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A Stereo Acoustic Echo Canceller
Using Cross-Channel Correlation

Shigenobu Minami
Toshiba Corporation

Japan

1. Introduction

Stereo acoustic echo canceller is becoming more and more important as an echo canceller is
applied to consumer products like a conversational DTV. However it is well known that if
there is strong cross-channel correlation between right and left sounds, it cannot converge
well and results in echo path estimation misalignment. This is a serious problem in a
conversational DTV because the speaker output sound is combination of a far-end
conversational sound, which is essentially monaural, and TV program sound, which has
wide variety of sound characteristics, monaural sound, stereo sound or mixture of them. To
cope with this problem, many stereo echo cancellation algorithms have been proposed. The
methods can be categorized into two approaches. The first one is to de-correlate the stereo
sound by introducing independent noise or non-linear post-processing to right and left
speaker outputs. This approach is very effective for single source stereo sound case, which
covers most of conversational sounds, because the de-correlation prevents rank drop to
solve a normal equation in a multi-channel adaptive filtering algorithm. Moreover, it is
simple since many traditional adaptation algorithms can be used without any modification.
Although the approach has many advantages and therefore widely accepted, it still has an
essential problem caused by the de-correlation which results in sound quality change due to
insertion of the artificial distortion. Even though the inserted distortion is minimized so as
to prevent sound quality degradation, from an entertainment audio equipment view point,
such as a conversational DTV, many users do not accept any distortion to the speaker
output sound. The second approach is desirable for the entertainment types of equipments
because no modification to the speaker outputs is required. In this approach, the algorithms
utilize cross-channel correlation change in a stereo sound. This approach is also divided into
two approaches, depending on how to utilize the cross-channel correlation change. One
widely used approach is affine projection method. If there are small variations in the cross-
channel correlation even in a single sound source stereo sound, small un-correlated
component appears in each channel. The affine projection method can produce the best
direction by excluding the auto-correlation bad effect in each channel and by utilizing the
small un-correlated components. This approach has a great advantage since it does not
require any modification to the stereo sound, however if the variation in the cross-channel
correlation is very small, improvement of the adaptive filter convergence is very small. Since
the rank drop problem of the stereo adaptive filter is essentially not solved, we may need
slight inserted distortion which reduces merit of this method. Another headache is that the
method requires P by P inverse matrix calculation in an each sample. The inverse matrix
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196 Adaptive Filtering

operation can be relaxed by choosing P as small number, however small P sometimes cannot
attain sufficient convergence speed improvement. To attain better performance even by
small P, the affine projection method sometimes realized together with sub-band method.
Another method categorized in the second approach is “WARP” method. Unlike to affine
projection method which utilizes small change in the cross-channel correlation, the method
utilizes large change in the cross-channel correlation. This approach is based on the nature
of usual conversations. Even though using stereo sound for conversations, most parts of
conversations are single talk monaural sound. The cross-channel correlation is usually very
high and it remains almost stable during a single talking. A large change happens when
talker change or talker’s face movement happens. Therefore, the method applies a monaural
adaptive filter to single sound source stereo sound and multi-channel (stereo) adaptive filter
to non-single sound source stereo sound. Important feature of the method is two monaural
adaptive filter estimation results and one stereo adaptive filter estimation result is
transformed to each other by using projection matrixes, called WARP matrixes. Since a
monaural adaptive filter is applied when a sound is single source stereo sound, we do not
need to suffer from the rank problem.

In this chapter, stereo acoustic echo canceller methods, multi-channel least mean square,
affine projection and WARP methods, all of them do not need any modification to the
speaker output sounds, are surveyed targeting conversational DTV applications. Then
WARP method is explained in detail.

2. Stereo acoustic echo canceller problem

2.1 Conversational DTV

Since conversational DTV should keep smooth speech communication even when it is
receiving a regular TV program, it requires following functionalities together with
traditional DTV systems as shown in Fig. 1.
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Fig. 1. Audio System Example in a Conversational DTV
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A Stereo Acoustic Echo Canceller Using Cross-Channel Correlation 197

1. Mixing of broadcasting sound and communication speech: Two stereo sounds from the
DTV audio receiver and local conversational speech decoder are mixed and sent to the
stereo speaker system.

2. Sampling frequency conversion: Sampling frequency of DTV sound is usually wider
than that of conversational service, such as fg; =48kHz for DTV sound and

=16kHz for conversational service sound, we need sampling frequency conversion

between DTV and conversational service audio parts
3. Stereo acoustic canceller: A stereo acoustic echo canceller is required to prevent howling
and speech quality degradation due to acoustic coupling between stereo speaker and
microphone.
Among the above special functionalities, the echo canceller for the conversational DTV is
technically very challenging because the echo canceller should cancel wide variety of stereo
echoes for TV programs as well as stereo speech communications.

