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ABSTRACT
Hands-free full-duplex communication systems require acoustic
echo cancelers to reduce echoes. Multichannel sound reproduction
enhances realism in virtual reality and multimedia communica-
tion systems. However, in the case of multichannel systems the
acoustic echo cancellation problem is challenging because of the
non-uniqueness of the solution in the least squares sense. There-
fore, preprocessing techniques are required. Known preprocessing
approaches act in the temporal domain. In this paper we propose
an acoustic echo cancellation preprocessing stage which bases on
the spatial diversity offered by massive multichannel reproduction
systems.

Index Terms— Array signal processing, Echo cancellers, Spa-
tial filters.

1. INTRODUCTION

Whenever hands-free and full-duplex communication is desired,
acoustic echo cancellation (AEC) is required. A typical scenario
for stereo or multichannel AEC can be described as follows: From
a transmission room, a sound source (e.g., a speaker) is picked up
by P microphones (P = 2 for stereo). The microphone signals are
transmitted to a receiving room and reproduced via P loudspeakers.
At the same time, Q microphones in the receiving room pick up
speech from a local user. In order to prevent the sound emitted
from the loudspeakers coupling into the outgoing microphone signal
(which is sent back to the far-end listener or some multimedia termi-
nal), AEC attempts to cancel out any contributions of the incoming
loudspeaker signals from the microphone signal by subtracting
filtered versions of the loudspeaker signals from the microphone
signal. AEC is a system identification problem that can be solved
by adaptive realizations of Wiener filtering [1]. Wiener filters are
the optimal solution in a linear least squares error (LSE) sense. In
practice, adaptive filters are used to cope for time-varying systems.
The solution of the adaptive filters converges asymptotically (in the
mean) to the Wiener solution. It can be shown that the speed of
the convergence depends on the eigenvalue spread or the ratio of
maximum to minimum eigenvalue of the data autocorrelation matrix
[1]. A large ratio is linked to a poor system excitation, such that
some of the eigenmodes are not stimulated.
It has been shown that cross-correlations between the loudspeaker
signals let the adaptive filter converge to a solution that depends on
the characteristics of the loudspeaker signals. Any movement of the
sound source in the transmission room results in a breakdown of the
echo cancellation performance and requires a new adaptation of the
cancellation filters [2]. Therefore, a preprocessing stage to decor-
relate the transmitted signals for a unique identifiability of the echo

paths is required to ensure robustness to sound source movements.
High resolution spatial sound field synthesis techniques synthe-
size a desired wave field within a given listening area. Closely
spaced arrays of a large number (tens to hundreds) of individually
driven loudspeakers are required for a physically accurate synthesis.
Well known techniques are Wave Field Synthesis (WFS) [3, 4] and
Higher-Order Ambisonics (HOA) [5].
Typically, the driving signals of the multichannel reproduction sys-
tem are not only auto-correlated but also highly cross-correlated.
This results in an ill-conditioned correlation matrix in the underly-
ing normal equation of the MIMO adaptive filter [6]. In addition,
the WFS technique performs loudspeaker selection [4], i.e., certain
loudspeakers are active for some source positions and inactive for
other positions. Hence, the ill-conditioning of the normal equation is
not only the result of exciting the system with correlated inputs but
it also emerges from the fact that certain inputs of the system might
be set to zero depending on the source position. This motivates the
need for a preprocessing stage to uniquely identify such multichan-
nel systems. Key requirements for preprocessing schemes are not
only convergence enhancement and complexity, but also subjective
sound quality, i.e., such a preprocessing unit must not introduce any
objectionable artifacts into the reproduced audio signals.

