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Abstract

The delayless subband adaptive filter has no transmission delay. Its closed-loop configuration converges close to the

minimum residual error using feedback from the fullband error signal, but its stability and convergence rate are limited by

the error path delay. This paper systematically analyzes the subband/fullband weight transformation and the subband

weight update process, investigates the adverse influences of the error path delay, and then introduces a closed-loop block

update algorithm with error path delay compensation. Simulation results for an acoustic echo cancellation application

confirm that this modified algorithm rapidly converges to small residual error with low computational complexity.

r 2007 Elsevier B.V. All rights reserved.
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1. Introduction

Subband [1–3] and transform-domain [4–6] tech-
niques have been developed for long-tap adaptive
filters to improve the convergence rate and reduce
the computational complexity. They both have their
strong and weak points, and the connections
between them are well discussed in [7]. A common
disadvantage for these computationally efficient
algorithms is that delay is introduced into the signal
path [1,4,6]. This transmission delay seriously limits
the bandwidth over which good cancellation can be
e front matter r 2007 Elsevier B.V. All rights reserved
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achieved in active noise control, and exacerbates the
perceptual effects of residual echoes in acoustic echo
cancellation (AEC) [1,3]. Thus, these conventional
computationally efficient algorithms are precluded
for applications requiring low transmission delay.
To avoid this delay, Morgan and Thi proposed a
delayless subband adaptive filter architecture, as
shown in Fig. 1, in which the subband signals are
decimated, the subband adaptive weights are
updated block-by-block, and the fullband filter
coefficients are transformed from the subband
adaptive weights [1].

Two configurations are developed: the closed-
loop configuration (CLC) nullifies subband aliasing
effects using feedback from the fullband error
signal, so it converges close to the minimum residual
error [1,8], however, the error path delay limits its
stability and convergence rate [1]; the open-loop
.
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Fig. 1. Block diagram of delayless subband adaptive filter.
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configuration (OLC) is proposed to avoid such
delay, but the residual error is too large because of
subband aliasing [1]. So no matter whether the CLC
or OLC is chosen, fast convergence and small
residual error cannot be achieved at the same time.

Two major defects limiting the stability and
convergence of the CLC are the imperfection of the
subband/fullband weight transformation and the
delay introduced into the error path [1]. While the
weight transformation has received considerable
attention and has been analyzed and improved in
various ways [8–11], there are few analyses on how
and to what extent the error path delay adversely
affects the subband adaptive weight update process.
DeBrunner [12] proposed a filtered-x least-mean-
square (FXLMS) based subband adaptive algorithm
with error path delay compensation, in which the
subband signals are not decimated, the adaptive filter
is updated sample-by-sample, and the subband/full-
band weight transformation is not needed. Therefore,
this algorithm not only compensates error path delay,
but also avoids the subband/fullband weight trans-
formation, and thus significantly increases the system
stability and convergence rate. However, this im-
provement is at the expense of a considerable increase
in the computational complexity [12], which makes
the algorithm unattractive for applications with long
adaptive filters.

A prominent advantage of the block update
algorithm proposed in [1] is that it has low
computational complexity, which is the primary
reason for using subband implementations, since
subband edge effects compromise the advantage of
reduced spectral dynamic range [13]. But there is an
inherent conflict between eliminating the error path
delay and retaining feedback from the fullband
error signal. To solve this conflict, the weight
transformation and subband adaptive weight up-
date process are analyzed in a systematic and easily
understood way in this paper. The adverse influ-
ences of the error path delay are explicitly investi-
gated, and then an error path delay compensation
method for the CLC is proposed. The proposed
system is constructed to compensate the error path
delay, while retaining the advantages of feedback
from the fullband error signal and low computa-
tional complexity. So it is expected to converge as
fast as the OLC does during the initial converging
stage, and to maintain this converging trend until
reaching a residual error as small as that of the
CLC. Thus, the merits of the OLC and CLC are
combined. Simulation results for an AEC applica-
tion verify this expectation and confirm that the
proposed system rapidly converges to small residual
error with low computational complexity.

The structure of the paper is as follows. Section 2
derives the adaptive weight update formula in
subbands. Section 3 analyzes this formula and
investigates the adverse influences of the error path
delay. Section 4 presents a correction term to
compensate the error path delay. Section 5 discusses
the computational complexity. Simulation results
for an AEC application are presented in Section 6.

