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ABSTRACT

An Analysis of convergence characteris-
tics for a multi-channel echo canceller with
cross-correlated input signals is presented.
The gradient with respect to the filter coeffi-
cients of a conventional multi-channel echo
canceller contain disturbing components.
These components behave like additive noises
when the input signals have strong cross-
correlation. With an example of strongly
cross-correlated signals, it is analytically
shown that the convergence speed is slower
than that for uncorrelated signals and that the
filter coefficients do not converge to their opti-
mum values. A new multi-channel echo can-
celler whose filter coefficients converge faster
to their optimum values is derived. Simulation
results show the validity of the analysis and
the performance of the new echo canceller.

1. INTRODUCTION

Echo cancellers are used for a wide
range of applications, such as TV conference
systems, to reduce echoes. Conventional TV
conference systems do not make us feel as if
the other party were at the same table. This is
because monaural audio does not help identify
the talker position. For multi-channel audio,
which is essential to a realistic TV conference
system, a multi-channel echo canceller is nec-

essary.

Two types of multi-channel echo can-
cellers based on either linear combination or
cascade connection have been proposed[1]. In
[1], cross-correlated input signals commonly
encountered in multi-channel applications are
not considered. However, cross-correlation in
multi-channel signals is more critical for con-
vergence of echo cancelers.

In this paper, convergence characteris-
tics for a multi-channel echo canceller with
cross-correlated input signals is analyzed. An
analysis with cross-correlated input signals
reveals two problems caused by disturbance in
coefficient adaptation. A new echo canceller
free from these problems is then derived.
Finally, simulation results are presented to
show the validity of the analysis and the per-
formance of the new echo canceller.

2. MULTI-CHANNEL ECHO CAN-
CELLER BASED ON LINEAR COMBI-
NATION

Let us concentrate on the multi-channel
echo canceller based on linear combination
because it is superior to that based on cascade
connection[1]. It consists of M2 adaptive fil-
ters for M? echo paths from M loudspeakers to
M microphones for an M channel case. Each
adaptive filter estimates the impulse response
of the corresponding echo path. Figure 1
shows a two-channel case.
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Figure 1. Two-channel echo canceller
based on linear combination.

In the following discussions, for sim-
plicity and symmetry, only the right channel
echo in a two-channel case will be considered.
The signal paths and the echo paths for the
right channel are shown with bold lines in Fig-
ure 1. Obtained results on a two-channel case
could easily be extended to a multi-channel
case. The length of the echo paths and the
number of the adaptive filter taps are both
assumed to be N. :

The echo is the sum of two signals
which propagate from the left and the right
loudspeakers to the microphone. The echo
replica is generated by adding the outputs of
the two adaptive filters ADF1 and ADF2. Let
us define the echo dz(n) and the echo replica
dp(n) at time n as

‘{R(n) = Hpg" Xp(n)+ H 2" X (). 1

dr(n) = Wee" ()X &(n) - W (WX (n). (D)
Xr(n) and X, (n) are the input signal vectors
which contain the input signals xz(n) and
x1(n) for the right and the left channel.

T
Xp(m)=[xz(m) -+ xgn=-N+D] (3

T
Xy (my=[xn) - x(n-N+D] @
Hpp and H j are the impulse response vectors
of the echo paths from the right and the left
loudspeaker to the right microphone.

Hpp = [hRR.O e hRR,N-l]T 5)

T

Hpp= [huz,o e hLR,N—l] (6)
Wer(n) and W i(n) are the filter coefficient
vectors of the adaptive filters ADF1 and ADF2

which estimate H g, and H 4.
T
Wrr(n) = [WRR,o(n) T WRR,N—](”)] @)

T

Wir(n) = [Wue,o('l) te Wue,n-l(”)] ®)
AT denotes transpose of a matrix A. The
residual echo eg(n) is given by

er(n) = dp(n) — dp(n). ®
The filter coefficient vectors Wigg(n) and
W r(n) are adapted so that the residual echo
ez(n) is minimized.

