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ABSTRACT
This paper aims at double-talk detection for acoustic echo
cancellers enabling transmission of speech signals in stereo.
Double-talk detectors are affected by the same known
non-uniqueness problem as echo cancellers. However,
echo cancellers are usually adapted using NLMS-like it-
erative algorithms. Double-talk detectors being based on
pseudo-coherence employ traditional spectral estimation
techniques, which involve the use of temporal windows.
These windows cause a bias of the coherence between
the loudspeaker channels: this bias causes the magnitude
squared coherence to be smaller than one. Therefore, the
non-uniqueness problem known for echo cancellers does
not exist for the mentioned type of double-talk detectors.
However, the correlation between the loudspeaker channels
provoke a strong bias of the inherent estimation of the echo
paths. Consequently, we propose a method to decrease the
influence of inter-channel correlations on the reliabilityof
the double-talk detector.

1. INTRODUCTION

Depending on the system orders of the stereo acoustic
echo canceller (AEC) and each mouth-room-microphone
impulse response (MRMIR) the solution for the stereo AEC
may not be unique [1]. However, due to exponentially de-
creasing but arbitrarily long room impulse responses, a so-
lution for a stereo AEC usually is unique in most realis-
tic scenarios. Unfortunately, it is strongly biased compared
to the desired identification of the echo paths in the listen-
ing room. The amount of bias depends on the magnitude
squared coherence (MSC) between the loudspeaker signals
[2]: the closer the MSC gets to one, the stronger is the bias.

A reliable double-talk detector (DTD) based on pseudo-
coherence inherently estimates the echo paths, too [3].
However, adaptation is not carried out by an iterative al-
gorithm like the normalized least mean squares (NLMS) al-
gorithm. With this kind of DTD the systems are estimated
directly using the Wiener-Hopf equation. For the estimation
of the corresponding power and cross-power spectral densi-
ties, traditional techniques with temporal windows are used.

In Section 2 we show that, when using temporal windows,
stereo echo path identification always is unique. Section 3
describes our proposal to enhance the DTD-scheme given
in [3]. Simulation results are presented in Section 4 and
conclusions in Section 5 finalize the paper.

2. STEREO DOUBLE-TALK DETECTION USING
TRADITIONAL SPECTRAL ESTIMATION

In this section we extend the known stereo problem of [1]
to the case, where temporal windows for directly estimating
power and cross-power spectral densities come into oper-
ation. The following investigations are carried out in the
z-domain. The basic setup is shown in Fig. 1. Here, only
the case with one microphone in the receiving room is ex-
amined. However, another microphone for a second trans-
mission channel does not involve additional problems. In
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Fig. 1. Block diagram of a stereo acoustic echo canceller.

thez-domain the error signal is given by

E(z) = Y (z) −
(

[

C1(z) C2(z)
] [

X1(z) X2(z)
]T

)

= Y (z) − C
T (z)X(z). (1)

To calculate the echo canceller coefficientsC1(z) andC2(z)
in the MMSE sense, the signal powerE

{

|E(z)|2
}

has to be
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minimized. Setting

∂E
{

|E|2
}

∂C
= −2E{X∗Y } + 2E

{

X
∗
X

T
C

}

(2)

to zero delivers the minimum mean square error (MMSE)
solution forC(z):

C(z) = E
{

X
∗(z)XT (z)

}−1
E{X∗(z)Y (z)}

= R
−1
XX,st(z)ΦXY (z). (3)

Theoretically, there is no unique solution to this stereo
Wiener-Hopf equation. With the help of the power and
cross-power spectral densities

ΦX1X1
(z) = E{X∗

1 (z)X1(z)} , (4)

ΦX2X2
(z) = E{X∗

2 (z)X2(z)} , (5)

and

ΦX1X2
(z) = E{X∗

1 (z)X2(z)} (6)

the stereo correlation matrix is expressed as

RXX,st(z) =

[

ΦX1X1
(z) ΦX1X2

(z)
ΦX2X1

(z) ΦX2X2
(z)

]

. (7)

The rank of this matrix is one, which can be seen if we re-
place the cross-power spectral densities using the complex
coherence

ΓX1X2
(z) =

ΦX1X2
(z)

√

ΦX1X1
(z)ΦX2X2

(z)
. (8)

and work out the determinant ofRXX,st(z), exploiting the
fact that the MSC given by|ΓX1X2

(z)|2 equals one. This
is true, becauseX1(z) andX2(z) are linearly dependent –
they are both generated fromSf (z).

Equation (3) shows a theoretical solution for an arbitrar-
ily long stereo echo canceller that is adapted by a stochastic
gradient algorithm. These algorithms do not involve tem-
poral windows, explicitly. However, for DTD based on
pseudo-coherence we have to estimate spectral densities as
shown in equation (20). This is usually carried out by ap-
plying temporal windows on the concerning signals.

