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Stereophonic Acoustic Echo Suppression
Incorporating Spectro-Temporal Correlations
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Abstract—In this letter, we propose an enhanced stereophonic
acoustic echo suppression (SAES) algorithm incorporating spec-
tral and temporal correlations in the short-time Fourier transform
(STFT) domain. Unlike traditional stereophonic acoustic echo can-
cellation, SAES estimates the echo spectra in the STFT domain and
uses a Wiener filter to suppress echo without performing any ex-
plicit double-talk detection. The proposed approach takes account
of interdependencies among components in adjacent time frames
and frequency bins, which enables more accurate estimation of the
echo signals. Experimental results show that the proposed method
yields improved performance compared to that of conventional
SAES.

Index Terms—Echo cancellation, signal-to-echo ratio, spectro-
temporal correlations, stereophonic acoustic echo suppression.

I. INTRODUCTION

A COUSTIC echo cancellation techniques have been de-
veloped to overcome serious conversation trouble due to

the acoustic coupling between microphones and loudspeakers
[1]–[5]. Especially for spatial sound reproduction, the multi-
channel acoustic echo cancellation problem has been researched
over the last decade. Unlike single-channel echo cancellation,
de-correlation algorithms are usually required to resolve the
non-uniqueness problem, which results in a reconvergence issue
[1]. However, these strategies are likely to distort signals re-
produced by loudspeakers and demand a significant amount of
computation.
Recently, inspired by several single-channel echo suppres-

sion methods [2], [3], a stereophonic acoustic echo suppression
(SAES) technique [6] was proposed. This approach estimates
echo spectra in the short-time Fourier transform (STFT)
domain without pre-processing by introducing an a priori
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Fig. 1. Schematic diagram of the stereophonic acoustic echo scenario.

signal-to-echo ratio (SER) and an a posteriori SER [5] under
the Wiener filtering framework. This algorithm has been found
to operate well during double-talk periods in spite of the fact
that it does not apply any explicit double-talk detector.
In this letter, to improve the estimation performance of the

SAES method presented in [6], we propose an enhanced SAES
(ESAES) algorithm that incorporates spectral and temporal cor-
relations among adjacent time frames and frequency bins, based
on the observation that linear systems can be accurately repre-
sented by cross-band filtering in the STFT domain [7]. We intro-
duce augmented vectors considering the continuity in the time-
frequency domain in order to estimate the stereo echo more pre-
cisely, and calculate the extended power spectral density (PSD)
matrices and cross-PSD vectors incorporating adjacent compo-
nents in the STFT domain. The performance of the proposed al-
gorithm is evaluated by echo return loss enhancement (ERLE)
and the ITU-T Recommendation P. 862 perceptual evaluation
of speech quality (PESQ) [8] measures. Experimental results
showed improved performances in terms of ERLE and PESQ
compared with the conventional SAES technique.

II. ENHANCED SAES (ESAES) UTILIZING
SPECTRO-TEMPORAL CORRELATIONS

A typical stereophonic acoustic echo scenario is illustrated
in Fig. 1. The far-end signals and at time index
are generated by the source signal through the acoustic

impulse responses and in the transmission room.
Let be the signal picked up by one of the microphones in
the receiving room. This signal can be modeled as

(1)

where represents the acoustic echo path from the th loud-
speaker to the microphone and is the near-end signal. In
this work, we focus on only one of the microphones to describe
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Fig. 2. Two types of augmented vectors with , . The augmented
vector (2) consists of 15 adjacent components in the bold square, and the aug-
mented vector (3) is made of 7 adjacent component in the shaded region.

the stereophonic acoustic echo problem because we can apply
the same approach to the other microphone.
The proposed ESAES algorithm extends the SAES method

in [6] by taking account of correlations among adjacent time
frames and frequency bins in the STFT domain. According
to [7], linear systems can be more accurately represented by
crossband filtering due to the effect of finite windows. More-
over, it is shown in [7] that considering a few neighboring
bins was enough although all the frequency bins need to be
taken into considerations theoretically. In order to combine this
theory with the SAES algorithm, we introduce the following
augmented vector (Type 1) for each far-end signal:

(2)

where is the STFT coefficient of the far-end signal
for the th frequency bin at the th frame. The augmented

vector defined in (2) consists not only of the ( ) ad-
jacent frequency bins from the current th frame, but also of
the previous frames of adjacent frequency bins.
Thus, the dimension of this augmented vector becomes

. Alternatively, by considering only adja-
cent frequencies of the current and previous frames of given fre-
quency, we can reduce the dimension of the augmented vector
(Type 2) as follows:

(3)

The augmented vector in (3) is made of the ( ) frequency
bins at the current th frame and the th frequency bin from
frames ( ) to ( ), and its dimension becomes

. The components included in the two types of aug-
mented vectors with and are illustrated in Fig. 2.
In the remaining part of this work, for simplicity, we will use
the notation which represents the augmented vector

shown either in (2) or (3), and use to denote the dimension
of this augmented vector.