1.1. State of the art: Temporal preprocessing

A first simple preprocessing method for stereo AEC was proposed in
[2] and achieves signal decorrelation by adding nonlinear distortions
to the signals. While this approach features extremely low complex-
ity, the introduced distortion products can become quite audible and
objectionable, especially for high-quality applications using music
signals. Moreover, the generalization of this approach to an arbitrary
number of channels is not straightforward.
A second well-known approach consists of adding uncorrelated
noise to the signals. In [7], this is achieved by introducing un-
correlated quantization distortion that is masked according to a
psychoacoustic model. In principle, this approach is able to prevent
audible distortions for arbitrary types of audio signals and may be
generalized to more than two channels. However, the associated
complexity and the introduced delay render this approach unattrac-
tive for most applications.
A perceptually well motivated preprocessing approach based on a
frequency-selective phase modulation below the threshold of human
perception was presented in [8]. This approach has been demon-
strated to be effective in 5-channel surround sound echo cancellation
in combination with a fast multichannel adaptation algorithm and is
suitable for the generalization to the multichannel case. Here, the
input audio signal is decomposed into subband signals by means of
an analysis filterbank. The subband phases are modified based on a



set of frequency-dependent modulating signals.
Unfortunately, preliminary experiments of the authors have shown
that massive multichannel reproduction systems, e.g., WFS, are very
sensitive to phase modulations on the driving signals, especially at
low frequencies. However, the idea of randomizing the phase of the
driving function above the aliasing frequency of the system is not
uncommon in the practical implementations of wave field synthesis
systems, e.g., in [9]. The basic idea of this approach is to smear
out the spatial structure of spatial aliasing in terms of enhancing
the auditory event above the the spatial aliasing frequency. Another
approach presented in [10] using diffuse filters has also shown some
potential in reducing the coloration problems of WFS systems above
its aliasing frequency.

1.2. Novel concept: Spatio-temporal preprocessing

Fortunately, multichannel systems entail possibilities to cope with
the mentioned problems, e.g., in [11] the directivity control, of-
fered by microphone arrays, was exploited aiming at suppressing
the short-range acoustic feedback from the loudspeakers to the array
output, hence resulting in lower acoustic echo. In this paper we
show how multichannel acoustic reproduction systems can make a
significant contribution to reduce the acoustic echo.
As mentioned, practical implementations of WFS and HOA use
densely spaced loudspeaker arrays. The loudspeaker distance limits
the frequency up to which the sound field can be controlled [12].
Typical setups have a loudspeaker spacing of 10 . . . 30 cm which
allows to control the wave field up to approximately 1 . . . 2 kHz.
This controllability of the sound field for low frequencies on the one
hand, and the tight psychoacoustic restrictions as mentioned above
on the other hand motivate the novel frequency-selective spatio-
temporal preprocessing outlined in this paper.
Phase modulation should take place only over the frequency up
to whom the system re-syntheses trusty spatial information. The
preprocessed signal enhances the conditioning of the identification
problem, and the acoustic system between the active loudspeakers
and the recording system can be identified by known approaches for
multichannel acoustic echo cancellation, such as proposed in [6, 13].

2. SYNTHESIS OF ACOUSTIC WAVE FIELDS USING
LINEAR LOUDSPEAKER ARRAYS

Acoustic multichannel reproduction systems aim at synthesizing a
desired wave field in a certain region by driving loudspeakers (sec-
ondary sources) on the boundary of this region. In [14] a method,
called Spectral Division Method (SDM), was introduced to obtain
analytically the driving functions. It bases on the idea that the syn-
thesis can be understood as convolution and the synthesis equation
for linear loudspeaker distributions reads 1

P (x, ω) =

∫ ∞
−∞

D(x0, ω)G(x− x0, ω)dx (1)

thereby, the secondary source distribution is assumed to be along the
x-axis thus x0 = [x0, 0, 0] and x = [x, yref , 0] defines a reference
line on which the reproduction should be perfect. The secondary
sources are driven by the signalD(x0, ω). G(x−x0, ω) denotes the
spatio-temporal transfer function of the secondary source located at
x0, i.e., the temporal spectrum of the sound field it emits when it is

