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Abstract

This paper proposes a new stereophonic acouslic echo canceler with deploying delayless subband adpative fitters. Duc to

the strong correlation between sterco signals, a stereophonic acouslic echo canceler is suffering from the slow convergence

and the misalignment for estimating impulse responses corresponding 10 truc echo paths at rcceiving room. Specially, dual
adapiive filters for echo cancellation are significantly affected by the abrupt change of the transmission room environment

so that the impariments on voice communication could be experienced. To prevent thesc performance degradations, this

paper proposes a robust subband ccho canceler employing pre-processing block so as to enhance the convergence speed and

provide the insusceplibility to the environment change at transmission room.

I. Introduction

In recent years, the monoaural acoustic echo canceler
has been widely utilized on various hand-frec communic-
ation units specially in the teleconferencing system. And
its major role is the suppression of undesired echo signals
which are induced by cross-coupling effect between the
speaker and the microphone at the same confercncing
site. So if nothing were done to this echo signal, sub-
sequently it is delivered back 1o the remote site. As a resull
the remote talker listens his own voice after designated
tme delay. Eventhough communication channel is char-
actenzed as distortion-free, this acoustic echo lcads talker
to fcel discomfort over the remote conversation.

Referring to relcvant articles {1]-[4), many schcmes cor-
responding to monoaural echo cancellation have been
well exploited. But il is notcworthy thatl the monoaural
teleconferecing system could not provide the naturalncss
and realistic presence over the voice communicalion. To
enhance the quality of remote conversation, the multi-
channcl version of teleconferencing system becomes prefer-
abfe because of ils capability of crealing more realisiic
sound cnvironments. However in the situation of deploy-
ing muiti-channel conference system, coupling effect bring-
ing oul acoustic echos between speakers and microphones

becomes more complicated to be mitigated. As a simpler
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version of muitichannel system, this paper will consider
the stereophonic teleconferencing syslem and its deploy-
able structure of the echo canccler.

As mentioned in [l], unlike monoaural echo canceler,
stereophonic echo canceler encounters a varely of in-
herent problems which are still left to be unsolved. To
overcome these fundamentai problems such as the misalign-
ment, the slow convergence and the variation of sub-
optimal solulions to the change of far-cnd envtioment,
scveral modified schemes have been proposed in [5-{7].

In this paper, the siructure of stereophonic acoustic
ocho canceler and its functional aspects arc discussed in
section . And fundamental problems existing on the stere-
ophonic acoustic echo canceler are investigated in scction
. Section IV introduces the structure of the full-band
stereophonic acoustic echo canceler including the pre-pro-
cessing block. Section V provides the propesed subband
version of stereophonic acoustic echo canceler referring (o
the aspects discussed in section V. In section V, the su-
perior performances of the proposed subband stereophon-
ic echo canceler will be verified via conducting computer
simulations under various situations. Finally the conclud-

ing remarks follow in section V1.
{I. Conventional Stereophonic Echo Canceler
A stereophonic teleconference syslem basically consists

of two pairs of microphones and speakers al each

teleconferencing site and four adaplive fillers need 1o be
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implemented cither at lransmission or receiving sites o
cancel oul unwanted echo signals. The basic structure of

the slercophonic echo canceler is depicted in Fig. L.

transmission room receiving room
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Figure . Basic struclure of the stercophonic acoustic echo can-
celer.

Here Gy and G represent acoustic pickup transfer fun-
ctions which convey source signal into microphone M,
and M. Here due to the fact that the single source signal
impinges (wo differenily located microphones, high de-
gree of correlation between two microphone inputs might
be experienced. Furthermore since al receiving room four
propagation channels represented by {H;;}i;-( 2 anisc be-
tween speakers and microphones in symmetric fashion,
without a loss of generalily, two acouslic propagation
channels, i.e, Hi2 H; and H> 2 Hix» which are formed be-
tween a fixed speaker and two distinct microphones, are
suffictent to be considered. In Fig. |, the adaptive filters
H, and H, are used to regenerale echo replica via tracking
the time-varying lrue echo path systems H, and H: respect-
ively. The composite echo signat W#) in Fig. 1. is formed
by adding up two distinct echo path system oulputs.

