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Abstract— Subband blind source separation methods have been mixtures can be treated as instantaneous mixtures in each
cently proposed with the objective of reducing the computationfilequency bin [2]. The disadvantages of such methods are the

complexity and improving the convergence rate of onIir_le adapti\é?caling and permutation problems among the bins, besides
algorithms. Oversampled subband structures, employing unlforgj;a '

DFT filter banks, are usually employed in order to avoid aliasin e need of using long windows of data for implementing

effects and keep enough samples to estimate the statistics of f@h-order filters. Owing to the non-stationarity of the egle
subband signals. In this paper we present a critically samplsijnals and mixing systems, the estimates of the needést stat

subband structure, composed of real-coefficients uniform filterdbanfics for each bin might not be correct for long window data.

and reduced-order adaptive subfilters, for the blind separation ﬁch disadvantages can severely degrade the performance of
convolutive mixtures. Through experimental results, we evaluate the

impact of the filter banks and lengths of the adaptive filters on t Eequency-domaln e_llgo_rlthms. Som_e of the_se_ probl_ems_ can
source separation for different reverberation characteristics. be lessened in off-line implementation by minimal distomti

principle, multivariate score function and direction ofieal
Keywords - subband Blind Source Separation; convolutive mixtures,  (DOA) estimation for sources [1]. In this scenery, subband
second-order statistics. methods can be employed mainly due to their characteristics
of breaking the high-order separation filters into indeamnd
smaller-order ones and allowing the reduction of the data

Blind source separation (BSS) techniques have been eampling rate.
tensively investigated in the last decade, for application In this paper we present an online subband BSS method that
several areas, such as audio systems, image enhanceraamloys critically sampled uniform filter banks and reduced
and digital communications. These emerging techniquesvall order separation FIR filters. The coefficients of the subband
the extraction of a desired source signal from a mixture ekparation filters are adjusted independently by a timeailom
several observed signals without knowledge of the sourcadaptive algorithm using second-order statistics [3], imgukt
(location, spectrum, etc.) nor of the mixture system. Tliggy possible to assume different reverberation conditionguesal
considers determined convolutive linear mixtures of sheesubbands. The proposed structure applies multirate Bimges
signals (where the number of sensétss equal to the number to reduce the computational complexity and extra filters to
of sources®), which takes into account the reverberation igancel aliasing among adjacent bands [4]. Another advantag
echoic ambient. In such cases, typically finite impulse@asp of the proposed algorithm is the use of real-coefficientsrslt
(FIR) separation filters of large orders are required, m@akie  which is suitable for DSP implementations. An experimental
separation task very complex. In order to solve such proplesvaluation of the performance of the proposed method for
several methods based on independent component analgpisech signal is conducted, considering the filter bankydesi
(ICA), which assume independent non-gaussian sources, hawd the reverberation characteristics.
been proposed in the literature.

Some of these solutions employ FIR separation filters,
whose coefficients are estimated by an ICA algorithm diyectl Fig. 1 shows théth subband of the linear TITO (two inputs
in the time-domain. In real applications, the separatiderl and two outputs) configuration for th&/-band BSS. In this
have thousands of coefficients and, therefore, such ahgasit structure thejth observed signaky,(n)) is decomposed by the
present large computational complexity and slow convergendirect-path filters % (n)) and the extra filtershg, ,_1(n)
in the source estimations [1]. In order to mitigate sucand hy ;11(n)). Assuming that the filter prototype used in
difficulties, frequency-domain BSS methods were proposedtie implementation of the analysis filters are sufficiently
where the convolutions become products, and the convelutselective, we can consider that aliasing effect only exists

I. INTRODUCTION

II. ONLINE TIME-DOMAIN SUBBAND BSS
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Yiin) the permutation problem among sources [3], being intergsti
wit'(m) o Yo X v for an implementation in subbands. In this context, we have
Wi TP 52 extended such algorithm to the subband time-domain, with
wiy () —/ multirate processing. .
WS ol o From Fig. 1, assuming that there is no overlap between
> the frequency responses of non-adjacent filterg:) [4], we
=) o ODSErve that theth output signals at theth subband are given
fulband wis (m) fu_IIbgnd by
signals signais k = i 1Tk,
X Yq (M) :Z Z (Wop]™ X" (m), 3)
Wi (m) p=1i=k—1
vyl E W %lo) wherex!(m) is the vector that contains the latest sam-
3 g W, (M . . .
o oo L o yim) (o 1io% v, Ples of thepth sensor subband signaf‘(m), andw!,, =
(ho] . inne : [wi,(0), wi, (1), ..., w,(K—1)]"is the vector containing the
>vm] wim) e K coefficients of the subband separation subfiltefs(m).
’ The vectorx®“(m) can be written as
Figure 1. k-th subband of the linear TITO configuration for BSShifrband. Xl;,i(m) = Xp(m)hy.s, 4

where theK x Ny matrix X,(m) is given by
among adjacent bands being extra filters responsible for its

