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ABSTRACT

We consider the problem of acoustic echo control in a
teleconference terminal, in which the sound pick-up de-
vice is placed on the top of the TV monitor at some
distance of the conferees (2-3 m). In that case, the
short distance between the sound pick-up device and
the loudspeakers integrated in the monitor creates high
acoustic coupling. We have designed a microphone ar-
ray which provides an efficient solution to this problem,
thanks to two improvements. Firstly, the use of spe-
cially designed low-noise sensors for the low frequen-
cies allows superdirective design without the drawback
of high noise in the low frequency range. The second
improvement, which is discussed in details in the pa-
per, comes from the use of an additional constraint in
the optimization of the design of the filters behind the
microphones of the array. This constraint aims at ze-
roing the short-range acoustic feedback from the loud-
speakers to the array output, hence resulting in lower
acoustic echo.

1. INTRODUCTION

Sound pick-up in teleconference systems is usually im-
plemented with microphones placed at short distances
of the conferees. Although this placement is favoura-
ble with respect to acoustic background disturbances
(noise and room reverberation) and acoustic echo re-
jection, specific needs make the use of sound pick-up
at larger distances (e.g. 2-3 m) more appropriate in
some cases, for example if some freedom of motion is
desirable, or if the wire connecting the microphone or
the orientation of the microphone itself may cause trou-
ble for the users. In that case the sound pick-up device
may be integrated in a compact ”set-top box” placed
on the top of the TV monitor for easy installation and
use. The resulting degradation of speech quality due
to higher acoustic disturbances and much more severe
acoustic coupling (especially if the loudspeakers are in-
tegrated in the monitor enclosure, which is often the
case) needs appropriate solutions.
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It is well known that microphone arrays may pro-
vide much better sound pick-up performance than a
single unidirectional microphone since the directivity
of such arrays can be much higher [1]. Moreover, su-
perdirective design has proven able to cope with poor
low frequency directional characteristics of ”standard”
(delay ands sum) arrays, at the expense of some noise
increase in the low frequency range [2]. We have de-
signed a microphone array specifically for the consid-
ered application (see figure 1). The array incorporates
low-noise sensors for the low frequency range (below
1 kHz). The filters behind each microphone have been
designed to maximize the directivity factor of the array
under several constraints, one of these being zero out-
put for the acoustic waves coming from the loudspeak-
ers either directly or after reflection on the obstacles in
the vicinity of the terminal. The constraint takes into
account real echo path measurements.

Loudspeaker

Figure 1: Arrangement of the array on the TV monitor.

We first recall briefly the design of low-noise sensors
for the low frequency range; then we discuss the opti-
mal design of the array with the appropriate constraints
for the teleconference application. We give experimen-
tal results which show the performance of the array in
real acoustic environment.



2. OPTIMIZED LOW-NOISE
MICROPHONES

Independently of the acoustic background noise, the
uncorrelated noise in microphone arrays comes from
the electric noise generated by the microphones. Since
superdirective techniques are more sensitive to incoher-
ent noise than classical delay and sum arrays and since
microphones used in a array are generally active in a
limited frequency band, we concentrated on a proper
design of the sensors for the low frequency band (below
1 kHz) where the superdirectivity principle is applied
in the purpose of increasing the directivity of the array.
We recall briefly the principle of the design of low-noise
microphones that we have proposed in a previous paper
[3].

We used electret microphones which yield excellent
performance at a very low cost. Since the noise gener-
ated by electret microphones is essentially due to the
self noise of the integrated FET (Field Effect Transis-
tor) and the corresponding resistance at the FET input,
higher intrinsic SNR can be obtained by increasing the
microphone sensitivity by electroacoustic means which
do not affect the noise. The study described in [3]
shows how , starting with bi-directional (pure pressure
gradient) electret microphones, the use of an additional
back volume and a porous material, combined with the
increase of the front to back distance by attaching a
small tube at the back of the microphone, provides
higher sensitivity though keeping unidirectional (car-
dioid) directivity pattern.

