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ABSTRACT 

A new approach for estimating the location of a speech 
source in a reverberant environment is presented. The 
approach also implements focusing using a linear amiy 
of microphones to reduce the effects of nNerberation. The 
algorithm estimates the curvature of the incident wavefront 
of the source with regard to its images by using an 
estimated signal-to-inteiference ratio (S!Re) function. The 
location which maximizes the S!Re function is used to 
estimate the source location. A delay-and-sum technique 
is then used to focus on the source in order to reduce the 
effects of reverberation and noise. Simulation results are 
presented for a room of size 8 x6 m and the first 23 planer 
images of the source. The results show that the new 
algorithm is effective in locating a speech source and 
minimizing multipath effects. 

INTRODUCTION 

This paper addresses the problem of automatically locating 
a ~-peech source in a reveroc-rant room using a linear array 
of microphones. The problem of locating a speech source 
is complicated by the presence of correlated signals, due 
to multipath eflects, and other acoustic sources as well as 
the wideband nature of the speech signal. 

Source location using an array of transducers has many 
applications in navigation, surveillence, aerospace, and 
geophysics [6). Signals radiating from a source arrive at 
the sensors of an array with relative time delays which 
depend on the source-sensor geometry. Differences in the 
relative times of anival to each sensor can be used to infer 
the location of the source. 

Most approaches to source location use a plane wave 
approximation [ 1,4,5]. That is the source is assume.cl to lie 
in the far-field of the array. Methods which apply to the 
near-field case for speech applications have also been 
suggested [7,13]. The approach taken by Flanagan et al 
f.7] uses a ray tracing approach. This approach requires 
exact knowledge of the room geometry and is c o m 

putationally complex. An alternate approach is to use a 
Green's function which models the room more accurately 
than a plane wave but not as exact as ray tracing. The use 
of a free-space Green's function has been suggested by Abe 
et al [13]. Here a cost function is defined based on the 
free-space Green's function and the maximum SIRe used 
to find the location. Variance bounds on estimated range 
and bearing, using wavefront ranging methods, are 
suggested in [9,10]. 

In this paper we take a similar approach to Abe et al [ 13 l 
with several fundamental differences. A narrow-band (NB) 
filter is used to increase the SNR of the measured signal 
and to reduce the effects of reverberation. The SIRe function 
is introduced and used to find the range as opposed to the 
focused function used by Abe. The SIRe measures the 
relative deviation from a plane wave of the focused Jlinction 
at the location in question. This is shown to yield better 
performance in the reverberation or multi-source situation 
than Abe's approximation. Fast search algorithms and multi 
resolution strategies can be used to find the primary source 
in real time. 

The paper is organized as follows. J\.n optimal singk source 
location estimation algorithm is prCS(..11tcd and the limitations 
of this optimal approach, for use in multi-source 
environmt."tlt, arc discussed in lt:nns of spatial frequency 
overlap. Finally a new heuristic algorithm, elfcctivc in multi
source environments, is presented. 

RANGING USING TIME DELAY ESTINATION 

Consider a point source in the near-field of a linear array 
(M sensor:> d cm apart). The source location parameters, 
r

0 
and 60 ,are shown in Fig. I. Lctthe NB source frequency 

be w. Note that for omnidirectional sensors, the received 
signal is mix-"tldt.'11l of 4>. I lcncc, we will consider sources 
in the x - z plane only For a sensor spacing d, z nd, 

(1) 
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· the sip! received at a sen90I' can be writtai as 

(2) 

where t is the delay parameter and c is the speed of sound 
in air. The relative delays. t. , are computed from relative 
phase~ using the aoaJytic signal representation 

. of the signals in each semoc. AnaJytically, the relative delay 
at sensor n is given by 

where 

t = 
" 

r - r 
" 0 

c 
(3) 

(4) 

The above two equaticm are combined to give an equation 
for each n, i.e., 

y 

C,. = B,.r0sin(0o) + D,.r0 

= B,;zo + D,.ro 

z 

Figure 1 Linear array and soorce parameters 

(5) 