1Upper case denotes the temporal frequency domain. The spatial fre-
quency domain (wavenumber domain) is indicated by a tilde over the respec-
tive symbol

fed by a temporal impulse, and ω is the radial frequency. Note that
G(·) is assumed to be shift invariant.
We give here exemplarily the explicit formula for the driving signals
to reproduce a virtual plane wave of given propagation direction and
frequency. Since complex sound fields can be represented by plane
waves via the angular spectrum representation [15] , the obtained
results can be straightforwardly generalized.
For convenience, we want to reproduce a virtual plane wave which
propagates along the x-y-plane

p(x, y, t) = e−j(kpw,x+kpw,y−ωt), (2)

with [kpw,x kpw,y] = kpw[cos(θpw) sin(θpw)], θpw denotes the
propagation direction of the plane wave in the x-y-plane, k = ω

c
, c

is the speed of sound, and j2 := −1. Performing a Fourier transfor-
mation w.r.t the time and then along the x-axis leads to the equation

P̃ (kx, y, ω) = 4π2δ(kx− kpw,x)δ(ω−ωpw)e−j(ky−kpw,y)y. (3)

Under the assumption that G̃(.) does not exhibit zeros in the direc-
tion of the angle of incidence of the plane wave, the driving function
can explicitly be computed by

D̃(kx, y, ω) =
P̃ (kx, y, ω)

G̃(kx, y, ω)
. (4)

Performing an inverse Fourier transform with respect to kx on (4)
yields the driving function D(x, y, ω) in temporal spectral domain.
For practical implementations the driving function has to be sampled
at the positions of the loudspeakers.

3. SPATIAL SELECTIVITY OF SYNTHESIZED SOUND
FIELDS

Synthesizing acoustic wave fields with loudspeaker arrays offers the
ability to perform spatial selection in the listening area. The selec-
tivity can be realized either as beamforming, or as space division.

3.1. Beamforming with loudspeaker arrays

Since real-life applications of beamforming and null-steering tech-
niques in microphone arrays are straightforward, many studies on
designing such beamformers can be found [16, 17]. Due to the
reciprocity principle of acoustics, the paradigm of microphone array
technology can be reversed [18]. Since null-steering and beamform-
ing techniques take only the angular distribution of the field energy
into account, they can be emulated by WFS or HOA by neglecting
or synthesizing only plane waves from specific directions.
Performing null-steering on the reproduction side in the direction in
which the microphone array is pointing will ideally result in cutting
off the feedback channel of the full-duplex communication system.
However, most beamforming techniques usually make an implicit far
field assumption, therefore, they are not suitable for the reproduction
of arbitrary wave fields. Moreover, the generalization of the beam-
forming techniques for two dimensional array geometries enclosing
the listening area is not straightforward.

3.2. Space division

A goal of some recent work was achieving spatial selectivity of a
synthesized sound field by defining closed regions of quiet in the
listening area. E.g., the technique of acoustic contrast control [19]



addresses maximum brightness in a zone and maximizing the con-
trast between the bright zone and the quiet zone. This approach aims
at finding an optimal solution with respect to the energy and does not
care about the spatial information in the desired wave field. More-
over, since the inputs of this optimization approach are quantities on
selected points in the listening area, the optimization will converge
to local optimal solutions. In [20] an approach for creating zones of
quiet with circular arrays is described. The authors propose using
higher order spatial harmonics to cancel the undesirable effects of
the lower order harmonics of the desired soundfield on the zone of
quiet. This approach can not be applied for arrays with other geome-
tries than circular ones.

3.3. Analytical approach for achieving spatial diversity with lin-
ear loudspeaker array

Reproducing zones of quiet nearby a desired acoustic wave field with
linear secondary source distributions can be achieved by multiply-
ing the desired wave field on the line, on which the reproduction is
correct, (see Sec. 2), with a rectangular window with width (1/a),
denoted by Πx(ax).
To derive the driving functions of the loudspeakers according to the
method introduced in Sec. 2, we need to transform the window into
the kx-space

Πx(ax)�
1√

2 · π · a2
sinc

(
kx

2 · π · a

)
. (5)

The windowed fieldPΠ(x, y, ω) in the kx-space is given by convolv-
ing the desired plane wave with the transformed window function

P̃Π(kx, y, ω) =
1

a
Π̃x

(
kx
a

)
∗ P̃ (kx, y, ω) (6)

=
4π2

√
2 · π · a2

sinc
(
kx − kpw,x

2 · π · a

)
δ(ω − ωpw)e−j(ky−kpw,y)y.