2.2 Stereo sound generation model

A stereo acoustic echo canceller system is shown in Fig. 2 with typical stereo sound
generation model, where all signals are assumed to be discrete time signals at the
kth sampling timing by fs; sampling frequency and the sound generation model is

assumed to be linier finite impulse response (FIR) systems which has a sound source
signal xg;(k)as an input and stereo sound xg;(k) and x;;(k) as outputs with additional

uncorrelated noises xjz,;(k) and x;;;(k) . By using matrix and array notations of the signals
as

Xsi(k) =[xg;(k),xg;(k=1),"--xg;(k— P +1)]

X (k) = [xg; (k), x5;(k = 1),---x5;(k = N + 1)

X (k) = [xg; (), xg; (k = 1), -2 p; (k= N + 1)]"
xp;(k) = [xLi(k) xpi(k=1),xp;(k=N+1)]"

Xyri (k) = [xyri (k) xygi (k = 1), "'xilRi(k—N‘*'l)]T
xypi(k) = [xuu(k) Xy (k=1),-xp,; (k=N +1)]"

where P and N are impulse response length of the FIR system and tap length of the
adaptive filter for each channel, respectively.

Then the FIR system output x; (k) is 2N sample array and is expressed as

x; (k) = l:xRi(k):| _ l:xSi(k)gRi(k) + x'LIRi(k):| )

xp; (k) Xsi(k)g i (k) +xy; (k) '

where gr;(k) and g;;(k) are P sample impulse responses of the FIR system defined as

gri(k) = [gRi,o(k)rgRil(k)r“'rgRi,v(k)rr“'rgRi,P—1(k)]T
gLi(k):[gLi,o(k)fgLﬂ(k)r”‘rgLi,v(k)rr'"r‘o’Li,Pq(k)]T '
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Fig. 2. Traditional Stereo Acoustic Echo Canceller System Configuration with Typical Stereo
Sound Generation Model.

In(2), if gg;(k) andg;;(k) are composed of constant array, gy; and g;; during the ith

period, and small time variant arrays, Ag;(k) and Ag;;(k) which are defined as

_ T
8Ri _[gRi,O/gRilf'"'gRi,v""/ng’,P—l]

_ T
8Li = [gLi,OfgLill'"/gLi,v/"'/gLi,P—l]

4
Agri(k) = [AgRi,O(k)/AgRil(k)f"'/AgRi,v(k)r'"IAgRi,P—l(k)]T @
Agi(k) =[Ag1i0(k), Agrin (k) Agpi o (K), - '/AgLi,P—l(k)]T
(2) is re-written as
|:xRi(k):| \ |:XSi(k)gRi +Xsi (k)Ag g; (k) + XilRi(k):l )
xp; (k) Xsi(k)gri +Xgi(k)Agy; (k) + xyp (k) .

This situation is usual in the case of far-end single talking because transfer functions
between talker and right and left microphones vary slightly due to talker’s small movement.
By assuming the components are also un-correlated noise, (5) can be regarded as a linear
time invariant system with independent noise components, x;;(k) and x;;;(k) , as

l:xRi(k):| _ |:Xsl'(k)gRi + XURi(k):l . 6)

xp; (k) Xsi(k)g i +xyri (k)

where
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A Stereo Acoustic Echo Canceller Using Cross-Channel Correlation 199

xuri (k) = Xg; (k)Ag r; (k) + xr; (k) '
xyri (k) = Xg; (k)Ag i (k) + xy1; (k)

In (6), if there are no un-correlated noises, we call the situation as strict single talking.
In this chapter, sound source signal(xg;(k)), uncorrelated noises (xz;(k) and x;;;;(k) ) are

)

assumed as independent white Gaussian noise with variance o,; and oy; , respectively.

2.3 Stereo acoustic echo canceller problem
For simplification, only one stereo audio echo canceller for the right side microphone’s
output signal 7;(k), is explained. This is because the echo canceller for left microphone

output is apparently treated as the same way as the right microphone case. As shown in
Fig.2, the echo canceller cancels the acoustic echo y; (k) as

¢;(k) = yi(k) = yi (k) + n; (k) ®)
where ¢;(k) is acoustic echo canceller’s residual error, n;(k)is a independent background

noise, 7;(k) is an FIR adaptive filter output in the stereo echo canceller, which is given by

§;(k) = h; (k)xg (k) + p; (k)x (k) 9)

where h ri(k)and flLi (k) are N tap FIR adaptive filter coefficient arrays.

