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ABSTRACT 

This paper studies an echo suppression approach to reducing the un
desired echoes that result from the acoustic coupling between a loud
speaker and a microphone in duplex voice communication. The ap
proach consists of four basic steps. First, both the loudspeaker and 
microphone signals are partitioned into small overlapping frames. 
Second, each frame is transformed into the short-time Fourier trans
form (STFT) domain. Third, a minimum variance distortionless re
sponse (MVDR) filter is designed in each subband by explicitly us
ing the interframe signal correlation. This MVDR filter is then used 
to estimate the echo signal and the obtained estimate is subsequently 
subtracted from the microphone signal. Finally, the time-domain 
processed signal is constructed using the overlap-add technique with 
the inverse STFT. Experiments are performed and the results demon
strate that this proposed method can achieve significant amount of 
echo suppression in practical room environments. 

Index Terms- Acoustic echoes, echo suppression, minimum 
variance distortionless response (MVDR) filter. 

1. INTRODUCTION 

How to control the detrimental acoustic echo effect in voice com
munication systems such as audio bridging and teleconferencing has 
become a more and more important problem as hands-free mode 
is more often used. In the literature, two fundamental approaches 
to reducing or eliminating the undesired echoes were developed, 
i.e., acoustic echo cancellation (AEC) and acoustic echo suppression 
(AES). 

AEC assumes that the acoustic echo path from the loudspeaker 
to the microphone is linear and can be modeled with a finite-impulse
response (FIR) filter. Echo cancellation is then achieved by adap
tively identifying the echo path impulse response and subtracting 
an echo estimate from the microphone signal [1]-[7]. Since it does 
not apply any filter to the microphone signal, this approach cancels 
echo without introducing any distortion to the desired near-end sig
nal. As a result, AEC has the potential to achieve high-fidelity and 
full-duplex voice communication. However, if the adaptive filter 
does not converge to the true echo impulse response (which hap
pens often in practice) or there is some nonl inearity in the echo path, 
an AEC may not cancel the echo completely, leaving some residual 
echo that can be unpleasant to listen, thereby affecting the quality of 
voice communication. 

In comparison, AES directly applies a suppression filter to the 
microphone signal to attenuate echo without explicitly modeling the 
acoustic echo path [8]-[16]. AES can be either used in conjunction 
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with AEC to further attenuate the residual echo after AEC (in this 
case, it is generally called residual echo suppressor) or it can be used 
in an independent way to deal with the echo problem. The advantage 
of this method is that it is generally robust to nonlinear effect as 
well as small changes in the echo path. The disadvantage of AES 
as compared to AEC is that some distortion to the desired near-end 
signal is generally unavoidable since the suppression filter affects 
the echo and near-end signals at the same time. Therefore, careful 
attention has to be paid to the design of the suppression filter in order 
to significantly reduce the echo signal without much distorting the 
near-end speech. 

In this paper, we present an approach to echo suppression in the 
short-time Fourier transform (STFT) domain, which consists of four 
basic steps. First, both the loudspeaker and microphone signals are 
partitioned into small overlapping frames with a frame length rang
ing from a few to a few tens of milliseconds. Second, each frame is 
transformed into the STFT domain. Third, a minimum variance dis
tortionless response (MVDR) filter is designed to estimate the echo 
signal and subtract it from the microphone signal in each subband. 
Finally, the time-domain processed signal is constructed using the 
overlap-add technique with the inverse STFT. Like the traditional 
AES methods, this presented approach achieves echo reduction by 
filtering the microphone signal. However, it differs from the tradi
tional techniques in that it attempts to obtain an echo estimate and 
then subtract this estimate from the microphone signal. In this sense, 
it also resembles, in a certain degree, the AEC technique. 