Assume that far-end talker’s speech is not in presence,
the composile received signal at microphone can be ex-
pressed by

wn) = x1(32) * fn{(m) +x2() * ha(n) )

wherc ¥ is a convolution operator, and x,(») and x,{(n)
are speaker outputs and &,(») and A:(n} are impulse re-
sponse sequences associated with corresponding true echo
path systems respectively. Supposc that the echo canceler
is implemented by FIR-type of filter whose coeflicients
are updated in recursive manner, the echo replica ¥(») is

comprised of two distinct FIR filter outputs given by

F) =11, Xon +HY, Xom )

where A7 is a transpose of matrix A, Hi, i=1, 2, is L-di-
mensional weight vector at the time instant » associated
with each adaplive filter, and X, is the reference input

vector expressed as
KXm=1x{n), xi(n—1) - xi(n~L+1)], i=1-2. (3)

Then the residual cancellation error signal is represented
by

an) & wn) - y(n) = yin) ~ Hi X, @
where

Xe=[x7, X017 (5)
and

Ho=HL AL (6)

Thus, in order to salisfy the perfect alighment such that
converged adaplive filter weight vectors H\, and Hzx should
be identical to the true echo path systems H, and H; re-
spectively.

. Fundamental Problems on Stereophonic
Acoustic Echo Canceler

This section discusses the major disruptive problems
which are direclly affecling the performance of overall

echo cancellation system.

3.1 Misalignment and its Effects

Suppose that lhe length of impulse responses cotre-
sponding to the acoustic pick-up transfer functions and
ccho path syslers are finite. Then speaker output signal
vectors {Xy,, Xan} and transmission room impulse re-

sponse veclors {G(, G2} satisly the fellowing relationship,
XL,G= X! G,. (N

2| H1,, H7,,] for dual adaptive fil-

ters can bc obiained by solving the following system of

A Wiener solution f{,,.,

linear equations given by

) Ry Re11H,, P
N PR
Ry R | | Hayope P,
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where, R= E{X, X1} is the reference input correlation ma-
trix, and P;=E{3(n) X"}, i=1, 2 is the cross-correlation
vector between Lhe reference inpul vector and ccho signal.
To obtain a set of Wiener solution from (8), il is neces-
sary that the input correlation matrix R should be invert-
ible. But with a help of (7), multiplying a nontrivial vector
U =[GT-GT|” from the right side on (8) gives rise to

|

Xin
=E{l I }(X:-,,Gz—x;(;l)}
XZn
=0. (9)

According to (9), it can be noticed that input corre-
lation matrix turns out to be singular. Unforlunately this
implies the existence of many solutions satisfying (8} such
that adaptive filler possibly misconverges into the un-
wanled solution. In other words, optimum weight vectors
are not uniquely determined, subsequently it results that
weight vectors could not be cquivalent to actual echo
path impulse responses, L.e., I-?,o,,,#H, and l}m,#Hz. On
the contrary, if the inpul signals are slatistically uncorre-
lated, Wiener solutions for each adaptive filtcr have the
form of I?h,,,E R'Pyand I:{,,,,,‘=“ R, P2 Morc interestingly,
it can be shown that the resulting optimum weights arc
coincident with Lrue echo path impulse responses.

3.2 Environment Change and its Effects

Another undesired performance degradation arises al
the instant of environment change in the transmission room.
To see the cffects, using the relations X (2) =S5(2)}G {2)
and X,(2)=35(2)G,(2) together with (1) and (4), the Z-tr-

ansform of the estimation crror signal can be erpressed s
Bz} ={AH(2)G\(2) +AH(2)G2(2)} 5(2) (10)

where $(z} is the Z-transform of remole talker's speech

and
AH(2)= H](Z) - l"h(z). AH;(Z} = Hz(z) -~ HZ(Z),

Since G,(2) and G.(2) arc not trivial, in order 1o salisfy
H2)=0 it only happens when AH,(2)=0 and A/1(2)=0,
But as discussed in last subsection, if the two speaker oul-
puts are not perfectly uncorrelated, true echo paths could
never be restored. Moreover assume that there exist some

filters satisfying £(z)=0, the estimates }?;(z} and F}z(z) are
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required 10 be adjusted at the variation of acoustic pick-
up transfer functions subject to £X(2}=0 as in (10). This
implies that the performance ol acoustic echo cancellation
is inevitably corrupted at every instanl of change of trans-

mission room environment.

