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Abstract 

This paper presents new algorithms for acoustic echo 
cancellation and noise reduction which use two (or pos- 
sibly more) microphone signals. In contrast to the single 
microphone method the multimicrophone approach can 
exploit the spatial coherence properties of sound fields 
which arise from noise and reverberated speech. Besides 
the standard Fm echo canceller the proposed algorithms 
comprise an adaptive filter to eliminate non coherent 
signal components. The combined system achieves bet- 
ter Erle than the Fm echo canceller alone, attenuates 
ambient noise, dereverberates near end speech, and pos- 
sibly leads to implementations with reduced complexity. 
The paper analyzes the acoustical properties of typical 
environments, presents the algorithms and experimental 
results. 

Key words : Telephone, Echo, Acoustic signal, Echo canceller, 
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ANNULATION D'I~CHO ACOUSTIQUE, 
DI~RI~VERBI~RATION ET RI~DUCTION 

DU BRUIT COMBIN~ES : 
UNE APPROCHE AVEC DEUX MICROPHONES 

parole rdverbdrde. En plus de l'annuleur d'dcho stan- 
dard FIR, les algorithmes proposals se caractdrisent par 
la prdsence d'un filtre adaptatif dddi~ a l'dlimina- 
tion des composantes non cohdrentes des signaux. Le 
systdme combind permet d'obtenir un meilleur facteur 
Erle que l'annuleur d'gcho FIR seul. De plus, il attdnue 
les bruits ambiants, ddrdverbdre la parole proche et 
mdne probablement dune rdalisation dont la complexitd 
serait rdduite. L'article analyse les propridt~s acous- 
tiques d'environnements sonores typiques, prdsente les 
algorithmes et les rdsultats expdrimentaux. 

Mots cl6s : T616phone, Echo, Signal acoustique, Annuleur d'6cho, 
Bruit acoustique, Bruit ambiant, R6duction bruit, Coh&ence spatiale, 
R6flexion diffuse. 
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R~sum~ 

Cet article prdsente de nouveaux algorithmes pour 
l'annulation d'~cho et la rdduction des bruits qui uti- 
lisent deux signaux (ou plus) provenant de microphones. 
Au contraire des m~thodes utilisant un seul microphone, 
les approches a plusieurs microphones peuvent tirer 
parti des propridt~s de cohdrence spatiale des champs 
sonores qui sont g~ndr~es par des bruits ou de la 

I. INTRODUCTION 

A hands-free telephone interface provides more  com-  

fort and flexibility to the user of  te lecommunica t ion  

equipment  than its hand-held  counterpart.  With the 

advent  and wide disseminat ion of  mobi le  telephone sys- 

tems and the recent advance in digital signal processing 
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technology the hands-free telephone with true double 

talk and noise reduction features becomes of increasing 
interest [1, 2]. 

Any realization of a hands-free telephone has to deal 
with two major problems. Firstly, due to the coupling 
between loudspeaker and microphone the loudspeaker 
signal is echoed back to the microphone making an 
effective echo cancellation device inevitable. Secondly, 
due to the relatively large distance from the speakers 
mouth to the microphone the microphone signal might 
be severely degraded by ambient noise. The relatively 
high noise levels found for example in mobile tele- 
communication applications call for a noise reduction 
device, not only to enhance speech quality, but also 
to improve the echo cancellers performance. It is the 
objective of this paper to investigate algorithmic struc- 
tures and microphone-loudspeaker configurations which 
effectively combine the echo cancellation and noise 
reduction tasks. 

The multimicrophone approach presented here allows 
us to exploit the spatial acoustic properties of noise and 
reverberation and to combine acoustic echo cancellation 
and noise reduction in a mutual synergy. Our approach 
is based on the observation that ambient noise as well as 
reverberated speech is spatially uncorrelated. The basic 
scenario for the application of our multimicrophone echo 
cancellation and noise reduction system can be descri- 
bed as follows. The near end speaker is typically situa- 
ted in a noisy and reverberant room relatively close to 
the microphones such that the near end speech is highly 
correlated on all microphone channels. Without an echo 
cancellation device the far end speech would be echoed 
back to the far end terminal via the loudspeaker-room- 
microphone-array system (LRMA system). The cancella- 
tion of echoes is accomplished by means of an adaptive 
Fm filter which estimates the room impulse response. Our 
algorithms supplement the standard FIR echo canceller 
by an adaptive filter which reduces uncorrelated signal 
components, i.e. noise and reverberated components of 
speech. The echo cancellation task is now distributed 
onto two filters : the standard Fm canceller which takes 
care of direct sound and early reflections and the additio- 
nal filter which attenuates the reverberation components 
of the microphone signals. As a consequence, the num- 
ber of taps used to represent the impulse response of the 
L~A system within the echo canceller might be reduced 
and the intelligibility of the near end speech is improved. 

