
Source location

sensors position
simuleted source estimates

true location

0
1

2
3

4
5

6
7y

0
1

2
3

4
5

6
7

x
0

1

2

z

B

C

F

DE

A

Figure 3. Distribution of source location estimates around
the true position for sources at the six points evidenced in
Figure 1, when TDOA estimates are all a�ected by gaussian
noise with equal distribution.

positions using a loudspeaker.
It must be observed, however, that the assumptions about

the error covariance R are not very realistic in a real en-
vironment, where the statistics of the TDOA estimates are
a�ected by the noise and reverberation conditions, by dis-
tance and orientation of the microphone pairs and by direc-
tivity and frequency characteristics of the acoustic source.
Due to all these elements an assessment of performance

obtained in real experiments would require a statistical
analysis on a large amount of data. To give an idea of the
performance obtained with our preliminary data, Table 1
reports on the average location error measured using data
collected by the two array con�gurations using the loud-
speaker as acoustic source. When using all the microphone
pairs available in each square subarray (a total of 12 pairs)
and an outlier detection algorithm, average performance is
only slightly better than that obtained with only the four
diagonal pairs. Besides, the two sensor con�gurations do
not show a meaningful di�erence of location accuracy.

Config1 Config2
12 mic pairs 0.17 0.19
4 mic pairs 0.20 0.20

Table 1. Average location error (in meters) obtained using
12 microphone pairs (and an outlier detection algorithm)
and 4 microphones pairs (diagonals) by the two array con-
�gurations.

In the experiments with a real talker, performance was
similar, although it could not be compared by means of an
average error, because, in practice, the actual position of
the talker's mouth is hardly determined with su�cient ac-
curacy. Anyway it was noticed that at the most distant
positions an e�ective location was possible only with utter-
ances pronounced with loudness beyond a certain level and
while facing the microphone array.

6. CONCLUSIONS

In this paper a preliminary work on the use of the CSP
technique in three-dimensional acoustic source location has
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Figure 4. Graphical representation of the results of a
source location experiment. Source position estimates and
true source positions (partially overlapped) are reported.

been described. The mentioned results and those obtained
by simulation need to be con�rmed after a large corpus col-
lection to better characterize the statistics of the TDOA
estimate errors. Nevertheless, experimental results are en-
couraging and show that accurate location estimates can be
obtained in a real noisy and reverberant environment up to
a distance of several meters.
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Simulation experiments [9] showed that there are thresh-
old values for the allowable SNR and reverberation time
T60 of a given environment. Over these values, the TDOA
estimation procedure tends to produce unreliable delay es-
timates. The use of a redundant set of microphone pairs
from which to derive TDOA estimates, together with the
strategy of discarding the least reliable data, or those that
do not agree with the majority (outliers) [10], improves the
performance in such critical conditions.
A large separation between two sensors provides accu-

rate resolution in estimating a wavefront angle of arrival.
However, TDOA estimation becomes unreliable when the
signals are too dissimilar. Dissimilarities are induced both
by noise and by reverberation phenomena. Also source di-
rectionality may introduce further disparity at two distant
sensor positions. For this reason, the sensors of a micro-
phone pair, for which TDOA has to be estimated, should
not be too far apart. This is especially true in enclosures
with signi�cant levels of noise and reverberation. Therefore
delays should be estimated only locally and not all relative
to a single microphone.