A. Problem Formulation

Let , , denote the STFT coeffi-
cients of and the augmented vectors corresponding to

and , respectively. Crossband convolutive filters
are denoted by and that represent the
acoustic paths relating and to ,
respectively [7]. Then can be described as

(4)

where is the STFT coefficient of the near-end signal
, including near-end speech and noise, and superscript

denotes conjugate transpose.
As in [6], let us denote the STFT of the echo component due to

by , and likewise for by . Then,

(5)

assuming that is correlated with and is
correlated with but uncorrelated with . In general,
we obtain the optimal weight vectors and ac-
cording to the minimum mean-square error (MMSE) criterion,
which jointly minimize

(6)

(7)

where and denotes expec-
tation. By minimizing (6) and (7) with respect to and

, we are led to the acoustic path estimates

(8)

(9)

where and denote the extended PSDma-
trix and cross-PSD vector defined by

(10)

(11)

with superscript denoting complex conjugation.
Given the estimated echo spectra, the near-end signal in

the STFT domain, , can be estimated by means of the
Wiener gain as follows:

(12)

under the assumption that the near-end signal and echo signal
are uncorrelated. Details on the estimation of the extended PSD
matrices, echo spectra, and gain function are described in the
following subsection.
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B. Estimation of Extended PSD Matrices, Echo Spectra, and
Gain Function

As in [6], the extended PSD matrix and cross-PSD vector re-
lated to can be obtained by first-order recursive aver-
aging in the following way:

(13)

(14)

where is a smoothing factor. With obtained by
applying (13) and (14) to (8), the estimate of can be
calculated by introducing an additional overestimation control-
factor matrix, , which is an extension of the echo suppression
level control factor in [6]:

(15)

where is a diagonal matrix whereby the diagonal elements
corresponding to are emphasized over the other ele-
ments. After deriving , the spectral subtraction method
in [2] is used to get the estimate of .
In a similar way, can be estimated by performing

the following procedures:

(16)

(17)

(18)

where is also an overestimation control-factor matrix. The
overestimation control-factor matrices and are applied
to further reduce the residual echo. Let

(19)

where weights , which represents the th ele-
ment of . In this work, we choose each as follows:

(20)

in which the parameters , , and are determined ex-
perimentally.
In order to obtain the gain function , we introduce the

a priori SER and a posteriori SER as in [5],

(21)

where and denote the PSDs of the near-end
signal and composite echo, respectively. Estimates of ,

, and are formed and updated as [6]

(22)

(23)

(24)

where and are smoothing factors
that have to be much smaller than conventional values for SNR
estimation in which the noise is assumed to be stationary, be-
cause the echo signals are highly nonstationary in most cases.
Finally, according to the Wiener estimator theory, the gain func-
tion is given by

(25)

and the estimated near-end is obtained from (12).

C. Complexity of the Proposed ESAES Algorithm

We investigate the computational complexity of the proposed
ESAES algorithm with half-overlapping windows and compare
it with that of the conventional SAES in [6], where 7/8-over-
lapping windows were applied. Considering the matrix inver-
sions in (8) and (9) and assuming the use of the divide-and-con-
quer algorithm [9], the proposed technique requires a total of
( ) real-valued mul-
tiplications, complex-valued divisions, 12 real-valued di-
visions, and 20 square root calculations per frequency bin to
obtain samples in the time domain, considering the frame
overlaps where and are the dimension of the augmented
vector and FFT size, respectively. On the other hand, the con-
ventional method needs ( ) real-valued multi-
plications, 80 real-valued divisions, and 80 square root calcula-
tions per frequency bin to produce the same number of samples.
As we choose appropriate values for and (e.g., ,

), the complexity of the proposed algorithm can be
kept lower than that of the conventional SAES algorithm.