Only few authors have yet explored algorithms and 
systems that reduce acoustic echoes as well as noise. The 
idea to use several microphones to reduce reverberation 
can be traced back to the paper of Allen et al. [3]. 
They devised a frequency domain method to eliminate 
reverberation by computing an adaptive filter based on 
the cross power spectral density of two microphone 
signals. Zelinski successfully applied the dereverberation 
principle of Allen et al. to noise reduction. He proposed 
a time domain [4] and a frequency domain [5] algorithm 
which exploit the spatial coherence of speech and noise 
using four microphones arranged in a rectangular array. 
Very recently his approach was combined with acoustic 

echo cancellers [6]. Hands-free interfaces based on a 
larger number of microphones and the adaptive antenna 
algorithm due to Frost [7] were investigated by Xu and 
Grenier [8]. Finally, a two microphone echo cancellation 
system which uses a noise only reference microphone [9] 
was proposed in [10]. Our adaptive algorithms are based 
on the dereverberation principle of Allen et al. [3]. Since 
a large number of microphones is deemed impractical for 
mobile communications we focus on methods that use a 
linear array of two or three microphones. 

The remainder of this paper is organized as follows : 
after a brief presentation of the echo cancellation pro- 
blem we explore in Section III some of the acous- 
tic issues which are specific for the multimicrophone 
approach. In Section IV we present our multimicro- 
phone noise reduction and dereverberation approach and 
characterize it in terms of improvement in sr, a~. In Sec- 
tion V we merge the echo cancellation and noise reduc- 
tion algorithms to introduce two distinct combined sys- 
tems and an algorithm with reduced complexity. Finally, 
we analyze the performance of the combined systems 
and outline a route for further research. Throughout the 
paper we will emphasize the close interaction between 
the electro-acoustic interface and the performance of the 
multimicrophone algorithms. 

II. THE ECHO CANCELLATION PROBLEM 

The identification of the room impulse response by 
means of an adaptive FIR filter is theoretically the most 
appealing approach to acoustic echo cancellation. The 
cancellation approach does not degrade the near end 
speech and has the advantage to allow true double 

talk. However, the implementation of an FIR acoustic 
echo cancellation device is challenged by three major 
problems : computational complexity, speed of conver- 
gence, and robustness against noise. The computational 
complexity is governed by the length of the FIR filter 
which should ideally match a significant portion of the 
room impulse response. The number of filter taps neces- 
sary to achieve a sufficient amount of echo attenuation 
(see e.g. CCITT Recommendation P.30 [11]) is therefore 
proportional to the reverberation time Tr0, which is defi- 
ned as the time in which the sound energy, after shut off 
of the sound source, has decayed to a - 6 0  dB level. 
At a sampling rate of 8 kHz and a reverberation time 
T60 = 0.5 s several thousand filter taps are necessary 
to achieve sufficient echo attenuation. When using the 
popular LMS algorithm (or one of its numerous variants) 
the speed of convergence is inversely proportional to the 
number of filter taps and must be reduced for low signal 
to noise ratios (SNR). Thus, the reverberation time and the 
SNR of the environment are at the heart of the problem. 
For adverse environments there are no easy solutions 
available. Besides a possible feedback of his echo the 
far end listener might be disturbed by the reverberation 
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of near end speech, which is due to the relatively large 
distance from the speakers mouth to the microphone. 

As it will be shown in Section V, the combination 
of state-of-the-art echo canceller with multimicrophone 
noise reduction systems does promise to ease these pro- 
blems. To facilitate the discussion of the combined sys- 
tems we will now briefly describe the echo cancellation 
algorithm which we employed for our experiments. 

n(k) 

s(k) ~ ) y(k) 

d(k) 

) e(k) [ _ 

x(k) [ 

to far end 
: speaker 

from far end 
speaker 

FIG. 1. - -  Discre te  t ime m o d e l  o f  e l ec t ro -acous t i c  pa th  
a n d  acous t ic  e cho  cancel ler .  

Moddle en temps discret du chemin dlectroacoustique 
et de r annuleur d' dcho acoustique. 

Figure 1 shows a discrete time model of acoustic 
echo cancellation. The N-tap FIR filter C(k) models 
the impulse response G(k) of the loudspeaker-room- 
microphone system (LRM system). The estimated rever- 
berated far end signal d'(k) is subtracted from the micro- 
phone signal y(k) to yield the improved near end signal 
e(k). The near end speaker and the ambient noise are 
modelled by signals s(k) and n(k), respectively. The 
attenuation of the far end signal by the LRM system is 
characterized by the echo return loss (ERE) : 

(1) ERL(k) = 101Ogl0 \ ~ ) .  