5. 3-D LOCATION EXPERIMENTS

Experiments were performed in a 7m by 10m by 3m room
characterized by a reverberation time T60 ' 0:35 s and
in which ventilation noise was produced by some worksta-
tions. The microphone array consisted in 8 PZM omni-
directional sensors organized into two orthogonal squares
and connected to a DT3818 Data Translation acquisition
board installed on a PC under the Linux operating system.
The objective was to assess the performance of the loca-
tion system when a talker was active in several positions of
the room. The evaluation of the accuracy of the system is a
critical task because a talker is not a point source and its ac-
tual \position" is hardly determined and controllable. For
this reason a preliminary data collection was carried out by
using a loudspeaker as acoustic source. Apart from its phys-
ical dimension, the positioning of this type of source can be
much more accurate, stable and reproducible. Furthermore
it is possible to reproduce exactly the same acoustic stim-
uli in di�erent room positions. Six representative positions
were chosen inside the room and for each of them the loud-
speaker was positioned at two di�erent heights (i.e. at 110
cm and at 160 cm above the oor). Figure 1 illustrates a
map of the room used in the experimentations and shows
the positions where the acustic stimuli were produced, and
the positions of microphones and of noise generators (i.e.
computers).
Besides the reproduction of a short utterance pronounced

by a male speaker, also a sequence of white noise was gener-
ated in each position. This allowed to determine an upper
bound of performance, since white noise is the \ideal" sig-
nal for estimating the TDOA with an approach based on
phase information.
Acoustic data were collected using two slightly di�er-

ent microphone con�gurations (see Figure 2). Con�gura-
tion 1 was composed of two squares of microphones having
side of 0.4 m and centered on coordinates (1.7,0,1.6) and
(0,1.7,1.6). Con�guration 2 was composed of a square of
0.3 m centered on (1.71,0,0.95) and a square of 0.5 m cen-
tered on (0,1.75,1.6).
A second data corpus was collected with a stationary
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Figure 1. Overhead view of the experimental room (7m x
10m x 3m). Positions of microphones, signal sources and
noise sources are evidenced.
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z

x

y

Figure 2. Microphone array arrangement for the two con-
�guration used in the experiments.

talker standing on the same x and y coordinates of the pre-
vious six positions, while pronouncing a short utterance.

A region of theoretical location uncertainty was estimated
for each source position by computing the covariance matrix
Q de�ned by equation (10). The error covariance matrix R
was assumed to be a diagonal matrix with equal diagonal
elements, i.e. the delay estimation errors of all the mi-
crophone pairs are assumed to be independent and equally
distributed with standard deviation equal to one sampling
interval.

The diagonal elements of the matrix Q correspond to the
variance of the estimate along the coordinate axes x, y and
z, while its eigenvectors and eigenvalues represent orienta-
tion and amplitude of the axes of an ellipsoid centered on
the exact source position.

Figure 3 is the result of a simulation of con�guration 1
and shows how source location estimates are distributed
around the actual source positions, in the case of the co-
ordinates evidenced in Figure 1 and for a height z = 110
cm. Figure 4 illustrates graphically the result of one of
the experiments of source location performed at the same



nals. This corresponds to using only the phase information
in the Crosspower Spectrum of the two signals. However,
phase information is correct only at those frequencies where
the desired signal is dominant over interferences. Therefore
in absence of speci�c knowledge, a suitable compromise con-
sists in giving higher weight to the cross-spectral component
exhibiting higher energy. The phase di�erence amount (i.e.
the frequency domain counterpart of time delay) can be ex-
tracted directly from frequency domain with a best linear
�tting of phase slope [1] or after reverting again into time
domain [3]. In the experiments described in the following
we have applied the latter method. Denoting with si(n) and
sk(n) the discrete-time sequences obtained by sampling the
signals acquired by microphones i and k, the TDOA esti-
mate between the two channels is obtained as the index at
which the sequence phcik(l) of phase correlation:

phcik(l) = DFT
�1

�
DFTfsi(n)gDFTfsk(n)g

�

jDFTfsi(n)gj jDFTfsk(n)gj

�
(1)

assumes its maximum value. A local interpolation is then
used to achieve sub-sample resolution.
Starting from a set of delay estimates, each character-

ized by its own �gure of reliability, the Maximum Likeli-
hood (ML) estimation of the source position is accomplished
by solving a set of nonlinear equations relating microphone
positions and observed delays [7]. Iterative methods (e.g.
gradient search) are then applied to derive a least square
estimate. A considerable saving in computations may be
obtained by the use of sub-optimal closed-form approxima-
tions [8][1].