(7)
Hence, the driving function is given by

D̃(kx, y, ω) =
P̃Π(kx, y, ω)

G̃(kx, y, ω)
. (8)

Due to the finite length of the array in practical implementations,
other window functions with faster side-lobe decay are preferred,
e.g., Hann or Blackman window.
The generalization of this approach to rectangular geometries can
be achieved by taking the y-axis into account and multiplying the
desired wave field with a two dimensional window instead of one
dimensional ones, (see Fig. 3).

4. EXPERIMENTS

To illustrate the theoretical derivations outlined above, we present
simulations of a sample scenario. We simulated a linear distribution
of 50 omnidirectional secondary sources, separated by 10 cm, the
window chosen was Hann-window and, the desired sound field is a
plane wave, whose angle of incidence is π/2 to the x-axis. The cho-
sen frequency was 800 Hz. In Fig. 1(a) the real part of the syntesized
wave field is depicted. Fig. 1(b) shows the energy distribution of the
synthesized wave field. To show the frequency dependent perfor-
mance of the represented approach we computed the energy of the
acoustic field at a point outside the desired wave field at the point
x = [2m, 1m, 0] over the frequencies 20 . . . 2500 Hz. The result is
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(a) real part of the synthesized acoustic wave field.
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(b) energy distribution of the synthesized acoustic wave field.

Fig. 1. Synthesized wave field with a linear array of 50 loudspeakers
at 800 Hz
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Fig. 2. Overall reached attenuation of the wave field synthesized by
a linear array of 50 loudspeakers at the microphone position x =
[2m, 1m, 0], marked by × in Fig. 1(b).

given in Fig. 2. The curve shows that the attenuation begins to fall
down after passing the aliasing frequency of the system. However,
the desired attenuation by the proposed preprocessing scheme cov-
ers a considerable range of the frequency band. Moreover, this result
also motivates the integrated system with temporal processing above



the aliasing frequency, as outlined in Sec. 1.2
The generalization of the presented approach to rectangular arrays
is illustrated by simulating a zone of quiet in the listening area of a
rectangular speaker array. The dimension of the array was 2m×2m,
the array is composed by 160 omnidirectional and equispaced loud-
speakers. The desired wave field is a plane wave with a frequency of
2 kHz and π/4 as angle of incidence. The results are given in Fig. 3.
In an AEC scenario the zone of quiet should be created in the area
where the microphone array is usually placed, e.g., on a table in the
middle of a teleconferencing room.
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(a) real part of the synthesized wave field.
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(b) energy distribution of the synthesized acoustic wave field.

Fig. 3. Synthesized wave field with a zone of quiet using a rect-
angular array of 160 loudspeakers. The desired sound field is a
monochromatic plane wave of frequency 2000 Hz with unit ampli-
tude and propagation direction θpw = π/4.

5. CONCLUSION

In this paper we have exploited the possibilities offered by loud-
speaker arrays to overcome the problem of acoustic echo in full-
duplex massive multichannel systems. We presented an analytical
approach for creating zones of quiet with linear loudspeakers arrays
that can be generalized for other geometries. The presented approach
has two limitations emerging from the nature of sound field synthe-
sis. The first limitation is the aliasing frequency of the loudspeaker
array. The controllability of the sound field by known synthesis sys-

tems is available only up to this frequency. The second limitation is
referred to the 2.5D problem. Thus, 2D wave field synthesis tech-
niques aim at synthesizing two dimensional wave field with three di-
mensional point sources, this result in an amplitude decay of approx-
imately 3dB per doubling of the distance when following the propa-
gation path of a plane wave synthesized by the system [4, 14]. This
limitation results in violating the orthogonality of the plane waves re-
produced by such systems. Therefore, the construction of the zones
of quiet has to deal with this limitation. These mentioned problems
limit implicitly also the techniques of beamforming, null-steering,
and acoustic contrast control. The presented approach offers there-
fore, insights into the limitations given by the physics of the spatial
selectivity in synthesized acoustic wave fields. Moreover, the effort
required for solving the acoustic echo cancellation problem can be
done in a distributed manner, since our approach lets the reproduc-
tion system make a contribution in the cancellation process.
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