2. Adaptive weight update in subbands

A block update diagram of the delayless subband
adaptive filter for an AEC application is shown in
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Fig. 1, where xðnÞ, dðnÞ, and eðnÞ are the reference
signal, desired signal, and estimation error, respec-
tively, and cðnÞ and wiðnÞ are the coefficient vectors
of the N-tap fullband adaptive filter and ðN=DÞ-tap
ith subband adaptive filter, respectively, where D is
the decimation factor [1]. The analysis filterbank is
constructed by the polyphase fast Fourier transform
(FFT) technique [1], and its prototype filter h0 is
generated by the Matlab fir1ðK � 1; 1=MÞ routine,
where M is the number of subbands and D ¼M=2
is selected, so that the group delay introduced is
t ¼ ðK � 1Þ=2.

For the ith subband, the subband adaptive filter
wi updates once every D samples, so we have

wiðsDþ 1Þ ¼ wiðsDþ 2Þ ¼ � � � ¼ wiðnÞ

¼ � � � ¼ wiðsDþDÞ, ð1Þ

where s ¼ bðn� 1Þ=Dc and b�c represents rounding
down to the nearest integer. The fullband filter c is
transformed from wi once every k0D samples, where
k0 is a positive integer that defines the time update
interval, so we have

cðmk0Dþ 1Þ ¼ cðmk0Dþ 2Þ ¼ � � � ¼ cðnÞ

¼ � � � ¼ cðmk0Dþ k0DÞ, ð2Þ

where m ¼ bðn� 1Þ=ðk0DÞc. It can be inferred from
(1) and (2) that if mk0Dþ 1asDþ 1, cðnÞ is not
transformed from wiðnÞ. Therefore, we define ~wiðnÞ

as the subband filter coefficient vector from which
cðnÞ is transformed, and then we have

~wiðnÞ ¼ wi½bðn� 1Þ=ðk0DÞck0Dþ 1�

¼ wiðmk0Dþ 1Þ ¼ wiðmk0DþDÞ. ð3Þ

The ith subband weight update formula in the CLC
is expressed as

wiðsDþDÞ ¼ wiðnÞ ¼ wiðsDþ 1Þ

¼ wiðsDÞ þ mix
�
i ðsDÞeCLC;iðsDÞ, ð4Þ

where mi is the step size, eCLC;iðsDÞ is the decimated
local error signal, and xiðsDÞ ¼ ½xiðsDÞ;xiðsD�

DÞ; . . . ; xiðsD�N þDÞ�T is the decimated local
reference signal vector, with the kth element
xi;kðsDÞ ¼ xiðsD� kDÞ; 0pkpN=D� 1.

For the ith subband, the undecimated local
reference and the undecimated local desired signals
are respectively, expressed as xiðnÞ ¼

PK�1
‘¼0 xðn�

‘Þhið‘Þ and diðnÞ ¼
PK�1

‘¼0 dðn� ‘Þhið‘Þ, where hið‘Þ
is the ‘th coefficient of the analysis filter hi that
filters the fullband signal into the ith subband.
The undecimated local error signal in the CLC is
derived as

eCLC;iðnÞ

¼
XK�1
‘¼0

eðn� ‘Þhið‘Þ

¼
XK�1
‘¼0

dðn� ‘Þ �
XN�1
j¼0

xðn� ‘ � jÞcjðn� ‘Þ

" #
hið‘Þ

¼ diðnÞ �
XK�1
‘¼0

XN�1
j¼0

xðn� ‘ � jÞcjðn� ‘Þhið‘Þ, ð5Þ

where cjðn� ‘Þ is the jth element of c at time n� ‘
and diðnÞ ¼

PK�1
‘¼0 dðn� ‘Þhið‘Þ. With this result, we

know that (4) can be further expressed as

wiðsDþDÞ

¼ wiðsDÞ þ mix
�
i ðsDÞ diðsDÞ

"

�
XK�1
‘¼0

XN�1
j¼0

xðsD� ‘ � jÞcjðsD� ‘Þhið‘Þ

#
. ð6Þ

If there is no error path delay, we know from this
equation that cðsD� ‘Þ; 0p‘pK � 1 should be
transformed from wiðsDÞ, which means that ~wiðsD�

‘Þ ¼ wiðsDÞ; 0p‘pK � 1 is required. Yet from (3)
we know that this is the case only if k0 ¼ 1 and
KpD, which will result in high computational
complexity and severe subband aliasing effects, and
therefore poor system stability and slow conver-
gence. Therefore, the error path delay is unavoid-
able in the CLC. Although we know that the error
path delay in the CLC is undesirable [1] and we have
already derived the subband weight update formula
in (6), how and to what extent this delay affects the
system stability and convergence are not well
understood. In order to analyze the adverse effects,
we will try to replace these fullband variables in (6)
with subband ones, and this is a key point in this
paper.