3. AN ITERATIVE SOLUTION

Let us consider a microphone array composed of M sensors
and select a set of N microphone pairs MP=f(m0

i;m
00

i )g
i = 1::N . Let the coordinates of the generic microphone
m be indicated by the vector pm = [xm; ym; zm]

T and
the coordinates of the acoustic source s by the vector
ps = [xs; ys; zs]

T . The N � 1 vector of TDOA estima-

tions d̂ associated to the set MP and to the source s can be
expressed as:

d̂ = d(ps) + n: (2)

Here d is the N � 1 vector representing the theoretical de-
lays, and n is the vector of estimation errors. The i-th
component of d is given by:

di(ps;pm0

i

;pm00

i

) =

�
jps� pm0

i

j

c
�
jps� pm00

i

j

c

�
(3)

where c is the speed of sound.
Assuming n 2 N (0;R), where R is the error covariance

matrix, the ML estimate of the source position based on

the TDOA vector d̂ is obtained by deriving the coordinates
ps that maximize the probability:

Pr[d̂jps] =
1

(2�)N=2jRj1=2
e
�

1

2
[
^d�d(ps)]TR�1 [

^d�d(ps)]

(4)

This solution represent the minimum variance unbiased es-
timate. If we assume that R is independent of ps, then the
solution is the position that minimizes the quantity:

H = [d̂� d(ps)]
T
R

�1
[d̂� d(ps)]: (5)

The delay di in equation (3) is a nonlinear function of
the position ps, however the vector d can be expressed in
a Taylor series in the neighborhood of a position p0 as:

d(p) ' d(p0) +G � (p� p0) (6)

HereG is the N�3 gradient matrix having rdi as i-th row:

G =

2
64

@d1
@x

@d1
@y

@d1
@z

...
...

...
@dN
@x

@dN
@y

@dN
@z

3
75 : (7)

At the generic position p = [x;y; z]T we have:

@di

@x
=

1

c

�
(x� xm0

i

)

jp� pm0

i

j
�

(x� xm00

i

)

jp� pm00

i

j

�
(8)

and similarly for @di
@y

and @di
@z

.

The source location can be performed with a gradient
search, as progressive approximation starting from an ini-
tial point p0 and applying the following update at the v-th
iteration [7]:

p̂v+1 = p̂v + (GT
vR

�1
Gv)

�1
G

T
vR

�1(d̂� d(p̂v)) (9)

The covariance matrix Q of a location estimate is com-
puted starting from its associated gradient matrix G as:

Q = (GT
R

�1
G)�1

: (10)

The matrix Q can be used to predict the variance of the
obtainable location estimate for a source placed at a given
point and for a given microphone array arrangement. Its
eigenvectors and eigenvalues determine the shape of the re-
gion of location uncertainty at every point of interest.

4. EFFECT OF NOISE AND
REVERBERATION

Di�use noise, i.e. noise with low spatial coherence, reduces
the Signal-to-Noise Ratio (SNR) of the frequency bands
where it is mainly concentrated. However, this does not
bias signi�cantly the component of the Crosspower Spec-
trum phase related to the dominant acoustic source, that,
instead, is assumed to emit wavefronts with clear directional
characteristics. Noise components with high spatial coher-
ence (direct-path noise), on the contrary, may act as com-
petitive sources and introduce ambiguity in the delay esti-
mation procedure that assumes a single dominant acoustic
source active at every instant.
In a reverberant environment, many reected wavefronts

reach the sensor after the direct one. Even if the rever-
beration time is low, multipath e�ects may arise as e�ect
of reection on surrounding surfaces. This makes TDOA
estimation for direct wavefront more di�cult and in some
cases unfeasible (e.g. if constructive interference of reec-
tions overwhelms the direct-path energy).
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ABSTRACT

A microphone array can be used to locate a dominant
acoustic source in a given environment. This capability is
successfully employed to locate an active talker in telecon-
ferencing or other multi-speaker applications. In this work
the source location is obtained in two steps: 1) a Time Dif-
ference Of Arrival (TDOA) computation between the sig-
nals of the array; 2) an \optimal" source location based
on the interchannel delay estimates and on a geometrical
description of the sensor arrangement. The Crosspower
Spectrum Phase technique was used for TDOA estimation,
while a Maximum Likelihood approach was followed to de-
rive the source coordinates. Source location experiments
in a three-dimensional space were performed by means of
an array of 8 microphones. For this purpose both a loud-
speaker and a real talker were used to collect data in a large
noisy and reverberant room.

