
spectral magnitudes of the speech signal� The principal
problem of many conventional noise suppression rules
��� ��� i�e� the presence of musical noise artefacts in the
processed signal� can be kept small� if the noise suppres�
sion is done according to theMinimum Mean Square Er�
ror Short�Time Spectral Amplitude Estimator 	MMSE
log�STSA estimator
 proposed by Ephraim and Malah
��� ��� On the other hand� most of the known techniques
to estimate the power spectrum of the disturbing noise
fail in realistic situations� since they assume a highly
stationary noise�
An alternative approach to enhance noisy speech is

the application of several microphones to take into
account the spatial distribution of speech� and noise
sources� The techniques we are referring to �
� �� �� ��
aim at the reduction of di�use noise sound �elds as well
as room reverberation�
In this contribution Spectral Subtraction is extended

to a two�microphone system� which takes advantage of
a novel two�channel estimator of the noise power spec�
trum� For the derivation of the novel estimator the dif�
fuse character of the noise sound �eld rather than its sta�
tionarity has been the principal assumption� Therefore�

the proposed structure can be successfully employed for
the suppression of noise in many realistic situations� e�g�
babble noise in an o�ce room or in a cafeteria� noise of
the engine in a car� etc�

This paper is organized as follows� In Section � the
novel two�channel estimator for the noise power spec�
trum is derived� Applying the adaptive post��lter de�
scribed in Section �� the performance of the two�channel
Spectral Subtraction can be further improved� As an
example� we describe the application of the proposed
structure to an electronic hearing aid in Section �� Fi�
nally� the results of informal listening tests are presented
to evaluate the performance of the noise reduction sys�
tem�

� DERIVATION OF THE NOISE POWER

SPECTRUM ESTIMATOR

For the derivation of the two�channel noise power spec�
trum estimator it is assumed that the distance between
the speaker and the microphones is such that the mi�
crophones pick up a high portion of the direct sound�
Therefore� the speech signals received by the two mi�
crophones are mutually correlated� i�e� the magnitude�
squared coherence 	MSC
 ��� between the two micro�
phone signals is close to one �����

On the other hand� we suppose that the noise can be
characterized as a di�use sound �eld� This assumption is
suitable for spatial distributed noise sources as well as in
reverberant rooms when the distance of the noise source
to the microphones is large� so that the re�ected sound
dominates� It is well�known that a di�use sound �eld
results in a MSC which is � except for low frequencies �
close to zero ��� ����

Since the coherence of the speech signals received
by the microphones is close to one� the acoustic situ�
ation can be modeled by two transfer functions H�	�

and H�	�
 between the speaker and the microphones�
where � denotes the normalized frequency� Neglect�
ing the high coherence of the di�use noise sound �eld
at low frequencies� the noise received by the micro�
phones can be represented by two additive� uncorrelated
noise sources with the short�time Fourier spectra N�	�

and N�	�
� respectively� and the cross power spectrum
�N�N�

	�
 � �� Therefore� the short�time Fourier spec�
tra X�	�
 and X�	�
 of the microphone signals are



given by

X�	�
 � S	�
H�	�
 �N�	�
 	�


X�	�
 � S	�
H�	�
 �N�	�
 	�


where S	�
 denotes the short�time Fourier spectrum of
the speech signal�
Furthermore� we suppose that there is almost the

same attenuation of the speech signals received by the
two microphones� which means that the magnitudes of
the transfer functions are similar�
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j
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An equivalent assumption holds for the noise power
spectra because of the di�use sound �eld�
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Due to the described model of the acoustical environ�
ment the magnitude�squared cross power spectrum of
the microphone signals is equal to
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In the same way� we obtain for the product of the power
spectra of the microphone signals 	the parameter � has
been left out for simplicity
�
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Taking the square roots and combining eqn� 	

 and 	�

results in�
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The estimator for the discrete short�time power spec�
trum of the noise is obtained by replacing the cross�
and auto�power spectral densities in eqn� 	�
 by their
discrete short�time estimates

��NN 	�� �
 �

q
��X�X�

	�� �
 ��X�X�
	�� �


� j��X�X�
	�� �
j 	�


where � and � denote the discrete frequency and the
decimated time index� respectively� The discrete short�
time power spectra ��X�X�

	�
� ��X�X�
	�
� and ��X�X�

	�

can be estimated using �rst�order IIR��lters� i�e�

��X�X�
	�� �
 � � ��X�X�

	�� ���


� 	���
X�

� 	�� �
X�	�� �
 	�


where X�	�� �
 and X�	�� �
 denote the discrete short�
time Fourier spectra and � is a constant close to one�
As shown in Fig� �� the estimator of the noise short�

time power spectrum is combined with the MMSE log�
STSA estimator ���� Spectral analysis and synthesis are

performed by means of a weighted overlap�add FFT �l�
terbank system� In a �rst step� the block �adaptive post
�lter� depicted in Fig� � should not be considered in this
section� The real�valued spectral gain functions G�	�� �

and G�	�� �
 obtained by the MMSE log�STSA estim�
ator are used to weight the discrete short�time Fourier
spectra X�	�� �
 and X�	�� �
 of the microphone signals�
which leads to a restoration of the spectral amplitudes
of the speech signal�
Note� that the structure in Fig� � provides a stereo�

phonic output signal� as it is required e�g� in binaural
hearing aids� The generation of a single output signal is
beyond the scope of this paper but can easily be achieved
by an adaptive time delay compensation and a success�
ive addition of both channels�
Informal listening tests showed that the proposed

structure provides a signi�cant suppression of incoher�
ent noise sound �elds and room reverberation� However�
both channels of the processed output signal still con�
tain parts of the disturbing noise as well as low�level
musical noise artefacts� Using a stereophonic present�
ation it can be observed that the listener is not able
to designate the direction of incidence of the residual
noise� This indicates that the remaining noise compon�
ents appear mutually uncorrelated in the two output
channels� This observation motivates the derivation of
an adaptive post �lter which bene�ts from the uncor�
related character of the remaining noise and leads to a
further enhancement of the processed speech�

� ADAPTIVE WIENER POST�FILTER

To derive the adaptation rule for the adaptive post �lter�
which is realized by means of a real�valued time�varying
transfer function W 	�� �
 as depicted in Fig� �� we take
up an approach proposed by Zelinski ��� and Martin ���
for a noise suppression system implemented in the time�
domain� In a �rst step� we regard the zero�phase Wiener
�lters W�	�� �
 and W�	�� �
 which aim at the minimiz�
ation of the di�erences  �	�� �
 and  �	�� �
� respect�
ively� The minimization of the di�erence  � implies
that spectral components of the preprocessed spectrum
�X� which are uncorrelated to �X� will be suppressed by
the �lterW�� On the other hand�W� performs the same
task for �X�� The short�time transfer functions of the
zero�phase Wiener �lters are given by

W�	�� �
 �
j�� �X�

�X�
	�� �
j

�� �X�
�X�
	�� �


	��


W�	�� �
 �
j�� �X�

�X�
	�� �
j

�� �X�
�X�
	�� �


� 	��


which are to be considered for any �xed frequency in�
dex � as functions of time �� The short�time auto� and
cross�power spectra �� �X�

�X�
	�
� �� �X�

�X�
	�
� and �� �X�

�X�
	�


of the preprocessed signals are estimated by �rst�order
IIR �lters similar to eqn� 	�
�
The transfer functionW which is used as post �lter in

both channels is calculated by means of the zero�phase
Wiener �lters W� and W�� Both authors ��� �� propose
to adapt the post �lter according to the mean of both
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Figure �� Proposed noise reduction system with two channel Spectral Subtraction and adaptive Wiener post��ltering
�� frequency index� �� index of decimated time

�lters� i�e�

W 	�� �
 �
W�	�� �
 �W�	�� �


�
� 	��


However� due to the adaptation according to the short�
time power spectra determined by a frame�by�frame pro�
cessing scheme� the adaptation rule 	��
 is not the op�
timal choice to attenuate musical noise components ap�
pearing mutually uncorrelated within the two channels
of the preprocessed signal� Let us consider a time in�
stant with a musical noise spectral component present
in �X�� while �X� is free of musical noise artefacts at the
corresponding frequency� Therefore� only �lter W� will
lead to a suppression of the musical noise spectral com�
ponent� while W� may even tend to an ampli�cation at
this frequency� Consequently� the adaptation of the post
�lterW according to eqn� 	��
 su�ers from the behavior
of the �lterW� and does not lead to a satisfactory atten�
uation at the frequency disturbed by the musical noise
artefact�
One possibility to exclude the negative in�uence of

�lter W� in this situation is to adapt the post �lter ac�
cording to the minimum of both �lters

W 	�� �
 � min 	W�	�� �
�W�	�� �

 � 	��


Alternatively� an even further suppression of mutually
uncorrelated spectral components can be obtained using
the relation 	 �

W�

� �
W�


���min	W��W�
 and a squared
adaptation rule�
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�
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	�



Due to the utilization of the squared magnitude of the
cross power spectrum instead of the magnitude itself�
this adaptation rule is much easier to realize on a DSP
than the adaptation according to eqn� 	��
� 	��
� and
	��
�
Note� that eqn� 	�

 is exactly the square of the gain

function which has been proposed by Allen et� al� �
� to
reduce room reverberation�

Informal listening tests showed that the application of
the post �lter according to eqn� 	�

 results in a signi�c�
antly improved performance of the two�channel Spectral
Subtraction scheme concerning the residual noise as well
as musical noise artefacts�

� SYSTEM DESCRIPTION AND PERFOR�

MANCE EVALUATION

The system depicted in Fig� � has been developed for
the application in an electronic hearing aid with two
microphones mounted nearby the wearer!s ears� The
system has been designed for a sampling rate of fS �
�� kHz� The �lterbank for spectral analysis is realized as
a weighted FFT� while the synthesis �lterbank is based
on inverse FFT and weighted overlap add techniques�
The FFT length as well as the lengths of the windows
for spectral analysis and synthesis are chosen toN��
��
Due to the symmetry of the FFT in case of real�valued
time domain signals only frequency bands with indices
������� have to be processed as indicated in Fig� ��
The overlap between two adjacent frames of the time

domain signals is ��� samples� which is equal to a
sampling rate reduction of R � ��� The windows for
spectral analysis and synthesis wa	k
 and ws	k
� re�
spectively� are given by 	��k�N


wa	k
 � wk	k �
N��
� 
 sinc	

�
N
	k � N��

� 

 	��


ws	k
 � wk	k �
N��
� 
 sinc	

�
R
	k � N��

� 

 	��


where wk	�
 denotes the Kaiser window with its para�

meter �k���� and sinc	x
�
sin��x�
�x

�
As mentioned previously� the discrete short�time pow�

er spectra of the microphone and the preprocessed sig�
nals are determinded by �rst�order IIR �lters according
to eqn� 	�
 with �lter coe�cients ������ in case of the
noise power spectrum estimator and ��� for the adapt�
ive post �lter� The MMSE log�STSA estimator has been
implemented corresponding to ��� �� by means of a look�
up table of size ��"�� elements� However� listening tests
showed that in some situations the MMSE log�STSA es�
timator embedded in the proposed structure tends to a
too strong attenuation of speech components� To avoid
the resulting distortions of the speech signal we propose



a smoothing of the gain values G	�� �
 obtained by the
MMSE log�STSA estimator towards ���� which is real�
ized by the rule

Gsmooth	�� �
 � G �	�� �
 	��


where � � ����# ���� is a constant which depends on the
listener!s subjective impression�
The noise reduction system has been tested with au�

dio signals recorded in a crowded cafeteria� The noise
sound �eld in this situation is highly instationary due to
its origin from interferent talkers and the use of dishes�
The two microphones are mounted nearby the ears of a
dummy head� while the speaker is placed at a distance
of ��� m in front of the dummy head�
Listening tests proved that the application of the pro�

posed structure leads to a signi�cant reduction of the
noise sound �eld� In the described situation� there are
almost no audible distortions and no musical noise arte�
facts as long as the input�SNR is better than � dB� In
comparison to conventional multi�microphone noise re�
duction systems ��� �� the proposed structure shows a
superior performance concerning residual noise� speech
distortions� and musical noise artefacts�
Furthermore� the capability of the novel structure to

reduce room reverberation has been compared with the
system proposed by Allen et� al� �
�� Listening tests us�
ing speech signals recorded in a hall with a reverberation
time of about � seconds con�rm that the novel approach
provides a signi�cantly improved suppression of room
reverberation� concerning the amount of the remaining
reverberation� musical noise artefacts� and speech dis�
tortions�
To visualize the performance of the system� Fig� �

shows the short�time power spectra of the undisturbed
speech signal� the disturbed signal� and the processed
signal in case of the cafeteria�situation� While the in�
�uence of the noise hides most of the structures of the
speech within the disturbed signal� the application of
the noise reduction system provides a restoration of the
speech signal�

� CONCLUSION

In this contribution a novel structure for the reduction
of acoustic noise as well as room reverberation has been
presented� The proposed concept takes advantage of the
combination of a novel two�channel Spectral Subtraction
technique and an adaptive Wiener post �lter� Listening
tests con�rm the superiority of the novel noise reduction
system in comparison to conventional techniques con�
cerning the amount of noise suppression or the reduction
of room reverberation� respectively� Compared to con�
ventional techniques� the proposed structure provides a
reduced level of musical noise artefacts and less speech
distortions�
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