T
cancellation [4]. The resulting signals}(*(n), 5"~ (n) and « (?ZET%%T
xf**1(n)) are downsampled by the critical decimation factor X,m= , (5)
(M) and applied to the separation filterg/( (n), wk*(n) :
andw’ ! (n), respectively). The corresponding output signals Xp(m—K+1)M)".
are up-sampled and recombined by the synthesis filf(s.{) In the generic block time-domain subband BSS algorithm,

to restore the fullband output signals (estimated sourt®h  defining IV as the block size and as the number of blocks
perfect reconstruction (PR) filter banks, including extheefs which are used in the correlation estimatés(D < K), we
for cancelling aliasing among adjacent subbands, thiststre  can write thekth output vectors of block indek as

is able of exactly modeling any FIR unmixing system [4]. P k1 ,
Assuming that,,(n) is the impulse response of a prototype yal) = >0 w,l” X5 (0), (6)
filter of length Np of a cosine modulated multirate system 1 imho1

having M bands [5], we conclude that the number of coeffi- ,
cients of each separation subfilter at it subband should ith the K x N matrix X’“(g) expressed as
be at least [4] P
- [S40e] @ X O KD, XN D] Hei s (D)

M where the Ng N x N matrix Hy;, has the first column
where S is length of the fullband separation filter. The filter§ormed by the coefficients dfy ;(n) followed by (N —1) Ny
hii(n) of Fig. 1, which decompose the observed Sig,1a§§ros, and the remaining columns are circularly shifted by
qun) have impulse responseés ;(n) — hy (1) * ha(n). H .posm’(c)ns from one column to the next. The x N

The observed subband signélg’i(m) of Fig. 1 can be matricesY; (m) contain D subsequent output vectors and can

expressed as be written as

k,i T

xg"(m) = X, (m)hg s, (2) AL . i

’ ’ Yi0) = D03 Wo(0) X0, ®
where x,(m) = [zp,(mM),z,(mM — 1),...,2,(mM — p=1i=k—1
Ny + 1)]T is the vector that contains the latedty = with
2N, — 1 samples of thepth sensor signal and,; = kyi o ki o ko T

. ’ . X5 (0) =X, (), X, (£—1 9
[hi(0), by s (1), ..., by s(Ng—1)]T is the vector that contains p () [ p (6, X ) ©)
the Nz coefficients of the analysis filtefy. ; (). andW! (¢) is aD x 2K Sylvester-type matrix given by
For colored and non-stationary signals, such as speech ‘ _ _

signals, the BSS problem can be solved by diagonalizing Wopo Wgpy **° Wgp,ey O oo 0 0
the output correlation matrix considering multiple blodks ; . )
different time instants. The method derived in [3] is based Wi (0)=| 0 %o Waps = Wapyoy O oo Of
on second order statistics and explores two characterisfic s 00
the source signals simultaneously: nonwhiteness, andtarons 0 - 0wy, w,, ---w, 0

tionarity. This approach, differently of the ICA, is robust (10)
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L. . 4.45
Combining all P outputs of each subband, we can rewrite 200m =
Eq. (3) concisely as ;
room height : 2.5 m . loudspeakers height : 1.6 m
k+1 |
YR = [YE@®), -, YR@]T = 3 WioxM(), () |
i=k—1 i
where . )
ki _ K a1 T R
o k\/ ,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,,
GO W) GRE
W) = : .. (13) N £
o ’ o . 2N A 3
bi0) .. Whp(0) ) :
~In mat[)ix formulation, the online subband BSS cost function omnidirectional micmphgnes pairs height : 1.4 m
is given by ‘
3% (¢) = log(det(bdiag Y* (£)[Y* (0)]T))—log(det( Y " (£)[Y* (£)] 7)) Figure 2. Virtual scenario used in the experiments.

(14)
where bdiagA) is the operator that zeroes all the submatrices TABLE |.  GLOBAL PERFORMANCE MEASURES FOREXPERIMENT 1
which are not located in the main diagonal Af =193 =556 T=515

Applying the natural gradient method to the above COSt—r—5iReTSARS [SDRESIRC|SARC [ SORE SIS TSARS | SORS
function, considering a TITO system and omitting indesf T 55 204 40 23T 197 116 99 T 99 | 66

the submatrix correlation to simplify the notation, we obta [z37 T B531 512 1143 (38202 | 30 1105102 70
16M [12.3] 0.5 | —1.2[12.4] 0.3 |-02[ 9.9 [ 0.6 | —0.6