1. INTRODUCTION

The spatial sampling of a sound �eld, performed by means
of several properly distributed microphones, allows to de-
rive information about the position of the acoustic sources
emitting in a given environment. This principle, widely ex-
ploited in passive underwater sonar, has found successful
employment in microphone array processing as well, con-
tributing to the development of applications such as tele-
conferencing, acoustic surveillance and hearing aids.
Automatic location of the active talker is of particular

interest in a teleconferencing system, where it would be de-
sirable to use a self-aiming video camera. The information
about the position of the active talker is also necessary to
achieve a satisfactory spatial selectivity in the picking-up of
the speech message by means of a beamformer.
Source location based on Time Delay Of Arrival (TDOA)

has been shown to be e�ectively implementable and to pro-
vide good performance even in moderately reverberant en-
vironment and in noisy conditions [1] [2].
An important issue in this type of location algorithms is

the TDOA estimation technique, that must produce highly
accurate and rapidly updated inter-channel delay estimates.
Besides, a suitable geometrical arrangement of the sensor is
essential to accomplish an adequate \resolution power" in
the three-dimensional space. Finally, the location criterion
must take into account all the cues implied by a (possibly
redundant) set of delay estimates in order to derive the most
likely source coordinates.
This work reports on the activity carried out at IRST

laboratories in order to develop a real time 3-D source lo-
cation system, based on an 8-channel acquisition setup and
the Crosspower Spectrum Phase (CSP) method for time
delay estimation [3] [4].

2. SOURCE LOCATION

Various approaches can be considered to solve the problem
of acoustic source location. Methods based on the eigenvec-
tor analysis of the spatial covariance matrix of the signals
acquired by an array of sensors, have been deeply investi-
gated and widely applied, in particular in the case of mul-
tiple narrow-band sources.
When the signals of interest are wide-band and no hy-

pothesis can be assumed about the statistics of the desired
source and of the interfering noise, the problem must be ad-
dressed with other approaches. In particular, two types of
techniques have been applied to solve the problem of talker
location in a room environment.
The �rst type includes the methods that look for the po-

sition from which a maximum acoustic power is received by
an array of sensors (or a maximum of phase alignment be-
tween the input channels is detected). In order to �nd this
position it is necessary to scan a grid of admissible positions
by means of a steerable beamformer. The disadvantages of
this approach consist in poor temporal and spatial resolu-
tions and in a heavy computational load.
The second type of techniques comprises the TDOA

based methods, that derive the source coordinates starting
only from the mutual delays occurring between the direct
wavefront arrivals at the microphones. A lot of literature
exists about time delay estimation techniques [5]. The most
immediate approach to computing the delay between the
signals acquired by two microphones is to �nd a maximum
of cross-correlation between the two signals. This only gives
good results, in practice, if the source emits white noise and
therefore the cross-correlation approximates a delta pulse
centered on the delay of interest. In the general case, the
autocorrelation of the source signal modi�es the shape of
the cross-correlation peak. This may be particularly un-
convenient if the source signal is non-stationary and there
are reverberation phenomena (as for a talker in an enclo-
sure).
If the autocorrelation of the source signal and that of the

interfering noise are known, they can be exploited to de-
sign an optimal �lter that facilitates the delay estimation
(Generalized Cross-Correlation approach [6]). If no a pri-
ori knowledge about the statistics of the involved signals is
available, an e�ective approach is to whiten the input sig-