3.3 Slow Convergence and Large Computational Com-

plexity

It is well known thal the convergence speed of Lhe ad-
aptive Niter directly depends on the eigenvalue spread ratio
of relerence input aulocorrclation matrix. Since the re-
ference signal to each adaptive cancellation filter is speech
in general, the adaptive Nilters suffer rom the slow con-
vergence. Specially for stereophonic echo canceler the slow
convergence problem becomes evenmore serious because
the overudl inpul correfation matrix as in {(8) has been
characterized as being iliconditioned because deriving
source is 1n common [or both channels. Conscquently,
the convergence speed for sicrecophonic ccho canceler
becomes significantly slower than the monoaural.

In stereophonic conferencing system, four adaptive fil-
ters are needed to control Lhe echo signal via tracking es-
tablished acouslic echo paths al every instant of lime.
Under the room circumstance, echo path is characterized
with tong impulse response. Thus, FIR-type adaplive fil-
ler having tong lap delays is required so as to obtain ac-
ceplible cancellation capability without giving any pereept-
ual depradation. Thus, on the implementation, the high
degree of computational complexity becomes one of the

primury concerns.

IV . Proposed Stereophonic Echo Canceler

The structure of the proposed slercophonic echo can-
celer is iustrated in Fig. 2. Major difference from the
conventional one onginates on the usage of preprocessing
block which is generating the reference inpuis to each

echo cancellation filter.
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Figure 2. A robust stereophonic acoustic echo canceler.
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Here x,(») and x»(n} are the lefl and the right micro-
phone output signals at transmission site, and xc() is the
camposile signal, i.e., x»)=x(z) +x,(n). Furthermore
let the transfer function between x.(n) and x,(n) b2 Fi(z)
and belween xdn) and x,(n} be F.(2). Since the source
signal is used in common for producing both microphone
output signais {x(»n), x,(n)}, F,(2) and F{2) can be repre-

sented by exact formulation in terms of G(2) and G.{(2)

as follows

. - G;(z) . _ Gz(Z)
F@=oo to ™ 0= e v MY
From (11) it can be easily noticed that

Fz)2 F{z)=1-F(2) (12)

Thus, as shown in Fig. 3, by making us¢ of (12}, both x,(z)
and X2(n) can be cstimated from the common reference
signal x.(n) using only single adpative filter A2)=F{z) =
| - Fy(2). Resulting estimation errors, ie., e1(n) 2 x1(n) ~
%1(n} and €;(n) 2 x,(n) —x,(n) can be related as follows:

e,(n) +e:(n)=0, (3)
x4(n) P )
X o(n) & F(z) q

<D
-|1-F(z)r B x(n)

Pre-processing Block

Figure 3. Proposed pre-processing block.

The reference signals to the dual adaplive filters are the
composite signal Xc{¢) as welt as the error signal e,(n)
which are generated from the pre-processing block. Refer-
ring the orthogaonality principle, it is noteworthy that ¢(z)
and x¢(nm) are stalistically uncorrelated provided that the
adaptive filter employed on the pre-processing block
satisfies the Wiener solution. Furthermore the composite
echo signal ¥{n) can be decomposed inte two distinct fil-
tered outpuls derived by the uncorrelated signals xc(n)

and ¢,(n). To see this, with the help of (13), the Z-trans-
form pair of the reccived signal »n) is represented in
terms of X.{z) and E;(z) as below

Y(z) = H(2) X1(2) + Hy(2) Xo(2)
= H: (DX (2) + E,(2)) 4+ H2) (Xy(2) +Ex(2))

= Pi(2) Xc(2) +Py(2) Eu(2), ()
where

P\{(2) 2 (H\(2) — Hy(2)) F(2) +H,(2) (15)
and

Po(2) 2 H\(2) - H2). (16)

Equation (14) indicates the composite echo signal ¥{(»)
is comprised of filtered outputs derived by the combined
signal xc{») and the estimation error signal ¢,(») through
P(z) and P.(z) respectively rather than H,(2) and #,{(2).
Interestingly, as long as the filter coefficients of F(2) near
to the optimal in minimum mean square sense, x(») and
&,(n) becomes likely uncorrelated with each other. There-
fore generating x¢(32) and €,(n) can be viewed as processing
outputs through the decorrelation filter in between highly
cotrelated signals x,(n) and x,(»). Thus, deriving xc{n)
and e,(») as reference signals to adaptive filters for esti-
mating the desired signal 3(#») is more meaningful rather
than using x,(#) and x;(n) straightforward.