Error power of the echo canceller for the right channel microphone output, o2 (k) , is given

as:

02 (k)= g () (R)x; (k) + (k) (10)

where fISTi(k) is a stereo echo path model defined as

hor ()[R () B - (11)

Optimum echo path estimation flOPT which minimizes the error power o?2(k) is given by

solving the linier programming problem as

k=0

Nps-1
Minimiz{ > aji(k)} (12)

where N,¢ is a number of samples used for optimization. Then the optimum echo path

estimation for the ith LTI period ﬁOPTi is easily obtained by well known normal equation

as

Nps—1

hopr=( Y, (#:(e)x; (k)Xyis; (13)
k=0
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200 Adaptive Filtering

where Xj;g is an auto-correlation matrix of the adaptive filter input signal and is given

by

Nyg-1 Nys-1
Noo-1 Z (XRi(k)Xﬁi(k)) Z (xRi(k)x{i(k))
_ N T _ Az’ Bi _| k=0 k=0
Xnisi = D, (i (k)xi (k)= C D || N1 Noo1 (14)
k=0 i i LS Ls
Y (X (k) Y (g (R)x ()
k=0 k=0
By (14), determinant of X,;g; is given by
‘XNLSi :|Ai”Di ~CA;'B| . (15)

In the case of the stereo generation model which is defined by(2), the sub-matrixes in (14)
are given by

Nys-1
A= Z (XSi(k)GRRixgi(k) + ZXURi(k)(XSi(k)gRi)T + XURi(k)ij}Ri(k))
k=0
Nt T T T T
B, = Z (Xsi (k)G rpiXsi (k) + xqur; (k) (Xsi (k)8 Ri)™ +Xxuri (k) (Xsi (k)g i) +Xuri (k)xy1i (k)
k=0 (16)
Nt T T T T
C = Z (Xsi (k)G LriXsi (k) + X (k) Xsi (k)8 Rri) ™ +Xuri (k) (Xsi(k)gri)™ +Xuri (k)Xyri (k)
k=0
NLS -1 T T T
D; = Z (Xsi (k)G X (k) + 2xp,; (k) (Xg; (K)g 1) + Xy (K)xpp (k)
k=0
where
Ggrri = gRingzirGRLi = gRig{i/GLRi = gLigITwGLU = gLig{i . (17)
In the cease of strict single talking where x;;z;(k) and x;;;;(k) do not exist, (16) becomes very
simple as
Nys-1 .
Ai - (XSl(k)GRRzXSz(k))
k=
Nys-1 .
Bz - z (XSi(k)GRLlXSz(k))
k=0
Nys-1 . (18)
Ci = Z (XSi(k)GLRiXSi(k))
k=0
Nyg-1

D, = Z (XSi(k)GLLixgi(k))
k=0

To check the determinant ‘X NLSi

, we calculate ‘XNLSI-“CJ considering B, =C/ as
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‘XNLSi |Ci| = ‘Az’ H(Dici - CiAleiCi‘
1 . (19)
:‘Ai (D,C; -CB,CA; ‘
Then ‘DZCI- ~C,;B,C,A;"| becomes zero as
‘DiCi - CiA;lBiCi‘
Nt 1 T T
= Z (Xsi(k)(GrLi = GLriG ™ rriGRrL )X (k) X5 (k)G i X5: (K))
k=0 (20)
2 [Nt T T T T \-1 T\ T
=Noy; Z (Xsi(k)(81i8Li (8Li8Ri — 8Li8Ri(8RiBRi) 8ri8ri)Xsi(k))
k=0

=0

Hence no unique solution can be found by solving the normal equation in the case of strict
single talking where un-correlated components do not exist. This is a well known stereo
adaptive filter cross-channel correlation problem.

3. Stereo acoustic echo canceller methods

To improve problems addressed above, many approaches have been proposed. One widely
accepted approach is de-correlation of stereo sound. To avoid the rank drop of the normal
equation(13), small distortion such as non-linear processing or modification of phase is
added to stereo sound. This approach is simple and effective to endorse convergence of the
multi-channel adaptive filter, however it may degrade the stereo sound by the distortion. In
the case of entertainment applications, such as conversational DTV, the problem may be
serious because customer’s requirement for sound quality is usually very high and therefore
even small modification to the speaker output sound cannot be accepted. From this view
point, approaches which do not need to add any modification or artifacts to the speaker
output sound are desirable for the entertainment use. In this section, least square (LS), stereo
affine projection (AP), stereo normalized least mean square (NLMS) and WARP methods
are reviewed as methods which do not need to change stereo sound itself.