To compute the canceller coefficients we use an adap- 
tation algorithm due to Antweiler [12] and Schultheiss 
[13] which is based on the LMS algorithm. The key fea- 
tures of this algorithm are linear predictors to whiten the 
signals used by the LMS and an adaptive step size control- 
ler originally proposed by Yamamoto [14]. The step size 
controller estimates the system distance IIG(k ) - C ( k ) l  I 
and adjusts the step size according to the estimated sys- 
tem distance and the sr~. 

In our experiments we used predictors of order 2 to 
prewhiten the far end speech x(k) and the error signal 
e(k). The predictors were updated every 128 samples. 
During an initialization phase the echo canceller is 
adapted using a small fixed step size. Experiments were 
carried out with coefficient vectors of length N = 128, 
512, and 1536. 

The performance of the echo canceller is usually mea- 
sured by computing the echo return loss enhancement 
(Erie). The Erie is defined as : 

(2) Erle(k) = 101Oglo \t[d(k)--d(k))}]-E-'-::::-" -- .-~-...2_ - 
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In real world experiments only the measurable quan- 
tity Erlem(k) is available. Erlem(k) computes the 
power ratio of the microphone signal before and after 
the cancellation : (E{Y2(k)}) 
(3) Erle,~(k) : 101Oglo \ E{e2(k) } 

IlL COHERENCE OF REVERBERATED 
SOUND FIELDS 

We now turn to issues which strongly influence the 
design of multimicrophone echo cancellation and noise 
reduction algorithms. While the reverberation time T60 
is one of the most important design parameters for 
acoustic echo cancellers, the coherence properties of 
the acoustic sound field are of central importance for 
the multimicrophone approach. It is the latter feature of 
sound fields which we will examine in some more detail 
in this section. 

To demonstrate the impact of the acoustic inter- 
face on algorithm performance we present experimental 
results for two distinct acoustic environments and dif- 
ferent loudspeaker-microphone configurations. The first 
environment is an office room with relatively large 
reverberation time and low noise levels. The second 
is a moving car characterized by a relatively short 
reverberation time but high noise levels. To investi: 
gate the effect of microphone directivity and the rela- 
tive position of loudspeaker and microphones we exami- 
ned two configurations, LRMA1 and LRMA2. Loudspeaker- 
microphone configuration LRMA1 uses omnidirectional 
microphones. The microphones are 0.4 m apart and the 
loudspeaker is placed between the microphones. Loud- 
speaker and microphones are facing the near end spea- 
ker. Loudspeaker-microphone configuration LRMA2 uses 
hypercardioid microphones also 0.4 m apart. The loud- 
speaker faces the ceiling and is placed 0.4 m behind 
the microphones, approximately in the minimum of the 
microphone directivity pattern. The amplification of the 
microphone signals was adjusted to yield the same near 
end speech power, regardless of microphone directivity. 
However, the two loudspeaker-microphone configura- 
tions have different attenuations of the far end echo 
signal, measured in terms of echo return loss (ERE), a s  

well as slightly different reverberation times. In the car 
we used just one loudspeaker-microphone configuration 
with hypercardioid microphones. The car LRMA syste m 
will be denoted by LRMA3. We summarize the properties 
of all three configurations in Table I. The reverberation 
time T60 was measured by backwards integration of the 
squared impulse response. 

III.1. The coherence function. 

The (magnitude squared) coherence function is a 
frequency domain measure of correlation between two 
signals x and y and is defined as follows : 

ANN. TI~LI~COMMUN., 49, n ~ 7-8, 1994 



432 R. MARTIN. -- ACOUSTIC ECHO CANCELLATION, DEREVERBERATION AND NOISE REDUCTION 

TABLE I. - -  Properties of  loudspeaker- room-microphone-ar ray  configurations LRMA1, LRMA2, and LRMA 3. 

PropridMs des configurations haut-parleur-salle-rdseaux de microphones LRMA1, LRMA 2 and LRMA 3. 

L R M A  Environment Microphone Loudspeaker position ERL Tr0 
system directivity (dB) (s) 

LRMA 1 office omnidirectional between microphones - 6.44 0.7 

LRMA 2 office hypercardioid 0.4 m behind microphones 9.8 0.65 

LRMA 3 cal" hypercardioid on the dashboard 2.3 0.063 

( 4 )  , 

f~ = 27rf/f~ denotes the frequency normalized by 
the sampling rate fs.  Szy(f~), Sx~(f~), and Syu(f~ ) are 
the cross spectral power densities and the auto spectral 
power densities of signals x and y, respectively. With the 
help of the Cauchy-Schwarz inequality it can be shown 
that : 

(5) 0 _< C~y(f~) _< 1. 

The coherence function attains its maximum when- 
ever frequency components of the two signals are com- 
pletely correlated. The coherence function is zero for 
uncorrelated signals. 

