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ABSTRACT

This paper describes a novel technique for decorrelating the
stereo signals in stereophonic acoustic echo cancellation (AEC)
systems. At present, most teleconferencing systems use a single
full-duplex audio channel for voice communications. However,
in order to introduce spatial realism, future teleconferencing sys-
tems are expected to have more than one channel (at least stereo
with two channels). However, in stereophonic AEC systems, the
correlation between the stereo signals does not allow correct iden-
tification of the echo path responses. In this paper, we develop a
signal decorrelation technique based on time-varying all-pass fil-
tering of the individual stereo signals. Experiments show that this
technique does not effect the perception of the stereo signals, but
identifies the echo path responses correctly.

1. INTRODUCTION

At present, most teleconferencing systems use a single full-duplex
audio channel for voice communications. These systems also make
use of an acoustic echo canceller to reduce the undesired echo re-
sulting from the coupling between the loudspeaker and the mi-
crophone. To make these systems more lifelike, better and more
realistic sound systems are required. High fidelity wide band-
width (100 to 7000 Hz) voice communication system is now being
used. However, in order to introduce spatial realism, more than
one channel are needed. Therefore, future teleconferencing sys-
tems are expected to have more than one channel (at least stereo
with two channels) of full duplex voice communications.

One of the fundamental problem in stereophonic acoustic echo
cancellation (AEC) systems is that given the input to the loud-
speakers and the output of the microphones in the receiving room,
the echo path cannot be determined uniquely [2]-[5]. The problem
is due to the correlation between the stereo signals. As a result,
any adaptive technique used in stereophonic AEC systems fails
to identify the echo path responses correctly. To circumvent this
problem, it is necessary to develop techniques to decorrelate the
stereo signals at the input to the loudspeakers without affecting
stereo perception.

Several techniques have been proposed in the past, e.g., ad-
dition of random noise, modulation of signal, decorrelation fil-
ters, inter-channel frequency shifting etc. [4] [5]. However, these
techniques either do not decorrelate the signals or destroy stereo
perception completely. The interleaving comb filtering proposed
in [5] only gives partial identification (above 1 kHz) of the echo
path responses. Recently, a technique is proposed in [2] based on

non-linear processing of the stereo signals. However, as noted by
the authors of [2], for tonal signal, the technique based on non-
linearity cannot maintain transparency in perception (changes the
pitch perception).

In this paper, we propose a different solution based on time-
varying all-pass filtering of the stereo signals. The amount of
time-variation allowed is restricted using the psychoacoustic data
known as “the just noticeable inter-aural delay” [6] to maintain
spatial perception. Our experiments show that this technique decor-
relates the signals enough to allow identification of the true echo
path responses, while maintaining transparency for speech signals.
For a single tone, it introduces small background noise but main-
tains pitch perception. Since, audio/video conferencing rooms usu-
ally have inherent background noise, and noise suppression tech-
niques are usually used in such systems, our technique is well-
suited for such applications.

This paper is organized as follows. Section 2 provides a brief
description of a stereophonic teleconferencing system and the as-
sociated problem with stereophonic AEC. In Section 3, we de-
scribe our new technique for signal decorrelation. Finally, in Sec-
tion 4, we present experimental evaluation of our proposed tech-
nique.

2. STEREOPHONIC ACOUSTIC ECHO CANCELLATION

Fig. 1 shows the configuration of a typical stereophonic echo can-
cellation system. The transmission room (depicted on the left) has
two microphones that pick up the speech signal,x, via the two
acoustic paths characterized by the impulse responses,g1 andg2.
All acoustic paths are assumed to include the microphone and/or
loudspeaker responses. Theith microphone output is then given
by (in the frequency domain)

Xi(!) = Gi(!)X(!): (1)