3. Analyses of the subband weight update formula

The amplitudes of the coefficients of hi, a K-tap
analysis prototype filter designed by windowing the
ideal impulse response with the K-point Hamming
window, are positive symmetric and rapidly de-
crease away from the center t ¼ ðK � 1Þ=2, and the
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Fig. 2. Block diagrams of (a) the system generating d̂ iðnÞ from

xðnÞ, and (b) its equivalent based on the well-known Noble

Identities for multirate systems.
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adaptive coefficient cjðn� tÞ is close to the center
value of the vector ½cjðnÞ; cjðn� 1Þ; . . . ; cjðn�

K þ 1Þ�, so we have

XK�1
‘¼0

XN�1
j¼0

xðn� ‘ � jÞcjðn� ‘Þhið‘Þ

�
XN�1
j¼0

XK�1
‘¼0

xðn� ‘ � jÞhið‘Þ

" #
cjðn� tÞ. ð7Þ

Moreover, this approximation will become more
and more accurate because the differences between
consecutive values cjðnÞ; cjðn� 1Þ; . . . ; cjðn� K þ 1Þ
quickly diminish as cjðnÞ converges towards its
theoretical value. With this approximation, we can
further express (5) as

eCLC;iðnÞ � diðnÞ �
XN�1
j¼0

XK�1
‘¼0

xðn� ‘ � jÞhið‘Þ

" #
cjðn� tÞ.

(8)

Since cðn� tÞ is transformed from ~wiðn� tÞ by
using FFT stacking [1] or FFT-2 stacking [10] and
D ¼M=2, we have

CðejoÞ ¼W iðe
joDÞ; jo� 2pi=Mjpp=M,

i ¼ 0; 1; . . . ;M � 1, ð9Þ

where CðejoÞ and W iðe
joÞ are the discrete-time

Fourier transforms (DTFT) of cðn� tÞ and
~wiðn� tÞ, respectively. The magnitude frequency
response of the bandpass analysis filter hi can be
expressed as

jHiðe
joÞj �

1; jo� 2pi=Mjpp=M ;

0; jo� 2pi=Mj4p=M:

(
(10)

Combining (9) and (10), we have

Hiðe
joÞCðejoÞ � Hiðe

joÞW iðe
joDÞ; �ppopp.

(11)

Define d̂ iðnÞ as the signal decimated fromPN�1
j¼0 ½

PK�1
‘¼0 xðn� ‘ � jÞhið‘Þ�cjðn� tÞ, then it can

be generated by the system shown in Fig. 2(a), in

which CðejoÞ is already replaced by W iðe
joDÞ based

on the relationship indicated in (11). From the well-
known Noble Identities for multirate systems [14],

d̂ iðnÞ can also be produced by the structure
described in Fig. 2(b),giving

d̂ iðnÞ �
XN=D�1

k¼0

~wi;kðn� tÞxi;kðnÞ ¼ ~wT
i ðn� tÞxiðnÞ,

(12)
where ~wi;kðn� tÞ is the kth element of ~wiðn� tÞ.
Using this approximation and the results in (8) and
(3), the decimated error signal in the CLC can be
expressed as

eCLC;iðsDÞ

� diðsDÞ � d̂ iðsDÞ

� diðsDÞ � ~wT
i ðsD� tÞxiðsDÞ

¼ diðsDÞ � wT
i ½bðsD� t� 1Þ=ðk0DÞck0D

þD�xiðsDÞ. ð13Þ

Substituting this equation into (4), we have

wiðsDþDÞ

� wiðsDÞ þ mix
�
i ðsDÞfdiðsDÞ

� wT
i ½bðsD� t� 1Þ=ðk0DÞck0DþD�xiðsDÞg.

ð14Þ

Thus, the ith subband weight update formula in the
CLC is expressed in terms of subband variables, so
that we can analyze it by using methods that are
already employed to analyze the fullband delayed
LMS (DLMS) algorithm.

