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ABSTRACT Once the design of the signal processing algorithm has been
. . . __completed in AMAs including the RAMA-ABM, evaluation by

Arobustadaptive microphone array (RAMA) using anew adaptatioa rqyare is important. This is because the signal processing
mode control method (AMC) is proposed, anq its evaluation res“'}iﬁgorithms are complicated and some problems, unpredictable in
by hardware are presented. The adaptation of the RAMA i§q gimylations, may occur in a real environment. The RAMA-
controlled based on an SNR (signal-to-noise) estimate using thasn should also be evaluated by a realtime processor in real
output powers of the fixed beamformer and the adaptive b'“"'”@nvironments as conventional AMAs [1][2][5]-[7] have been.
matrix. The RAMA isimplemented on a multi-DSP realtime signal- This paper proposes a RAMA-ABM equipped with a new
processing system with a C-compiler. Simulation results with ref?iMC and presents its evaluation on a multi-DSP realtime signal-

acoustic data show that the AMC based on the SNR estimate cau (?8cessing system. The new AMC causes less breathing noise and

less breathing noise than the conventional AMC and that it obtaiis,." - v\e to obtain high mean opinion score. The RAMA-ABM

1.0-point higher score on a 5-point mean opinion score scale. EV@V'lth the new AMC is implemented on a multi-DSP realtime signal-

uation through a realtime signal-processing system demonstra ; N . '
. . . . “processing system. Its directional response is measured in real
that noise reduction achieved by the RAMA is over 12 dB even ng nvironmgntsy P

reverberant environments.

1. INTRODUCTION 2. STRUCTURE OF RAMA

Adaptive microphone arrays (AMASs) have been studied for telecor-1- RAMA-ABM

ferencing, hands-free telephones, and speech enhancement, bec SEstructure of the RAMA-ABM [4] with the new AMC is shown
they can reduce a great deal of noise through the use of a sm Fig. 1. The RAMA-ABM consists of a fixed beamformer
number of microphones arranged in small space [1]-8]. In a BF), an MC, and an ABM. The FBF enhances the target signal.
actual environment, target-signal cancellation caused by imperfeg- Fig’. 1 :nm’(k) is the output signal of then-th microphone
tiqns in the array_is a seriogs problem. These include errors in the = = ..’,M 1) at a sample index, andd(k) is the output

»
§gnal of the FBF. The MC adaptively subtracts the components

rection of arrival). For teleconferencing and hands-free telephor&%rrelated to the output signajs. (k) of the BM, from the output
conversation in a car, error in the target DOA is the dominant facméignald(k) of the FBE. The ABM is a spatial’rejection filter. It

To cope with such a large target-DOA error, a fOt?USt AMA ha ejects the target signal and passes the noise. When the input signals
been proposed [4]. This robust AMA (RAMA) can be implemented, ;) ot the MC, which are the output signals of the ABM, contain

with just several microphones and it has high spatial selectivit¥Jnly the noise components, the MC rejects the noise and extracts
i.e. it is effective in reducing noise. This RAMA uses two-stagg,o target signal.

adaptive signal processing: the first stage is an adaptive blocking If the target signal leaks inta..(k) in the ABM, target-
matrix_ (ABM) to re_duce target-signal car_lcellation and the_ Seconggnal cancellation occurs at the GC. Target-signal 'cancellation
stage lsamultlple-lnput_cgnceller (MC) Wthanorm.constramt. Th(zs recognized as the attenuation of high-frequency components.
RAMA has both the ability to reduce noise effectively and goo ometimes, breathing noise can also be heard. To reduce the target-
target-signal quality [4]. However, there is a trade-off betweeg

noise reduction and target-signal cancellation, because adaptati%i nal leakage, the ABM adaptively subtracts the components
in the ABM and the MC may interfere with each other. related to the output signé(%) of the FBF from the microphone

s i ._signalsz,, (k). The coefficientsin the MC and the ABM are updated
.T 0 avtmdt t.h's tra}de-gf/&M:;daptitr:on-ng?w co;;r&l A(QI\E/;ll\C/l) ISby the NLMS (normalized LMS) algorithm with constraints [4].
ar;vlvrg\r/)g a:)nnl IszufeeworAMc m:tr:,z,) ! ds ﬁgve bee(n reported ).Th The RAMA-ABM has high spatial selectivity. However, it
! y P : Fequires AMC based on target-signal detection both in the ABM

