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ABSTRACT

This paper deals with the use of linear microphone arrays
for detection, localization and enhancement of a generic
acoustic message produced in a noisy environment. A
CrosspowerSpectrum Phase based analysis and a Coher-
ence Measure representation are presented, that allow an
accurate time delay estimation employed for the acoustic
source position hypothesis. Preliminary results in terms
of source localization accuracy are given. Once source po-
sition is estimated, an enhanced version of the original
acoustic message is derived, that can represent the input
for a speech recognition system.

Keywords: Microphone Arrays, Talker Localization,
Speech Enhancement.

1. INTRODUCTION

Automatic speech recognizer performance often degrades
drastically when employed in conditions that are different
with respect to those for which they were designed. One
reason for this is environmental noise. Another reason can
be inconsistent use of the acoustic transducers during mes-
sage acquisition. For example, a substantial decrease in
performance can be caused by a non adequate position of
the talker’s mouth with respect to the microphone. Head-
mounted, hand-held or fixed-position microphones do not
solve this problem completely.

In the last decade, some research effort has been devoted
to microphone array processing techniques [1], especially
for teleconferencing and large room recording [2], but also
for speech recognition purposes [3]. Microphone arrays
represent an attractive solution to the need for normaliz-
ing the speech information with respect to the above men-
tioned factors. Furthermore, using this technology allows
investigation of ambitious tasks such as talker localization
and talker tracking [4], that can imply new scenarios for
future speech applications.

Generally, speech acquisition through microphone ar-
rays is accomplished by the application of adaptive beam-
forming techniques, without an explicit source position es-
timation. Even if an instantaneous position estimate could
be attained indirectly from beamforming, talker localiza-
tion problem can be solved more directly through time
delay estimation techniques.

In this work a CrosspowerSpectrumPhase (CSP) anal-
ysis is described, that can provide a reliable time delay
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estimation. As described in [5] !, this analysis has been
exploited to develop a system that allows acoustic event
detection and localization in a noisy environment. Pre-
liminary experiments showed its superiority with respect
to other techniques, such as Normalized Crosscorrelation
and Adaptive LMS Filtering [6]. The present version of
the system is based on the use of a 4-omnidirectional mi-
crophone array acquisition module, working at a sampling
frequency of 48 kHz.

Once source position is estimated, a “delay and sum”
beamformer can be applied to the given signals in order
to produce an enhanced version of the original acoustic
message. Using the resulting signal as input to a generic
speech recognition system represents a challenging objec-
tive for future work.

In this paper, the localization and enhancement system
is described as well as source localization performance that
has been evaluated when the system is employed in a noisy
environment.

2. SYSTEM DESCRIPTION

To determine the position of a generic acoustic source three
or more microphones can be employed, while using two
microphones ensures only the estimation of its direction:
a higher number of microphones allows better accuracy.
From a theoretical point of view, the signals acquired by
each microphone can be assumed to be delayed replicas of
the source signal plus noise: localizing the sound source
is equivalent to estimating the time delays between the
signals received. Once the delays are known the acoustic
event direction (and position) can be derived using geom-
etry.

Geometrical Model

We assume that an acoustic source (e.g. a talker) located
in position (z,,y,) (see Figure 1) generates an acoustic
event r(t) that is acquired by microphones 0, .....,(M — 1)
as signals so{),....,sp-1(t).

For the given source signal r(t), propagated in a generic
noisy environment, the signal acquired by the acoustic sen-
sor “”, can be expressed as follows:

5i(t) = air(t — i) + ni(2t) (1)
where o; is an attenuation factor due to propagation ef-
fects, 7; is the propagation time and n;(t) includes all the

1This work was partially supported by the DIMUS-ESPRIT
project
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Figure 1: Wavefront propagation of an acoustic stimulus
generated in position (z,,y,). Signels sq,81, 82,83 are ac-
quired through an array of microphones placed in positions
Do, P1, P2, p3. The wavefront reaches microphones 1,2,3
with delays é91, 602, bo3, with respect to microphone 0.

contaminating noises, which are assumed to be uncorre-
lated with r(t) and with n;(¢), for j # i.

We also indicate with d;; the distance between micro-
phones “” and “j” and with &; the relative delay of
wavefront arrival between the same microphones:

&ij = (7~ m) )

CrosspowerSpectrum Phase

The most common method of determining the time de-
lay é;; and the corresponding arrival angle 6;;, given two
signals s;(¢) and s;(t), is to search for the lag 7 which
maximizes the cross-correlation function:

Rij(7) = Elsi(t)sj (¢ +7)] 3

where E denotes expectation. Given the model (1), (3)
can be expressed as:

Rij(1) = @iaj Rer(T — 8i5) + Rpin; (1) (4)

where R,.(r) represents the autocorrelation of the source
signal r(t), evaluated at lag 7.

