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Abstract

In-car communication (ICC) systems reproduce ampli-
fied speech from the car cabin in the car cabin to support
speech communication between the passengers in noisy
conditions. The main component of an ICC system is
an acoustic echo (or feedback) cancellation (AEC). To
address the typically remaining residual echo, a postfil-
ter for residual echo suppression is usually applied after-
wards. Facing the scenario of passengers having a conver-
sation while stereo music is played from the audio player
or FM radio, we show an efficient residual echo suppres-
sion postfilter that can be used in combination with the
stereo-channel Kalman Filter AEC, thus allowing to si-
multaneously cancel the echoes stemming from the audio
player or FM radio.

Introduction

In-car communication (ICC) systems support the speech
communication between rear and front seat passengers
in a car. They typically use the car’s existing micro-
phones to acquire speech and send it to the loudspeak-
ers at the listening passenger positions with additional
amplification. The main component of an ICC system
is an acoustic echo (or feedback) cancellation (AEC). It
estimates the impulse response (IR) of the loudspeaker-
enclosure-microphone (LEM) system in the car to calcu-
late an estimated echo signal and subtract it from the
microphone signal. By that, a widely echo-free speech
component is obtained.

Most state-of-the-art ICC systems, as for example shown
in [1], use a single-channel AEC, thereby being able to
provide an easier communication inside the car cabin
while increased driving noises are present. A different
approach has been shown in [2] where another scenario
is focused: passengers having a conversation while stereo
music is played from the audio player or FM radio. To
give sufficient consideration to this scenario, a stereo-
channel AEC (SAEC) based on the frequency domain
adaptive Kalman filter is modified in such a way that
it is suitable for the low delay requirements of ICC sys-
tems. A great benefit of the used algorithm is the robust
performance in stereo scenarios without additional decor-
relation means [3].

In the closed acoustic loop of an ICC system, the per-
formance of the AEC has a crucial impact. Increasing
the AEC’s ability to cancel the echoes (i.e., increasing
the echo return loss enhancement (ERLE)), allows the
system to become more robust and stable, and thus to

reamplify the desired speech signals at a higher gain. One
option to increase the ERLE is the additional use of a
postfilter for residual echo suppression (RES) subsequent
to the AEC. Based on the findings in [4] and [5], an RES
postfilter for, e.g., hands-free telephony systems using the
multi -channel Kalman filter, has been proposed in [6].
The approach exploits a tight relation between the RES
coefficients and the stepsizes within the Kalman AEC,
thereby allowing for an efficient way to obtain the RES
postfilter coefficients. The proposed approach seems as
well suitable for the use in a stereo ICC system, thereby
improving the system’s overall performance.

The remainder of this paper is structured as follows:
First, the underlying signal model for a stereo-channel
system is given in the time-domain. The formulations
of two efficient residual echo postfilters are then given in
the frequency domain. Subsequently, the performance of
both postfilters is shown. Finally, the paper is concluded
with a discussion of the results.

Signal Model

The postfilter we propose for the use in a stereo ICC sys-
tem has been proposed for multi-channel hands-free tele-
phony systems in [6] and is now outlined for the stereo-
channel case. The underlying signal model for a stereo-
channel system is as follows. The microphone signal is
given as

y(n) = s(n) + d1(n) + d2(n)

= s(n) + hT
1 x1(n) + hT

2 x2(n),
(1)

with near-end signal s(n) and the two echo signals dj(n),
j ∈ I={1, 2}. Echo signals dj(n) consist of the K latest
loudspeaker samples

xj(n) = [xj(n), . . . , xj(n− (K−1))]T , j ∈ I, (2)

and the IR from loudspeaker to microphone (here written
as time-invariant) hj =[hj,0, . . . , hj,K−1]T , j ∈ I.