3.1 Gradient method
Gradient method is widely used for solving the quadratic problem iteratively. As a

generalized gradient method, let denote M sample orthogonalized error array g,;(k)

based on original error array e, (k) as

) (K) =R; (k)eyy; (k) (21)

where e, (k) isan M sample error array which is defined as

e (k) =[e; (k) ¢ (k=1),---¢; (k—M+ 1)]T (22)
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202 Adaptive Filtering

and R;(k)isa MxM matrix which orthogonalizes the auto-correlation matrix e, (k)e}; (k).
The orthogonalized error array is expressed using difference between adaptive filter coefficient

array h sti(k) and target stereo echo path 2N sample response hg; as

£ (k) =R; (k)X%ZNi(k)(hST'ﬁSTi X)) (23)

where X, ,yi(k)is a Mx2N matrix which is composed of adaptive filter stereo input array as
defined by

Xnani (k) = [x; (k), x; (k =1),---x; (k=M +1)] . (24)
By defining an echo path estimation error array dgr;(k) which is defined as
dgr; (k)=hgr-hgr; (k) (25)
estimation error power o2 (k) is obtained by

o 521’ (k)= “:IT\/Ii (k)& s (k):dgTi Qo noni (k)dgri (k) (26)

where

Q2N2Ni(k) = XMZNl(k)RzT(k)Rz (k)x]];AZNl(k) : (27)

Then, (26) is regarded as a quadratic function of flSTi(k) as

. 1~ . .
f(hsri(k)) = EhgTi ()Qanani (k) hgr (k) ~ hgp; (Qanonihsr - (28)

For the quadratic function, gradient A;(k)is given by

A, (k)= Qoo (k)dgr; (K) - (29)

Iteration of ﬁSTi(k) which minimizes o2 (k) is given by

sy, (k-+1)=hgr (k) - A (K)
= ﬁSTi (k) + @Qanoni (k) dsri (k) (30)
:f‘STi(k) + X poni (R} (O)R; (k)e g (k)

where « is a constant to determine step size.

Above equation is very generic expression of the gradient method and following approaches
are regarded as deviations of this iteration.

3.2 Least Square (LS) method (M=2N)

From(30), the estimation error power between estimated adaptive filter coefficients and
stereo echo path response , d; (k)d; (k) is given by
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d; (k+1)d; (k+1)=d] (k)(Loy ~ @Qanani (k) Loy —Qanani (k) d; (k) (31)
wherel,y is a 2N x2N identity matrix. Then the fastest convergence is obtained by

finding R; (k) which orthogonalizes and minimizes eigenvalue variance in Q,py,y; (k) .

If M=2N, X,,1oni(k) is symmetric square matrix as

X iz (k)X pani (k) (32)
and if Xy (k) - Xhpani () EX M ani (K) - Xppani (k) is a regular matrix so that inverse matrix

exists, RY (k)R; (k) which orthogonalizes Q,x,x;(k) is given by

R; (k)R; (K) = (Xanani (k) Xonani () (33)
By substituting (33) for (30)

ﬁSTi (k+ 1):flSTi (k) + aXynoni (k)(ngZNi(k)XZNZNi(k))_leNi (k) (34)

Assuming initial tap coefficient array as zero vector and o =0 during 0 to 2N-1th samples
and o =1 at 2Nth sample, (34) can be re-written as

ﬁSTz’ (2N)=Xononi CN-1)(X3noni 2N-D) X, 20 2N-1)1y; (2N-1) (35)

where y; (k) is 2 N sample echo path output array and is defined as

yi 0=ly; (k) y; (k=1),-y; (k—=2N + )" (36)

This iteration is done only once at 2N —1th sample. If N;¢ =2N, inverse matrix term in (35)
is written as

Nys—1

ngZNi(k)XZNZNi (k)= kZ, (x; (k)xiT (k)=XnLsi (37)
=0

Comparing (13) and (35) with  (37), it is found that LS method is a special case of gradient
method when M equals to 2N.

3.3 Stereo Affine Projection (AP) method (M=P <N)

Stereo affine projection method is assumed as a case when M is chosen as FIR response length P
in the LTI system. This approach is very effective to reduce 2Nx2N inverse matrix operations in
LS method to PxP operations when the stereo generation model is assumed to be LTI system
outputs from single WGN signal source with right and left channel independent noises as

shown in Fig.2. For the sake of explanation, we define stereo sound signal matrix Xp,p;(k)

which is composed of right and left signal matrix X;(k) and X;;(k) for P samples as

XZSi(k)Ggi + Xuri (k)} (38)