III.2. The coherence of the ideal diffuse sound field. 

The coherence of two bandlimited and sampled 
signals recorded with omnidirectional microphones in 
an ideal diffuse sound field is given by [15] : 

sin2(f~dmicfs/c) 
(6) Cid(a) = (f~dmi~fs/C) 2 ' 0 <_ a <_ 7r, 

where dmic denotes the microphone distance and c the 
speed of sound. Cid(f2) attains its minimum values at 
frequencies: 

17re 
(7) flmin,t - dminfs '  1 = 1 , 2 , 3 , " "  

111.3. Coherence of real noise fields. 

Uncorrelated noise signals are an essential require- 
ment for our noise reduction system. In this section 
we show that real noise fields exhibit similar corre- 
lation properties as the ideal diffuse sound field in a 
reverberant enclosure. Figure 2 plots the ideal coherence 
(equation 6) and the coherence of noise measured in an 
office for different microphone distances. It is obvious 
that a sufficiently large microphone distance will guaran- 
tee almost uncorrelated noise signals in the frequency 
band used for speech transmission. We measured the 
coherence in different offices as well as cars and other 

noisy environments. It was found that the coherence is 
always closely approximated by equation 6, the micro- 
phone directivity having a larger impact on the cohe- 
rence than the environment itself. 

III.4. Coherence of  reverberation. 

Reverberation is a non stationary phenomenon. Thus, 
coherence evaluations of reverberated sound fields must 
be based on time intervals which are short compared 
with the reverberation time of the sound field. We esti- 
mated the short time coherence of reverberated sound 
fields using recursive v-Fr-based short time power spec- 
trum estimates of the measured impulse responses of 
the LRMA-system. TO achieve sufficient time resolution 
the frequency resolution of the ~T was restricted to 
32 frequency bins. The spectral density estimates were 
obtained by smoothing of the vFr data blocks by means 
of a first order recursive network with a pole at c~ = 
0.92. Since the loudspeaker of a hands-free telephone is 
typically relatively close to the microphones, the sound 
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FIG. 2. - -  Coherence of  the ideal diffuse sound field (solid) and 
coherence of  noise recorded inside an office (dotted) with omni-  
directional microphones  ; microphone distances : dmi c = 0.1 ; 0.2 ; 

0.4 ; 0.6 m. 

Coherence du champ sonore id~alement diffus (trait continu) et 
coherence du bruit enregistr~ d l'inMrieur d'un bureau (trait poin- 
tillS) ~ l'aide de microphones omnidirectionnels. Distances entre les 

deux microphones : dmi c = 0,1 ; 0,2 ; 0,4 ; 0,6 m. 

A N N .  TI~LI~COMMUN., 49, n ~ 7-8, 1994 4/10 



R. MARTIN. -- ACOUSTIC ECHO CANCELLATION, DEREVERBERATION AND NOISE REDUCTION 433 

1 

0.8 

0.6 

~0.4 

0.2 

0 
a o 

l 

0.8 

8_ 0.6 

~ 0.4 

0.2 

b %  

LRMAI 

"~.~'... "~ I I 

/ . . /  

1000 2000' 3000 4000 
f/Hz 

LRMA2 

�9 ' ~ . . . . . . . .  " . . ,  x , , x . (  . .  

1000 2000 3000 4000 
f/Hz 

FIG. 3. - -  Time evolution of coherence of  the impulse responses 
recorded with omnidirectional microphones (LRMA 1, a) and hyper- 
cardioid microphones (LRMA2, b) ; solid line : 0.001 s, dashed line : 

0.05 s, dotted line : 0.1 s, dash/dotted line : 0.15 s. 

Evolution temporelle de la cohFrence des rdponses impulsionelles 
enregistrFes d l'aide de microphones omnidirectionels. (LRMAI, a) et 
de microphones hypercardiodes (s 2, b) ; trait continu : 0,001 s, 
trait interrompu : 0,05 s, trait pointillF : 0,1 s, trait et points 

alternds : 0,15 s. 

field produced by far end speech at the location of the 
microphones is not diffuse and the positioning of the 
loudspeaker and the microphones has a major impact 
on the coherence. Figure 3 plots the time evolution 
of the estimated short time coherence for two diffe- 
rent microphone loudspeaker configurations, LRMA 1 and 
LR~A2. The microphone distance is in both cases 0.4 m. 

Since the directional microphones in configuration 
LAMA2 pick up less direct and more reverberated far end 
sound than the omnidirectional microphones of configu- 
ration LRMA1 the coherence of the microphone signals de- 
cays much faster for configuration LRMA2 than for confi- 
guration LRMA1. Thus, it might be suspected and it is 
actually shown in Section V that configuration LAMA2 is 
principally better suited to support our multimicrophone 
noise reduction and dereverberation filter. 

