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ABSTRACT

A new approach for estimating the location of a speech
source in a reverberant environment is presented. The
approuch also implements focusing using a linear array
nf microphones to reduce the effects of reverberation. The
adgorithm estimates the curvatire of the incident wavefront
of the source with regurd (o ils umages by using an
estimeated signal-to-mterference ratio (SiRe) function. The
location which maximizes the SIRe function iy used to
estimate the source location. A delav-und-sum techniyne
ix thent used to focus on the source 1 order to reduce the
effects of veverberation and rnise. Simulation results are
presented for aroomof size 8 ~60m and the first 23 planer
mraages af the source. The resulis show that the new
dleorithm s effective in locating a speech source and
nettmizine multipath e ffecty

INTRODUCTION

s puper addresses te problem of aumomatically Jocanng
1 speecll source moa reverberant room using a linear array
af mierophiones. The problem of locating a speech sonree
s comphicated by the presence of correlated signals, due
ter rltpaly eflects, and uther acoustic sources as well as
the wadehand nuture of the speech signal.

Seutee location using an array, ol transducers has mas
applications in navigabion, surveillence, acrospace. and
gevphvsics [0 Signals radiating, from a souree arrive at
the sensors of an array with relative time delays which
depend on e source sensor geomeiry. Diflerences in the
selative trnies of amival wcach sensor can be used to infer
the location of the sowree

Most approaches to soree focation use a plane wave
approximation | 1.5 That s the source 15 assimed W I
i the far-tield of the wrav. Methods which apply 1o the
near-ficld ease tor speech applications have also been
supgested [7 13 ] The approach taken by Flanagan ef of
[7] wses a ray tracing approach. This approach reguires
exact knowledpe of the room geometry and 15 ¢ o m

putationally complex. An alternate approach is to use a
Green's funclion which maodels the room more accurately
than a plane wave but not 4s exact as ray tracing. The use
of 4 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 maximun SIRe used
to find e location Vanance bounds on estimated range
ared beanng using  wavefront rangimg methods, wme
sugeested in [9,10].

In this paper we Like a simudar approach o Abe er e |13
willr several tundarmental differences A narrow-band 1585
{ilter 1s used foinerease the SNR of the neasured <ignal
and to reduce the elfects ot reverberation The SIRe fncuon
son eaduessd and wsed o fnd the range as oppased o the
fucused Tunction used by Abe. The SIRe measures the
relative devation fonta plane save of the focused tunchion
at the focation m question. This is shown o vield betier
performance m e reverberation on mult-source sifuation
thann Abe s approsanuton. Fast search alponthinns and muly
resoluhon strategies il be wsad o ind the priman source
In el tme

The paper 15 orpamzod us tollowss Azcoptinad single somee
hocation estiniation abgonthn s presented and e inotdions
of  this optimad approach. for use e multi-souree
emiromnenl, are discussed i twirns of spatial fregquena
averlap, Finallv a new heuristic alponthim, etfeetve oomuln-
SOUTCE TN IFONINETH S 15 presented

RANGING USING TIME DELAY ESTINATION

Consider a poant sonree 1 the near-tield of o linear aay
L3 sensors o ennaparts, The souree location paratuciens
roand 0 areshownin i 1 Letthe NI sowree frequency
b o Noke that Tor vrmndr cetional sensors, the received
signal s independent ol @ §lence. we will consider sotees
n the v -z plane only For aosensor spacingd. = nel,

simg®,) (11
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Figure 12 3D plot of SIRe for source at (300,0),cm.
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Figure 13 3D plot of SIRe for source at (140,200),cm.
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Figure 14  Source at {500, -210) cm.
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Figure 15 Source al (750,250), 50 cm from each wall
near gorner st (800,300) cm

Two Speech Sources

The results for two speech sources placed in the reom are
shown m Figs. 16 and 7. Two cases have been studied:

. the sources are identical in signal strength but
are placed al locations (140,200) and (200,0).
The second source 1s closer to the array. The
source disiance 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 signel strength is higher than the
second source.

In tbe first case the twa source signals were 1dentical buy
the: second source, at (200,0), is closer 10 the array. For this
case the closest source, 1.¢., the source with the greater
signal strength at the center of the arrav, has been located
as can be seen in Fig. 17,

Thas result is, of course, to be expected since the other
source is acting as &n 1mage source placed closer to the tnie
source. In the seoond case the algonthmn locates the source
at (140.200). This 18 an nteresting case in that the farthest
source has been localed. This result may be explained if
we consuder the effect of the NB filter in each channel.
Source I, at (200,0), is a voicod segment and source I, at
(140,200, i3 an unvoiced segment with a lower over all
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Figure 16 Loudest source at (140,200, em, 15 picked

Closast rd fw pdeptcal sourced pwch e

Figure 17 Closest souree at coordimate (20 U}, cm,
picked by algonithm.

siimal magnitude The NB filler frequency 1s at the tourth
formant Fequencey of the voreed segnent. Although souree
IT has a larger overall signal magnitude 1its energy s
concentrated m the low fiequency region of its specuum.
Atthe NR filter trequency the signal magmitude of source
II's about 6 dB lower than that of sowce | Hence, at the
tilter output source [ seetns to have greater magmitwde, and
it 1s this signal that the source location algonithm uses to
locate the source. I, however, the tirst formant was chosen
as the NB filter frequency, then the expected result could
have been obtained

Signal Recovery

Mot of the results on signal recovery are i the form of

audio signals However, some measure of the similanty,

or interference suppression, of the recovered signal with
that of the ongnal sgnal may be oblained by vonsidering
a signal-lo-noise (or signal-to-interference) ratio between
the onginal and the recovered signals as follows:

N
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where
SIR1 - s the signal to interference ratio at the
mnput,
SIR2 - isthe signal to interference ratio at the
output,

5, - 15 the ongmal source signal samples,

Ln
'

15 the Teceived signal samples at array

center,

5, - 15 the recovered signal at the output of
the svstern,

N - s the frame size,

A measure of the SIR improvement achieved mav be
compuiced, in d8, as the diflerence between the SIR2 and
SIRT, Le,

. SIR2
SIR 1010 —
gutr gl”(SIR)")
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Values of SR, for some source locations are shown i
the following table.
These results grve a measure of how close the recovered

speech signal 1s to the original signal. They are all taken
tor locations along the center of the roum
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Table 2: SIR gain due to focusing on a source in a
reverberant environment.
SNR,.
x, cm Y cm
100 0 14.50
200 Q 14.34
300 0 14.42
400 0 12.25
500 0 8.30
600 0 7.44
CONCLUSION

A new method has been presented to minimize the effects
of reverberation of a speech signal in a room. The method
appears o 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 wavefiont 1o determine the location of the
source, Utlization of wavefronts to provide source location
for autofocusing has been demonstrated by computer
simulations.
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