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Abstract

In the linear combination type stereophonic echo
canceller, it is known not to converge the coefficient vec-
tor of the adaptive filter to a correct echo path. In this
report, we analyze the convergence value of the filter
coefficient vector of the stereo echo canceling algorithm
usig input signals of all channels in relation to this prob-
lem. In this analysis, one of the two inputs to the un-
known system and adaptive one are assumed to be a
delayed and attenuated version of the other signal as a
model of the input signal with a strong cross-correlation.
As a result, it is shown for the coefficient vectors not to
converge to echo paths, and nor to converge to the value
which depends on the time delay and the attenuation of
the input signal. We show that the computer simulation
result are corresponding to our analytical results.

1. Introduction

Echo-canceling is an essential technique for construct-
ing multimedia systems, such as a television conference
system. Therefore many methods have so far been pro-
posed. In this report we study the echo cancellation
algorithm for a stereophonic system.

In 1984 Fujii and Shimada proposed a multichannel
echo canceling algorithm of the linear combination type,
and henceforth, several methods based on the similar
system have been proposed. In particular the MC-LMS
{Multichannel Least Mean Squares) method based on
the LMS algorithm has an advantage of a small scale
of architecture and less computation time for correc-
tion of coefficient vectors, and therefore it is still one
of typical adaptive echo canceling algorithms.However
since the correction of coefficient vectors by LMS-type
algorithms utilizes only the corresponding channel sig-
nal but not whole input channel signals, the convergence
speed is very slow. Here the convergence speed means
the speed of minimizing output error (i.e. removal speed
of residual echo ).

To overcome this drawbacks Kimoto, et al. proposed
the algorithm in which correction of coefficient vectors
of each echo canceller are chosen from the entire in-
put signal space [3].Thus this algorithm shows the rapid
convergence speed and high ERLE(Echo Return Loss

Enhancement) compared with the traditional including
LMS-type alogorithms.

However, it is known not to converge the coefficient
vector of the adaptive filter to a correct echo path in the
linear combination type echo canceller including MC-
LMS [1] [2] and Kimoto’s method. It is a cause that
the cross-correlation between input signals of all chan-
nels are strong. The filter coefficient error is not nec-
essarily a corresponding even if the output error (i.e.
residual echo) is zero, and this is an important prob-
lem of the multichannel echo canceller. The amount of
the echo suppression is remarkably deteriorated only be-
cause a statistical character of the input signal changes
even when the echo path does not change. For instance,
the talker movement and the talker change, etc. on the
near-end side. That is, the amount of the echo suppres-
sion depends on the transfer functions from the sound
source to the microphone on the near-end side. There-
fore, it is necessary to estimate each of the echo path
accurately to improove this situation.

Furthermore, Hirano, et al. have indicated the conver-
gence value of the filter coefficient vector of the MC-LMS
analytical in relation to this problem in case of stereo-
phonic [4]. In this analysis, one of the two inputs to the
unknown system and adaptive one are assumed to be a
delayed and attenuated version of the other signal as a
model of the input signal with a strong cross-correlation.
As a result, it is shown for the coefficient vectors not to
converge to echo paths, and nor to converge to the value
which depends on the time delay and the attenuation of
the input signal. It is thought that this analysis has an
important meaning when the mis-adjustment problem
is improved in the MC-LMS.

This paper analyzes the convergence value of the co-
efficient vectors with stereophonic echo canceling al-
gorithm using input signals of all channels (Kimoto's
method). The input signal assumed the same relation
as the analysis of Hirano et al.. And analyzed the con-
vergence value of the coefficient vector of the algorithm.

Analitical results show that a part of the coefficient
vector of the adaptive filter does not converge to the echo
paths as well as MC-LMS. It is shown that an analyt-
ical result is corresponding to the computer simulation
result.
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2. Stereophonic Echo canceller

In this section we explain the system to be considered

for the echo cancellation and also give some definitions.

The system of a linear combination type echo can-
celler is shown in Fig. 1, where we draw only paths
for one channel. We consider the communication be-
tween Rooms A and B, and suppose that there are two
microphones for two channels in Room A. In Room B
the acoustic waves from two speakers propagate to two
microphones there and then two signals on microphone
are transmitted to Room A as shown in Fig.1. The echo
cancellers for each channels are located between Rooms
A and B as shown in Fig. 1( where we draw them only
for channel L). In Room B, there are four echo paths
between two speakers and two microphones.