Furthermore, by making use of (15), (16} it is obvious
that echo path systems H,(z) and H,(z) can be expressed
as follows:

Hi(2) = Py(2) +(1 — F(2)} P2(2) an
Hi(2) = Py(z)— F(2) Py(2). (18)

Using (17) and (18), the resulting dual adaptive filters P(z)
and P (2) can be utilized for estimating true echo path

systems as follows

Hi(2)= Pz) +(t - F(2)) Po2) (19)
,(2) = P(2) - F(2) Pr2). (20)

Thereby, using (19) and (20), the estimates of true echo
path systems H,(z) and H1{z) can be obtained indirectly
based on estimaling P,(2) and P:(2) together with F(2).
Therefore, if the adaptive filter used in the pre-processing
block converges into the Wiener soluiion, reference inputs

to the echo cancellation filter turn out to be nearly
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uncorrelaled with cach other, the optimum solutions for
Py(2) and P(2) can be obtained in unique fashion. Accord-
ingly the estimated echo path systems H,(z) and #:(z) could
be coincident lo the true echo path systems.

Another advantage of employing pre-processing block
for stereophonic echo canceler in Fig. 2 is that inherently
it could gives rise to some robustness to the abrupt cn-
vironment change in transmission room. As in {t1) and
(12), the variation of environment is taken into account on
the transfer function M2). Thus, at the change of environ-
ment such as talker's movements, the optimum solution
of the adaptive filter F(z) in the pre-processing block might
be changed. Subsequently, the correlation between two re-
ference signals to the echo canceler filters increases so that
the performance of the echo cancellation becomes de-
graded at that instant. As soon as the adaptive filter Flz)
converges into the newly altered Wiener solution induced
by the change of environment, once again dual ccho can-
celer filters begin to track true echo path systems in accu-
rate. Here the change of the enviroment at the transmis-
sion room implies the vanation of the transfer function
Fz), sequentially this provoke modificalion of the trans-
fer funclion of P,(2) regarding to (15). Therefore the ad-
aptive filter P1(2) as the estimate of P,(z) could reacts ex-

clusively to the change of environment more effectively.

V. Stereophonic Subband Adaptive Echo
Canceler

Inherently the acoustic echo paths arc oftenly charac-
terized into the time-varying systems whose impulse
responses have long residual delays. Thus in order to esli-
mate these long impulse recsponses with using adaptive fil-
ter, applicable echo canceler must have features such as
the fast convergence speed [8] and the long tap FIR-type
filter so as to track the echo path system in a short
amount of time. Here it is well-known that lhe conver-
gence speed is directly affected by the speciral character-
istics of the reference signal to the adaptive filter. But in
the echo cancellation system another considerable fact is
thal the echo signal required to be climinated has the dy-
namic spectral characterisitics. Thus, from the above ob-
servations, the full-band adaptive echo canceler critically
suffers from the large computational burden associated
with calculating the long tap filter weights and the slow
convergence due to the large dynamic range of the re-
ference input spectrum.

In order to mitigate these problems, recently the sub-

band processing has becn regarded as an appropriate

The Jouraal of the Acousticat Sociely of Korea, Vol. 17. No. 1E (1998)

technique for an efficient echo carcellatton mounted on
the monoaural teleconferencing system. Compared with
the conventionat LMS-type fullband adaptive filtering,
the subband scheme possesses at least two adavantages
such as the reduced computational complexity due to the
adoption of a highly parallel structure with multirate op-
eration, and the improved convergence behavior which is
attributed that cach subband the adaptalion step size can
be maiched to the energy of the input signal in that band.
Figure 4 depicls the confliguration of a conventional
subband echo canceler deployable to the stereophonic

leleconierencing system.

reculving ioom

X1{n)

X2(n)

echo oy e .
cancier :

E

Figure 4. Conliguration of a conventional subband echo canceler.

