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ABSTRACT

This paper describes an auto-seeking microphone ar-
ray consisting of novel multiple processing stages for
speech acquisition. The array automatically detects
the speech in the presence of noise and tracks the
speech sources. A combination of dual-beamforming
and post-beamformer enhancement significantly im-
proves the quality and intelligibility of desired speech
at the output of the system. Applications for such
a system include hands-free telephony, teleconferenc-
ing and special situations where speech signals must
be picked up in a noisy acoustic environment and the
microphones are hidden (as, e.g., in a forensic covert
recording system).

1 INTRODUCTION

Effective transduction of a speech source from a very
noisy acoustic environment or a reverberant acoustic
field is often hampered by interfering noise sources
and/or by multi-path transmission in the enclosure.
In comparison with single microphone speech acqui-
sition systems, microphone arrays seem to be able to
perform much better in these challenging situations.
In the past, several solutions have been proposed to
improve the quality and intelligibility of speech with
a steerable microphone array. One method is simple
beamforming implemented by the delay-and-sum al-
gorithm [1]. This system requires a large number of
microphones to obtain good quality speech output.
More general solutions involve using several micro-
phones with optimal filtering behind the sensors and
the outputs of each channel are combined to give a
single signal [2]-[5]. Recently, post-beamformer in-
terference cancelers have been theoretically studied
to improve the performance of the microphone array
[6). These methods perform well depending on the
assumptions made on source localisations, the char-
acteristics of the signal and noise or the number of
elements. They also involve complex computation.
In many real situations, the assumptions made are
usually not valid.

In this paper we propose a speech-seeking multi-stage
processing microphone array system. The proposed
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system consists of sensors, speech seeking processor,
dual-beamformer and a post-enhancement stage. A
robust algorithm is designed to identify the speech
from background noise and create a cue signal for
effective beamforming. The dual-beamformer con-
verts the mwulti-channel signal processing into two-
channel separation and the quality of output of the
main beamformer is improved further by the post-
enhancement stage. Simulated results have shown
that the proposed system is a suitable device for speech
signal acquisition from severe background noise.

2 TRACKING AND BEAMFORMING

The structure of the system is shown in Fig.1. Con-
sider a speech acquisition system for a running car or
office-like environment, the number of microphones
and their spacing is a compromise between a large
aperture for good spatial resolution and the demand
for a small aperture to ensure feasible physical size
and operation under particular conditions. Moreover,
the spacings should meet the demand for preclusion
from spatial aliasing. In the proposed approach, an
asymmetrical logarithmic array with 6 microphones
is employed, as shown in Fig.2.

2.1. Speech Seeking

Speech seeking is complemented by a voiced /unvoiced
/silence speech classifier and a speech source localizer
hased on cross-correlation. The classifier is a two-
stage adaptive classification system which has been
fully explained in [7]. The first stage is designed to
classify voiced from unvoiced and silence, and the sec-
ond stage separates unvoiced from silence. The fea-
tures used in the first stage include normalized seg-
mental energy and normalized partial sum of auto-
correlation coefficients. The discriminant function for
the first stage is defined by

2
Di(f) = Zwifi fi> f and (1)
=1
and f; 1s defined as
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Fig.l. Structure of the speech-seeking, multi-stage
processing microphone array.
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Fig.2. Spacings of the asymmetrical logarithmic
microphone array. D is 42.5mm.

fi=10- loﬂlO(R(O)/Eav) (2)

and

P
L= RE)/RO)  (3)
p=1
where E,, 1s average segmental energy of input sig-
nal and {R(7)} are the correlation coefficients of the
input data. The number P is selected to be 5 when
the sample rate is 16kHz (or 3 for 8kHz sample rate).
This choice is based on a consideration that the dom-
inant components of voiced speech are usually in the
low frequency band up to 1500Hz.

The goal of the second stage of the classifier is to
classify wnvoiced from silence. When the noise level
is comparable to, or even higher than unvoiced sig-
nal, spectral envelope pattern comparison has been
shown to be a valid method to classify unvoiced from
silence. In place of the LPC pattern used for the
majority of traditional classifiers, a LPC cepstrum
pattern is used to separate unvoiced from silence in
this study. In comparison with the LPC pattern, the
LPC cepstrum method can give a stricter spectral en-
velope than that obtained through the LI’C method
[9]. The discriminant function is simply a Euclidean
distance of the form

Dy = ”Xpattcrn - as—pattcrn” (4)

where Xpatiern, called the spectral pattern, is the
spectral envelope of the input segment. Xos_pasiern
is the average spectral envelope of silence segments.