3. DISTURBING TERMS IN FILTER
COEFFICIENT ADAPTATION
Assuming the LMS algorithm[2], the fil-

ter coefficient adaptation is described by

Wrr(n+1) = Wep(n) + peg(n)X p(n)  (10)

Wir(n+1) = Wip(n) + per(mX, (n)  (11)
where a positive constant x is the adaptation
step size. By substituting (1), (2) and (9) into
(10) and (11),

Wirr(n+1) = Wgp(n)

T
+u{ Hep - Wre(n) } Xg(n)X g(n)

T
+u{Hp-Wam} X.mXe() (12)
Wir(n+1) =Win)

T
+u{Hx-Wam} X, m)X, 0

T
+u{ Hee-Wea(m) } Xp(mX (n) (13)
are obtained. In order to evaluate this adapta-
tion, it is compared with that of a monaural
echo canceller shown in Figure 2.
The filter coefficient adaptation by the
LMS algorithm for the monaural echo can-
celler is
Wn+1)=Wn)+ ue(n)X(n)
=W(n)

T

+u{H-Wm} X(n)Xn)(14)
where X(n), H, W(n) and e(n) are the input
signal vector, the inpulse response vector of
the echo path, and the filter coefficient vector
of the adaptive filter which estimates H, and
the residual echo, respectively.

The filter coefficient adaptation for the
monaural and the two-channel case are geo-
metrically shown in Figure 3. In the monaural
case, the filter coefficient vector W(n) is
updated by a component of the error vector
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Figure 3. Comparison of
filter coefficient adaptation.

W (n) — H which is parallel to X(n) as shown
in Figure 3 (a). In the two-channel case in
Figure 3 (b), the first terms of (12) and (13)
update the filter coefficient vectors W ge(n) and
Wr(n) in the same manner as the monaural
case. However, the second terms disturb con-
vergence of Wee(n) and W x(n) because their
direction might be either the same as or the
opposite to the first term at random. The dis-
turbance of the second terms will be examined
in the following section.

4. DISTURBANCE BY THE CROSS-
CORRELATION

By calculating an ensemble average,
(12) and (13) become
E[W g(n + 1)] = E[W gp(n)]

+ uReg { Hyg — EIW ge()] }
+ 4Ry { Hip — EIW ()] } (15)

EIW 1z(n + 1)] = E[W z(n)]
+ uRyy { Hig - EIW 5(m)] }

+ pRe," { Hpg — EIW ge(n)) } (16)
where E[A] denotes an ensemble average of
A. Rpg and Ry, are autocorrelation matrices
of the input signals, and Ry is a cross-
correlation matrix defined by

Ry = E[Xp(n)X " (n)] 17
Ry = E[X,(m)X,T(n)] (18)
Ry = E[Xp(m)X, T (m)]. (19)

The coefficient adaptation in the two-channel
case (15) and (16) are compared with the
monaural case (14).
By calculating an ensemble average,
(14) becomes
E[W(n+1)] = E[W(n)]
+uR{ H - EfW(n)] } (20)
where R is an autocorrelation matrix of the
input signal vector X (n) defined by
R=E[X(n)X"(n)]. 1)
The first terms of (15) and (16) update W gp(n)
and W p(n) toward their optimum values H gy
and Hp in the same manner as the monaural
case. On the other hand, the second terms may
update Wggp(n) and Wig(n) in a wrong direc-
tion. If xp(n) and x;(n) are not cross-
correlated, i.e. Rg;, =0, the second terms of
(15) and (16) are equal to 0, thus, the filter
coefficients converge to their optimum values
like the monaural case. However, if xz(n) and
x.(n) are cross-correlated, the second terms
disturb the convergence of Wge(n) and
W »(n) as additive noises.

S. AN EXAMPLE OF CROSS-
CORRELATED INPUT SIGNALS

As an example of strongly cross-
correlated signals, a stereo TV conference sys-
tem shown in Figure 4 with a single talker in
room A is considered. It could be assumed
without loss of generality that the talker is
closer to the right microphone than to the left.
The results can easily be modified for the
opposite case.