This model can be expanded to vectorial notation, then
containing the K latest samples

y(n) = s(n) + XT
1 (n)h1 + XT

2 (n)h2 (3)

with

y(n) = [y(n), . . . , y(n− (K−1))]T ,

s(n) = [s(n), . . . , s(n− (K−1))]T ,

Xj(n) = [xj(n), . . . ,xj(n− (K−1))], j ∈ I.
(4)
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The convolution operations of SAEC and subsequent
RES can be written similarly:

ŝ(n) =
(
yT (n)− ĥT

1 X1(n)− ĥT
2 X2(n)

)
g. (5)

The equation describes the two steps to obtain
a (widely) echo-free enhanced signal: the subtrac-
tion of estimated echo signals from the micro-
phone signal using the estimated IRs ĥ1 and ĥ2,
ĥj =[ĥj,0, . . . , ĥj,K−1]T , j∈I, and the subsequent convo-
lution with RES filter g=[g0, . . . , gK−1]T .

Postfilter in the Frequency Domain

Based on the detailed time-domain derivation shown
in [6] and in line with [7], the K-point Fourier trans-
form with bin index k and frame index ` of the optimal
RES filter is given as

G(`, k)=
(
Φss(`, k)+X1(`, k)Φ1,1(`, k)X∗1 (`, k)

+X1(`, k)Φ1,2(`, k)X∗2 (`, k)

+X2(`, k)Φ2,1(`, k)X∗1 (`, k)

+X2(`, k)Φ2,2(`, k)X∗2 (`, k)
)−1 ·Φss(`, k).

(6)

Φss(`, k) is the near-end signal’s power spectral density,
and Φi,j(`, k) are the so-called residual echo power trans-
fer functions (cf. [4, p. 1143]).

To find an efficient formulation of the RES filter, we make
use of the SAEC stepsizes for the frequency domain adap-
tive Kalman filter (cf. [8] and [6], with minor approxi-
mations) defined as

µi,j(`, k)=
(
Φss(`, k)+X1(`, k)Φ1,1(`, k)X∗1 (`, k)

+X1(`, k)Φ1,2(`, k)X∗2 (`, k)

+X2(`, k)Φ2,1(`, k)X∗1 (`, k)

+X2(`, k)Φ2,2(`, k)X∗2 (`, k)
)−1 ·Φi,j(`, k).

(7)

A direct comparison of the equations (6) and (7) shows
a tight relation: The optimal RES filter coefficients can
be obtained very efficiently from the stepsizes as

GPF1(`, k)= 1−
(∑
i∈I

∑
j∈I

Xi(`, k)µi,j(`, k)X∗j (`, k)
)
. (8)

A similar relation has as well been proposed by Enzner
et al. for the single-channel case [4, eq. (77)], thus not
including any cross-channel terms.

A second and differing postfilter formulation can be
found when applying an additional assumption: The un-
predictable residual parts of the two IRs h1 and h2 can
be treated as statistically not correlated (see also [6]).
In the frequency domain this correlation is described
by the residual echo power transfer functions Φ1,2(`, k)
and Φ2,1(`, k). As consequence equation (6) reduces to

G(`, k)=
(
Φss(`, k)+X1(`, k)Φ1,1(`, k)X∗1 (`, k)

+X2(`, k)Φ2,2(`, k)X∗2 (`, k)
)−1 ·Φss(`, k).

(9)

We deduce the efficient formulation of the optimal post-
filter coefficients with zero-correlation assumption as

GPF2(`, k)= 1−
(∑
j∈I

Xj(`, k)µj(`, k)X∗j (`, k)
)

(10)

with

µj(`, k)=
(
Φss(`, k)+X1(`, k)Φ1,1(`, k)X∗1 (`, k)

+X2(`, k)Φ2,2(`, k)X∗2 (`, k)
)−1 ·Φj,j(`, k)

(11)

being a separate stepsize definition to be used only for
the RES postfilter.