In this structure, the dual refcrence inputs to echo can-
celer logether with the echo signal arc split into A adjac-
ent [requency subbands by identical analysis filter banks.
Here, M conliguous single-sideband bandpass filters are
utilized whose outpuls arc down-sampled by a factor of
D o produce a series of complex subband signals in se-
quel. The coeflicients ol the cach subband adaptive filter
in differenl subbands are independently. The outputs
oblained from the filter are then up-sampled by the factor
D and the echo replica can be obtained by composing two
synthesis Niter bank outputs. However as mentioned in
[10] the conventional subband adaptive filter imposes the
undesired signal path delay due to the usage of the analy-
sis and syathesis filter banks simultaneously. In echo can-
cellation system, this unwanted path dclay is regarded as
a critical obstacle producing sound impairments over voice
communijcation belween far-end listener and near-end
talker. To avoid this undesired signal path delay whereas
retaining the low compuational complexily and the fast
convergence referring to the statements in previous sec-
tion, this section introduces a new type of stercophonic

echo canceler deploying the delayless subband architec-
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ture rather than the conventional which is overlaid on the
full-band echo cancellation system shown in Fig. 2.

The overall structure of the proposed subband echo
canceler is depicted in Fig. 5. Unlike the conventional
shown in Fig_ 4, this structure does not include the syn-
thesis filter bank so as to prevent the echo cancellation
unit from introducing the undesired signal path delay. To
make a further progress regarding the content discussed in
section [¥, the combined signal x(»} and onc ol speaker
output signals () are fcd into two sels of AM-channel
analysis filter bank to generate corresponding decimated
complex subbands signals, ie., xc, Am} and x, ;(m), i=0
—M — 1. In order lo generate a series of complex subband

signal, generally, a bank of single-side bandpass filters is

required to be implemented.

Figure 5. Delayless subband echo canceler using polyphase FFT
implementation.

But provided that this filter bank is implemented by
FiIR filters, since the frequency response specially such as
transition characterisitics significanily depends on the
number of lap weights. In order to obtain proper cut-off
frequency characterisitics, high-degree of bandpass FIR
filters are necessary. Bul to process signals through theses
fillers, computational complexity becomes considerable so
that it is hard to exccute the analysis in proper amount of
time. To reduce the processing time, the analysis part can
be tmplemented via polyphase type of filter bank [10]-[12).
Toward this the protoytpe filter /(2) subject to given spec-
ifications is constructed a priori with employing relatively
large number of coefficients. Figure 6 shows the basic
procedure for generation k(4 subband complex signal out
of M subband ones by making use of the proto-type low

. I
pass filter together with modulating factor W), =¢ ' ¥

Herc the signal is muitiplicd by W}, then corresponding
kth band signal is down-coverted into the baseband. Then

x{n} X h(n) |D X, (m)

W,k WM = gizM

Figure 6. Basic procedure for generation %% subband complex
signal.

the signal is processed through low-pass filter where its

£

S
toff fre c
<u requency 1s M

, then downsampling by the factor

of D. Based on the single channel of a DFT Hflter bank
analysis as in Fig. 6, the output can be expressed as

Xmd= 5, hlomM —n)xt) W3 @
LERE

It is noteworthy that the number of subband denoted by
M is not always equivalent to the decimation factor D.
Assume that M = D, this is the casc that the filter bank is
critically sampled. However, in many practical applicat-
ions, in order to alleviate the aliasing effect which due to
the usage of non-ideal lowpass filter, it is desired to have
an oversampled filter bank where D<M so that the filter
bank signals Xx(») are sampled al a higher rate. Let M=
DI where [ is referred to the oversampling ratio, ie., if /
=1. it is critically sampled and /=2 it is oversampled by
a factor of two. In this paper, the oversampled casc will
be considered.

To develop this class of structure, the following formula
are rclated to the basic mathematical form of the FFT fil-
ter bank analyzer.