Starting from a mathematical model similar to (1), {7]
generalizes this approach proposing a maximum likelihood
estimator for determining time delays between two signals
s; and s;. Prefiltering signals before computing correla-
tion, leads to the so-called Generalized Cross-Correlation
method. Basically, the Fourier transform of (4) provides
the Cross Power Spectrum:

Gir(f) = csarGrr (Fe 20 £ G () (B)

that is referred to the cross-correlation as follows:

ra)= [ Gu(ne™rrys ©)
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The Generalized Cross-Correlation between s;(t) and
s(t) is defined as:

+00
BP0 = [ wpsamnemy @)

where:

Yo(f) = Hi(/)HE(f) (8
is a general frequency weighting filter and it is aimed at
facilitating the delay estimation, through an emphasis on
some spectral information that can depend on the source
and noise characteristics. In a real situation, only an esti-
mation of G;;(f) instant by instant can be performed. In-
troducing in the given relationships the time-dependence,
(7) can be expressed as:

~ +o0 - .
BPan = [ nCat. ey @)

where @;k(t, f) denotes the estimate of the Crosspower-
Spectrum between the two signals s; and sj at time instant
t.

In practice, the procedure for estimating the generalized
correlation starts from the computation of spectra S;(¢, f)
and Si(t, f) through Fourier transforms applied to win-
dowed segments of s; and s;, centered around time instant
t.

A particular choice of the filter 1, leads to the estima-
tion of the normalized CrosspowerSpectrum:

o(t, ) = o N5H0S) (10)
1S:i(t, HlISe(t, )

that preserves only information about phase differences
lz_etween s; and s;. Then the inverse Fourier transform
Rie(t,7) of ¢(2, f) is computed. It is worth noting that,
also in a real situation, the resulting CSP-based function
(defined in the lag axis 7) has a constant energy, mainly
concentrated on the correct delay 6;;, as depicted in Fig-
ure 2: in other words, a peak of this function denotes a
high coherence, between the two given signals, at the cor-
responding lag.

+0.48

CohereneJ
measure
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48 36 -24 -12 0 +12 +24 +36 +48 Delayin
samples

Figure 2: Coherence Measure function, computed on two
microphone signals characterized by a delay of -4 samples.

Coherence Measure

As pointed out above, different techniques can be exploited
for time delay estimation. Information on mutual delay

606



between signals can be reconducted into a representation
called Coherence Measure (CM) and associated to a func-
tion Ci;(t,7) that expresses the similarity between seg-
ments (centered at the time instant t) extracted from two
generic signals s; and s;. It is expected to have a promi-
nent peak at the delay 7 = 6;;, corresponding to the direc-
tion of wavefront arrival. For each couple of microphones
a bidimensional CM-representation can be conceived as
shown in Figure 3: in this representation horizontal axis is
referred to time, vertical axis is referred to delay and the
coherence magnitude is represented through a grey scale.

Given the previously described CSP analysis and de-
noting the digital representation of Rix(t,r) as Rix(n, 1)
(where n indicates the time instant in samples and [ the
number of samples corresponding to the lag 7) the corre-
sponding Coherence Measure is:

Cir(n, 1) = Ry (n,l) (11)
Both for moving and for non-moving sources, this CM
can be exploited to derive the source position. When the
acoustic source is moving, the CM should depict a curve
that follows the contour of the theoretical delay 6;;(t) for
the given microphone pair (%,j). As an example, Figure
3 shows that a clear curve is obtained through the CSP
analysis: in this case, the CM function always mantains its
primary peak at the theoretical delay. Even if this inves-
tigation goes beyond the purpose of this paper, the CSP-
based Coherence Measure seems to be a very promising
analysis technique on which source tracking can be based.
For non-moving sources the theoretical CM is a line at
the theoretical delay; hence, the delay can be easily de-
rived, for instance through the following algorithm.

CM-based Delay Estimation Algorithm

Starting from the Coherence Measures Cj;j(n,l) and
Chr(n,l) evaluated for microphone pairs (i, j) and (h, k),
respectively, and for all delays I (—Ipax <1 < lyax) and
time samples n (1 < n < N}, two lags can be estimated
as follows:

N
I = argmax(y ~ Cij(n, )] (12)
n=1
R N
lhe = arg mla.x[z Chi(n, 1)) (13)

From these delays and by means of geometrical consid-
erations, a source point P(z;jnt, ¥jat) i8 computed. Dif-
ferent source position hypotheses can be derived starting
from other microphone couples: the actual source position
can be estimated as an intermediate point among all the
hypothesized ones.