In this paper, the upper-case letters represent the Fourier trans-
forms of the time-domain signals denoted by the corresponding
lower-case letters. The whole system is considered as a discrete-
time system ignoring any A/D or D/A converter. These signals are
presented through the set of loudspeakers in the receiving room
(on the right in Fig. 1). Each microphone picks up an echo from
each of the loudspeakers. Lethij be the acoustic path impulse
response from thejth loudspeaker to theith microphone. Then
the echos picked up by the microphones in the receiving room are
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Figure 1: Configuration of stereophonic echo cancellation systems

given by (in the frequency domain)

Yi(!) =
X

j

Hij(!)Xj(!): (2)

In the absence of any AEC, the echosyi’s will be passed back to
the loudspeaker in the transmission room and will be recirculated
again and again. This will cause multiple echos or may even result
in howling instability [5]. Commonly used AEC systems use adap-
tive finite impulse response (FIR) filters that provide estimates of
the echo path responses. The FIR filter coefficients are updated
adaptively depending on the input signals to the loudspeaker and
the outputs of the microphones.

In the stereophonic AEC, there are four echo paths to be iden-
tified. We, therefore, need four adaptive filters as shown in Fig.
1. The output of the AEC filters (which can be thought of as an
estimated echo) are as follows

Ŷi(!) =
X

j

Ĥij(!)Xj(!):

These estimated echos are subtracted from the true echos giving
the error signals,

Ei(!) = Yi(!)� Ŷi(!):

These error signals are used to update the filter coefficients. Sev-
eral techniques are available to calculate the filter updates (e.g.,
the least means square (LMS), the recursive least square (RLS),
the affine projection (AP) algorithms, etc.). All these techniques
attempt to minimize these error signals in one way or another.

2.1. The problem of non-uniqueness of solutions

The data available to the echo canceller are the inputs to the loud-
speakers,xi’s, as well as the outputs of the microphones,yi’s,
in the receiving room. The fundamental problem of stereophonic
AEC systems is that given this set of data, it is not possible to
uniquely determine the echo paths to drive the error,ei’s to zero
(i.e., to eliminate the echos). In order to explain this, let us look
at the error in one of the channels (similar analysis can be carried
out for the other channels). In the frequency domain, this error is
given by

E1(!) =
X

j

�
H1j(!)� Ĥ1j(!)

�
Gj(!)X(!):
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Figure 2: Configuration of the modified stereophonic echo cancel-
lation systems

Let us assume that somehow, we have been able to achieve perfect
echo cancellation, i.e., we haveE1(!) = 0. Assuming thatX(!)
does not have zeros in the frequencies of interest, the above gives

X

j

�
H1j(!)� Ĥ1j(!)

�
Gj(!) = 0: (3)

This equation does not implyH1j(!) = Ĥ1j(!). Therefore,
even if the echo has been driven to zero, we have not necessarily
achieved perfect alignment. In other words, the canceller has not
necessarily identified the true echo path. In fact, the above equa-
tion has infinitely many solutions for̂H1j(!). Any adaptation al-
gorithm may lead to any one of these solutions. Note that so long
as the conditions in both the transmitting and the receiving rooms
are fixed, this does not cause any problem as the echo will remain
zero. However, the adaptation technique has to track not only the
changes in the receiving room that change the echo path responses,
hij , but also the changes in the conditions in the transmitting room
as reflected through changes ingi. Tracking the conditions in the
transmitting room can be specially problematic asgi may change
abruptly and by a large amount (e.g., one speaker stops talking and
another speaker starts speaking from a different location).

A detailed discussion of this problem describing several view-
points can be found in [2]-[5]. Specially, the discussion in [2] pro-
vides a better understanding of the above problem both in terms of
non-uniqueness and misalignment of the solutions.

3. SIGNAL DECORRELATION

As discussed in Section 2, the reason for non-perfect alignment is
that the two signals are correlated due to (1). Thus, in order to
solve the problem, we have to find a technique to decorrelate the
input signals to the loudspeakers,xi, in such a way that it does not
affect the stereo perception in the receiving room.

The proposed system for the stereophonic echo cancellation
system is shown in Fig. 2. Each of the stereo signals is passed
through a different all-pass filter denoted byai(n). The subscript
n is used to indicate that the all-pass filter is time-varying (varying
with n).

