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This work demonstrates that an acoustic mixture system e@ofig-
ured to accomplish the instantaneous mixture model camditi The
system in achievable using coincident boundary micropfioméich
is a suitable disposition to uniform the propagation chadetays and
to reduce the number of reflections characterizing the systgulse
response. With the use of coincident microphones, corivellBSS
algorithms provide optimal results with reduced numberapkt thus,
decreasing computational cost.

Mic 5
35—

Source Source

2 2

O hlz “\ Q hzz:hlz

Figure 1. a) Recording scheme using traditional separatedom

Introduction To solve the blind source separation (BSS) problem @hones. b) Proposed coincident microphones disposition.

convolutive acoustic mixtures, the environment acoustitditions
both with the microphones placement for obtaining the olzgems
plays an important role [1-3]. Several works have been fedun

how the mixing system affects the BSS algorithms and their pe

formance. In this sense, the acoustic environment effestbean
analyzed [4], evidencing that a large impulse response lmgghe
mixing system, which is directly related with the reverhienatime
and the density of reflections characterizing the acoustipanse of
the chamber, gives poor separation results.

However, the transducers characteristics and placemgsibgea
for recording the observations (being, at the same timanghes of

the BSS algorithm), have been evaluated in a few number df stu

ies [5, 6]. Until now, the available bibliography regardiognvolu-
tive BSS always establishes the separated microphonesidgeeh
usually at equispaced points, as the placement procedutteefoni-
crophone array [5]. In contrast to this technique, the useoai-
cident boundary microphones together with an adequatsdueer
placement, able to minimize the number of reflections capitioy
the microphones, is presented in this work.
To analyze the proposed mixing system structure for twocssur

and two observations (see Fig. 1 for details), it is posdibldefine
s[n] = [s1[n] s2[n]]T as the sources vectat[n] = [x1[n] z2[n]]”

as the observations vector ang;[n] as the impulse response of

the LTI system connecting th&" observation with thg'* source
(3,7 = 1,2). Therefore, we can express the mixture model as

hii[n]  haz[n] s1[n]
Lo =i wabd [ L00] o

Using the coincident microphones methodology (see Fig, ihb
stead of the traditional separated procedure (Fig. 1.e)atoustic
signal will ideally reach both microphones at the same tingaint
but, due to the directional behaviour of the microphoneshsaurce
will be captured with different power level. Consequentiyp ob-
servations or differently mixed signals are obtained iis thianner
but, on the other hand, there are no time differences beteen
sources present at each mixture. Hence, it is possible srobh
instantaneous mixing system for real world acoustic signislore-
over, with the use of coincident surface microphones it ballpos-
sible to reduce the number of received reflections, thuslgiyimg
the impulse response of the mixing system.

Considering that the directive property of tH& microphone to-
wards thej'” source;;, is frequency independent, the path impuls
response can be decomposed into a directivity fadterand a term
reflecting the acoustic environment characteristiGs|n]

hjin] = dji[n]hj;[n]

z1[n]
z2[n|

@)

in addition, when two microphones are summoned at the saing po

the impulse response from a certain source towards eacle ofith
crophones can be supposed to be approximately the same, henc

h/ll[n] = h;l[n] = h} [n] h'lg[n] = h'gg[n] = h;[n] (©)]
with these considerations, we can rewrite Eq. 1 as
ml[n] _ d11 h/l [n] d12 h/g [n] " sl[n]
[ za[n] ] = [ day hi[n]  daz Bn] ] [ sa[n] ] “)

and concentrating the acoustic environment impulse respon
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Therefore, Eq. 5 shows that the observations captured byitre-
phones can be considered as an instantaneous mixture afurees
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Figure 2: Transducers and sensors configuration insidecthestic
chamber used to evaluate the microphones influence acgotalin
coincident (a) and separated schemes (b).

signals modified by the effect of a concrete acoustic enunemt.

As a consequence, the situation can be transformed intossanin
taneous mixture separation problem. If this problem wesalig

solved, it would be possible to separate the sources phtfeech

one being affected by the acoustic environment of the hdilera-

fore, in those situations where the main objective is théiaipsep-

aration of the acoustic sources and the minimisation of tier

ferences introduced by other sources, this perspectiveeoptob-
lem would be optimal. However, in practical situations itilcbbe

more complicated to accomplish the requirements estalishthis

model. Firstly, a small positioning error will exist in theahsduc-
ers conforming the coincident array and, secondly, theapluone
directivity pattern does not remain constant with freqyenc

Experiments To corroborate the previous ideas, experiments us-
ing both microphones configuration, coincident and sepdrdtave
been carried out. These experiments have consisted of deshrg
nario of two sources and two sensogsx 2) summoned into two
different acoustic environments: an anechoic chamber aadad-
ing studio. These configurations are illustrated in Fig. 2.

The recorded observations were computed using the selB&8d
algorithm and the influence of the filter tap number in the s
performance was analyzed, ranging from 1 (instantaneoxsira)
up to the maximum impulse response length associated tos#tach
Fation. In this work, the tested BSS algorithms have beelCti&-
ISS [7] and MBLMS algorithms [8].

To validate empirically the proposed methodology, the auto
correlation and the cross-correlation sequences beteabtained
impulse responsés; 1 /ho1 andhiz/hae have been computed using
the coincident microphones configuration. As an examplg, i
plots the cross-correlation and autocorrelation fungtiohthe im-
pulse responseés; 1 andhsg; in an anechoic chamber for coincident
microphones.

Results The independent sources used in the experiments have been
estimated by applying the convolutive BSS algorithms [7a8d,
making use of the filter tap number variation, the separapenr
formance has been measured according to the signal todrearfe
ratio (SIR) defined in [9]. Results obtained with coincidant sep-
arated microphones are compared in Fig. 4 for the anechainiclr
and the recording studio. We can observe that: firstly, thhvalo-
tive BSS algorithm obtained better results in both acouestigron-
ments for short filter lengths. Moreover, the highest SIReached
with the minimum number of taps, i.e., for an instantanedosalr
mixing system. Secondly, as can be seen in the SIR plotsetudts
obtained with coincident microphones seem to be indeperud¢ne
acoustic characteristics of the enclosure.
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Figure 3: Cross-correlation and autocorrelation funatiohthe im-
pulse responseés; 1 andhsg; in an anechoic chamber for coincident
microphones f;= 44100 Hz).
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Figure 4: SIR for the same BSS algorithm [7,8] in anechoiaber
and recording studio for coincident and separated micnogs.o

Conclusion The present work has demonstrated that optimal convo-
lutive BSS results are achievable, with the use of cointidennd-

ary microphones, reducing considerably the filter taps rermif
simple configurations of two sources and two sensors. Intiaddi

a substantial decrease in the computational cost can bbeedny
using the instantaneous approximation, where it is pasgiblre-
cover the source signals convolved with the impulse respohthe
chamber but, at the same time, with the highest SIR.
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