Strictly speaking, only classification of speech and si-
lence (no speech) is needed for speech seeking. But
it has been found that some voiced segments with
strong autocorrelation of adjacent samples is not reli-
able for speech source localization by cross-correlation
or maximizing the output method. because the exist-
ing pitch may yield incorrect information about the
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phase difference between two sensors. In this study,
all speech segments, except these with strong auto-
correlation, are used for speech source localization by
cross-correlation method.

2.2. Beamforming

Two beamformers, one main beamformer and one ref-
erence beamformer, are set up simultaneously with
the microphone array. The main beamformeris aimed
at the speech source. The design of the main beam-
former should meet requirements which mainly in-
clude low side-lobe peaks and uniform spatial band-
width for all frequency ranges of interest ( for ex-
ample, 200 - 4kHz). In this study, the main beam-
former consists of four linear sub-beamformers which
each comprise three microphones. The elements and
the frequency band-width of each sub-beamformer are
listed in Table 1.

The reference beamformer is designed to pick up all
acoustic signals within the environment except the
desired speech. The basic requirements for the refer-

ence beamformer include:
¢ uniform attenuation at the spatial band where

the desired speech signal source exists;

e flat frequency response over the full frequency
range of interest and uniform gain within all
spatial bands except in the direction of desired
signal arrival.

To achieve the design target mentioned above, a set
of eight spatial notch (SN) filters are combined to
build a reference beamformer. Each spatial notch fil-
ter consists of a pair of microphones and covers a
certain frequency band listed in Table 2. The di-
rectional patterns of the main beamformer and the
reference beamformer for the full frequency band of
interest are shown in Fig.3.

The delay and sum algorithm is employed in the beam-
forming. The same delay and weights for the corre-
sponding sensors in the main beamformer are used
with the coefficients of the filters in the reference
beamformer while the one output from the pair of
sensors has its phase inverted. If both the main beam-
former and the reference beamformer are implemented
in the frequency domain, they can share the FFT
computation for each channel. In comparison with
the time domain implementation, the frequency do-
main implementation is faster because a set of time
domain filters can be replaced by simple frequency
windows and implemented using the FFT algorithm.

3 POST-STAGE PROCESSING

In the beamforming stage, we try to make the dif-
ference between the SNR of the main beamformer
output sp7(t) and the reference beamformer output
sn(t) as large as possible, while maintaining a good
frequency response and uniform directional pattern
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Table 1
Sub No 1 2 3 4
BW(Hz) | 200-500 | 500-1k 1k-2k 2k-4k
Elemen’cs M1M5M6 M1M4M5 M1M3M4 M1M2M3!
Table 2
SN Filter 1 2 3 4
BW(Hz) | 200-350 | 350-467 | 467-700 | 700-933
Elements MIMG M4MG M1M5 M3M5
Table 2 (cont)
SN Filter 5 6 7 8
BW(Hz) 933-1.4k | 1.4k-1867 | 1867-2.8k | 2.8k-4k
Elements M1M4 M2M4 M1M3 M1 M2
Main beamformer Reference beamformer
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Fig.3. The directional patterns of the main beam-

former and the reference beamformer.

within a certain spatial range for both heamformers.
This has been achieved using a set of sub-beamformers
to build a main beamformer and multiple spatial notch
filters to build a reference beamformer simultaneously
with a logarithmic microphone array. The objective
of the post-stage processing is to improve the quality
and intelligibility of the speech signal in the output of
the main beamformer further, by use of the output of
the reference beamformer. Three different approaches
have been studied to achieve this objective for differ-
ent acoustic environments. They are explained in the
following sections.

3.1 Least-Mean-Squares Algorithm

In order to use the Least-Mean-Squares (LMS) algo-
rithm, the output of the reference heamformer must
not contain any frequency components of the desired
speech signal emitted fromn the direction at which the
main beamformer is aimed. This situation is possi-
ble, for example, when the microphone array works in
a free acoustic field while the beamformers are well
pointed and adjusted so that the leakage from the
desired source into the output of the reference beam-
former is negligible. In this situation, the reference
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beamformer output sy(t) can be used to minimise
the noise power in sr(¢) by the LMS algorithm [ 9].
Note that even if the reference beamformer output in-
cludes none of the desired speech, the performance of
the LMS algorithm may still be distorted if the noise
components in the main beamformer output are not
well correlated with the reference beamformer out-
put.