The figure 2 shows the significant SNR increase in
the range 50 Hz - 1 kHz measured at the output of a
typical superdirective array, due to the high sensitivity
microphone design proposed. The spikes on the noise
curves are measurement artifacts.
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Figure 2: Signal and noise spectra for a typical su-
perdirective array. Left: conventional sensors; right:
high sensitivity sensors acting below 1 kHz.

3. ARRAY DESIGN FOR OPTIMAL ECHO
REJECTION

3.1. Principles

Two principles have been used simultaneously for the
optimization of the array in the low frequency range.
The first one is the maximization of the near-field di-
rectivity factor under some usual constraints; the sec-
ond one is the use of a specific constraint for maximum
echo rejection. In the higher frequency range (above 1

kHz) a standard delay and sum design is implemented
since the intrinsic directivity of the array is considered
sufficient for the application.

3.1.1. Maximization of the near-field directivity

Experiments have shown that in the low frequency range,
a superdirective array optimized with respect to the
far-field directivity factor is very sensitive to noise sources
placed in the near field; consequently a high disturbing
effect due to the acoustic coupling between the loud-
speakers an the microphones can be observed [4]. That
is why we have chosen to maximize the near-field di-
rectivity factor, defined as follows:

1
Fop(f) = L wH (f)D, ¢ (fw(f) (1)

with the ”directivity matrix” D,,; defined as:
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w is the vector of the weights applied at the micro-
phones outputs for each frequency f; H is the free-field
propagation vector from a source placed at a distance
r from the center of the array in the direction (i, ).
W is a spatial weighting function which attenuates the
effect of the sound waves coming from the directions
of the loudspeakers, and also may help obtaining ade-
quate directivity patterns.

The optimization is made under several constraints
on the weights w. The purpose of the first one is to
provide a desired response for the waves coming from
the useful source, namely the speaking conferee; usu-
ally, this response is constant over the useful frequency
range. This constraint is expressed as:

c(w(f) = s(f) (3)

where C contains the propagation vectors from the use-
ful source to each microphone of the array (there may
be more than one useful source as well) and s is the
desired frequency response (typically phase shifts cor-
responding to pure delays).

The second constraint aims at limiting the incoher-
ent noise amplification due to the superdirective design:
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where Rjpin is the required minimum reduction factor
of the incoherent noise.

A third constraint can be profitably used to control
the width of the main lobe of the array as well as to
limit the amplitude of grating lobes which may appear
if some spatial aliasing is tolerated in the upper fre-
quencies (this occurs if a small number of microphones

w(flw(f) (4)



is used in the superdirective part of the array, thus lead-
ing to large spacings between the microphones). This
constraint is expressed as:

w (HH()H(fw(f) = gi(f), i=0,..,K (5)

H, is the vector of the transfer fuctions from a far-

field source placed in the direction (¢;,6;) to the mi-

crophones and g; is the corresponding required gain.
These three constraints are incorporated in the di-

rectivity matrix according to:

K
Doy (f) = Doy (F) + (NI + 3" i HH(HE(f) (6)
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where p and «;,7 = 0,..., K are Lagrange multipliers
which are ajusted to satisfy the constraints (4) and (5),
respectively.

The optimal solution is then given by:

w(f) = D (HCHCT(HDF (O s(f) (7)

The figure 3 shows the simulated directivity patterns
obtained at 125 Hz and 344 Hz with this optimization.
The simulation assumes perfectly matched sensors and
free field propagation. It can be seen that the near-
field directivity patterns (dotted curves, source at 0.5
m from the array) have similar main lobe widths as far-
field patterns (continuous curves) and low sidelobes.

Figure 3: Simulated directivity patterns at 125 Hz
(left) and 344 Hz (right) of the array optimized accord-
ing to (7). Continuous curves: far-field source; dotted
curves: near-field source.

8.1.2. Constraint for mazimum echo rejection

The near-field optimization described above is fairly
sensitive to sensors mismatch. With careful calibration
of sensors in an anechoic room, we measured about 4
dB of echo reduction with a laboratory model of the ar-
ray, compared with a single cardioid microphone placed
at the center of the array. Since this figure of echo re-
duction can be found insufficient w.r.t. the expected
performance of the array, we considered the use of mea-
sured transfer functions between the loudspeakers and

the microphones of the array as an additional possibil-
ity to improve the echo reduction.