2. SIGNAL MODEL AND PROBLEM FORMULATION 

Let us consider the conventional signal model in which acoustic 
echoes are generated from the coupling between a loudspeaker and 
a microphone [1]. The microphone signal at the time index t can be 
written as 

d(t) = get) * x(t) + u(t) = yet) + u(t), (1) 

where x(t) is the loudspeaker (or far-end) signal, get) is the impulse 
response from the loudspeaker to the microphone, u(t) is the near
end signal, and yet) is the echo signal. We assume that yet) and u(t) 
are uncorrelated. All signals are considered to be real, zero mean, 
and broadband. Our objective is to estimate the echo, yet), given the 
far-end (or input) signal, x(t), and the microphone (or output) signal, 

d(t). When this echo is correctly estimated, it can be subtracted 
from the output signal to get an estimate of the near-end signal, u(t), 
which can then be transmitted to the far-end room. 

Using the STFT, the signal model given in (1) can be expressed 
in the time-frequency domain as 
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where D(k, n), Y(k, n), and U(k, n) are the STFTs of d(t), yet), 
and u(t), respectively, at the frequency bin k E {O, 1, . . .  , K -I} 
and the time frame n. A bit later, the approximation: 

Y(k, n) � G(k)X(k, n) (3) 

will be used, where G(k) and X(k, n) are the STFTs of get) and 
x(t), respectively. Since yet) and u(t) are uncorrelated by assump
tion, the variance of D(k, n) is 

¢D(k,n) = E [ID(k,n)12] = ¢y(k,n) + ¢u(k,n), (4) 

where E[·] denotes mathematical expectation, and ¢y(k,n) = 

E [IY(k,n)12] and ¢u(k,n) = E [IU(k,n)12] are the variances 
ofY(k,n) and U(k,n), respectively. 

We propose to estimate the echo signal by applying an FIR filter 
to the microphone signal at different time frames [17], i.e., 

L-l 
Y(k, n) = L Ht (k, n)D(k, n -l) 

1=0 
= hH (k, n)d(k, n), (5) 

where Y(k, n) is supposed to be the estimate of Y(k, n), the su
perscripts * and H are the complex-conjugation and transpose
conjugation operators, respectively, L is the number of consecutive 
time frames, 

h(k, n) = [ Ho(k, n) 
d(k, n) = [ D(k, n) 

HL-1(k,n) ]T, 
D(k,n-L+1) f 

are vectors of length L, and the superscript T denotes transposition. 
We can rewrite (5) as 

Y(k, n) = hH (k, n)y(k, n) + hH (k, n)u(k, n) 
= }f(k,n) + Urn(k,n), (6) 

where y(k, n) and u(k, n) are defined in a similar way to d(k, n), 
}f(k, n) = hH (k, n)y(k, n) (7) 

is a filtered version of the echo signal at L consecutive time frames, 
and 

Urn(k, n) = hH (k, n)u(k, n) (8) 

is the residual near-end signal, which is incoherent with Yf(k, n). 
At the time frame n, the echo signal is Y(k, n), which needs 

to be estimated. To achieve such an estimation, we decompose the 
vector y(k, n) into two orthogonal components: one coherent and 
the other incoherent with the echo signal, i.e., 

where 

y(k, n) = Y(k, n)-yy(k, n) + Yi(k, n) 
= yc(k, n) + Yi(k, n), 

yc(k, n) = Y(k, n)-yy(k, n) 
is the coherent echo signal vector, 

Yi(k,n) = [ Yi(k,n) Yi(k,n-L+1) ]T 
is the incoherent echo signal vector that satisfies 

E[Yi(k,n)Y*(k,n)] = 0, 

(9) 

(10) 

(11) 
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and 

(k ) _ E [Y(k, n)Y*(k, n)] IY ,n - ¢y(k,n) (12) 

is the (normalized) interframe correlation vector. By using (3) in 
(12), it is easy to see that 

(k ) - (k ) - E[x(k,n)X*(k,n)] (13) IY ,n -'x ,n - ¢x(k,n) , 

where ¢x(k, n) is the variance of X(k, n). This form is of great 

importance in practice since now the correlation vector I y (k, n) 
that is needed to estimate the echo suppression filter can easily be 
estimated from the loudspeaker signal. 