We assume that each echo path is modelled by an FIR
filter of order N — 1 (IV being known) and let w%j) {i=
L, R;j = L, R} represent coefficient vectors of length N
corresponding to four echo paths.

The linear combination type stereophonic echo can-
celler consists of two adaptive filters with coefficient vec-
tors hg’,’){i = L,R;j = L, R} of length N and identify
the echo-path.

In arbitrary channel j(= L or R), Let u()(k) be an
input signal for microphones in Room A at time k& and
we define the input matrix in Room Abyan Nxr
matrix X 1(3), (k) as follows:

X(J) ) (k) = [ (J)(k) x(])( 1), (J)(k_r+l)] (1)
where r is the length of a block, zg\’,)(k) is input vector
as follows

2 (k) = D (), (6 - 1),

S u@ (k- N+ 1), (2)

The desired echo signal vector d¥ )(k) at time k can be
represented as:

4D () = XYW wi? + X0 ()

On the other hand the output signal vector 4 (k) of
the estimators is given as :

y9 (k)

From Eqgs.(3) and (4) we have the output error vector
e (k) as follows:

e (k) = d9) (k)

= X ®TR + XA (@)

~ 39 (k). (5)

When we define as:

wo 2 @ W7, (j= LR} (®)
H<f>(k>9[h‘“>(k TGP k)TIT, {j=L,R} (7
X(k) 2 Xk TIX S ER)TIT, @®

Room A X&) Room B
Noy T2
— 2 l Wy
® R
~ X&) . QE(R\Q\“
L'E" R_n_ ®N L

D oe P

Figure 1: A 2-channel echo canceller based on linear
combination
the coefficient error vector I'Y) (k) is given by
r0(k) = w — gO)(k). (9)
e (k) can be obtained as:

el (k)

= X (k)TT9 (k). (10)

Then the procedure of the Kimoto’s method is given as:

[ 2t | = 4w (1)
(L) (R) Lj
; T RIXTR)] 2D (k)
ARD (k) = [ Xl(vz,i(k)IX(R)(k) o(R3) (k) ] (12)
HD(k+1) = HD(k) + AU (k) (13)

where the A(k) is given by:
A(k) = [XS2 0T X R X BT XG (B
XQETXPEIXPETXPE] 1)

and superscript * means the Moore-Penrose type gen-
eralized inverse matrix.

3. Convergence Analysis of the
Kimoto’s method

In this section, we analyze the convergence value of
the coeficient vector with the Kimoto's method. In the
following analysis, the relation between two input sig-
nals is given by

{0 (k) = ozl (k - 7), (15)

where 7 and o are time delay between a:g})(k) and
:L'g‘)(k) and attenuation factor, respectively. And

ulE) (k) is assumed the white Gaussian signal with zero
mean. A white Gaussian signal is characterized by

B [ (iuP)(j)] = { o i=d)

(i #9) (16)
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where E[] denotes ensemble average. Moreover, :cg\f) (k)
is independent of I'E)(k) and A*(k), block length r
equals 1 and only L channel path in Room B is con-
sidered are assumed in the following analysis.
Substituting the (10) into (11), we have

5001 -

a0 [ dP BT laal® (k- )7 [TO®). (1)
When we define as:
A+(k) = [al)a23a’37 a4]T (18)
Substituting (18) into (17) gives
r Q(LL)(]C) }
] (I)(RL)(IC)
a1 |2 (k)T el (k — )T
28D (L) T
a k)T lazy’ (k-7
: (L)( | o ) 8 (k). (19)
a3 (k)T lazy’ (k- 1)T
aq (L)(k)T{aa:(L)(k )T

Upper N rows of AR (k) (i.e. Ah%[’)(k)) derived from
(19) and (12) as

AP (k) =
(LY (12T (L) T
| ) ay |z’ (k) oz (k- 7)
[0 (antd ) [ v Ls@(kmamg@(k -
D (k) 0

= [alx(L)(k)ng,‘)(k)T + azaz(L) (k- ’T‘).’E(L) k)T,
a az%) (k)z%‘) (k- T)T
(k).