Xpani(K) = X (k) X{i(k)f{x ()G, + Xyi (K)
2Si Li ULi
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where
Xysi(k) =[xsi(k), x5;(k =1),---x5;(k = 2P + 2)] (39)
Xygi(k) and X;;(k) are un-correlated signal matrix defined as
Xuri (k) = [xug; (k) Xuri (k = 1), -Xyg; (k = P+ 1)] (40)
Xy (k) =[x (k) %y (k = 1), xyp (k= P+ 1)]
Gy, and G;; are source to microphones response (2P-1)xP matrixes and are defined as
ggR,O,i gri 0 0 ggRL,O,i g 0 0
T T T T
i 0 i 0 i 0 gy 0
Gy, = 82Rr,1, 8Rr .Gy, 8oL, 8L (41)
0 0 0
_ggR,Pfl,i_ 0 0 - gITai_ _ggL,P—l,i_ 00 - g{i_

As explained by(31), Q,pyi(k) determines convergence speed of the gradient method. In
this section, we derive affine projection method by minimizing the max-min eigenvalue

variance in  Q,p,;(k) . Firstly, the auto-correlation matrix is expressed by sub-matrixes for

each stereo channel as

(42)

O () {QANM(k) QBNNi(kq

Qcnni(k)  Qpnni(k)

where Qyni(k) and Qpuyi(k) are right and left channel auto-correlation matrixes,

Qgpuni(k) and Qqypi(k) are cross channel-correlation matrixes. These sub-matrixes are
given by

Q i (k) = Xy (k)GRR{ (k)
+2X,5: ()R] (k)R (k)X{; (k)
Qi (k) = Xo5: ()GRRT (K)R; (K)G X (k) + Xuri ()R] (k)R; (k)X (k)
+2X i ()R (K)R; (k)X {1 (k)

Qenni (k) = X5 ()GLR; (K)R; (k)G giXas (k) + Xup; (k)R (K)R; (k)X {jr; (K)
+2X 1 (KR (k)R (k)X (k)

Qpani (k) = Xa5: (K)GLRT (KR; (k)G X3 (k) + Xy ()R (F)R
+2X5; (KR (R)R; (k)X {1 (k)

R; (K)GgiXasi (K) + Xugi (k)R] ()R (k)X g (K)

(43)

i (k)X (i (k)

Since the iteration process in (30) is an averaging process, the auto-correlation matrix
Q,non; (k) is approximated by using expectation value of it, Q,yopi(k) = <Q2N2Ni(k)>. Then

expectation values for sub-matrixes in (42) are simplified applying statistical independency
between sound source signal and noises and Tz function defined in Appendix as
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A Stereo Acoustic Echo Canceller Using Cross-Channel Correlation 205

Qi = T12(Xa5: ()G RR] (R; ()G X5 (k))) + T((Xyir (IR] (IR, (5)X g ()
Qi = T2((Xa5(GRR] ()R, (k)G X5:(K)))
C (Xasi (GLR] ()R (k)G X5s;(K))
Qowni = T12(Xa5:(IGLRT ()R, (k)G X ())) + Tl(( Xy (OR] ()R, ()X (K) )

(44)

where
Xys; (k)=[Xys; (k), Xasi(k = 1), Ko (k = P+ )]
X () =[Xumi (k) Xy (k = 1), Xyri (k = P+1)] (45)
X (k) =Xy (k) (k= 1), Xy (k = P+1)]

with

Xpsi (k) = [x5; (k), x5; (k = 1), x5, (k = 2p + 2)I"
Xuri (K) = [urs (k) Xumi (k= 1), xyri (k= p + DI (46)
Xy (k) =[xy (), 2y (k= 1), -2 (k= p + DI

Applying matrix operations to Qi » @ new matrix Q)y,y; Which has same determinant

as Q,yoni is given by

Q'yni (k) 0
! ()= 47
Qononi(k) { 0 - (k)} (47)
where
Qanni = T12(Qanni ), Qbnni = T12(Qpnni) - (48)

Since both X, (k)Gg, and X, (k)G/; are symmetric PxP square matrixes, Q'jny; and

" :
BNN; are re-written as

Qini = (Xasi (OGRR] ()R, ()G Xs; (k) + X, (IGLR] ()R, (k)G X (k)

(X (OR] ()R ()X (K))

= (X5 ()G Grs + GLGL) X5 (K))RT (IR, (k) + (X () Xy, () )RT ()R, (K) . (49)
= (NG}Z{i(GRiGRi + GLz‘GLi) + NUNiIP)RiT(k)Ri (k)

Qb = NoRIR] (KR, (k)

As evident by(47), (48) and(49), Q)poni(k) is composed of major matrix Q'yny; (k) and noise

matrix Qpyy;(k) . In the case of single talking where sound source signal power o is much
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larger than un-correlated signal power o3%;, R (k)R;(k) which minimizes eigenvalue

spread in Q,yopi(k) so as to attain the fastest convergence is given by making Q') yy; as a
identity matrix by setting R! (k)R; (k) as
R} ()R, (k) = (N0, (Gg/GR,; + GL,GL)) " (50)
In other cases such as double talking or no talk situations, where we assume 0)2( is almost
zero, R} (k)R; (k) which orthogonalizes Q4 is given by
R (KR; (k) = (No1p)™ (51)

