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A Robust Adaptive Microphone Array Controlled Based on Output
Signals of Different Beamformers
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Abstract

A robust adaptive microphone array (RAMA) with
an adaptation mode control (AMC) and its eval-
uation by hardware are presented. The adapta-
tion of the RAMA is controlled based on an SNR
(signal-to-noise) estimate using output powers of the
fixed beamformer and the adaptive blocking ma-
trix. The RAMA is implemented on a real-time
signal-processing system with multiple DSPs. Sim-
ulation results show that the AMC based on the
SNR estimate causes less breathing noise than the
conventional AMC. Evaluation by a real-time signal-
processing system demonstrates that the noise reduc-
tion by the RAMA is over 12 dB even in reverberant
environments.
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1 Introduction

Adaptive microphone arrays (AMAs) have been stud-
ied for teleconferencing, hands-free telephones, and
speech enhancement for the reason that, in prin-
ciple, they can attain high noise-reduction perfor-
mance with a small number of microphones arranged
in small space [1]-[15]. In actual environment, target-
signal cancellation caused by array imperfections is a
serious problem. Array imperfection includes errors

Brigitte BEGASSE }
TUVy b "F vkt

Akihiko SUGIYAMA t Akihiro HIRANO §
I BBE o RE t
fInstitut National des Sciences Appliquées
$1INSA Rennes

in the microphone position, the microphone gain, and
the target DOA (direction of arrival). For telecon-
ference and hands-free telephone conversation in a
car, the error in the target DOA is the largest factor.
Target-signal cancellation is more serious in rooms
with reverberation [4].

A robust AMA against a large target-DOA error
(RAMA) has been proposed [9][10]. The RAMA can
be implemented with just several microphons and has
high spatial selectivity, i.e. noise-reduction perfor-
mance. It has a trade-off between noise reduction and
target-signal cancellation. The RAMA has both high
noise-reduction performance and good target-signal
quality [9][10]. This RAMA uses two-stage adaptive
signal processing: one is an adaptive blocking matrix
(ABM) to reduce target-signal cancellation and the
other is a multiple-input canceller (MC) with norm
constraint.

Because adaptations in the ABM and the MC may
interfare each other, adaptation-mode control (AMC)
is an important issue for the RAMA with the ABM
(RAMA-ABM) [8]. However, only a few AMC meth-
ods have been reported. One of these is by Green-
berg et al. This AMC is based on cross-correlation
of two microphone signals, and is effective for the
AMAs without the ABM [14]. However, it some-
times causes serious target-signal cancellation or un-
desirable breathing noise, when used for the RAMA-
ABM.

For AMAs, once the design of the signal process-
ing algorithm has been completed, evaluation by
hardware is important. This is because the algo-
rithms are complicated and some problems unpre-
dictable in simulations may occur in the real envi-
ronment. Most of the existing evaluations have heen
performed by off-line simulations. Only several evalu-
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ations have been performed with real-time processors
[21[3][11)[12][13)].

This paper presents a RAMA-ABM equipped with
anew AMC, and its evaluation on a real-time signal-
processing system. In the next section, the struc-
ture of the RAMA-ABM and the AMC is explained.
Implementation of the RAMA on a real-time signal
processing system is described in Section 3. Section 4
shows simulation results for evaluating the AMC and
experimental results of noise-reduction performance

by a hardware system.

2 Structure of RAMA
2.1 RAMA-ABM

The structure of the RAMA which this paper ad-
dresses is shown in Fig. 1. This RAMA is a RAMA-
ABM [10] with a new AMC. The RAMA-ABM con-
sists of a fixed beamformer (FBF), a multiple-input
canceller (MC), and an adaptive blocking matrix
(ABM). The FBF enhances the target signal. d(k)
is the output signal of the FBF at a sample index
k, and x,,(k) is the output signal of the m-th mi-
crophone (m = 0,...,Af —1). The MC adaptively
subtracts the components correlated to the output
signals ¥,,, (k) of the BM, from the output signal d(k)
of the FBF. The ABM is a spatial rejection filter. It
rejects the target signal and passes noises. When the
input signals y,,(k) of the MC, which are the out-
put signals of the ABM. contain only noises, the MC
rejects the noises and extract the target signal.

If the target signal leaks into yn, (k) in the ABM,
target-signal cancellation occurs at the MC. Target-
signal cancellation is recognized as attenuation of
high-frequency components. Sometimes, breathing
noise is also heard. To reduce the target-signal leak-
age, the ABM adaptively subtracts the components
correlated to the output signal d(k) of the FBF from
the microphone signals x,,,(k). The coefficients in the
MC and the ABM are updated by the NLMS (nor-
malized LMS) algorithm with constraints [9](10].