AMC method proposed by Greenberg et al. is based on the CTO%hd the MC. The adaptations in the ABM and in the MC need

correlation of two microphone signals, anditis effective for RAMAS lassification. This is because of the contrary relationships between

W'thOUt an ABM.[8]' Howeve_r, It sometlmgs Causes serious targerfhe desired signal and the noise for the adaptation algorithm. For the
signal cancellation or undesirable breathing noise, when used

gtrjaptation algorithm in the ABM, the target signal is the desirable
:Eg SﬁMﬁﬁgm Therefore, a new AMC should be developed forsignal and the noises are the undesirable signals. Therefore, the SNR

(signal-to-noise ratio) should be high in terms of the convergence

Apart of this work was conducted as a training program between INS&Peed and reducing target-signal leakage. In the MC, however,
and NEC. the noises are the desirable signals and the target signal is the
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Figure 1: Structure of RAMA-ABM with AMC based on SNR

estimate.

undesirable signal. Therefore, a low SNR is better for the MC.
This is why the RAMA-ABM needs an AMC method similar to
double-talk detectors for echo cancellation.

2.2. Adaptation-Mode Control

The RAMA in Fig. 1 uses a new AMC method based on an SNR
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Figure 3: Output powers.

estimate (AMC-SE). AMC-SE consists of two power estimators,
a divider, and two comparators(k), the index for AMC, is the

power ratio of the FBF output signd{ ) to an output signaj; (k)
of the ABM. When the index is larger than the threshéid the

the variances corresponding to the same components cancel each
other out in the divider. Therefore, even when the SNR is low, the

adaptation of the ABM is performed. On the other hand, the MC igariance in the index(k) is much smaller than its average. This
adapted when the index is smaller than another threghold

The adaptation step siz€ k) for adaptive filters in the ABM is

controlled as follows:

?

1 fors(k)> 6,
a(k) = {0 oc:Le(rw)isZ
_ pa(k)
® =y
pa(k) = (1—7)pa(k—1) +vd(k),
po(k) = (L—7) py(k—1)+ 7y yi(k),

characteristic of the index leads to less misdetection.

3. EVALUATION OF AMC-SE

@ : :
3.1. Breathing Noise
(2) AMC-SE was separately evaluated by simulations with real acoustic
data. The behavior of the indices for AMC were compared between
(3) the AMC-SE and a conventional AMC method (Greenberg’s AMC
(4) [8] modified for RAMA-ABM). The index in modified Greenberg’s

AMC method (MG-AMC) is a cross correlation and that in the

wherep,(k) is a power estimate af(k), p, (k) is a power estimate AMC-SE is an SNR estimate. The data were acquired using a

of y;(k), and is an integer satisfying & « < M — 1. On the

four-microphone linear array and they were sampled at 8 kHz. The

contrary, the step sizé(k) for the MC is controlled in reverse with reverberation time of the room was 0.3 second. A male-speech

the other threshold as

B(k)

{

0
1 otherwise

fors(k) > 6.

source as the target signal was located on a line perpendicular to the
array surface, and a white-Gaussian signal as the noise source was
located 45-degrees 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 [4].

(®)

The indexs(k) can be considered to be a direct estimate of the  The two microphones in the center were used for the MG-AMC.
SNR, because the main component at the FBF output is the targétthe ~'s for low-pass filters were 0.995 both for the AMC-SE and
signal and the main components at the ABM output are noises. TMG-AMC. The threshold®;, andé. were 0.6 for the MG-AMC,
power estimateps(k) andp,(k) have large variances, however, and 0.65 for the AMC-SE. They were selected so that the subjective
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Table 1: Materials of Boards in Fig. 6.