A typical fullband DLMS algorithm [15–19] is
described as

cðnþ 1Þ ¼ cðnÞ þ mx�ðn� tÞeðn� tÞ

¼ cðnÞ þ mx�ðn� tÞ½dðn� tÞ

� cTðn� tÞxðn� tÞ�, ð15Þ

where xðnÞ ¼ ½xðnÞ;xðn� 1Þ; . . . ;xðn�N þ 1Þ�T is
the fullband reference signal vector, and t is the
error path delay. It is shown in [12,16,17] that
the error path delay reduces the stability bound of
the step size and degrades the convergence rate.
Comparing (14) with (15), we find that the error
path delay may have adverse influences on the
closed-loop delayless subband adaptive filter similar
to the fullband DLMS filter, and the simulation
results in Section 6 confirm this.
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The weight update formula in (14) can be
reexpressed as

wiðsDþDÞ � wiðsDÞ þ mix
�
i ðsDÞ½diðsDÞ

� wT
i ðsD� tDÞxiðsDÞ�, ð16Þ

where t is the error path delay. When k0 ¼ 1, t ¼

�b�ðtþ 1Þ=Dc � 1 is a constant value. Noting this
equation is similar to (15), we can derive the
stability bound of mi [15,18] as

0omio
2

limax
sin

p
2ð2tþ 1Þ

� �
, (17)

where limax is the largest eigenvalue of the
autocorrelation matrix of the decimated local
reference signal. Because two approximations,
shown in (7) and (11), are made to derive (16) and
some standard assumptions are used to derive (17)
from (16), (17) is not a strict stability bound [12].
However, it does indicate that the stability bound
decreases as the error path delay increases. When
k0X2, we know from (14) that

t ¼ �bðkD� t� 1Þ=ðk0DÞck0 þ k � 1, (18)

where k ¼ 0; 1; . . . ; k0 � 1. So that the error path
delay switches among k0 different values, and then
it is difficult to explicitly derive the stability bound
of mi. But we can still find from (18) that the larger
k0 is, the larger these k0 different delays are, and
then the smaller the stability bound is.

From (18) we know that the error path delay in
the CLC increases as either t or k0 increase, which
results in degraded system stability and conver-
gence. However, k0b1 and K ¼ ð2tþ 1ÞX4D are
always required to reduce the computational com-
plexity and suppress the subband aliasing effects,
respectively, resulting in large error path delay. So if
the error path delay cannot be compensated, no
matter what efforts are taken in other respects, the
performance will still not be satisfactory.

4. Block update algorithm with error path delay

compensation

The error path delay compensation techniques for
the fullband DLMS algorithm developed in [18,19]
can also be applied for the CLC. By constructing
the correction term

� fwiðsDÞ � wi½bðsD� t� 1Þ=ðk0DÞck0D

þD�gTxiðsDÞ
and adding it to the error signal in (4), (4) is changed
to

wiðsDþDÞ

¼ wiðsDÞ þ mix
�
i ðsDÞðeCLC;iðsDÞ

� fwiðsDÞ � wi½bðsD� t� 1Þ=ðk0DÞck0D

þD�gTxiðsDÞÞ. ð19Þ

From (13) we know that (19) can be expressed as

wiðsDþDÞ � wiðsDÞ þ mix
�
i ðsDÞ½diðsDÞ

� wT
i ðsDÞxiðsDÞ�. ð20Þ

On the other hand, the ith subband weight update
formula in the OLC [1] is

wiðsDþDÞ ¼ wiðsDÞ þ mix
�
i ðsDÞ½diðsDÞ

� wT
i ðsDÞxiðsDÞ�. ð21Þ

Comparing (20) with (21), we find that they are
nearly identical to each other, which means there is
no error path delay in (19). Therefore, we define the
system using (19) as the delay compensated closed-
loop configuration (DCCLC). We now analyze how
the DCCLC works.