.1'blle -A/12 < " < M/2. Hence, a system of M equations 
in tbe unlcDowm r0and 80is formed. This system of 
~·cm be writtai compactly as 

hMnMlof&4E.4, Vol, 12, 1995 

y = Hx + t\ (6) 

where y is a vecta" of the known values C,., His a matrix 
of known parameters, 'l is the measurement error and x 
is a vector of the unknown source parameters. The least 
squares solution ofEq. 6 is given by 

(7) 

This solution yields the maximwn likelihood estimate of 
r0 and 00 under a gaussian noise assumption. The least 
squares method is a simple and an efficient way of locating 
a single NB source using a single linear array of sensors. 
It is computationally inexpensive and accurate. The results 
using this method for a single source can be used as a botmd 
of performance for the proposed multi-source location 
algocitbms. However, we shall see that this method is not 
applicable in practice for multiple source problems. 

Simulation Results 

The optimwn performance, for the case of a linear array 
withM = 63, d = 4.25 cm, and a single narrow-band source 
( atf = 1 kHz.) in free space, has been considered to evaluate 
the performance of the least squares solution. Some 
representative results are shown in Table 1 and Figs. 2 and 
3. The performance of the algorithm detriorates in noise 
at lower SNR' values, as shown in Fig. 3. 
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Figure 2 Range standard deviation at SNR = 40 dB and 
00 = oo. 
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Table 1 : CooJputed range and angle values using the least 
squares method. Distance is in cm and angle is in tk~e3. 

Ex~ted Computed %Error 

fJ. r. o. r. fJ. r. 

0 850 0.00 849.99 .00 .001 
0 1700 0.00 1699.98 .00 .001 

03 8500 0.00 8503.62 .00 .043 
0 212 29.99 212 .03 .001 

30 850 30.00 849.99 .00 .001 
30 3400 29.99 3400.31 .03 . 009 
45 425 44.99 425.00 .02 .001 
45 850 45.00 850.03 .00 .004 
45 1700 44.99 1699.73 . 02 .017 
60 850 60.00 849.99 .00 .001 
60 1700 59.99 1699.75 .02 .015 
60 3400 59.99 3403.21 .02 .094 
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Figw-e 3 Range variance with SNR at r0 r0 = 3, 5, 8 m. 

SPECTRAL BROADENING DUE TO NEAR
FIELD SOURCE 

In this section we shall show that the multi-sow-ce situation 
introduces overlap of the spatial spectrum. This overlap 
causes problems foc multiple-source location using linear 
least squares. 

Spatial Characteristics 

11,ie basic features of the received signal across the array 
du'~ 

7 
to a NB source placed in the array's near-field are 

prescmcd in tlU scctioo. The qooquadntic pbuc term in 
Eq. 5 (We tor) in the near-field case bas not been treated 
exhaustively: The Fresnel approximation [14.15] for the 
near-field case is sometimes used to appoximMe the phue 
to a quadratic. However, the exact form of the phase 
expres.5ioo results in a much more complex spectrum. In 
either case, as a result of the curvature of the wave at the 
array, we find a broadening of the spectral bandwidth. We 
shall show analytically that the signal is nonlinearly 
frequency modulated and that the extent of this frequency 
variation depends on such parameters as r,,. 80 • A,, and length 
of the array . 

Consider a single NB hannon.ic source atx(t) =A co3 (<Jt) 
in the near-field of the array at ( 8., r0 ) on the x-z plane . 
Then the signal received at the array at time tis 

I 

s(z,0
0
,I) 1cos(wl : (r; .. z1 - 2r

0
zsin(6

0
))2) (8) 
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Fih'1.lre 4 Array signal at r0 = 5 m and/= 3 kHz, a) 8
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= 
0°, b) o. = 15•. 
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Figure 4 contd. c) 0 0 = 30° 

where -(M/2)d s z s (M/2)d. Fig. 4 shows some 
rqxesentative snapshots with M = 63, d = 4.25 cm, f 
= 3 kHz, and three values of eo for a given value of ro. 