For a closer inspection, we take into account the effects
of windowing during an estimation method. As an example
we illustrate the impact of observation windows on the bias

of a true cross-power spectral density (CPSD):

E
{

Φ̂Welch
X1X2

(z)
}

=
1

B

∞
∑

κ=−∞

∞
∑

k=−∞

E{x1[k]x2[k + κ]}w[k]w[k + κ]z−κ

=
1

B

∞
∑

κ=−∞

rx1x2
[κ]z−κ

∞
∑

k=−∞

w[k]w[k + κ] (9)

=
1

B

∞
∑

κ=−∞

rx1x2
[κ]rE

ww[κ]z−κ (10)

=
1

B2πj

∮

T

E{X∗

1 (ν)X2(ν)}ΦE
ww(

z

ν
)ν−1dν (11)

=
1

B2πj

∮

T

E
{

|Sf (ν)|2
}

G∗

1(ν)G2(ν)ΦE
ww(

z

ν
)ν−1dν.

B is a positive scalar value which compensates the bias
introduced by the windoww[k] and the succeeding sum-
mation. rE

ww[κ] denotes the energy auto-correlation func-
tion (ACF) ofw[k]. Finally, we can formulate the impact of
the Welch estimation method onto the MSC

E
{

|Γ̂Welch
X1X2

(z)|2
}

=

∣

∣

∣

∣

∮

T

E
{

|Sf (ν)|2
}

G∗

1(ν)G2(ν)ΦE
ww(

z

ν
)ν−1dν

∣

∣

∣

∣

2

(
∮

T

E
{

|Sf (ν)|2
}

|G1(ν)|2ΦE
ww(

z

ν
)ν−1dν

∮

T

E
{

|Sf (ν)|2
}

|G2(ν)|2ΦE
ww(

z

ν
)ν−1dν

)

−1

.

(12)

For further examinations we carry out the following substi-
tution:

Θ(ν, z) = E
{

|Sf (ν)|2
}

ΦE
ww(

z

ν
)ν−1. (13)

The MSC now amounts to

E
{

|Γ̂Welch
X1X2

(z)|2
}

= (14)
∣

∣

∣

∣

∮

T

G∗

1(ν)G2(ν)Θ(ν, z)dν

∣

∣

∣

∣

2

(
∮

T

|G1(ν)|2Θ(ν, z)dν

) (
∮

T

|G2(ν)|2Θ(ν, z)dν

) .

Since this expression is smaller or equal to one, we have the
inequality

∣

∣

∣

∣

∮

T

G∗

1(ν)G2(ν)Θ(ν, z)dν

∣

∣

∣

∣

2

≤ (15)
(

∮

T

|G1(ν)|2Θ(ν, z)dν

) (
∮

T

|G2(ν)|2Θ(ν, z)dν

)

,
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which is a generalized form of the Cauchy-Schwarz in-
equality withΘ(ν, z) being positive, real-valued, and pos-
sessing a limited number of nulls inT [4]. Identity is only
achieved whenG1(ν) and G2(ν) are linearly dependent,
which can be expressed by

G1(ν) = βG2(ν) or G2(ν) = β′G1(ν), (16)

whereβ andβ′ are scalars. The above equations are only
fulfilled if the sending room transfer functionsG1(z) and
G2(z) are equal up to a frequency-independent factor. In
general, this is not the case in a real stereo-transmission sce-
nario.

Consequently, the solution for the stereo echo cancellers
C1(z) andC2(z) is unique, provided that the windows in-
corporated into a traditional spectral estimation method are
considered. However, the stereo ACF matrixRXX,st(z)
still can be ill-conditioned at certain values ofz. This re-
sults into a strong bias in terms of the actual room transfer
functionsH1(z) andH2(z).

This insight is of importance, each time the Wiener-
Hopf equation is to be solved directly on the basis of es-
timated correlation functions. This is the case for DTD and
residual echo estimation as proposed in [5]. However, it
should be noted that this kind of uniqueness is not valid
for echo cancellers which employ NLMS-like iterative al-
gorithms.

3. ENHANCED DOUBLE-TALK DETECTION
BASED ON PSEUDO-COHERENCE

Using our defined variables in the discrete frequency do-
main with the frequency indexm and the temporal block
indexl, the pseudo-coherence according to [3] amounts to

γp[l] =
1

L

L−1
∑

m=0

Φ̂
H

XY [m, l]R̂−1
XX,st[m, l]Φ̂XY [m, l]

σ̂2
y[l]

(17)

with

σ̂2
y[l] =

1

L

L−1
∑

m=0

Φ̂Y Y [m, l]. (18)

L denotes the length of the employed DFT. All spectral den-
sities are estimated using first-order recursive low pass fil-
ters, e. g.

Φ̂Y Y [m, l] = αΦ̂Y Y [m, l−1]+(1−α) |Y [m, l]|
2 . (19)

The matrixR̂XX,st[m, l] becomes singular if the sending
room impulse responses are too short [1]. Thus, additional
measures would have to be taken to calculateγp[l]. How-
ever, according to insights from Section 2 we know that a

Welch estimate ofRXX,st[m, l] has full rank and is invert-
ible.