The principle that we tested is to add a constraint
in the optimization process, which tries to null out the
contributions of the waves coming from the loudspeak-
ers and propagating to the microphones of the array
either directly or after reflections on the short-range
obstacles (i.e. localized within about 1 m around the
array). It is assumed that the direct propagation as
well as the reflections on these obstacles are essentially
non-varying in time, which is a reasonable hypothe-
sis. Practically, we use a time window which keeps
the assumed stable part of the impulse responses (i.e.
their first few milliseconds); the Fourier transforms of
the windowed impulse responses corresponding to the
different loudspeaker-to-microphone paths are then in-
cluded in the additional constraint as follows:

M (fruw(f)=0 (8)

The matrix M contains the transfer functions of the
time-windowed measured loudspeaker-to-microphone
paths. We can use only one time window (e.g. cen-
tered around the beginning of the impulse responses)
as well as several ones to control the effect of high re-
flections coming from the surrounding environment.

The linear constraint (8) is similar to the constraint
(3); therefore these two constraints are combined to-
gether for the computation of the optimal solution (7).

3.2. Implementation

The overall optimization algorithm is sketched figure
4. For each frequency f the first set of inputs is com-
posed of the desired steering direction(s) correspond-
ing to the conferees’ locations, the constraint vector
s(f), the minimum incoherent noise reduction factor
Rimin and the gains g;,¢ = 0, ..., K which control the
width of the main lobe. In addition, the loudspeaker-
to-microphones impulse responses h,,;,t = 1,..., N (N
being the number of microphones operating in the low
frequency range, here N = 5) are measured (using a
standard technique, for example loudspeaker excitation
with a maximum length sequence when the conference
equipment is turned on); then the impulse responses
are time-windowed (the central position of the window
is taken as the highest peak found in the beginning of
the impulse response corresponding to the microphone
closest to the center of the array). A FFT is performed
on each windowed impulse response after padding with
zeros to obtain the appropriate frequency selectivity.
The obtained values of the loudspeaker-to-microphones
transfer functions are stacked to form the vector M (f).
All these inputs are used in the maximization algorithm
to compute the optimal weights w(f).
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Figure 4: Block-diagram of the optimization algorithm.

4. EXPERIMENTAL RESULTS

We have performed the loudspeaker-to-microphones im-

pulse responses measurements in a real conference room

with the laboratory model shown figure 1. These im-

pulse responses have been used to compute the weight-

ing filters behind the low-frequency microphones ac-

cording to the optimization procedure. A classical delay-
and-sum broadside array design has been implemented

above 1 kHz. The computed overall impulse response

from the loudspeaker input to the array output is shown

figure 5 for (b) 1 constraint (1 window) and (c) 2 con-

straints (2 windows). The windows locations are pointed
by vertical arrows. The response (a) of a classical su-

perdirective design is shown as a reference.
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Figure 5: Overall coupling impulse response of the ar-
ray. (b) 1 window, (c) 2 windows; the locations of the
windows are pointed by the vertical arrows. (a) is a
standard superdirective design reference.

The impulse responses (b) and (c) exhibit signif-
icant attenuation of the peaks at the windows loca-
tions. To get futher insight in the amount of echo re-
jection, the figure 6 shows the short term envelopes

(echograms) of the first part (about 20 ms) of the im-
pulse responses (a) and (c) shown figure 5. The echogram
of the superdirective array optimized for acoustic echo
rejection (Proposed opt.) exhibits much lower levels
(by about 15 dB) than the echogram of the ”classical”
superdirective design (Classical opt.). These results
demonstrate the efficiency of the proposed tecnnique.
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Figure 6: FEchogram of the array optimized for
high echo rejection (lower curve) compared with the
echogram of the classically optimized array (upper,
continuous curve). The overall pass-band of the arrays
is 150 Hz - 7 kHz.

5. CONCLUSIONS

The combination of low-noise sensors and mixed near-
field and far-field superdirective design with a specific
constraint has proven able to yield high echo rejection
in a microphone array for teleconference. Note that
the assumed stationarity of short-range echo paths, al-
though reasonable, can be somewhat relaxed by contin-
uous learning of the corresponding impulse responses
using subjectively hidden excitation.
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