Summarizing the above discussions, the fastest convergence is attained by setting
R (K)R; (k) as

T T -1
R} ()R, (k) = (Xponi ()X poni (k) - (52)
Since
(Xbani ()X pani (K)) =
X,5; (k)G i + Xyri(k
<[GRix§Si<k> FXh(h) Gy Xl () + xﬁmk)]{ 25k + X )D
Xosi (k)G + Xy (k) (53)
= <GRiX§Si (k) X, (K)Grr; + G Xas; (k) Xas; (K)Gr; + Xigg; (k)X ggi (k) + XZILi(k)XULi(k)>
= No%;(GgGr; + GG, 12Noy I
By substituting (52) for (30), we obtain following affine projection iteration :
flSTi (k+ 1):flSTi (k) +aX; (k)(szuNi (k)XPZNi(k))ilePi &). (54)

In an actual implementation « is replaced by p for forgetting factor and 1 is added to the
inverse matrix to avoid zero division as shown bellow.
hgrp (k +1) = hgp (k)+aXpon; (K) [Xpon (k)X poni (k) + ST pe i (k) (55)

where J§(« 1) is very small positive value and

p = diagl1, (1 )+, (1 - )’ 1. (56)

The method can be intuitively understood using geometrical explanation in Fig. 3. As seen
here, from a estimated coefficients in a k-1th plane a new direction is created by finding the
nearest point on the i th plane in the case of traditional NLMS approach. On the other hand,
affine projection creates the best direction which targets a location included in the both i-1
and i th plane.
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X (k) ,x, (k)]
Space

Fig. 3. Very Simple Example for Affine Method

3.4 Stereo Normalized Least Mean Square (NLMS) method (M=1)
Stereo NLMS method is a case when M=1 of the gradient method.
Equation (54) is re-written when M =1 as

hgr; ( + 1) =hgg; (k) + ax; (k) (xks (K)x g (k) + x1;(K)x 1 (K)) e, (k) (57)

It is well known that convergence speed of (57) depends on the smallest and largest eigen-

value of the matrix Q,y,n; - In the case of the stereo generation model in Fig.2 for single

talking with small right and left noises, we obtain following determinant of Q,y,y; for
M=1 as

Qo ()] = [; (R) ] ()x; ()] (k)

) (58)
= (gIT{igRi + g{igu) ! ‘(gRigITai + gLig{i) GZ%IIN‘
If eigenvalue of gr.gk; +81,81; are given as
‘(gRigﬁi +8L8L: )‘ = Arini* Ammaxi (59)

where A2, .and A2_ ;are the smallest and largest eigenvalues, respectively.
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‘Q2N2Ni(k)‘ is given by assuming un-correlated noise power ox; is very small

2 2
( ON;i < /?’mini

) as

‘QZNZNi(k)‘ = (8RriBri +BLBL) TN ONi *Amini " Amaxi (60)
Hence, it is shown that stereo NLMS echo-canceller’s convergence speed is largely affected
by the ratio between the largest eigenvalue of gr.gr: +&.,81; and non-correlated signal

power o . If the un-correlated sound power is very small in single talking, the stereo
NLMS echo canceller’s convergence speed becomes very slow.

3.5 Double adaptive filters for Rapid Projection (WARP) method

Naming of the WARP is that this algorithm projects the optimum solution between
monaural space and stereo space. Since this algorithm dynamically changes the types of
adaptive filters between monaural and stereo observing sound source characteristics, we do
not need to suffer from rank drop problem caused by strong cross-channel correlation in
stereo sound. The algorithm was originally developed for the acoustic echo canceller in a
pseudo-stereo system which creates artificial stereo effect by adding delay and/or loss to a
monaural sound. The algorithm has been extended to real stereo sound by introducing
residual signal after removing the cross-channel correlation.

In this section, it is shown that WARP method is derived as an extension of affine projection
which has been shown in 3.3.