Here let 2 =7M +[, then (21) becomes for /=0, I, -,
M1,

«© M-

Xdm)= Y. ¥ hmD—rM-DxoM +Hwk. (22

re=—m (=0

And let x(») = x(mM 1), then
0 M)

Xemy= 5. ¥ km—rDM-DxdmW}. (23)

ra—w =0

Furthermore, let Pi(»d) = k(M — ), then (23) becomes

M1 o<

xim=5 1 T pim-riedr)t w (24)

i=0 re—o j

From the above equation,

ymya ¥ Pdm—rDzdr). (25)

Fz-—on



Here in {(25), it can be noticed that ¥{m) is the result of f
sample interpolator where the polyphase fifier pi(m) acls
as the interpolating filter. Then, (24) can be simply ex-
pressed by FFT operalion as

Xdm)= i WmyWy = FET* (ydm))}, (26)
120

where FFT*{-} is the complex conjugale of the output of
the FFT outpul. In sequel, referning to the structure shown
in Fig. 5, a set ol subband signals, i.c., X, j(m) and X, {(m),
=0, -, M—1I, are processed lo generale eslimation er-
ror signals £y, {m), :=0— M —1, corresponding to ith
subband which is utilized as one of the reference stgnals
to the individual echo canceler subsequently. Then cach

subband estimation error signal can be expressed as

K-
Eim=X, im) =Y [ (X m—K),i=0—-M-1,
k<0
27

where the f; Am), {=0— M —1 are the complex valued
coellicients of #* subband adaptive filter at the lime in-
stant », and X is the length of adaptive filter. In (27) the
cocfficients of subband cstimation filter can be recursively
updated as follows

X, dm) ey, {m)

8
Xc| 28)

f(m) = fiim—1) +a
where « is the convergence parameler, | |l is the Euclide-
an norm and X, {(n) is the reference input vector given by

Xe.dm) =X {m), Xe fm~1), - X m—N, +1)). (29

and f(m) is the length-N, ith subband coefficient veclor
composed of {f; (m)}}”." which is updated at the decimated
time instant .

In sequel, in order 1o irack the modified echo path sys-
tems Py {z) and P, A2) for cach subband i, (wo sets ol
major subband adaptive filters are employed with using
Xc.i(m) and E;_{m) as refcrence signals. As shown in Fig.
3, the decomposed subband desired signals ¥ (m), i =0 —
M — 1, are gencrated by passing ¥{#)} through M-channel
analysis filter bank. Here the subband adaptive filter

coefficicnts for Py(2) are iteratively updated as follows:

X¢, dm) Ei(m)
X, o)l +NE, )l °

P i(m =P, {m—1) +u 30}

and similarly those for £;(2) are renewed by the following

recursion :
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Ei.im) Edm)
IXe, dmfl 4B ol

Py im) =Py {m—1) tp 31)
where * denotes complex conjugate operator, Ei(») is the
residual cancellation error associated with #* subband,
and lhe subband cstimation error signal vector E, d{m) is

given by
E) idm}=[e, dm), e, i{m—1), -+, &, {m—=N.+1)). (32)

In (30} and (31), for a convenicnce, P, ) and P, {m) are
the cocfficient veclors having the samec lilter length of M.

In order to construct length-L wideband ocho cancel-
lation filters H(z), H.(2) using M subbands so as to pro-
oess the real stereo signals, one-half of the complex sub-
bands necd to be processed. Thus M/2 + | subband filters
arc enough Lo update the wideband filter coefficients. And
the length ol cach subband filter is sct to be L/D which is
utilized to span length-L wideband filter cocfficient in se-
qucl. As shown in Fig, 5, to update the dual widcband
acho canceler };.(z) and /-iz(z), intermediate steps shoutd
be incorporated. Towards this, recursively updated coef-
ficient vectors {L(m), P ,(m), P2, izt are transformed
into (requency bins via L/D-point ¥FTs lo obtain L/D fr-
cquency bins per cach individual subband. Subsequently,
frequency bing of Lhe estimates of truc echo path system
associaled with cach snhband are construcled by making
use of the relationship as in (19) and (20) as follows, for ¢
=0—=M/2+land {=0-»1/D I,

Hy D)= P AD + Py Al = FAD Py, (D) (33)
Ha D =P D) — FAD By (D). (34)

where {Po (D), FADY, s=1, 2, i=0— M —1, are the FFT
pairs to {1 s n). f{(m)}. Thus, in Fig. 5, after the transfor-
mation from the modified inte the estimate considering
the oversampling process, only L/2P significant frequency
bins are stacked to form size-£ full-band transformed fre-
quency bins in proper order| 10]. Finally, with a help of
lhe Mrcquency stacking, the length-f. wideband eacho can-
cellation filters F,(z) as well as H,(2) arc formed in trans-
formed domain. To complele the computation of the fi-
nite impulse responscs of those filters in temporal do-
main, L-point IFFTs are utilized for each channel. And
lhesc wideband echo cancellation filters arc excited by
each individual speaker input signals x,(x) and x;(xn) lo

generated the echo replica.
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VI. Simulation Results