The input signals xz(n) and x,(n) are
almost the same except for the differences in
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Figure 4. Two-channel TV conference system.

the delay and the power. Neglecting the differ-
ence of the power between the input signals
since they are generally small, the relation
between the input signals xz(n) and x,(n) is
x(n) = xp(n-np) (22
where a non-negative integer n, is the relative
delay between the input signals and is deter-
mined by the talker and the microphone posi-
tions,
By substituting (1) - (4) and (22) into
(9), the residual echo ez(n) is given by
np-1
ex = 3 { hari ~ wani(n) } xa(n =)
Nt
+ iZ {hRR.i +higin, —Wreri(n)
—y

~WiRinp(®) } XR(n = 1)

N-1
+ 3 { hirs = wiri(n) }xa(N —npi)(23)

i=N-np
The condition that the echo dg(n) is com-
pletely canceled is determined by
Wire,i(n) = hgg;

for i=0,--,np-1 (24.1)
wigi(n) = hpg;

for i=N-np,--,N-1 (24.2)
Wrri(7) + WiRjn,(n) = hppi+ higin,

for i=np,--,N-1. (24.3)

From (24), the filter coefficients wggo(n), - - -,
WRRp-1(1) and wign_n,(n), « -, Wign-1(n)
have unique solutions. However, wgg,,(n),
o WerrN-1(n) and wigo(n), - - -, Wig N-n,-1(1)
do not have unique solutions and only the sum
of two coefficients wgg (1) + Wiz, (n) could
be determined.

By substituting (23) into (10) and (11)
and taking an ensemble average with an
assumption of input-signal whiteness, the filter
coefficient adaptation bocomes

E[wgg(n+1)] = E[wgg,(n)]
+poy® { hars - Elwpe (w1} (25.1)
E[Wig Nonp+i(n+ 1)] = E[w g yoppsi(n)]

tuo Xz{hLR,N-nD-H' -E [WLR,N-n,,+i(")]}

for i=0,1,---,np-1 (25.2)
and
E[wggi(n+1)] = E[wgg i(n)]
+ pox’ { hre,i — E[Wgg,i(m)] }
+poy’ { hgi - Ewigml}  (26.1)

E[WLR','_,,D(H +1)] = E[WLR.i-n,,(n)]
+ p0x* { uniny = EWWi o0y ()] }

+ poy’ { hrr,i = E[wggi(n)] }

for i=nD,nD+l,---,N—1. (26.2)

ox? is the variance of the input signal xz(n).
From (25.1) and (25.2), which are the same as
the monaural LMS algorithm[2], wggo(n), - - -

) wRR,nD-l(n) and wlR,N-nD(n)a e, Wi n-1(n)

converge to their optimum values if and only if
) :
0Ssus—. 27
S @7

By introducing new variables
wy(n) = E[wgg(n) — hgg,]
+E[WiRin, (M) = hipin,] (28)
wy(n) = E[wgg;(n) — hpg,i]
—E[WiRjn,(n) = hrRicn,], (29)
(26.1) and (26.2) are reduced to a pair of new
recursive equations with a single variable
w,(n) or wy(n). These simple equations lead
to the solutions to wgg, (1), -, Wgrrn-1(1)
and wigo(n), - - -, Wig N-n,-1(n) a5
Elwgpi(n)] = hpg,;

+% {(1-2p0:®" +1} x
{E[WRR,i(O)] - hRR,i}
+% {(1-2p04%" -1} x

{ EW iR ionpO1 = higjony } (30)
and
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EWigin,(mW] = higin,
1
+5 {A-2u0x) +1} x
{ EDWRinp O] = hrayony }
1
+5 {-2p0x)" -1} x
{ EDwae (O] - hg, } (31)
where wgg;(0) and wp;(0) are the initial val-
ues of wgpi(n) and wiz;(n). (30) and (31)

converge to
E[wggi(c0)] = hgg,

+5 { ED a1 - han,
- % {EW iy = bigiry ) (32)