Performance

The performance of the postfilters is shown in an exper-
imental setup similar to an automotive stereo hands-free
system. The ’far-end’ signal is an FM radio speaker and
the ’near-end’ signal is a person on the driver position.
This setup is comparable to an ICC system where an FM
radio signal is present, the ICC processing is activated,
but the computed enhanced signal is not additionally
mixed to the FM Radio signal and played back into the
car cabin. By doing so, we follow ITU-T Recommenda-
tion P.501 and additionally allow for a solid judgment of
the algorithm and postfilter performance without having
to consider effects caused by the ICC feedback loop.

The underlying SAEC is configured to a robust hands-
free configuration [8]: sampling frequency 16 kHz,
DFT size K=1024, frame shift R=256, forgetting
factor A=0.998, overestimation factor λ=1.5 and
Ψss smoothing factor β=0.5. Linear convolution in the
echo path is ensured by using only K−R coefficients to
cover the estimated IRs of the echo path. Subsequently,
the postfilter is applied to the SAEC’s time-domain out-
put in a separate windowing structure. Using square root
Hann windows of length 2R with 50% overlap and zero-
padding for a K-point DFT, the K postfilter coefficients
are applied in the frequency domain. Moreover, the post-
filter coefficients are subject to some practically moti-
vated constraints to avoid artifacts: first order smooth-
ing over time with factor 0.5 and gain limitation to the
value range [0.05, . . . , 1].

The test signals from ITU-T Recommendation P.501 [9,
Secs. 7.3.5, 7.3.7] are used to simulate a double-talk sce-
nario as it can be seen in the waveforms at the bottom of
Figure 1. The ’FM Radio Speaker’ is extended to a stereo
signal by convolving it with two randomly generated
’far-end’ IRs. The Loudspeaker-Enclosure-Microphone is
modeled by using two randomly generated IRs, as the for-
mer, with exponential energy decay and a reverberation
time of T60 = 50 ms. The signals ’FM Radio Speaker’
and ’Driver’ are set to the same level and, additionally,
the provided in-car noise is added as near-end noise at an
SNR of 15 dB. To simulate a possible change in the LEM
path, the impulse responses are challengingly switched
after 31.5 s.

Beside the simulated speech signals, Figure 1 provides
the system distance dsys and overall performance in
terms of echo return loss enhancement (ERLE). The
SAEC algorithm without postfilter reaches up to 30 dB
ERLE in single-talk, ca. 15 dB at far-end barge-ins, and
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Figure 1: Performance without RES and with postfilters GPF1 and GPF2: ERLE (top curves) and system distance (center
curve). Speech waveforms (bottom) include single-talk (0-10 s), single-talk with barge-ins (10-30 s), double-talk (30-45 s).

around 20 dB during double-talk. Since the system dis-
tance does not depend on the postfilter, but only the IR
estimation of the SAEC itself, it is the same for all three
approaches. The fast convergence to a system distance
value of about −10 dB can be seen in the center curve.
In the simulated scenario the use of RES postfilter GPF1

increases the ERLE in all speech sections up to 5 dB. The
use postfilter GPF2 leads to a further improvement during
all sections: Values above 40 dB ERLE are reached dur-
ing single-talk. During double-talk the postfilter GPF2

achieves up to 13 dB of additional echo suppression.

Discussion

In this paper, we proposed two efficient residual echo
suppression approaches for a stereo-channel ICC system
using the frequency-domain adaptive Kalman filter AEC.
Though noting that the experiments are set in the con-
text of an automotive hands-free system, the results re-
veal a clear improvement in terms of echo return loss
enhancement. With about 5 dB additional RES for the
first approach, and up to 13 dB of additional echo sup-
pression for the second approach, both approaches show
considerable potential to also increase the robustness of
a stereo ICC system. For future research, the next in-
teresting step could be the integration into a complete
ICC system or a respective simulation environment. This
should include the closed feedback loop as well as a post-
filter windowing structure that considers the low delay
requirements of in-car communication systems.
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