In order to verify the performance improvement of the
proposed stereophonic echo canceler, ERLE(Echo Return
Loss Enhancement) curves arc examined under different
situations. It is well-described that the ERLE is widelay
utilized for mcasuring the effectiveness of the echo can-
celer in quantitive. Figure 7 and 8 show the ERLE curves
while letting the source signal the colored gaussian noise,
i.e., AR(6) process, and the speech signal respectively. For
a comparison between the performances acheived with and
without using the preprocessing block, two ERLE curves
are depicted at each figure. Regarding to the ERLE curves
shown in Fig. 7 and 8, il can be noticed that the structure

Error Return Loss Enhancement

ac

- N3 )
o =] n
Y

ERLE(dB)
°

k{iteration number) x10"

Figure 7. The comparnison of ERLE(AR(6));
(1) the conventional method, (2) the proposed method
using pre-processing block.

Error Return Loss Enhancement

- N N (23
(40 o " =1

ERLE(dB)
=

k(iteration number) ' x10*

Figure 8. The comparison of ER LE(Speech);
(1) the convenlional method, (2} the proposed method
using pre-processing block.

with using preprocessing block as in Fig. 7 shows the su-
perior performance rather than one without using prepro-
cessing block for either the colored gaussian noise or the
speech case. By inspeclion, it can be observed that ERLE
values are increased more or less by 5dB on both cases.
To see the robusiness (o the change of the transmission
room environment, the acoustic pick-up transfer functions
G1(2) and G1(2) are intentionally allered at sample instant
n= 10000 while letting the true echo path systems H,(z)
and #;(z) stationary. Figure 9 and 10 show the ERLE
curves resulted from the stereophonic subband echo
canceler with and without preprocessing block where the
source signal has a form of either the AR(6) process or

the speech respectively. Similiar to the previous results,

Emor Return Loss Enhancemeani
30 - v r

- [ N
o o w

EALE(dB)
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Figure 9. The comparison of ERLE(AR{6)} for environment
change of transmission room;
(1) the conventional method, (2) the proposed method
using pre-processing block.

Error Retum Loss Enhancement

Figure 10. The comparison of ERLE(Speech) for environment
change of transmission room;
(1) the conventional method, (2} the proposed method
using pre-processing block.



the ERLE curves associated with the structure employing
the preprocessing block overwhelm those obtained from
the conventional. Therefore it can state that the proposed
ccho canceler behaves well and shows some robusiness
even at the instant of lransmission room environment
change.

To investigate performance from the perfect alignment
point of vicw, the following formula is utilized to measure
how the rccovered the echo path systems are close 10 Lhe

true echo path systems which is given by

((H — B (Hi— 1))
HTH;

Misatignment = 10{0gho ¢8|, i=1,2

Misatignmeni (141)

Misabgnment(dB)

k(iteration number) x1d

Figure 11. The comparison of Misakignment{H1};
{1) the conventional method, (2) the proposed method
using pre-processing block.

Misalignment (H2)

Misakgnment{ds)

k(iteration number) < 16

Figure 12. The comparison of Misalignment(#2):
(1) the conventional method,(2) the proposed method
using pre-processing block.
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where <> is the time averaged value per cach 256 time
samples. Figurc 11 and 12 corresponds to the misalign-
ment curves which indicale the similiarity of the cstimates
to the truc echo path systems. As a result, it is nole-
worthy that the cstimates obtained from the proposed

structure superbly matched to the (rue echo path systems.
VI. Concluding Remarks

This paper proposed the delayless subband version of
the moditied full band stereophonic echo canceler deploy-
ing lthe pre-processing block which plays a major role lor
producing exellent performances. Instead of performing
the echo cancellation pracess through full-band dual ad-
aptive filters, the delayless subband schemes arc employed
50 as (o suppress unwanted signal path delay, accerlate
the convergence speed and reduce the compulational com-
plexily. According to the simulation results, ils superior
behaviors are verified at the point of the robustness to
the change of the transmission room environment and the
alignment of the impulse responses of estimates to those
of the true echo path systems.
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