III. EXPERIMENTAL RESULTS

To evaluate the performance of the proposed ESAESmethod,
we conducted computer simulations under various conditions.
For performance assessment, we created 20 data sets from the
TIMIT database such that each set consists of a source signal

and near-end signal . The data sets were sampled at
16 kHz. The length of each data set ranges from 10 s to 18 s
and the total length of the data is 302 s. The duration of the
double-talk interval is between 5 s and 10 s. Both the transmis-
sion room and the receiving room were designed to simulate a
small office room of a size m m m. All of the room im-
pulse responses (RIRs) were generated with reverberation time

ms by means of the image method [10]. The length
of the RIRs was set to 512. The echo level measured at the input
microphone is on average 3.5 dB lower than that of the near-end
speech. A white noise was added to the microphone signals such
that , and 10 dB. We applied a Hamming window
of length 2048, which is half-overlapped for taking the STFT.
In the experiments, the parameter values were set as follows:

, , , ,
, , , , and
. It is noted that the window size was rather long, but

the smoothing factors, and were quite small.
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TABLE I
ERLE AND PESQ SCORES OF PROPOSED ESAES ALGORITHM IN NOISELESS

CONDITIONS WITH DIFFERENT VALUES OF AND

TABLE II
ERLE AND PESQ SCORES OF PROPOSED ESAES, COMPARED TO SAES

(YANG [6]) IN DIFFERENT SNR CONDITIONS

To verify the performance of the proposed ESAES, we evalu-
ated the PESQ score [8] and the ERLEmeasure which is defined
by [4]

(26)

where denotes the residual echo signal at time index after
suppressing far-end echoes in the single-talk case.
The overall results of the ERLE and PESQ scores obtained in

noiseless conditions are shown in Table I for different values of
and . Type 1 and Type 2 in Table I indicate the two ways

of constructing the augmented vectors, given in (2) and (3), re-
spectively. It is noted that the ESAES algorithm with ( ,

) is equivalent to the conventional SAES [6] with 50%
window overlap. From the whole results, we can observe that as
more correlations among adjacent components are taken into ac-
count, the higher the ERLE performance becomes. This means
that the correlation between adjacent time frames and frequency
bins is helpful to suppress the echo signals effectively. On the
other hand, the PESQ scores of the ESAES algorithm could not
always be improved with increasing number of adjacent compo-
nents. It is found that the ESAES algorithm with the augmented
vectors of Type 2 is capable of maintaining the near-end signal
more faithfully than that with the augmented vectors of Type 1.
Furthermore, when we consider the adjacent components (Type
2, ), the best PESQ score is obtained. In other
words, adjacent components other than these may not be ben-
eficial to estimate the stereo echo accurately without distorting
the near-end signal.
In Table II, the performance of the ESAES algorithm, using

Type 2 augmented vectors with ( , ) and half-over-
lapping windows is compared to that of the conventional SAES
[6] with 7/8-overlapping windows, under various SNR condi-
tions. The augmented vector of Type 2 with ( , )
was chosen as it provides a good trade-off between the perfor-
mance and computational complexity. We used the same pa-
rameters values as in [6] ( , , ,

Fig. 3. Waveforms and spectrograms for the double-talk case with 30 dB SNR.
(a) one of the far-end signals, (b) microphone signal, (c) near-end speech, and
(d) output of the ESAES.

Fig. 4. Comparison of tracking performance and convergence speed between
the proposed ESAES and the SAES [6] algorithms in the single-talk case. At
6 s, the source location in the transmission room was changed and at 15 s, the
microphone in the receiving room moved, dB and ms.
(a) in the receiving room. (b) Temporal variation of ERLE.

, , ). In all the tested SNR
conditions, the proposed approach outperformed SAES [6]. In
particular, it was found that the resulting signals of SAES [6]
had a significant level of residual echo compared to those of
ESAES. Also, it could be seen that the ESAES preserved the
near-end signal better as seen from the comparison of the PESQ
scores or in Fig. 3, which illustrates double-talk performance
through the waveforms and spectrograms of , , ,
and .
We also investigated the tracking performance and conver-

gence speed of the proposed ESAES and conventional SAES
algorithms in the single-talk condition as displayed in Fig. 4.
Fig. 4(a) shows the microphone signal in the receiving
room. In this experiment, the source location in the transmission
room was changed at 6 s and the microphone in the receiving
room changed its location at 15 s. Fig. 4(b) shows the varia-
tion of ERLE over time. From these results, we can observe
that the proposed ESAES algorithm did not show any signifi-
cant tracking difficulty in the dynamic environment and always
outperformed the conventional SAES method.

IV. CONCLUSIONS

In this letter, we have proposed the ESAES algorithm using
augmented vectors in order to incorporate spectral and temporal
correlations. The approach takes advantage of the correlations
among components in adjacent time frames and frequency bins
in the STFT domain. To estimate the stereo echo signal, the
extended PSD matrices and cross-PSD vectors are derived from
the signal statistics. Experimental results demonstrated that the
proposed ESAES method is superior to conventional SAES in
terms of both ERLE and PESQ.
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