3.2 Modified Wiener Filter

An alternative method, called the modified Wiener
filter, has been developed for the post-processing stage
when the requirements for the ideal situation men-
tioned in section 3.1 cannot be satisfied.

The Wiener filter is based on maxiinum a posteriori
(MAP) estimation:

Max{probability(parameters | observation)}  (5)

That is, estimate the parameter values which max-
imise the conditional probability of the parameters
given the observation. The MAP approach has been
used in the past to estimate all-pole spectra of speech
[10]. The frequency response of the non-causal Wiener
filter 1s

Ps(w)
Hw)= —F— 6
(w) Pule) + Pol) (6)
Where P(w) is the power spectrum of the desired
signal and P,(w) is the power spectrum of the noise.
The Wiener filter in (6) cannot be applied directly to
estimate s(t) since the spectrum Py(w) is not known.

Our approach is to design a modified Wiener filter as
follows:

3 |Sas (w)]?
Ho(w) = 1Sp(w)]2 +a-|Sy(w)]? 7)
! if Ho(w;) >b
Hp(w;) —'{ (Ho(w;)/b)¢  otherwise
for i =1+ (leugth of FFT frame) ()

where the constants a, b and ¢ can be chosen accord-
ing to the particular system. A proper choice of the
constants for a particular acoustic environment will
achieve an ideal noise compression and naturalness of
speech. The output of the modified Wiener filter is

n(w) S (w) (9)

The modified Wiener filter works successfully when
the noise is broadband background noise. Both the
quality and intelligibility are improved by the post-
stage processing. Simulation results will be given
later.

S(w) =H,

1993



3.3 MRSS algorithm

If the noise can be modelled as a sum of sinusoidal
signals, the difference between the SNR of s (¢) and
sy (t) can be used to improve effectively the intelligi-
bility and quality of speech by an algorithm known
as Matrix Ratio Subspace (MRSS) [11]. The MRSS
algorithm can be successfully used in signal process-
ing situations where the SNR of the original signal
is very poor and improvement of intelligibility is the
main target. Such signals occur for example in en-
hancement of forensic recordings made under covert
conditions.

4 IMPLEMENTATION

A number of simulation tests have been carried out to
evaluate the performance of the proposed technique.
One of the tests 1s as shown in Fig.4. The original
speech is adopted from TIMIT database. The sen-
tence is “don’t ask me to carry an oily rag like that”,
shown in Fig.4(a). The speech source was located
at 0 degrees while the source of broad band coloured
noise sources were uniformly distributed within 28
to 88 degrees (with spatial angle between two ad-
jacent noise sources 5 degrees). The output of the
middle microphone of the array is shown in Fig.4(b),
which has an average segmental signal-to-noise ra-
tio of -15.5dB. The output of the main beamformer
is shown in Fig.4(c). The average segmental signal-
to-noise ratio at this stage is -6.9dB. The post-stage
processing employs the modified Wiener filter and im-
proves the average segmental signal-to-noise ratio fur-
ther 11.1dB. The final output of the array with 4.2dB
is shown in Fig.4(d). Alongside the significant im-
provement in the signal-to-noise ratio (total 19.7dB
in this simulation test), informal subjective tests have
shown that the intelligibility of speech was enhanced
significantly more than with use of a single micro-
phone system.

5 SUMMARY

The construction and implementation of the auto track-
ing auto beamforming microphone array has been
presented in this paper. The simulation results have
shown that this design is robust, reliable and practi-
cal. A portable microphone array using the TMS320.
DSP processor is being tested. The main advantage
of the proposed method is that it can provide a good
quality speech output with a small sized array. The
auto tracking and beamforming employs a set of novel
algorithms and works reliably even when the acous-
tic environment is very noisy. The dual-beamformer
with one spatial band pass filter and a spatial notch
filter working with a post-enhancement processor is a
new technique utilized in the microphone array study.
The proposed system has applications in communica-
tion systems and forensic recording.
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Fig.4 Tlustration of proposed system operation.
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