Substituting (9) into (6), we get 

Y(k,n) = Yfe(k,n) + Yri(k,n) + Urn(k,n), (14) 

where 

(15) 

is the filtered echo signal and 

(16) 

is the residual incoherent echo signal. We observe that the estimate 
of the echo signal is the sum of three terms that are mutually inco

herent. Therefore, the variance of Y(k, n) is 

where 

¢Yfe(k,n) = ¢y(k,n) IhH(k,n)-yy(k,nf 
= hH (k, n)<I>yc (k, n)h(k, n), 

¢Yri (k, n) = hH (k, n)<I>Yi (k, n)h(k, n) 
= hH (k, n)<I>y(k, n)h(k, n)-

¢y(k,n) IhH(k,n)-yy(k,n)12 , 
¢Urn (k, n) = hH (k, n)<I>u(k, n)h(k, n), 

(18) 

(19) 

(20) 

<I>Yc(k,n) = ¢y(k,n)-yy(k,n)-y�(k,n) is the correlation ma
trix (whose rank is equal to 1) of yc(k, n), and <I>z(k, n) 
E [z(k,n)zH(k,n)] is the correlation matrix of z(k,n) E 
{y(k, n), Yi (k, n), u(k, n)}. 

3. THE MVDR FILTER FOR ECHO SUPPRESSION 

In this section, we show how to derive the MVDR filter for acoustic 
echo suppression. This optimal filter is similar to the one derived in 
[18] for single-channel noise reduction. 

We define the subband error signal between the echo and its es
timate as 

where 

£(k, n) = Y(k, n) -Y(k, n) 
= D(k, n) -U(k, n) -Y(k, n) 
= fJ(k, n) -U(k, n), 

fJ(k, n) = D(k, n) -Y(k, n) 

(21) 

(22) 



is the estimate of the near-end signal that will be transmitted to the 
far-end room. Clearly, this estimate is obtained from the estimate of 
the echo signal. The subband mean-square error (MSE) is then 

J [h(k, n)] = E [IE(k, n)12] 
= 1Jy(k, n) + hH (k, n)<I>d(k, n)h(k, n) 

- 1Jy(k, n)hH (k, n)-yy(k, n) 
- 1Jy(k, n)-y� (k, n)h(k, n), 

(23) 

where <I>d(k,n) = E [d(k,n)dH(k,n)] is the correlation matrix 
of d(k, n). 

It is preferable to estimate the echo with no distortion such that 
it is correctly subtracted from the microphone signal. This can be 
achieved by minimizing J [h(k, n)] with the constraint: 

(24) 

Solving the above constrained problem, we find the MVDR filter: 

(25) 

The statistics forming this filter are easy to estimate since the mi
crophone and loudspeaker signals, i.e., D(k, n) and X(k, n), are 
available. 

4. PERFORMANCE MEASURES 

The two most important means to evaluate the acoustic echo sup
pression performance are: 1) the attenuation of the acoustic echo 
and 2) the distortion of the near-end signal. 

To evaluate the amount of echo attenuation, we can examine the 
so-called echo-return loss enhancement (ERLE) [2], [12], which can 
be defined in our scenario as 

LPF{ly(t)12} �ERLE(t) = 
LPF{ly(t) _ y(t)12}' 

(26) 

where yet) is the time-domain signal reconstructed from Y(k, n), 
and LPF{-} denotes a lowpass filter operation. 

We can also assess the level of echo attenuation in the STFT 
domain by examining the subband and full band acoustic echo re
duction factors at the time frame n, which are defined as 

and 

I:[h(kn)]- 1Jy(k,n) 
" , - E [IY(k,n) _ hH(k,n)y(k,n)12] 

(27) 

(28) 

The acoustic echo reduction factors with an optimal echo suppres
sion filter should be greater than or equal to 1. If � = 1, there is no 
echo reduction. The higher is the value of �, the more the echo is 
reduced. The definition of � [h(:, n)] is equivalent to the ERLE. 