The RAMA-ABM has high spatial selectivity.
However, it requires an adaptation-mode control
(AMC) based on target-signal detection both in the
ABM and the MC. The adaptations in the ABM and
the MC should be performed during almost opposite
periods. This is because the relationships between
the desired signal and the noise for the adaptation
algorithm are contrary. For the adaptation algorithm

in the ABM, the target signal is the desirable signal
and the noises are the undesirable signals. There-
fore, the SNR (signal-to-noise ratio) should be high
in terms of convergence speed and optimality of the
coefficients. On the contrary, for the adaptation algo-
rithm in the MC, the noises are the desirable signals
and the target signal is the undesirable signal, there-
fore, low SNR is better for the MC. Therefore, the
RAMA-ABM needs an AMC similar to double-talk

detectors for echo cancellation.

2.2 Adaptation-Mode Control

The RAMA in Fig. 1 uses a new AMC based on an
SNR estimate (AMC-SE). AMC-SE consists of two
power estimators, a divider, and two comparators.
The index s(k) for AMC-SE is the power ratio of the
output signal d(k) of the FBF to an output signal
yi(k) of the ABM. When the index is higher than
a threshold 6, the adaptation of the ABM is per-
formed. On the other hand, the MC is adapted when
the index is lower than another threshold 6.

The step size a(k) for the ABM is controlled as

follows:
1 for s(k 0
alk) = {0 othefwzs: ' 1
N _  pa(k)
W= w )
pd("’) = (1_7)1)(I(k)+7d2(k)v (3)
py(k) = (1—=7) py(k)+7 ¥ (k) (4)

where pq(k) is a power estimate of d(k). p,(k) is a
power estimate of y;(k), and ¢ is an integer satisfying
0 <i{ < M — 1. On the contrary, the step size G(k)
for the MC is controlled in a reversed way with the
other threshold as

(k) (5)

{ 0 for s(k) > 6.
1 otherwise

The index s(k) can be considered as a direct esti-
mate of the SNR, because the main component at the
FBF output is the target signal and the main compo-
nents at the ABM output are noises. The power esti-
mates py(k) and p,(k) have large variances, however,
the variances corresponding to the same components
cancel out each other in the divider. Thercfore, even
when the SNR is low, the variance of the index s(k)
is much smaller than its average. This characteristic
of the index leads to less mis-detection.
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Figure 1: Structure of RAMA-ABM and AMC

3 Implementation on Real-
Time Processing System

In recent years, research of AMAs has made great
progress with signal processing algorithms, however,
only a few AMAs have been put in the market. Re-
search of AMAs should continue, and the algorithms
will be more complicated. In the development of the
algorithms, a cycle of evaluation and improvement is
important. Therefore, flexibility is the primary con-
cern in the design of a real-time system for evalua-
tion. Flexibility can be achieved with programmable

digital signal processors (DSPs).

A multiple-DSP system has a vast amount of
computations which is sufficient for the future so-
phisticated AMA algorithms with more complexity.
Generally, programming of assembly language for a
multiple-DSP system is still difficult. To accclerate
the cycle of the research, the programming should
be as easy as possible. Therefore, the programming
should be carried out by a high-level language ex-
cept for computationally critical parts. With these
considerations, a real-time signal-processing system,
S-RTP2000 by Systems Design Service Corporation
[16] has been employed.

A block diagram of the real-time signal-processing
system is shown in Fig. 2. Each DSP board has 2
or 4 DSPs (TI TMS320C40 [17]), and total num-
ber of DSPs is 12. The DSPs are connected each

Microphone
Amplifiers

Microphone ‘
Array |

o

Workstation se=p

Real-Time e
Signal Processor

Figure 3: Real-Time Signal-Processing System (S-
RTP2000) and a Workstation
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other through communication ports. A daughter
board with 16-channel analog-to-digital converters
and another with 16-channel digital-to-analog con-
verters are mounted on DSP boards. The computa-
tional capability of the system can be increased by
additional DSP boards. The DSP boards are con-
trolled through the VME bus from a workstation.
The workstation transfers the program to the DSPs,
and data on the DSP boards can be obtained on the
workstation. Programming was performed using a
C-compiler and an assembly language. The system
is shown in Fig. 3.

To reduce the delay by inter-chip communications,
data were transferred block by block, and pipelined
structure [18] was used. The block length was 100
samples and the pipeline depth was 6 stages. Adapta-
tion algorithm in the ABM was the normalized LMS
(NLMS) algorithm, and that in the MC was a delayed
NLMS algorithm [18].