For example, by taking an ensemble average of (21) with
thecaseof N=3and =1, E [Ah%m(k)] becomes

+ aga"’x%‘) (k- )a:%') (k— T)T]

(21)

E [anPw)] =
a102  azao? 0 aza’o? 0 o
0 162 agac? aool  aza’o? 0
0 0 a,02 0 a1a0?  azolo? |
E [r@)(k)] : (22)
LL L .
sl o )
= aw"’(vg )+a7£ FQL))+G2W2(7“°}%L) +a1my ) |
a107 (7(3) )+a’y( ) +a2a202fy((3) ) ]
(23)
where E [['0) (k)] defined by
LL LL LL
[F(L)(k)] [’Y((l) )7’7((2) )»" 'Y, ((N))7
(RL) _(RL) (RL
Yay Yy Y )] (24)

By the same calculation, E [Ahgfl’) (k)] becomes

o[

LL
a30> (1) )+ as00s (7((2)
LL RL RL
= | a303 (7((2) )+ a 'Y(I% ) ))
(2 {7

2 L
a303(7(3) )+ Yy ") + aga2o2y! @)

)4 av(RL)

+ agao(y (21,) )4 a7(2) ]
(25)

We assume that E [Ahg\‘,u’)(oo ] and E’[ h(RL) ]

equals Oy. The result for 'y((;.) Wi = L,R;j
-, N} are derived from (23) and (25) as

7((5“ =0 (26)
Wy + ey =0 (27)
Yoy + oz =0 (28)
yab =o. (29)

Y3
{26) and (29) show that hg’)L) and hg,f)L) converge to the
optimum value.The other elements are not converge to
the optimum values. When solving F [Ah%‘l‘)(oo‘)] =

Oy in case of N = 3 and 7 = 2 by the same process as
the example, 7(9)) becomes

vy =0 (30)
sy F ey =0 (31)
Yy =0 (32)
Yy =0 (33)
Y =0 (34)

LL LL RL
(30), (32), (33) and (34) show that A{)"), hizD AEE)

and th) converge to the optimum value.
Next, we think about the case of arbitrary N and 7.

E [Ahg\f” (lc)] becomes

E [Ahgv“)(k)] = [BIC|E [r<L>(1c)] (35)
where B and C are defined by
B =
r T~1 7
102 0 0 agoo? O
a‘aﬁ 0 0
aiol 0 . agaag (36)

0103 4
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o 6 ;‘ g e wi(LL)
I agazoﬁ L P 4 H ; }"3 ---®-- hn{LL)
2. 2 o
] azoa?l 2, 4 .
{ 0 a20’02 £ s % **M. .
0 Whetpadbatakiagadg
0 0 -2 t Optimum by k]
a1a0? 0 4
0 2 4 6 8 10 12 14 16 18 20
aj aaz Goefficient index
LL
: ()R (o0)
0 ara0? aza?0? .
- - %
6+
) 37 } g~ w(RL)
Finally, 7(141“) becomes 37) L % ---®-- hn(RL)
) PR
(LL) 2,1 ° {\
e g L5 T
: =0 (38) N G i o s
(LL) 2t *-e .
7(1) Optimum
(LL) (RL) -4
7&}3) +a7((h)L) 0 2 4 6 8 10 12 14 16 18 20
7(r+2) + av(z) 0 (39) Coefficient index
. = RL
. (D) (00)
'y(( N)) + a'y((N_)T) ) Figure 2: Coefficient vector after convergence
(RL)
NN—r41) .
: - 40) 9. Conclusion
'y((ﬁf’) I This paper shows the convergence value of the coeffi-

Therefore, first 7 element of h%L) and the last 7 element
of h%"‘) converge to the echo paths.

4. Computer Simulations

Simulations have been carried out in order to examine
the validity of the analysis.

4.1 Condition

o Input signal u(k) is white Gaussian signal with the
variance 1/12.

o We assume that there is the relation between these
two input signals as follows:

P (k) =09z (k- 4).  {ie 7= 4}

e The systems and the estimators are both FIR filters
of order 19(N = 20).

4.2 Results

It is understood that the first 7 element of hs\f’L) and
the last 7 element of AL converge to the echo paths
N p

w%l‘){i = L,R}. As for channel R, this result is the
same.

cient vector with the stereophonic echo canceling algo-
rithm using input signals of all channels. In the analy-
sis, it is shown that a part of coefficient vector decided
by size of 7 converge to the echo paths. Moreover, the
analytical result is corresponding to the computer sim-
ulation result.
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