To conclude this section we note that the reverbe- 
ration of the far end echo signal has similar spatial 

coherence properties as stationary ambient noise. Thus, 
noise and the reverberated far end signal components 
can be reduced by our multimicrophone system alike. 
A large microphone distance and a microphone loud- 
speaker configuration that decouples the loudspeaker 
and the microphones support this approach. However, 
the maximum microphone distance is usually limited 
by geometric restrictions of the environment and by the 
requirement that the signal of the near end speaker must 
be highly correlated on all microphone channels. In the 
next section we will present the noise and reverberation 
reduction algorithm and its dependence on the coherence 
of noise and speech. 

IV. MULTIMICROPHONE 
NOISE REDUCTION 

During the last years multimicrophone noise reduc- 
tion techniques have attracted considerable interest in 
the speech enhancement community and there are by 
now a number of different methods available. In rever- 
berant rooms the noise cancelling principle with a noise 
only reference microphone [9] is of limited applicability 
[15]. The multimicrophone methods of Allen [3] et al. 

and of Zelinski [4, 5], however, are more easily adap- 
ted to realistic situations. The latter methods estimate a 
Wiener filter (or some variant thereof) which attenuates 
incoherent signals, leaving the coherent signal compo- 
nents intact. As it was shown in the previous section the 
coherence of ambient noise is low if the microphone dis- 
tance is sufficiently large. Thus, if the near end speaker is 
close enough to the microphones to produce highly cor- 
related signals the adaptive filter will separate near end 
speech from noise and reverberated speech components. 
Since a large number of microphones and rectangular 
arrays are impractical for mobile communication pur- 
poses, we restricted our investigations to linear arrays 
with two or three microphones. Since a three micro- 
phone system is described in [16] we here present a two 
microphone system. 

Figure 4 shows a block diagram of our two micro- 
phone time domain system. The microphone signals x 

I .~.mr I I of 
] estimation ] ] filter 

.,-- ............................ ] . . ~ . ~ . s l  

~1~ ' i 

FIG. 4. - -  Two microphone LMs-adapted speech 
enhancement system. 

Systdme d'am~lioration des signaux de la parole 
avec deux microphones et adaptation par  les moindres carrds. 
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and y are considered to be a sum of near end speech si- 
gnals sl/z and noise signals snx/2, i.e. x = sl + nl  and 
y = s2 + n2. The microphone signals are A / D  conver- 
ted and highpass filtered to cut off low frequency noise 
below fc = 240 Hz. An adaptive time delay estimation 
algorithm tracks the position of the near end speaker 
and compensates the delay difference of the microphone 
signals which might arise from a non symmetrical posi- 
tion of the near end speaker. The time delay estimation 
is implemented by means of a cross correlation com- 
putation, smoothing of the correlation function, .and a 
search for the maximum of the cross correlation func- 
tion [17]. After the time delay compensation the two 
signals are added and filtered with an adaptive FIR filter. 
The coefficients of this filter are computed as the mean 
of coefficients of two linear phase FIR filters Hi  and//2.  
The filters H1 and H2 are adapted using a linear phase 
version of the LMS algorithm [18]. The i-th coefficient 
hi (k) of the linear phase filter Hi  is adjusted according 
to equation (8) : 

(8) h i ( k+  1) 

=- hi(k) q- #l(k)  el(k)[xp(k - i) + Xp(k - M + i + 1)], 

i = O , . . . , ( M -  1)/2, 
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Fro. 5. - -  Power  spectral  densi t ies  at sys tem input  (solid) 
and output  (dashed) during speech act ivi ty  (a) and speech pause (b), 

microphone  distance dmi c -- 0.4 m,  car  noise. 

Densitds spectrales de puissance ?t l'entrde du systdme 
(trait continu) et tt la sortie (trait interrompu) avec parole (a) 

et sans parole (b). Distance des microphones dmi c = 0,4 m, 
bruit de voiture. 

and the symmetry condition hi (k) --- hM- i-  1 (k) where 
M = 65 denotes the number of filter taps. Xp(X) is the 
input signal of the adaptive filter, el (k) is the adaptation 
error, and #1 (k) is a variable step size parameter. The 
three-tap FIR preemphasis filters decorrelate the input 
signals and were optimized in an off line experiment to 
produce best subjective speech quality. The complexity 
of this two microphone system (including time delay 
compensation) is roughly equivalent to the complexity 
of 250 echo canceller taps when using the algorithm 
described in Section II. 