To evaluate the amount of distortion introduced by the sup
pression filter to the near-end signal, we can examine the so-called 
speech-distortion index [19], [20], which can be defined in our ap
plication as 

Vsd(t) = 
LPF{lu(t) - Urn(t)12} 

LPF{lu(t)12} 
(29) 
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Fig. 1. Echo suppression performance: (a) waveform of the far-end 
speech, (b) waveform of the microphone signal, and (c) ERLE of the 
MVDR echo suppression filter for three different filter lengths, i.e., 
L = 2,4, and 6. 

where Urn(t) is the time-domain signal reconstructed from 

Urn(k, n). Alternatively, we can also assess the distortion of the 
near-end signal in the STFT domain, where we define the subband 
and full band near-end signal distortion indices at the time frame n 
as 

and 

[ ( )] _ E [IU(k,n) - Urn(k,n)12] 
v h k,n - 1Ju(k,n) (30) 

(31) 

The near-end signal distortion indices are always greater than or 
equal to O. The higher their value, the more the near-end signal 
is distorted. Therefore, we want to keep these indices as small as 
possible. 

5. EXPERIMENTAL RESULTS 

In this section, we evaluate the performance of the presented MVDR 
filter for echo suppression. Two sets of experiments were performed: 
one set concerns the performance in a scenario where there is no dou
bletalk while the other pertains to a case where there is doubletalk. 

5. 1. Echo Suppression Performance without Doubletalk 

The first simulation studies the case where there is no doubletalk, 
i.e, there is only the far-end signal but no near-end speech. The 
far-end signal is a speech signal recorded in a quiet room from a 
female talker with a sampling rate of 8 kHz. The microphone sig
nal is generated by convolving the far-end signal with an impulse 
response measured in a room with a reverberation time ('1'60) of ap
proximately 300 ms. To make the setting more realistic, white Gaus
sian noise is added to the microphone signal with an SNR of 30 dB. 
The overlap-add technique is employed in the implementation with 
an FFT length of K = 1024 and 75% overlap between neighboring 
frames. To minimize the aliasing effect, a Kaiser window of size 
1024 is applied both before the STFT and after the inverse STFT. 

To implement the MVDR filter given in (25), we need to know 
the correlation matrix <I>d (k, n) and the normalized interframe cor
relation vector Ix(k,n). Since both the microphone and far-end 



signals are accessible, we directly compute Pd (k, n) and I' x (k, n) 
from the corresponding signal with a short-time average using the 
most recent 20 frames. 

The results of this simulation is plotted in Fig. 1. As seen, the 
MVDR filter can achieve more than 20-dB echo attenuation, which 
shows the effectiveness of the developed MVDR fi Iter for echo sup
pression. It is interesting to see that L = 2 is sufficient to achieve 
good suppression performance. Notice that obviously the ERLE, 
�ERLE, is low during the absence of the far-end speech. During the 
silence periods of the far-end speech, there is no echo in the micro
phone signal. If we still estimate and apply the suppression filter, it 
adds some noise into the microphone signal and as a result, �ERLE 
becomes negative in decibel. One easy way to circumvent this issue 
is to apply a voice activity detector (VAD) to the far-end signal. If a 
processing frame is detected as silence, this frame is simply passed 
through without being filtered. 

5.2. Echo Suppression Performance with Doubletalk 

The second experiment evaluates the echo suppression performance 
of the MVDR filter in the situation where there is doubletalk. The 
far-end signal and room impulse response are same as used in the 
previous experiment. The near-end signal is a voice signal recorded 
in a quiet room from a male talker. Again, we add some white Gaus
sian noise to the microphone signal to make the experimental config
uration realistic and the SNR is 30 dB. The results of this experiment 
are shown in Fig. 2. Note that we only plotted �ERLE and Vsd in the 
figure and did not show the subband and fuUband echo reduction fac
tors � [h(k, n)] and � [h(:, n)] and the distortion indices v [h(k, n)] 
and v [h(:, n)] due to space limitations. 