Spectral Characteriat ic 

The spatial frequency, w
11

, of the signal along the array can 
be determined from the signal's phase 'P(t,r0,z,0Jas 

(9) 

i.e., 

(10) 

or 

(11) 

where f. = I/A. is the spatial frequency (cycles/meter) of 
the propagating wave along the direction of propagation 
and f.. is the spatial frequency of the wave along the array. 
Eq. ( 12) gives the spatial frequency for .the snapshot at 
point z on the array as a fraction of the spatial frequency 
of the wave along its direction of propagation. f.. Note that 
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f.and f. have a noolincac relationship. The ncrmali7.cd. 
spatial 6-equency then becomes, . 

I 

(r; + z 2 - 2ro:sin(8J )2 
(12) 

The variatioo of cu.., with angle of anival, for r0 constant. 
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(b) 

Figure 5 Spatial frequency modulation across the array 
at a) r0 = 2 m, b) r0 = 5 m, with80 as a 
parameter varying from -Tt/2 to Tt/2 . 

is shown in Fig. S. The figures also show that the spatial 
frequency along the array,fa, does not exceed the source 
spatial frequency, /,, at any value of z. The variation of 
spectral bandwidth with source location parameters and 
temporal frequency of the source 1s shown in Figs. 6 and 
7. Note the decrease in the FM bandwidth as r0 increases. 
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Figure 6 Spectral width of signal at 8. = 00 and temporal 
frequency of3 kHz for a) r. = 0.5 m and b) r. 
= 20 m Note the decrease in FM bandwidth as 
r. increases. 
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Figure 7 Spcc:tral widdi of signal for r. • 30 meters ate. 
• 90° and temporal frequency of 3 kHz. 

A:s cm be scai in Fig. 6 the wide band nature of the array 
sip! makes it difficult to spatially filter a signal from a 
given directioo. The problem gets wonc with wideband 
signals. such as speech. In the next section we Jn9Cnl a 
new ~bfiodingthe locl&Dl~ a !CU'OCttspeech 
signals. The new method uses a Green's function to 
demoo11JatetheFMmodi1latiooaod thuscoUapsetbespectral 
baodwidlh of the source. The collapsed source spectrum 
is then filtered out 'pw-ely' from the interfering spectrum. 

SPEECH SOURCE LOCATION IN A 
REVERBERANT ENVIRONMENT 

The discussions giwn in the previous section indicate that 
a spatial frequency filtering approach cannot be employed 
to separate near-field sources. We present in this section 
a different approach to locate a speech source in a multiple 
source envirorunent. 

~ oo array size and seosoc spacing and their 
relationships to source bandwidth [ 1, 11] will be made use 
of in the new algorithm. 

The New Algorithm 

The new algorithm has two major components. The first 
CIOOlpODCnt deals with estimating the location of the speech 
source from a series of snapshot vectors. The second 
ocmpoomt makes use of the Joeation inf onnation to focus 
oo the source. Inf onnation on source location is updated 
regularly. 

Coosider a specdl source at location (r°' 00). an array with 
2M+l unifoonly spaced miaophone.5, andNimage sources. 
Let s(t) represent the source signal and x/I) represent the 
received signal at the ;"' microphone. The signal at the ;"' 
microphone may be expressed as 

N A r 
x1<f) = E -s<t-..!!!.), ; = i,2,. .. .M (13) 

""° r1,. c 

where 

i - is sensor index, 
n - is the image index, n = 0 being for the source, 
r., - is the distance from the ,• sensor to the n"' source, 
c - is the speed of sound in space, and 
A - is the source signal strength. 
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Figure 8 Locltioo of a IOW'CO and its images, in a 
rectaogu1lr room. 

and 

(14) 

r. - is rl' iJD18C diltmoe 6'ml ll1'llf CCllfcr. 
e. - is,,. im1Fmtle.lllllllandtant11emay norma1. 
d - is semor iplCiq. md 
I - is the semor index. 

lbcrcccMd-.m.:twc:bl. :c., bmeoQmsc:l alDlllrix 
X. Thia mmix of .... wctcn., X. ia formed fur K 
l"lp'h*. where 

·X • (%1 , ... zt ... zJ (IS) 

fer• 111111.....-r mMdwd to .. wawhal ian the 
ane. .. ROliwd lipil Wd:Jr'will be a CODltlnt wdm' 
(1'i6ina• '# ardllcto....-1peldil8c:ltbcwwc). 
Sipa1 oc••t•I"'• tom odla-tblll dic ~ loclaicm 

'-alllf~ J'ol, 11, 199J 

will have a ncn-cxmtaot signalvector comribulion. Thus, 
in a b:u.d may the mean value of the rcceiw:d steered 
wam- is comidcn:d to be from the desired source while 
oCher- scua:s cootn'bute to the varimce about this mean. 
This property forms the basis of the new algorithm. 