It was shown in [19] that the minimum mean square 
distortion of the estimated speech signal at the output of 
the speech enhancement system might be approximated 
in terms of coherence functions as : 1/: 
(9) E { d 2 i n } = - ~  S~28,(f~ ) 

7r 

1 - Csl s, 1 (~) s x(u) ) 
+ SNRx (t2) df t+  

1 Sn2n2(a)Cnln2(f~ ) 1 
27r ~ 1 + SNRx(fl) dt2, 

where SNRz([2) = Ss181(f~)/Snlnl(Fl) denotes the 
signal to noise ratio of signal x. From equation (9) we 
find that a small distortion requires strongly correlated 
speech signals and high SNR input signals. Low cohe- 
rence of noise signals is important, especially under low 
SNR conditions. 

Similar to other noise reduction algorithms artificial 
sounding residual noise (musical tones) becomes a pro- 
blem at low input SNR. The main source of musical tones 
is the residual correlation of noise at low frequencies 
(see Fig. 2). Musical tones can be avoided if the noise 
reduction system processes only frequency components 

above f~min,2 (see equation (7)). This constraint requires 
either a large and hence not realizable microphone dis- 
tance or a limitation of bandwidth by means of highpass 
filters. Frequencies above 240 Hz and below the cutoff 
frequency of such a highpass filter must be processed 
by some other method or just bypassed without further 
processing. 

Figure 5 demonstrates the performance of the two 
microphone system using the power spectral density of 
the microphone signals and of the system output. The 
upper graph was measured during speech activity and 
the lower graph during speech pause. During speech 
activity the formant frequencies of the speech signal are 
well reproduced. During speech pause we achieve up to 
15 dB attenuation of noise. 

To summarize we note that the two microphone noise 
reduction system separates coherent from non coherent 
signal components. As a result an FIR echo canceller 
placed at the output needs to cancel only the direct sound 
and early reflection part of the far end echo. It is this 
effect that we exploit in the combined system which we 
will present in the next section. 

V. C O M B I N E D  S Y S T E M S  

The basic ingredients of our approach were intro- 
duced in Sections II and IV. We will now present 
the combined systems with the aim to develop a true 
symbiosis of echo cancellation and noise reduction. We 
will introduce two basic structures and a computationally 
attractive version and discuss their respective advantages 
and limitations. In what follows we will not consider the 
time delay compensation which is necessary whenever 
the near end speaker is not in a symmetric position with 
respect to the microphones. 
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FIG. 6. - -  B l o c k  d i a g r a m  o f  c o m b i n e d  sys t em c s  I. 

Schema bloc du systdme combin~ cs 1. 

V.1. Combined system csl : echo cancellation before 
noise reduction. 

Figure 6 depicts a block diagram of the first combined 
algorithm. Each microphone channel has its own echo 
canceller. The compensated signals are processed by 
a two channel noise reduction system as presented in 
Section IV. The advantage of this combination is that 
the coherent components of the far end speech are 
removed before the signals are passed to the noise 
reduction. The noise reduction has to deal only with the 
reverberated sound which is mainly not coherent. Thus, 
it can be expected that the noise cancelling filter will 
also reduce much of the reverberated far end speech. The 
obvious disadvantage of this design is that we need an 
echo canceller for each microphone channel. Hence this 
approach is impractical for more than two microphones. 
However, as the experimental results will show we might 
reduce the number of filter taps for each of the echo 
cancellers and achieve thus a complexity reduction. 
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block diagram of combined system cs2. The noise and 
reverberation reduction now introduces a time varying 
filter into the echo path. A copy of that filter is placed 
before the far end input of the echo canceller. Because 
of the time variant behavior we have to recompute the 
echo cancellers filter states each time the coefficients 
of the noise reduction filter change. This recomputation 
increases complexity and makes this version less attrac- 
tive. Also, it is not easy to devise a time delay adjustment 
scheme for this algorithm since a potential time delay 
between the microphone channels must be compensated 
before the summation of the two microphone signals. 
Any time shift of one microphone signal with respect to 
the other will change the impulse response of the overall 
system making it more difficult for the echo canceller to 
track the LRMA system response. 

V.3. Combined system cs3 : reduced complexity. 

The combined system shown in Figure 8 combines to 
a certain extent the advantages of combined system csl 
and cs2. We here use just one echo canceller to cancel the 
mean of the microphone signals. Due to the summation 
of two microphone signals with mostly uncorrelated 
noise the SNR at the echo cancellers input is increased 
by a maximum of 3 dB. The cancellation signal is also 
used to cancel the individual microphone signals. The 
cancellation of the individual microphone channels will 
be not perfect since the room impulse response of the 
two microphone channels will be somewhat different. 
However, since the direct sound and early reflection 
parts of the room impulse responses of both microphone 
channels are similar and the (imperfectly) compensated 
signals are used only for the computation of the noise 
reduction filter, the loss in Erie is tolerable. 

V.2. Combined system cs2 : noise reduction before 
echo cancellation. 