n RE T IRE, W [RE I IRE,,, 1TWS,
Vw, S(£)=2 ,
[R];zyz]_l[Rlyclw}TWIlcl [R22y2]_1[R§1y2]TW11€2
15) better relation among the number of subbandlf) @nd the
whereR’;qyp (¢) is a submatrix of dimensio® x D. prototype length Iy,) for the BSS application.
The c_)nIine algorithm for adjusting the Coef_ficie_nts of the A uniform subband structure was imp|emented using
gsgtaerr%“cijg gsi\tl‘gr‘;”ga;s of each subband, considering a TIQGyically-sampled cosine modulated filter banks with= 8
' and prototype filters of lengthgV, = 4M, 8M and 16,
W () =W*(=1)—p [)\ngng(g_l)Jr(1_/\)V€V1\£g(4)} (16) Which yield perfect reconstruction. The adaptation siep-s
was set equal tg. = 2 x 1073, Four speech signals were
where . is the step-size of the adaptation algorithm ants  used: two female and two male, being two of them spoken in
a forgetting factor [6]. English and the other two spoken in Portuguese. Thesedsigna
were convolved with synthetic impulse responses obtained
by simulation of the virtual scenario of Fig. 2, which was
In all experiments, the signals were sampledFat =16 proposed for the 2006 Signal Separation Evaluation Campaig
kHz and the subband coefficientsj]p(n) were initialized (SISEC 2006) [7], presenting reverberation time25f) ms.
with zeros, except fop = ¢, in which the coefficients were Even though the original scenario had four distinct sources
initialized with 1. The number of data blocks used to estimatea different directions, our simulations employed only two
the correlations (Eqg. (15)) wa® = K, the length of the sources, as illustrated in Fig. 2, in order to reduce the eemp
output blocks wasVv =2K, the lengths of the separation filtergational complexity of the BSS methods. Each pair of speech
were equal to the lengths of the mixture filtets £ U) and signals were mixed, resulting in 6 different combinations.
the forgetting factor was\ = 0.2. During our experiments Table | presents the average values of the SIBAR® and
we monitored the correlations among the estimates of tB®R®, considering different reverberation conditiors: =
sources in the several subbands in order to avoid permatati®8, 256 and 512. These measures were obtained using the
problems. toolbox for the calculation of the performance measures of
BSS available in [8].
From Table | we observe that the use of very selective
In this experiment we evaluate the impact of the filter barfrototype filters v, = 16M) sometimes does not result
(through the use of different prototype filters) in the fallng in the expected performance in terms of 8JRSAR® and
performance measures: $SIRGlobal Signal to Interference SDR®, with observed distortions in the source estimates. On
Ratio), SAR® (Global Signal-to-Artifact Ratio) and SDR the other hand, the use of less selective filter banks= 411)
(Global Signal-to-Distortion Ratio). We will establish eth might degrade the separation, since the mean-square drror o

IIl. EXPERIMENTAL EVALUATION

A. Experiment 1
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TABLE Il. COMPLEXITY COMPUTATIONAL FOR EXPERIMENT 1 TABLE Ill. SIR WITH DIFFERENT LENGTH SUBFILTERS IN SOME BANDS
M =38 SIR without reduced length subfilters
N, U =128 U = 256 U =512 M| U=256 | U=512 U = 1024
AM | 352 x 105 | 2.05 x 10% | 13.83 x 10° 1 12.2 10.1 7.4
SM 6.08 x 10> | 2.82 x 10° | 16.42 x 10° 4 13.1 9.9 7.2
16M | 1.44 x 10% | 4.86 x 105 | 22.53 x 10° 8 12.5 10.7 7.2
M = 1 (full band) 16 14.2 12.4 8.2
U = 128 U = 256 U =512 SIR with reduced length filter in the highest frequency band
33.55 x 10% | 2.68 x 10% | 2.15 x 107 M | U=256 | U=>512 U =1024
1 12.2 10.1 74
1 13.5 9.9 7.1
o ) 8 13.1 10.7 7.2
the structure is increased [4]. Table Il presents compfexit 16 14.2 12.4 8.2
computational from Table | simulations and compares with SIR with reducedflehr)g;h ﬂt t?rs in the one fourth of bands
. _ . Or highest frequencies
fullband algorithm M = 1) presented in [3]. T U =256 T U =512 T =10%4
Therefore, according to Tables | and II, the best global 1 12.2 10.1 7
measures were obtained with the prototypes of lengths-= 4 13.0 9.9 7.1
8M, which also reduces the complexity computational when | 8 | 124 10.6 7.2
. . . 16 14.2 12.4 8.2
compared to fullband implementation. Such relation betwee
N, and M will be adopted in the next experiment.
B. Experiment 2 cost function is composed by the correlations among the out-

. : ) t imulati ith h signal t
quality of the signals captured by the microphones. In [9] omputer simulations with speech signals were presented

several experiments in rooms of different dimensions Wef%Jstrating the influence of the acoustic reverberatiord an
: o iiter bank characteristics on the performance of the pregos
conducted, demonstrating that the average reverberatien t b preg

q the f . f the sianals i g BSS method. It was verified that a reduction in the number
ecreases as the lrequencies of Ihe sighals INCreasesy Mall - efficients of the subfilters which operate at the high-
due to propagation losses caused by the air viscosity

X h fi f
frequencies above 1 kHz [10]. Based on these results, équency components does not degrade the performance o

explore the flexibility of the subband BSS structure, whicﬁlIee subband BSS algorithm.
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