For a source located at (r,OJ , the time delay to each 
9CD90I" is, using the form ofEq. {1 4), 

where i is the sensor index. We form a steered vector x 
by applying a delay T1 to the ;"' row of matrix X. A 
common delay T0 can be added to each; T without 
chmging the resilt Vedi.r :I I ep eseuts the desired focused 
snapshot vector and its mean square value and variance 
arc computed as follows: 

ll 

i2 = ( J: x,,(tJ'f 
,, • -Iii 
ll 

02 = E cx,,crJ - i -r. 
(17) 

,,. -Iii 

From cu p-evioos discussioos, x 2 rcpcsents the dcsi.rcd 
signal wbc:re as a' represents the interference from the 
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(18) 

This is the figure c1 merit which is maximacd in the new 
algorithm. A maximwn value of the panmeter' indicates 
the location of tlk: source. For the single source case the 
SIRe goes to infinify at the locatim of the souroe. In multiple 
sooo:e cases the SIRevalue has been found to be maxiuun 
at the location of a source. 

Foc 60 =0", Fig. 9 shows that the SIRe gets larger as 
the source location moves away fium the lllT8Y, even when 
the array gecmetry does oot match the progressing wave's 
wavefroot Appropriate delays are applied to each sensor 
to simulate an array focused to a source point. The SIR 
estimate should theoretically go to infinify for an array 
steered to the location of a source. However, in practice 
a1 does oot go to zero in a multiple source situation, but 
the value becomes very small. If, however, the virtual 
location is not matched to the source, then the value of 
SIRe will not be a maximum. 

Thus, the strategy used in this algorithm is to search for 
the location that maximizes the SIR estimate. The search 
region is divided into small cells of dimension dx by ~· 
Take a candidate cell, oompute the delay vector for that 
cell, steer the received signal matrix X, compute the SIRe. 
Maximize SIRe over several snapshots for the cell. The 

. : : 
·~········· ·('" '''" "'······1·· ······ .. ·-··t-··· ......... ,,.·', ···-··········i ............ _ 

~ ~ ' 

···-·····t··········· .. ·t-.. ··--·· ~· ····· ·····-t .. --..... ; ............. . 

i ~-=;t~r=F:~-
. ·:·+-·······-··t··········-·f ··--··-···~ 

.. . 
r,cm 

Figure I 0 SIRE aod SIR as a fiDCtioo of source distaooe 
in cm. The dashed line l'flleseols SIR and the 
solid line represents SIRe. 

cell thll gives the maximum SIRe value is aaumed to 
cxDlin die aowcc. Simulation results c1 the alpidlm 
ll'C prcac:ntcd in the next sectioo. 

A me&U"C c1 pc:rbmmoe cl the new algorithm .is givai 
in ( Fig. I 0), where the SIRe for a source md its five 
images is plotbl in canparisoo with the true value (SIR) 
of the source. The value of SIR is V«'f I-so (ideally 
infinite), thus a scaling factor has been used for SIR. 

The simulation results in ~s section are based oo the 
utterance ' ' The best way to leam Ls to ·SOM several 
problems• [12]. Different segments of this utterance are 
employed. Many of the results deal with locating a single 
source inside the room and its images. The case of two 
souroes in the rocm has also been considered. The results 
oo locatioo are given in terms of SIRe plots over the search 
region. 

The NB filter frequency is taken at the fourth formant 
frequency of the frame, for voiced frames, and about the 
same value foc unvoiced segments. The array siz.e is about 
2.56 meters, i.e.,M = 31aodd = 8.25 cm. A grid size of 
20 x 20 cm has been used in a room of size 8 x 6 m. 

Single Speech Source 

Fer the single source inside the roooi case the SIRe variatioo 
with positioo is shown in the various JD plots, Figs. 11-15. 
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Figure 11 JD plot ofSIRe for source at (200,0)cm. 
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Figure 12 30 plot of SIRe for source at (300,0),cm. 