This algorithm first processes the two microphone 
noise reduction before passing the combined denoised 
signal to a single echo canceller which adapts on the 
sum of the two microphone channels. Figure 7 shows a 

FIG. 8. - -  B l o c k  d i a g r a m  o f  c o m b i n e d  sys tem c s  3. 

Schema bloc du syst~me combind cs 3. 

FIG. 7. - -  B l o c k  d i a g r a m  o f  c o m b i n e d  sys t em cs  2. 

Schema bloc du systdme combin~ cs 2. 

V.4. Experimental results. 

Reverberated speech samples were recorded in an 
office room (LRMA1, LRMA~) and in a car (LRMAa) using 
different microphones and loudspeaker positions (see 
Table I). Our speech data base consists of 16 pho- 
netically balanced speech samples, produced by two 
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female and two male speakers. Each speech sample is 
3G 

four seconds long and contains two short sentences with 
a small pause in between. All Erie plots and figures ~2c 
were computed using averages of these 16 speech sam- 
pies. Car noise was recorded separately from the speech 
signals and was added at various SNR values for the simu- 2 1s 
lations. All signals were highpass filtered with a cutoff 
frequency of fc = 240 Hz. Whenever noise was added, 
the Erle was computed using the original speech signals 
only. 3c 

Before we discuss detailed results we will summarize 
our general results : ~ 2( 

1) Informal listening test suggest that the optimal 
microphone distance for noise reduction as well as rever- ~ tc 
beration reduction is about 40 cm. Larger microphone 
distances will lead to degraded near end speech. Smaller 0~ 
microphone distances will limit the maximum noise and 
reverberation reduction and will induce musical tones at 
low frequencies. 

2) The lower the coupling of the loudspeaker and 
microphones the better the performance of the overall 
system. Therefore directional microphones and the loud- 
speaker placed in the minimum of the microphone direc- 
tivity gives the best results in office and car. 

3) Combined system csl performes best, followed by 
cs3, and cs2. 
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FIG. 9. - -  Office environment : Erle m vs. time of echo canceller 
(dashed) and combined system (solid) for 512 canceller taps (a) and 
c)) and 1536 canceller taps (b) and d)). a) and b) : Omnidirectional 
microphones (LRMA1); C) and d):  hypercardioid microphones 

(LRMA2). 

Environnement de bureau : Erle men  fonction du temps de l' annu- 
leur d'dcho (trait interrompu) et du systdme combin~ (trait continu) 
avec 512 coefficients (a) et c)) et 1536 coefficients (b) et d)). a) et b) 
microphones omnidirectionels (t~Ma~), c) et d) microphones hyper- 

cardiodes (t~Ma2). 

V.4.1. Office environment : large reverberation time, low 
noise levels (LRMA1, LRMA2). 

Figure 9 shows single talk Erlem vs. time plots for 
the office LRMA system (LRMA1 and LRMA2, lOW noise 
level, no additional noise). These plots were computed 
using system csl. The SNR for the received far end speech 
depends on the microphone directivity and the loudspea- 
ker microphone coupling (see Table I for ERL values). 
The SNR is approximately 35 dB for configuration LRMAt 
and about 15 dB for configuration LRMA2. 

Due to the relatively large reverberation time we need 
a fairly large number of canceller coefficients to achieve 
sufficient attenuation of the echo signal. Since the SNR is 
much better for configuration LRMA1 than for LRMA2 the 
echo canceller converges much better in configuration 
LRMA1. However, in configuration LRMA2 the microphone 

signals contain relatively more reverberated signal. The- 
refore the dereverberation filter works much better for 
LRMA2 than for LRMA1. In configuration LRMA2 the noise 
reduction filter contributes an additional Erlem of 7 dB. 
Since also the ERL of LRMA2 is significantly larger than 
the ERL of LRMA1 (see Table I) the overall best perfor- 
mance was achieved using LRMA2. 

The same dependencies can be observed for the 
combined systems cs2 and cs3. The mean Erie values' 
are summarized in Table II. The mean was computed 
using a time period from 1 s to 4 s, i.e. the time after 
initial convergence. For two reasons the absolute Erie 
values are much smaller for system cs2 than for the 
other combined systems. Firstly, the input signals of the 
dereverberation filter contain relatively large amount of 
far end direct sound which is coherent and cannot be 
removed. Secondly, the adaptation of the echo canceller 

TABLE II. - -  Mean Erle m of systems cs1, cs 2, and cs 3 in office environment (LR/VIA 1 and LRMA2). 

Erie m moyen des systdmes cs 1, cs 2 et cs 3 en environnement de bureau (LRMA 1 et LRMA2). 