Microphone
Array | Environment|| Boards 1 &3 | Boars 2 &4 |
: A Absorbing Absorbing
Workstat ; :
oresiation = B Absorbing Reflecting
C Reflecting Reflecting

4. EVALUATION BY REALTIME PROCESSING SYSTEM

Redtime  —»- 4.1. Implementation

Signal Processor . . . .
The RAMA including AMC-SE was implemented on a realtime

signal-processing system, S-RTP2000 by the Systems Design Ser-
vice Corporation [9]. Twelve DSPs (TITMS320C40 [10]) were con-
nected each other through communication ports. Sixteen-channel
Oagalog-to-digital converters and 16-channel digital-to-analog con-
verters were mounted on the DSP boards. The computational
capability of the system was more than adequate and it could be
increased by adding DSP boards. The DSP boards were controlled
degradations in the sound quality by target-signal cancellation wefarough the VME bus from the workstation. The workstation
almost the same. transferred the program to the DSPs, and data on the DSP boards
) o . o could be obtained on the workstation. Programming was performed
The behavior of the indices is shown in Fig. 2. Whereas thgging a C-compiler and assembly language. The system is shown
MG-AMC has many misdetections, the AMC-SE achieves almosf, Fig. 5.
_perf_ectdetection. The output power oft_he RAMA is_, also C_O”‘Pafed To reduce the delay due to inter-chip communications, data
in Fig. 3. The AMC-SE avoids the serious breathing noise whicly e ransferred block by block, and a pipelined structure [11] was
occurs with the MG-AMC. employed. The block length was 100 samples and the pipeline
depth was 6 stages. The adaptation algorithm in the ABM was
3.2. Subjective Evaluation the normalized LMS (NLMS) algorithm, and that in the MC was a
delayed NLMS algorithm [11].

A mean opinion score (MOS) evaluation by 17 nonprofessional

subjects through loudspeaker listening was performed based @ Evaluation of Overall System

[12]. As anchors, the signal captured by a single microphone with

an SNR of 10dB was used for grade 1.0, and the original signdlhe noise-reducing performance of the overall system was evaluated
without noise was used for grade 5.0. Subjects were instructesh a realtime signal-processing system. An equi-spaced linear array
to evaluate reductions in noise and speech quality which includeudth four omni-directional microphones was used. The microphone

breathing noise. Figure 4 compares the MOSs for output sighadpacing was 4.1 cm, and the sampling frequency was 8 kHz. The
with different AMCs. The tops of the bars represent the MOS, andxperimental set-up is shown in Fig. 6. Reverberation in the room

their variances are indicated by the vertical lines. The AMC-Skvas controlled by changing the material for the boards illustrated in

obtained 3.1 points, which is 1.0-point higher than that for th&ig. 6 as Table 1 shows. Environment B is more reverberant than
MG-AMC. environment A, and environment C is the most reverberant. The

Figure 5: Realtime Signal-Processing System (S-RTP2000) an
Workstation.
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Figure 7: Noise Reduction in Environment A.
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Figure 8: Noise Reduction in Environment B.

that room reverberation degrades noise reduction.

As is clear from Figs. 7, 8, and 9, the ability of the RAMA to
reduce noise shows hysteresis for source movement. In terms of
spatial selectivity, hysteresis should be reduced. Analysis of the
hysteresis and ways to reduce it will be be left for future work.

5. CONCLUSION

A robust adaptive microphone array with a new adaptation-mode
control method and its evaluation by hardware have been presented.
The adaptation mode is controlled based on an SNR estimate using
the output powers of the fixed beamformer and the adaptive blocking
matrix. The robust adaptive microphone array was implemented
on a multi-DSP system with a C-compiler. Simulation results have
demonstrated that the adaptation-mode control method based on
the SNR estimate had less breathing noise than the conventional
method and that it obtained a 1.0-point higher score on a 5-point
MOS scale. Evaluation with a realtime signal-processing system
has shown that the implemented adaptive microphone array reduced
noise by over 12 dB even in reverberant environments.
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