6 
Source at (140,200) 

5 

2 

Fig\rc 13 30 plot of SIRe for source al (140,200),cm. 
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Figure IS Source at (750,250), 50 cm from each wall 
near~ at (800,300) cm. 

Two Speech Soun:a 

The results fir two speech sources placed in the room are 
shown in Figs. 16 and 17. Two cases have been studied: 

• 

I" . 

the sources are identical in signal strength but 
are placed at locations (140,200) and (200,0). 
The second source is closer to the array. The 
scuce distance is measured to the center of the 
array. 

two sources with different signal strengths are 
. placed at locations (140,200) and (200,0). The 

first source signal strength is higher than the 
second source . 

In the first case the two source signals were identical but 
the secood sooroe, al (200,0), is cJosec to the array. Foc this 
case the closest source, i.e., the source with the greater 
signal strength at the center of the array, has been located 
as can be seen in Fig. 17. 

This resu1t is, of course, to be expected since ·the other 
u.-ce is acting as an image som:ie placed cbu to the 1rue 
lKUCC. In the secood case the algmthrn locates the source 
It (140,200). This is an interesting case in that the farthest 
sooroe bas been located. This result may be explained if 
we tnWido: the effect of the NB filter in each channel. 
Source ll. It {200,0), is a voiced segment and source I, at 
(140,200), is an unvoiced segment with a lowec over all 

900 
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IOO 

Figure 16 Loudest source at (140,200), cm, is picked 
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02 

~o 800 
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Figure 17 Closest source at coordinate (200,0), cm, 
picked by algorithm. 

signal magnitude. The NB filter frequency is at the fourth 
formant frequency of the voiced segment. Although source 
II has a larger overall signal magnitude its energy is 
concentrated in the low frequency region of its spectrum. 
At the NB filter frequency the signal magnitude of source 
II is about 6 dB lower than that of source I. Hence, at the 
filter output source I seems to have greater magnitude, and 
it is this signal that the source location algorithm uses to 
locate the source. If, however, the first formant was chosen 
as the NB filter frequency, then the expected result could 
have been obtained. 

Signal Recovery 

Most of the results on signal recovery are in.the fonn of 
audio signals. However, some measure of the similarity, 

oc interference suppresfilon, of the recovered signal with 
that of the ociginal signal may be obtained by t:oosidering 
a signal-to-ooi.se ( oc signal-to-interference) ratio between 
the original and the recovered signals as follows: 

where 

N 

Es/ 
SJRJ i • O 

(19) 

SIR2 (20) 

SIR I - is the signal to interference ratio at the 
input, 

SIR2 - is the signal to interference ratio at the 
output, 

s1 - is the original source signal samples, 
s.; - is the received signal samples at array 

center, 
s" - is the recovered signal at the output of 

the system, 
N - is the frame size . 

A measure of the SIR improvement achieved may be 
computed, in dB, as the difference between the SIR2 and 
SIR!, i.e., 

SIR gain 
SJR2 

I 0 logio(--) 
SIR/ 
N 

L(s, - sn)2 (21) 
lOlog '"0 

10 N 

L(s, - s )2 
01 

r•O 

Values of SIR_. for some source locations are shown in 
the following table. 

These results give a measure of how close the recovered 
speech signal is to the original signal. They are all taken 
for locations along the center of the room. 
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Table 2: SIR gain due to focusing on a 90W'CC in a 
reverberant environment. 

,.. __ .... __ 
SNR.,.. 

.x. cm v.cm --
100 0 14.50 

200 0 14.34 

300 0 14.42 

400 0 12.25 

500 0 8.30 

600 0 7.44 

"~" 
I\ ... '"" 

CONCLUSION 

A new method has been presented to minimize the effects 
of reverberation of a speech sip in a room. The method 
appears to provide listeners an acceptable reproduction 
of the original speech signal with reduced effects of 
reverberation and noise. Special emphasis was made on 
using the source wavefront to determine the location of the 
source. Utilizatioo of wavefronts to provide soorce location 
for autofocusing has been demonstrated by computer 
simulations. 
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