It is shown in [1,10] that the OLC has a large
stability bound of the step size, fast initial conver-
gence rate, and good tracking capability because
there is no error path delay, but it has large residual
error because of subband aliasing effects. Using
feedback from the fullband error signal, the CLC
nullifies subband aliasing effects and therefore
converges close to the minimum residual error, but
it has a smaller stability bound of the step size and
slower convergence rate because of the error path
delay. The weight update formula of the DCCLC,
as shown in (19), not only incorporates feedback
from the fullband error signal but also is approxi-
mately the same as the weight update formula of the
OLC, as shown in (21), so that the DCCLC is
expected to not only benefit from the feedback of
the fullband error signal but also have no error path
delay. Therefore, the DCCLC combines the merits
of the CLC and OLC, so that fast convergence and
small residual error can be achieved and large k0

may still be appropriate.
Comparing (19) and (21), we can find that if the

same k0 is chosen, the DCCLC and OLC have
almost the same computational complexity. And it
is known that the computational complexity of the
OLC rapidly decreases as k0 becomes larger [1].
Therefore, we could choose appropriately large k0

in the DCCLC to achieve computational complexity
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as low as possible only at the expense of slightly
degraded convergence rate and tracking capability.

5. Computational complexities

The computational complexity of the system can
be separated into four parts: (1) subband filtering,
(2) adaptive weight update, (3) subband/fullband
weight transformation, and, (4) fullband signal
convolution [1,3]. Using the FFT-2 weight trans-
formation [10], the approximate real multiplies per
input sample required by these four parts are,
respectively,

R1 ¼ 4K=M þ 4 log2M,

R2 ¼ 8N=M,

R3 ¼ ½4 log2ð4N=MÞ þ 2 log2ð2NÞ�N=ðk0DÞ,

R4 ¼ N=Lþ 4ðL� 1Þ þ 4 log2ð2N=LÞ

þ ½2 log2ð2N=LÞ�N=ðk0DÞ,

where L is a positive integer whose value is
optimized to minimize the computational complex-
ity. The computational complexity of the CLC
[1,3,10] is

RCLC ¼ R1 þ R2 þ R3 þ R4 (22)

and the computational complexities of the OLC
[1,3,10] and DCCLC are

ROLC ¼ RDCCLC ¼ RCLC þ R2. (23)

For a system with N ¼ 1024, M ¼ 64,
D ¼M=2 ¼ 32, and K ¼ 7D ¼ 224, L ¼ 8 is the
optimal value, and when k0 ¼ 1, the numbers of real
multiplications per sample for the CLC and
DCCLC are 2338 and 2446, respectively; when
k0 ¼ 4, they considerably decrease to 850 and 978;
and when k0 ¼ 16, they further decrease to 478 and
606. So the computational complexity rapidly
decreases as k0 increases.
AppErrorðnÞ ¼ 10 log

PM=2�1
i¼0

PK�1
‘¼0

PN�1
j¼0 xðn� ‘ � jÞ½cjðn� ‘Þ � cjðn� tÞ�hið‘Þ

��� ���2
PM=2�1

i¼0

PK�1
‘¼0

PN�1
j¼0 xðn� ‘ � jÞcjðn� ‘Þhið‘Þ

��� ���2
8><
>:

9>=
>;.
6. Computer simulations

The performance of the DCCLC is now evaluated
by computer simulations for an AEC application.
The signal is sampled at 8 kHz, and the room is
modeled with two different 1025-tap impulse
responses designated as c1 and c2, as shown in
Fig. 3, where c1 is a uniformly distributed stochastic
vector modulated to have an exponential decay
envelope and c2 is truncated from an impulse
response measured in a normal office room. The
filter starts to adapt to c1 at time 0, so that the
initial convergence can be observed, and 8 s later,
the room model is switched to c2 to examine the
tracking behavior. We choose N ¼ 1024, M ¼ 64,
D ¼M=2 ¼ 32, and K ¼ 7D ¼ 224. The purpose of
choosing N ¼ 1024o1025 is to set a theoretical
minimum residual error well above the machine
precision [2]. The FFT-2 weight transformation
developed in [10] is used, and the system error
(SysError) used to evaluate the performance
[2,10,20] is defined as SysErrorðnÞ ¼ 20 logðkwðnÞ
�ck=kckÞ. The step size is chosen as mi ¼ a=½xHi
ðsDÞxiðsDÞ�, where a is a normalized step size.

A critical assumption in this paper is that the
approximation made in (7) is reasonable. The
approximation error (AppError) used to verify the
approximation is defined as
A white Gaussian noise is used as input for the
DCCLC with a ¼ 0:60 and k0 ¼ 1, and the simula-
tion results are presented in Fig. 4. It is observed
from the figure that AppError has an initial value as
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small as �20 dB and quickly diminishes to a
negligible value as the system converges, so that
the approximation made in (7) is justified.