Rigorously speaking, there is no frequency domain represen-
tation of the time-varying filtering operation used in Fig. 2. How-
ever, if we assume thatai(n) does not change much for a given
window around time instantn, then it is possible to assign a fre-
quency domain transfer functionA(!;n) to the filtering operation



at time instantn. Then the frequency spectra of the output at time
instantn can be formally written as

Yi(!;n) =
X

j

Hij(!)Aj(!; n)Xj(!):

Ŷi(!;n) =
X

j

Ĥij(!)Aj(!; n)Xj(!):

Then the error in theith path is

Ei(!;n) =
X

j

�
Hij(!)� Ĥij(!)

�
Aj(!; n)Gj(!)X(!):

Now, if we can achieve perfect echo cancellation by settingEi(!; n) =
0, then the above implies

X

j

�
Hij(!)� Ĥij(!)

�
Aj(!;n)Gj(!)X(!) = 0:

Since the above must be true for alln, i.e., for all variations of
Aj(!; n) with n, we must haveHij(!) = Ĥij(!). Thus by using
the time varying all-pass filter in the signal path, it is possible to
achieve perfect alignment between the adaptive filter and the true
echo path. In practice, perfect alignment is not possible due to the
finite impulse response of the modeling filters (the adaptive filters)
as well as due to the noise present in the signal. However, simula-
tions show that this technique achieves much better identification
of the echo paths than was otherwise possible (see section 4).

3.1. Time-varying all pass filter

The system described above, however, must follow certain con-
straints. First, The signals that are modified through the all-pass
filters are played back through the loudspeaker in the receiving
room. Therefore, the time-variation of the all-pass filters has to be
chosen in such a way that does not alter the stereo perception of
the speech. Second, since an adaptive filter will be used to identify
the echo path responses, the time-variation of the all-pass filters
should be fast enough so that the adaptive technique used cannot
track the changes in the all-pass filters. On the other hand, we
would like the adaptive technique to be able to track changes in
the receiving room. These conflicting requirements show the im-
portance of proper choice of the time-varying all-pass filters. In
the following, we discuss one possible choice.

The simplest all-pass filter is a single-order filter that can be
described by a single parameter�i(n). The frequency response of
such a system for a givenn can be written as

Ai(!; n) =
e�j! � �i(n)

1� �i(n)e�j!

Such a filter has several important features, namely

� jAi(!;n)j = 1:0; 8! and8n, i.e., this filter passes all fre-
quencies all the time unattenuated.

� It only changes the phase of each frequency.

� It is completely determined by a single time-varying param-
eter�i(n). Thus, the design of the system involves proper
choice of�i(n).

3.2. Choice of�i(n)

In order for the all-pass filterai(n) to be stable, the absolute value
of �i(n) must be less than unity. Since, all our signal is real, we
have also restricted�i(n) to be a real value. This also simplifies
the filtering operation.�i(n) is a time-varying parameter. Thus,
we need to update�i(n) at every time instant. The update rule for
�i(n) is as follows

�i(n+ 1) = �i(n) + ri(n);

set�i(n+ 1) = �i;max if �i(n+ 1) > �i;max

set�i(n+ 1) = �i;min if �i(n+ 1) < �i;min: (4)

Here,ri(n) is an independent and identically distributed (iid) ran-
dom variable having a uniform probability distribution function
(pdf) over the interval[�Ri; Ri]. Ri indicates the maximum al-
lowable deviation of�i(n) from one instant to another. This de-
viation corresponds to phase jitter introduced by the time-varying
all-pass filter for theith channel.Ri should be made as large as
possible to introduce enough signal decorrelation. However, Too
large a value ofRi will result in noticeable change in speech per-
ception.