4 Evaluations

4.1 Evaluation of AMC-SE

AMC-SE was independently evaluated by simula-
tions. The behavior of the indices for AMC were com-
pared between AMC-SE and a conventional AMC
(Modified Greenberg’s AMC: MG-AMC) [15]. The
index in MG-AMC is cross correlation and that in
AMC-SE is an SNR estimate.
quired by a four-microphone linear array and sam-

The data were ac-

pled at 8 kHz. Reverberation time of the room was
0.3 second. A male-speech source as the target sig-
nal was located on the line perpendicular to the array
surface, and a white-Gaussian signal as a noise source
was located 45-degree off the target direction. The
SNR was about 6 dB. The step sizes selected were
0.02 for the BM and 0.006 for the MC. All the other
parameters were the same as in [10}.

The two microphones in the center were used for
MG-AMC. The thresholds 6, = 6. = 0.6 for MG-
AMC and 8, = 6. = 0.65 for AMC-SE. They were
selected so that subjective degradations of the sound
quality by target-signal cancellation were almost the
same. All the 7’s for low-pass filters were 0.995 both
for MG-AMC and AMC-SE.

The behavior of the indices are shown in Fig. 4.
Whereas MG-AMC has many mis-detections, AMC-
SE achieves almost perfect detection. The output
power of the RAMA was also compared in Fig. 5.
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AMC-SE avoids serious breathing noise which occurs
with MG-AMC.

4.2 Evaluation of the Overall System

Noise-reduction performance of the overall system
was evaluated on a real-time signal-processing sys-
tem. An equi-spaced linear array with four omni-
directional microphones was used. Microphone spac-
ing was 4.1cm, and the sampling frequency was 8
kHz. The experimental set-up is illustrated in Fig. 6.
Reverberation of the room was controlled by chang-
ing the material of the boards in Fig. 6 as shown in
Table 1. Environment B is more reverberant than
environment A, and environment C is the most re-
verberant. Reverberation time of the room itself was
0.3 second. The white-Gaussian source was scanned
in two ways. The constraints of the ABM was set
so that allowable target-direction range was £15 de-
grees. All the other parameters used were the same
as in Scction 4.1.

When noise source moved, breathing noise was ob-
served, however, it disappeared in a few seconds by
adaptation. For example, in environment B, when
the noise-DOA was 45-degree off the target direction,
the noise was reduced by 10 dB in about 3 seconds,
and by 20 dB in about 20 seconds. The noise reduc-
tion after convergence are shown in Figs. 7, 8, and 9.
In these figures, a lower curve means better noise re-
duction. In environments A and B, over 18-dB noise
reduction is observed in the DOA over 30 degrecs.
Even in environment C, the worst noise reduction is
more than 12 dB in the DOA over 40 degrees. These
results indicate that the RAMA is promising for ap-
plications such as voice communications at least in
typical environments like A and B.

Figures 7, 8, and 9 also indicate that noise reduc-
tion varies with reverberation. Between Figs. 7 and
8, reverberation by reflecting boards causes almost
no degradation in noise reduction. However, between
Figs. 8 and 9, additional reverberation by reflecting
boards decreases noise reduction. This characteristic
in the relationship between reverberation and noise
reduction agrees with the well-known fact [1].

As is clear form Figs. 7, 8, and 9, the noise-
reduction performance of the RAMA has hysteresis
for the source movement. In terms of spatial selec-
tivity, the hysteresis should be reduced. Analysis of
the hysteresis and its reduction will be left for future

works.
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Table 1: Materials of Boards in Fig. 6

mwironment “ Boards 1 & 3 | Boards 2 & 4 '

A
B
C

Absb. Absb.

Absb. Refl.

! Refl. Refl.
Absh.: Absorbing, Refl.: Reflecting

207

Noise Reduction [dB]

A: Right Scan
B: Left Scan

1 ! 1

-60
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DOA [degrees]

Figure 7: Noise Reduction in Environment A
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Noise Reduction [dB]
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Figure 8: Noise Reduction in Environment B
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Figure 9: Noise Reduction in Environment C



5 Conclusion

A robust adaptive microphone array with a new
adaptation-mode control and its evaluation by hard-
ware have been presented. The adaptation mode is
controlled based on an SNR estimate using output
powers of the fixed beamformer and the adaptive
blocking matrix. The robust adaptive microphone ar-
ray has been implemented on a flexible multiple-DSP
system with C-compiler. Simulation results demon-
strated that the adaptation-mode control method
based on the SNR estmate has less breathing noise
than the conventional method. Evaluation with a
real-time signal-processing system has shown that
the implemented adaptive microphone array has over
12 dB noise-reduction performance even in reverber-

ant environments.
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