and
E[WiRiny(00)] = higin,

+5 (D021~ i, }

1
=5 { E0vre (O] = hen, } (33)
if and only if
O<u< —-1—2 . (34)
Ox

Two important things are observed from (32),
(33) and (34); the final coefficient values and
the convergence speed. (32) and (33) show
that the filter coefficients wgg;(n) and
Wirinp,(n) (i =1,--,np—1) wegpn,(n), -+,
WerN-1(n) and wigo(n), - -+, Wig y_pp-1(n) do
not converge to their optimum values hgp ; and
hig,i-n,- The final values depend on the talker
position because (32) and (33) contain np.
Therefore, a move or a change of the talker has
the same influence on the echo cancellation as
a change of the echo path. (34) shows that
convergence speed is slower than the monaural
case because the adaptation step size u is lim-
ited to the half range of (27).

6. A NEW MULTI CHANNEL ECHO
CANCELLER

A new multi-channel echo canceller can
be realized with a single adaptive filter per
channel[4]. The new structure is based on an
observation that in Figure 4, the signal path
from the talker in room A to the microphone in

echo canceller  xz(m)

Figure 5. New two-channel echo canceller.

room B, which consists of two paths connected
in parallel, is equivalent to a single path.
Therefore, the same echo replica as in Figure 1
can be generated by a single adaptive filter, A
two-channel case of the new echo canceller is
shown in Figure 5. The input signal which is
ahead in phase is determined by a detector
(DET) and used by all adaptive filters as their
input signals[4].

7. SIMULATION RESULTS

Simulations have been carried out in a
two-channel and a single-talk case. Only the
echo in the right channel is canceled because
of the symmetry. 20-tap FIR filters whose
impulse response is exponentially decreased
are used as the echo paths. 40-tap FIR adap-
tive filters equipped with the normalized LMS
algorithm[3] with the adaptation step size
4 =0.8 are used for both the conventional and
the new echo cancellers. The signal-to-noise
ratio (SNR), which is defined by the ratio of
the echo power to the additive noise power, is
chosen as 40dB.

Figure 6 compares the convergence
characteristics for cross-correlated and uncor-
related input signals. The cross-correlated sig-
nals are generated by adding two independent
white Gaussian noises with different amplitude
and delay for each channel. The uncorrelated
signals and the additive noise to the echo are
also white Gaussian noises. The convergence
speed for cross-correlated signals is about 1/4
of that for the uncorrelated signals. The
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Figure 6. Convergence characteristics
for cross-correlated and uncorrelated signals.

distance |W pp(n) — H gg! after convergence for
cross-correlated signals is larger than that for
the uncorrelated signals.

Figure 7 and 8 shows the convergence
characteristics of the conventional and the new
echo canceller with a single talker. Two inde-
pendent white Gaussian noises are used as the
input signal and the additive noise to the echo.
The input signal in the left channel is delayed
by 8 samples from the right channel. Figure 7
shows that the new echo canceller converges
twice as fast as the conventional one, which
agrees with (27) and (34). The filter coeffi-
cients of the new echo canceller after 1000
iterations are nearly equal to their optimum
values. Figure 8 illustrates the filter coeffi-
cients Wpr(1000) of the conventional echo
canceller. They converge to those given by
(32) rather than their optimum values H gp.

8. CONCLUSION

Analysis of convergence characteristics
for a multi-channel echo canceller with cross-
correlated input signals have been presented.
The gradient with respect to the filter coeffi-
cients of the conventional multi-channel echo
canceller contain disturbing components.
These components behave like additive noises
when the input signals have strong cross-
correlation, With an example of strongly
cross-correlated signals, it has been analyti-
cally shown that the convergence speed is
slower than that for the uncorrelated signals.
The filter coefficients do not converge to their
optimum values either. A new multi-channel
echo canceller, which converges twice as fast

conventional
right

Distance

o O
[«))
T

o] 500 1000
Iteration

Figure 7. Distance from the optimum value.

10 20 30 40
Figure 8. Coefficients after 1000 iterations.

as the conventional one for cross-correlated
signals, has been derived. Its filter coefficients
converge to their optimum values while those
of the conventional echo canceller do not.
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