LRMA 1 LRMA 1 LRMA 2 LRMA 2 
N = 512 N = 1536 N = 512 N = 1536 

CSl, Erle of echo canceller only (dB) 16.5 19.6 7.4 14.9 

CSl, Erie of combined system (dB) 19.9 22.2 14.2 21.7 

cs 2, Erie of echo canceller only (dB) 13.8 14.5 5.6 8.6 

cs2, Erie of combined system (dB) 15.2 15.8 7.2 10.1 

cs 3, Erie of echo canceller only (dB) 15.6 19.4 8.0 14.5 

cs 3, Erie of combined system (dB) 19.8 22.9 14.1 18.8 
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is disturbed by the time varying dereverberation filter in 
the echo path. Hence, increasing the number of canceller 
taps N does not yield as much additional Erie for system 
cs2 as for the other systems. Combined system cs3 
performes almost as well as combined system csl. 

V.4.2. Car environment : small reverberation time, high 
noise levels (LRMA3). 

High noise levels are characteristic for mobile com- 
munications environments. In the car we also have a 
relatively short reverberation time such that an echo can- 
celler with 256-512 taps is sufficient. Figure 10 plots the 
time evolution of Erle,~ for the speech samples without 
additional noise (car at standstill, engine off). Erle,~ 
plots for combined systems csl show that the derever- 
beration filter improves system performance by approxi- 
mately 5 dB, independent of the number of canceller 
taps. For N = 512 a sufficiently large attenuation of the 
echo signal is achieved. For system cs3 the gain of the 
dereverberation filter is less pronounced (2-3 dB). 

The upper and the lower graph in Figure 11 plot the 
echo canceller performance and filter gain versus SNR for 
systems CSl and cs3, respectively. The echo canceller has 
512 taps, car noise was added to the speech signals. The 
Erie was time averaged over a time period from 1 s to 
4 s. In the presence of noise the echo canceller converges 
rather slowly. In consequence, the Erie is significantly 
decreased in the time period whicfl was considered here. 
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FIG. 11. - -  Car  envi ronment  (LRMA3) : mean  Erie vs. SrCR for CS 1 (a) 
and cs  3 (b) ; dashed line : combined  system, dotted l ine : 

echo cancel ler  only.  

Environnement de voiture (LRMA3) " 
Erie moyen en fonction du rapport signal~bruit pour lecs  I (a) 

et lecs 3 (b) ; trait interrompu : systdme combin~, trait pointilld : 
annuleur d'~cho seul. 
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FIG. 10. - -  Car  envi ronment  (LRMA 3, engine  off) : Erie m vs. t ime for 
sys tem cs  I (a) and cs  3 (b). Solid l ine : combined  sys tem and N = 
512, dashed l ine : echo cancel ler  only  and N = 512, dash/dotted 
l ine : combined  sys tem and N = 128, dotted l ine : echo cancel ler  

only a n d N =  128. 

Environnement de voiture (LRMA3, moteur arr~td) : Erie men fonc- 
tion du temps pour les systdmes cs I (a) et cs 3 (b). Trait continu : 
systdmes combinJs avec N = 512. Trait interrompu : annuleur 
d'dcho seul avec N = 512. Traits et points alternds : systdme 
combind avec N = 128. Trait pointill~ : annuleur d'~cho avec 

N = 128. 

The gain of the noise reduction and dereverberation filter 
is almost 10 dB. It should be noticed however, that 
noise and far end echo are attenuated alike. Thus, the 
relative level of noise with respect to the far end echo is 
maintained and the improvement in Erie is subjectively 
not immediately obvious to the far end listener. 

As in the previous experiments the gain of com- 
bined system cs3 is not as large as the gain of csl. 
Nevertheless, the prospect of reduced complexity makes 
it worthwhile to further pursue this approach. System 
cs2 performed significantly worse than cs3 and is not 
documented here. 

VI. S U M M A R Y  A N D  C O N C L U S I O N S  

In this paper we introduced a class of algorithms 
which combines a multimicrophone noise and reverbe- 
ration reduction system with Fm echo cancellers. The 
noise reduction system significantly increases the Erie 
and dereverberates the near end speaker, thus impro- 
ving intelligibility at the far end terminal. We showed 
that there is a close interaction between the acoustics of 
the reverberated sound field, the design of the acoustic 
interface, and the proposed multimicrophone algorithms. 
Two distinct experimental environments were conside- 
red : office room (large reverberation time, low noise 
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levels) and moving car (short reverberation time, high 
noise levels). In both cases best results were achieved 
with a highly decoupled loudspeaker-microphone confi- 
guration and an algorithm that provides individual echo 
cancellers to all microphone channels (csa). A compu- 
tationally less expensive solution was developed (cs3) 
without sacrificing too much of the performance. The 
incorporation of time delay compensation algorithms 
into the systems is currently investigated. We further- 
more work on improvements speech quality at low SNR. 
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