This algorithm has some limitations due to CM char-
acteristics. An obvious limitation is the assumption on
the source of being non-moving. A second, more general
problem, is referred to the choice of the interval on which
applying the algorithm itself: its efficiency increases if the
interval fits the temporal extension of the primary acoustic
event (i.e. excluding reverberations and noisy segments).
As a consequence, a start-end point detection should be
applied to select that interval. A possible method, that
exploits the CSP-based Coherence Measure peaks is de-
scribed in [8).
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Delay-and-add beamformer

Once the relative delay of wavefront arrival between micro-
phone 0 and k &), has been estimated, a simple technique
to reconstruct an enhanced version 7/(¢) of the acoustic
message can be based on the following relationship:

M-1
rit) = D ahsi(t - 6, (14)
k=0
where M denotes the number of microphones and o} is
inverse proportional to the distance between the k-th mi-
crophone and the estimated source position.

3. LOCALIZATION EXPERIMENTS

Preliminary results show that the CSP-based analysis en-
sures adequate performance both in terms of direction an-
gle and in terms of position accuracy. However, most of
the localization errors seem to be caused by a non opti-
mal choice of the array configuration: for each microphone
pair, the CSP-CM is a very stable and clear information
to derive the wavefront arrival delay; but, when the array
consists of 4 near adjacent equispaced microphones, de-
lay estimations can not be discriminant enough. Hence, a
different array configuration was conceived, that consists
of two distant microphone pairs: distance between micro-
phones of each pair was 15 cm, while distance between mi-
crophone pairs was 75 cm (and the array length was 105
cm). In this way, the high delay estimation performance,
allowed by the CSP-based analysis, is better exploited in
the geometrical reconstruction.

Given this new configuration, we used the algorithm de-
scribed above to localize the source position as crossing
point between two estimated directions.

To evaluate the resulting system performance, a
database of 100 acoustic stimuli was acquired in an office
environment. Acoustic events were generated in the fol-
lowing 20 room positions (expressed in meters in z and y
axes, respectively): (0,1), (0,2), (0,3), (0,6), (0,7), (-1,1),
(-1,2), (-1,3), (-1,4), (-2,0.5), (-2,1), (-2,5), (-3,5), (1,1),
(1,2), (1,3), (1,4), (2,0.5), (2,1), (4,5). In each position we
produced a scream, a short word (“prova”) and a whistle.
Also, since we were interested in checking the system in a
realistic situation, where the system should deal with a-
priori unknown types of sounds, no attention was devoted
to the acquired signal dynamics (apart from a preliminary
microphone calibration).

Percentage of acoustic events that were correctly identi-
fied in terms of wavefront direction angle was: 76% given a
tolerance of 2°, 90% given a tolerance of 5° and 94% given
a tolerance of 10°. Concerning localization accuracy, given
a tolerance of (15 ¢cm in z-axis, 50 ¢m in y-axis), 63% of
stimuli were correctly localized, while, given a tolerance of
(30 cm, 100 cm), 85% of stimuli were correctly localized.
Performance improvement with respect to the case of four
adjacent microphones (i.e. an array length of 45 cm) was
consistent [6].

These experiments confirm the good behaviour of the
CSP-based technique but also the importance of the ar-
ray geometry. In particular, further investigation will be
devoted to the choice of an optimal distance between mi-
crophone pairs. Clearly, the use of more pairs and of new
array configurations are expected to provide further sub-
stantial improvement.

607



+9102

Delay in
samples

t

Figure 3: Coherence Measure representation based on the CSP analysis between signals sq (plotted in the upper part of the
Figure) and s,: the acoustic stimulus was a long vowel “a”, utlered in @ noisy environment by a speaker that was walking
from the left 1o the right of the microphone pair. In this case CSP analysis step was 20 ms.

4. CONCLUSIONS AND FUTURE
WORK

At the moment, the resulting detection and localization
system runs in real-time on a DSP-board equipped with
two DSP32C. Once source position is estimated, the “de-
lay and sum” beamformer is applied to reproduce an en-
hanced version of the original acoustic message.

Our present research efforts are oriented toward the ap-
plication of this system as acoustic front-end of a speech
recognizer. To this purpose, a new database of speech
sentences is being acquired, with different environmental
noise conditions and “talker-microphone array” distances.
The objective is to investigate recognition performance
that can be obtained connecting this acquisition system
to a speaker independent continuous speech recognizer for
the Italian language [9] (under development in IRST lab-
oratories), with respect to performance obtained using a
standard directional microphone based acquisition system.

Preliminary recognition experiments showed promising
phone accuracy improvement for utterances pronounced
up to one meter from the array, in a noisy office environ-
ment.
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