By introducing error matrix E,; (k) which is defined by

E; (k) = |:ePi(k) epi(k-1) - epk-p+ 1)] (61)
iteration of the stereo affine projection method in (54) is re-written as

I:ISTi(k+1):I:ISTi(k)+axPZNi(k)(X};ZNi(k)XPZNi(k))ilEi (k) (62)

where

Hgr, (k) = [HSTi(k) hep(k-1) - hgp(k- p+ 1)} (63)

In the case of strict single talking, following assumption is possible in theith LTI period by
(53)

<X£Ni (k)X pi (k)> = GRreiLi (64)

where Ggg;;;is a PxP symmetric matrix as

Greri = N0'>2<i (GRiGlTei + GLiG{i) (65)

By assuming Ggg;;; as a regular matrix, (62) can be re-written as

IA{st‘(k +1)Grppri :I:ISTi (k)Grreri + @Xponi(K)E; (k) (66)
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Re-defining echo path estimation matrix Hgr, (k) by a new matrix Hjy, (k) which is defined by

I:I's:rz‘ (k ):I:ISTz' (K)GRrrrLi (67)

(66) is re-written as
I:IISTi(k + 1):I:I’5Ti (k) + aXpyni (K)E; (k) (68)

Then the iteration is expressed using signal matrix X,g;(k) as

(69)

A . Xosi (k)G + Xygi(k
H;Ti<k+1>=H'5Ti<k>+a{ 25 (f S+ Fun )}Eiu«)

Xasi (K)GL; + Xy (k)
In the case of strict single talking where no un-correlated signals exist, and if we can assume
G

; is assumed to be an output of a LTI system Gp;; which is PxP symmetric regular matrix

with input Gy, , then (69) is given by

Hipg (k +1) ﬁ'smk)}a Xasi(K)GiE,; (k) }
| Hopi(k+1) | | Hgpy (k) X35 (K)Gr/G; E; (k)

Hirg; (k +1) }:{ Hirr, (K) N Q{XZSi(k)GRiEi (k)}
| Hispi(k+1)Gri | | Hsri(K)Gri X5si (k)G RiE; (k)

(70)

It is evident that rank of the equation in (70) is N not 2N, therefore the equation becomes

monaural one by subtracting the first law after multiplying (Gg;,;)™ from the second low as

H yonrei (k + 1) = Hyonrei (k) + 20X g (K)E; (k) (71)
where
I:IMONRLi (k)= I:I'STRi(k) + I:I'sm (k)szlLi (72)
or assuming Gy; = G;,Gp;
I:IMONLRi(k +1)= I:IMONLRi(k) +2aX; (k)E; (k) (73)
where
H yionrei (k) = Hy; (k) + Hrg; (k)G (74)

Selection of the iteration depends on existence of the inverse matrix Gg;; or Gy; and the

detail is explained in the next section.
By substituting (67) to (72) and (74), we obtain following equations;

HMONRLi(k) = HSTRi(k)GRRLLi + HSTLi(k)GRRLLiGl_QlLi (75)
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or

HMONLRi(k) = HSTRi(k)GRRLLiGillQi + HSTLi(k)GRRLLi (76)

From the stereo echo path estimation view point, we can obtain H ,ongri (k) or Hyongi(k) ,

however we can’t identify right and left echo path estimation from the monaural one. To
cope with this problem, we use two LTI periods for separating the right and left estimation
results as

HMONLRz GRRLLz GrririGrii || Herr
= - Gpy; and Ggy;
HMONLR1 GRRLLu 1 GrririziGrii-1 HSTLz'
are regular matrix
A T | r
Hyonrri GrriiGiri GrriLi HSTRz
AT = -Gy and Gpg; 4
| Hyvonrri-1 ] GRRLL1 1Giric1 Grritiot _HSTLz'
are regular matrix
) ] & (77)
Honi; GrpuLi Grpr1/Grus HSTR1
= - Gpp; and G
_HMONLRifl_ GRRLLz 1Girit Grrizia i _Hsm i
are regular matrix
Honiri GRRLLIGLRZ GRrriLi HSTRI
= -Gy and Gy
HMONLR1 GRRLLl 1 GrriziiGriia HSTLi i

are regular matrix

where H, oz and Hj,onp i1 are monaural echo canceller estimation results at the end of

each LTI period, I:ISTRi and I:ISTU are right and left estimated stereo echo paths based on the

i—1th and ith LTI period’s estimation results.
Equation (77) is written simply as

Hyoniji1 = W, 'Hgpy (73)

where I:IIA;IONRLij is estimation result matrix for the i —1th and ith LTI period’s as

HMONRL
HMONl i-1 — |: T Z (79)
MONRLi~1
I:I£Ti is stereo echo path estimation result as
A I:IETR'
Hor; :{ AT z (80)
STLi

W is a matrix which projects stereo estimation results to two monaural estimation results

and is defined by
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|: GRRLLl GRRLLlGRLz

B }-GRU and Gg;;_; are regular matrix
Grritiei Grreri-iGRii-1

|: GRRLLZGLRI GRRLLi

}---GLRi and G;y;_; are regular matrix
Grrrri-1Griri-1 GrrrLi-t

i = (81)
{ GRRLLz GRRLLzGRLz

} Gpgp; and Gpg;_; are regular matrix
Grri1Grric1  Grritia

{GRRLLIGLRZ GRRLLi

L } -Gqg; and Gg;;_; are regular matrix
Grritioi  Greuti-iGRLi-1

By swapping right side hand and left side hand in(78), we obtain right and left stereo echo
path estimation using two monaural echo path estimation results as