From Fig. 2(d), one can see that more than 20-dB ERLE is 
achieved when there is no doubletalk. During doubletalk, the amount 
of ERLE yielded is less than that in the absence of doubletalk. As 
in the traditional AEC, the near-end speech behaves like noise and 
affects the estimation of the suppression filter during doubletalk. 
Again, the length of the MVDR filter does not seem to affect the 
ERLE much. 

We see from From Fig. 2(e) that some distortion is added into the 
near-end signal particularly during the transition periods between no 
doubletalk and doubletalk. The amount of distortion is also dramat
ically affected by the filter length where a larger filter length causes 
more near-end speech distortion. The underlying reasons could be 
multiple. First, we use a short-time average (with 20 most recent 
frames) to estimate the signal statistics that are needed to implement 
the MVDR filter. These signal estimates are not accurate during the 
transition periods between no doubletalk and doubletalk. Second, 
we need to compute the inverse of the Pd(k,n) matrix in imple
mentation. With only 20 frames to estimate it, this matrix can be 
ill-conditioned, particularly when the filter length is large. Finally, 
during the formulation of the MVDR filter, we did not add any con
straint on the near-end signal distortion. Work is in progress to study 
how to achieve better estimates of the correlation matrix P d (k, n) 
and the interframe correlation vector I' x (k, n), particularly when 
there is doubletalk. We are also working to improve the MVDR fil
ter by including some constraints on signal distortion. 

6. CONCLUSION AND DISCUSSION 

In this paper, we studied an echo suppression approach to reduc
ing the undesired echoes that result from acoustic coupling between 
a loudspeaker and a microphone in duplex voice communication. 
The process is divided into four basic steps. The first step partitions 
both the microphone and loudspeaker signals into short and overlap
ping frames. Each frame is then transformed into the STFT domain. 
Next, an MVDR filter is designed in each subband by explicitly us-
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Fig. 2. Echo suppression perfonnance: (a) waveform of the far
end speech, (b) waveform of the near-end speech, (c) waveform of 
the microphone signal, (d) ERLE of the MVDR echo suppression 
filter for three different filter lengths, i.e., L = 2,4,6, and (e) the 
distortion index of the near-end signal for the three different filter 
lengths. 

ing the interframe signal correlation and an estimate of the echo sig
nal is estimated and subsequently subtracted from the microphone 
signal, thereby removing the echo signal. Finally, the time-domain 
echo-suppressed signal is constructed using the inverse STFT. Ex
periments were carried out to evaluate the performance in both the 
absence and presence of doubletalk. The results demonstrated that 
the presented method can achieve significant amount of echo atten
uation. It is observed that some distortion is added into the near-end 
signal, primarily due to inaccurate estimation of the signal statistics 
during doubletalk. Work is in progress to improve the MVDR fil
ter to not only optimize the amount of echo suppression, but also 
manage the level of near-end speech distortion. 

7. RELATION TO PRIOR WORK 

The detrimental acoustic echo effect can be controlled through two 
different ways, i.e., AEC [1]-[7] and AES [8]-[16]. The former 
achieves echo cancellation by adaptively identifying the echo path 
impulse response and then subtracting an echo estimate from the 
microphone signal while the latter attenuates echoes by directly ap
plying a suppression filter to the microphone signal. In this paper, 
we presented an MVDR filter to reduce echoes in the STFT do
main. Same as the traditional AES techniques, the presented method 
directly applies a suppression filter to the microphone signal and, 
therefore, introduces near-end distortion. As a result, it is called a 
echo suppression approach. However, the approach resembles the 
AEC technique in the sense that it also attempts to achieve an es
timate of the echo signal and then subtract the estimate from the 
microphone signal. 
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