�i;max and �i;min in (4), represent the the maximum and
minimum allowable values of�i(n). In order to ensure stability,
we must have�i;max < 1 and�i;min > �1. Further restrictions
are also required to maintain transparency in speech perception.
These restrictions are derived from the data known as “just notice-
able inter-aural delay” in psychoacoustics [6]. This data represents
the minimum change in the inter-aural time delay between the two
ears at a given frequency that causes a noticeable change in the
perception of the direction of sound. The all-pass filter changes
the phase of each frequency of the input speech. The effect of
this phase change is to change the time of arrival of the signal at
each frequency at the ears. So, if we limit the phase changes so
that the change in the time of arrival for each channel is within the
just noticeable inter-aural delay, then spatial perception of stereo
signal will not be affected. The just noticeable inter-aural delay
varies between 30�sec. to 200�sec [6]. We have chosen to limit
the change in the time of arrival of each frequency within 60�sec.
This leads to the following values of�i;max and�i;min,

�i;max = 0 and

�i;min = �0:9 and

Fig. 3 shows the time delay as function of frequency for the two
all-pass filters with�i;min = �0:9 and�i;max = 0. Since, the
value of�i;min for the all-pass filters in the two stereo paths are
kept within these limits, the resulting inter-aural delay are also
within 60�sec. Our experiments have shown that this choice leads
to good signal decorrelation to allow correct identification of echo
path responses and also keeps the stereo perception of speech un-
changed.

4. EXPERIMENTAL EVALUATION

In order to evaluate the technique, we collected stereo speech sam-
ples in our audio laboratory. The audio laboratory was used as the
transmitting room. We had two speakers talking alternately in the
room when two microphones were used to collect the data. The
data were sampled at 16 kHz sampling rate. In one set of data, the
speakers were asked to stand still while talking. This was made
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Figure 3: Time-delay vs frequency for the two all-pass filters with
�i;min = �0:9 and�i;max = 0

to ensure that the echo path responses remain the same. In an-
other set, they were free to move around the room as they talked
into the microphones. We then used our technique to decorrelate
the collected stereo signals. We performed informal listening tests
by playing the original and the modified stereo signals over both
loudspeakers and headphones. All these tests show that the stereo
perception of the modified signal is indistinguishable from that of
the original.

We simulated the receiving room loudspeaker outputs by con-
volving the stereo signals using the echo path responsesh11 and
h12. These two echo path responses were obtained using the image
method of [1] based on room measurements of one of our confer-
ence rooms. The microphone output in the receiving room was
simulated by summing up the outputs of these two convolutions.
In the above convolutions, we restricted the lengths of the echo
path responses to beN = 4096 samples long. We then used the
two adaptive filterŝh11 andĥ12 each of lengthL = 2048 samples,
to identify these echo path responses. We used the fast affine pro-
jection technique of order8 for updating the filter coefficients [4].
Fig. 4 shows the misalignment in dB with time. The misalignment
is defined as

10 � log10
kh11;1:2048 � ĥ11k

2

2 + kh12;1:2048 � ĥ12k
2

2

kh11;1:2048k22 + kh12;1:2048k22

where, the subscript1 : 2048 is used to indicate that the first 2048
samples of the corresponding echo path responses have been used
here. This figure corresponds to the set of data when the trans-
mitting room echo path responses were kept fixed as already de-
scribed. The dotted line corresponds to the case of original signal
and the solid line to the case of modified data using our technique
of time-varying all pass filtering.

Since, we have used ‘real-world’ collected data for the trans-
mitted signals, the situation was not as bad as when simulated data
was used. We did not experience sudden jumps, but misalignment
settles down at around -14 dB. whereas with our technique of sig-
nal decorrelation, the misalignment goes below -20 dB.
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Figure 4: Behavior of misalignment with original stereo signal and
with stereo signal modified using time-varying all-pass filtering

5. CONCLUSION

Future audio/video conferencing systems are expected to employ
stereo audio communication. These systems require stereophonic
AEC. This paper describes a new effective but simple technique
to decorrelate the stereo signals so that correct identification of
the stereophonic path responses is possible. The technique uses a
time-varying single-pole all-pass filter in each channel. The time-
varying filter parameter is chosen in such a way that it does not
effect stereo speech perception but introduces enough decorrela-
tion among the signals in different channels.
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