The convergence performances of the OLC, CLC,
and DCCLC with colored noise or speech as input
are compared with three typical values of k0. The
colored noise is generated by passing white Gaus-
sian noise through a first-order AR system with
coefficient 0.9, and the speech is from the TIMIT
database. Normalized step sizes, whose values are
optimized experimentally are used to reach conver-
gence rates as fast as possible whilst ensuring
stability at the same time. The convergence perfor-
mance of the three configurations with colored noise
and speech as input are shown in Figs. 5 and 6,
respectively.

When k0 ¼ 1, RCLC ¼ 2338 and ROLC ¼ RDCCLC ¼

2446, so all three systems have high computational
complexities. From Figs. 5(a) and 6(a) we know that
when k0 ¼ 1, the OLC quickly converges to relatively
large steady-state residual error, the CLC and DCCLC
both rapidly converge close to the minimum residual
error, and the DCCLC has the fastest convergence rate.
As k0 increases to 4, RCLC decreases to 850, and ROLC

and RDCCLC both decrease to 978. As k0 increases to
16, RCLC decreases to 478, and ROLC and RDCCLC both
Fig. 5. Performance comparison of different configurations with

colored noise as input, using optimized normalized step sizes. (a)

k0 ¼ 1, a ¼ 0:45 (OLC), 0.35 (CLC), 0.60 (DCCLC). (b) k0 ¼ 4,

a ¼ 0:45 (OLC), 0.28 (CLC), 0.60 (DCCLC). (c) k0 ¼ 16, a ¼
0:45 (OLC), 0.20 (CLC), 0.60 (DCCLC). The dashed lines in the

bottom of all figures represent the theoretical minimum system

error.
decrease to 606. So that choosing large k0 will
significantly reduce the computational complexities.
Comparing Figs. 5(b) and 6(b) with Figs. 5(a) and 6(a),
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Fig. 6. Performance comparison of different configurations with

speech signal as input, using optimized normalized step sizes. (a)

k0 ¼ 1, a ¼ 0:45 (OLC), 0.35 (CLC), 0.60 (DCCLC). (b) k0 ¼ 4,

a ¼ 0:45 (OLC), 0.28 (CLC), 0.60 (DCCLC). (c) k0 ¼ 16, a ¼ 0:45
(OLC), 0.20 (CLC), 0.60 (DCCLC). The dashed lines in the bottom

of all figures represent the theoretical minimum system error.
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we can find that the convergence performance of the
OLC and DCCLC are almost not impaired by
increasing k0 from 1 to 4, whereas the convergence
performance of the CLC is obviously degraded by this
increase. Similar observation can be made by compar-
ing Figs. 5(c) and 6(c) with Figs. 5(b) and 6(b). From
these observations, we can find that the OLC quickly
converges to relatively large steady-state residual error
and is not sensitive to an increase of k0. The CLC
converges close to the minimum residual error, but its
convergence rate obviously degrades when k0 becomes
larger. The DCCLC, however, not only quickly
converges close to the minimum residual error, but
also has low sensitivity to an increase of k0. Therefore,
the error path delay in the CLC reduces the stability
bound of the step size, and then leads to degraded
convergence, whereas the DCCLC compensates the
error path delay in the CLC, has an initial convergence
rate as fast as the OLC does regardless the value of k0,
and furthermore, maintains this trend until reaching
close to the minimum residual error. The simulation
results presented in Figs. 5 and 6 well support the
theoretical analyses in Sections 3 and 4.

From the above discussions on the convergence
performance and computational complexity, we can
conclude that whereas the CLC not only converges
slowly but also requires small k0 and the OLC has
large steady-state residual error, the proposed
DCCLC allows choosing appropriately large k0 to
achieve computational complexity as small as
possible and still quickly converges close to the
minimum residual error.

7. Conclusions

Based on analyses of the subband/fullband weight
transformation and the subband adaptive weight
update process for the CLC, how and to what extent
the error path delay adversely affects the conver-
gence are understood, leading to the proposed
DCCLC. Computer simulations for an AEC appli-
cation confirm that the DCCLC rapidly converges
to small residual error with low computational
complexity. Considering that two approximations
are made in (7) and (11) for deriving the subband
adaptive weight update formula, more precise
compensation methods may be available to further
increase the convergence rate. Introducing a better
analysis filterbank and developing a new weight
transformation strategy may also contribute to
further improvements of the delayless subband
architecture.
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