HSTi = Vvi HMONz’,i—l . (82)

Since W;'and W, are used to project optimum solutions in two monaural spaces to

corresponding optimum solution in a stereo space and vice-versa, we call the matrixes as
WARP functions. Above procedure is depicted in Fig. 4. As shown here, the WARP system
is regarded as an acoustic echo canceller which transforms stereo signal to correlated
component and un-correlated component and monaural acoustic echo canceller is applied to
the correlated signal. To re-construct stereo signal, cross-channel correlation recovery matrix
is inserted to echo path side. Therefore, WARP operation is needed at a LTI system change.

x,, (k)
x. (k Cross R Cross XSi(k) Cross XRi(k)
Si ) Channel Channel Channel
Correlation Correlation Correlation
X (k) N Genera?ion Cancellatio Recovery
Matrix n Matrix k
K W X (k) Matrix Xy (k) Xy ( )
X () — i w! W
i
WARP Operation Multl-Cha Multi-Channel

ilter Echo Path Model

HSTz W HMONll 1 (k) h :[h; h€:|T
MONll 1

E; (k)

—D
e (k) ¥, (k) %

n, (k)

O =

Fig. 4. Basic Principle for WARP method
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In an actual application such as speech communication, the auto-correlation

characteristics Ggg;; varies frequently corresponding speech characteristics change, on

the other hand the cross-channel characteristics Gg;; or G;z; changes mainly at a far-end

talker change. So, in the following discussions, we apply NLMS method as the simplest
affine projection (P=1).

The mechanism is also intuitively understood by using simple vector planes depicted in
Fig. 5.

N T - SN -z
» .

—. N P

ﬁSTi—l (k- 1)

Fig. 5. Very Simple Example for WARP method

As shown here, using two optimum solutions in monaural spaces (in this case on the lines)
the optimum solution located in the two dimensional (stereo) space is calculated directly.

4. Realization of WARP

4.1 Simplification by assuming direct-wave stereo sound

Both stereo affine projection and WARP methods require P x P inverse matrix operation
which needs to consider its high computation load and stability problem. Even though the
WARP operation is required only when the LTI system changes such as far-end talker
change and it is much smaller computation than inverse matrix operations for affine
projection which requires calculations in each sample, simplification of the WARP operation
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is still important. This is possible by assuming that target stereo sound is composed of only
direct wave sound from a talker (single talker) as shown in Fig. 6.

XURri ((0)7 HXRI‘ ()
Esri (W aily

g (@=L "
T

XuLi

Fig. 6. Stereo Sound Generation System for Single Talking

In figure 6, a single sound source signal at an angular frequency ® in the ith LTI
period, x¢;(w), becomes a stereo sound composed of right and left signals, xg;(®)
and x;; (@), through out right and left LTI systems, gqz;(®) and gg;;(w) with additional un-

correlated noise xz;(@) and x;;;(®) as

Xgi (@) = gsri(@)xgi (@) + xR (@)

. 83
1,(0) = 851,(0)5, () + 30, (0) )
In the case of simple direct-wave systems, (83) can be re-written as
xl‘a) =ll-€_jerixia)+x ia)
ri(@) =Ig si(@) + xRi (@) (84)

xp (@) =7 xg (@) + xy (@)

where I; and [}, are attenuation of the transfer functions and ry; and 7;; are analog delay
values.
Since the right and left sounds are sampled by fs(=ws/27) Hz and treated as digital

signals, we use z- domain notation instead of ®-domain as

z=exp[2rwj / o,]. (85)

In z-domain, the system in Fig.4 is expressed as shown in Fig. 7.
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XplZ
X (ZH Cross Rl( ) Cross Xsi (Z) Cross Xpi (Z)
St Channel Channel Channel
Correlation Correlation Correlation
Xiri (Z) Generation Cancellation Recovery
_ Matrix Matrix Matrix
=Xy (Z) Xy (Z) 1 Xy (Z)
ol WE [T W) W |
WARP Matrix Multi-Channel Multi-Channel
. L oa Adaptive Fil Echo Path Model
Monoi(Z) :“]; (Z)HST(Z) ~ A T
% 2 HMonoi (Z) = (Z) hi—l (Z):| H(Z) :I:hR(Z) hL (Z)]
STi (Z) = W (Z) HMonaf (Z)

| l

:D®é— n,(z)

€ (2)

Fig. 7. WARP Method using Z-Function

Y, (2)

As shown in Fig.7, the stereo sound generation model for x;(z) is expressed as

x;(z) = {XR’.(Z)} - {g