Simulations have shown that this stereo ACF can be
very ill-conditioned at certain frequencies. Therefore, we
propose to assign those frequencies low weight while as-
signing high weight to sub-bands with a low MSC. The
spectrally weighted formulation of the pseudo-coherence

γwp[l] =
1

L

L−1
∑

m=0

W [m, l]
Φ̂

H

XY R̂
−1
XX,stΦ̂XY

σ̂2
y,w[l]

(20)

and its normalization

σ̂2
y,w[l] =

1

L

L−1
∑

m=0

W [m, l]Φ̂Y Y [m, l] (21)

should lead to increased robustness against modifications
in the sending room, provided that the windowW [m, l] is
appropriately designed.

A basis for a weighting rule can be found by investigat-
ing a formulation for the AEC coefficients with the help of
equation (3)

C =
1

ΦX1X1
ΦX2X2

(1 − |ΓX1X2
|2)

adj{RXX,st}ΦXY

with

adj{RXX,st(z)} =

[

ΦX2X2
(z) −ΦX1X2

(z)
−ΦX2X1

(z) ΦX1X1
(z)

]

.

When the MSC gets close to one, it plays a dominant role
in the determinant, which runs close to zero. The window
W [m, l] can be assigned to the reciprocal of its appearance
in the determinant to suppress the influence of deteriorated
frequency bins:

WMSC[m, l] = 1 −
∣

∣

∣
Γ̂X1X2

[m, l]
∣

∣

∣

2

. (22)

Simulation results have shown that the square root of the
above expression delivers good results, too:

WSRMSC[m, l] =

√

1 −
∣

∣

∣
Γ̂X1X2

[m, l]
∣

∣

∣

2

. (23)

4. SIMULATION RESULTS

Our simulation environment can be described using the fol-
lowing parameters: we used simulated room impulse re-
sponses at lengths of 4096 coefficients each and a reverber-
ation time of 400ms in the receiving room. They were gen-
erated using the well-known image method [6]. The sending
room impulse responses were limited to a length of only 100
coefficients. At the same time, the length of each AEC-filter
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amounted to 1536. We used the partitioned frequency block
least mean squares (PFBLMS) algorithm [7] for adaptation.
The DFT-lengthL for calculating the pseudo-coherence was
1024. The constantα for smoothing was chosen to corre-
spond to a “reverberation time” of 400ms.

Fig. 2 shows the pseudo-coherence as a function of time.
If no weighting window is applied, we can observe a small
dip at sample 28,000, where the sending room impulse
responses were changed. UsingWMSC[m, l] the pseudo-
coherence decreases too much. With the weighting accord-
ing to equation (23) we can hardly observe any influence of
the stereo problem. This is in contrast to the behavior of the
echo return loss enhancement (ERLE) measure, as will be
shown below.

0 1 2 3 4 5 6 7
−1

0
1

0 1 2 3 4 5 6 7

x 10
4

−1
0
1

0 1 2 3 4 5 6 7
0

0.2

0.4

0.6

0.8

1

modification of sending
room impulse responses 

no window
usingWMSC[m, l]

usingWSRMSC[m, l]

ps
eu

do
-c

oh
er

en
ce

s
n
[k

]
s

f
[k

]

discrete time indexk

Fig. 2. Pseudo-coherence as a function of time.

Fig. 3 shows the ERLE as a function of time for the same
near-end and far-end speech signals as in Fig. 2. At the point
of modifying the sending room impulse responses (sam-
ple 28,000) we can observe a much more distinct dip than
with the pseudo-coherence. Therefore, we can state that
DTD based on traditional estimation methods using tem-
poral windows on the signals is more robust against prob-
lems in stereophonic echo cancellation environments than
the AEC itself.

5. CONCLUSIONS

In this contribution we have addressed the theory concern-
ing stereo acoustic echo cancellation. A result is that the
non-uniqueness problem does not exist when temporal win-
dows come into operation. This is the case when power
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Fig. 3. Echo return loss enhancement as a function of time.

spectral densities are estimated using Welch’s well-known
method. Double-talk detection using pseudo-coherence is
an application, which is based on traditional spectral estima-
tion. Simulation results demonstrate the reduced impact of
performance-degrading modifications of impulse responses
in the sending room on double-talk detection compared to
echo cancellation itself. Moreover, we have shown an effec-
tive way to increase the double-talk detection’s robustness
against modifications of impulse responses in the sending
room.

6. REFERENCES

[1] J. Benesty, D. R. Morgan, and M. M. Sondhi, “A Better
Understanding and an Improved Solution to the Spe-
cific Problems of Stereophonic Acoustic Echo Cancel-
lation,” IEEE Trans. on Speech and Audio Processing,
vol. 6, no. 2, pp. 156–165, Mar 1998.
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