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Alias-Free Subband Adaptive Filtering
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Abstract—To overcome the limitations of a conventional fullband
adaptive filtering, various subband adaptive filtering (SAF) structures have been proposed. Properly designed, an SAF will converge faster at a lower computational cost than a fullband structure. However, its design should consider the following two facts:
the interband aliasing introduced by the downsampling process degrades its performance, and the filter bank in the SAF introduces
additional computational overhead and system delay. In this paper,
to fully exploit the benefits of using an SAF, an almost alias-free
SAF structure with critical sampling is proposed. The interband
alising is removed from the subband signal by isolating the aliasing
using a bandwidth-increased analysis filter. Computer simulations
show that the proposed structure converges faster than both an
equivalent fullband structure at lower computational complexity
and recently proposed SAF structures for a colored input.
Index Terms—Adaptive filtering, interband aliasing, LMS algorithm, multirate signal processing, subband adaptive filtering.

I. INTRODUCTION
N adaptive filter is often employed in an environment of
unknown statistics for various purposes such as system
identification, inverse modelling for channel equalization, adaptive prediction, and interference cancelling. Knowing nothing
about the environment, the filter is initially set to an arbitrary
condition and updated in a step-by-step manner toward an optimum filter setting. For updating, the least mean-square (LMS)
algorithm is often used for its simplicity and robust performance
[1]. However, the LMS algorithm exhibits slow convergence
when used with an ill-conditioned input such as speech and requires a high computational cost, especially when the system to
be identified has a long impulse response [2]. One promising
method that improves the performance and reduces the computational cost is subband adaptive filtering (SAF), in which the
input is decomposed into a number of subband signals, and the
adaptive filtering is performed on each subband [3]–[10]. It has
the potential for a faster convergence and a lower computational
complexity than a fullband structure. However, a subband structure suffers from two deficiencies. First, the interband aliasing
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that is introduced by the downsampling process required in reducing the data rate is unavoidable and degrades the performance. Second, the filter bank introduces additional computation and system delay. For these reasons, various SAF structures were proposed. In [3], an SAF using nonoverlapping subbands was proposed to mitigate the interband aliasing; however,
it leads to output distortion in the form of spectral gaps that are
very large. In [4] and [5], cross-adaptive filters between the subbands were used to compensate for the interband aliasing. Their
use requires additional computational cost, and despite the increased computational complexity, its convergence is slow. In
[6], an SAF using auxiliary channels was proposed to avoid both
interband aliasing and spectral gaps; however, this results in increased complexity. In [7], [8], an oversampled filter bank was
used to reduce interband aliasing; however, its computational
complexity was increased, and it has been found to have slow
convergence [2]. In [9], [10], subband structures that can exactly
model an finite-impulse-response (FIR) system were proposed.
In [9], a subband structure based on the polyphase decomposition of an FIR system to be adaptively modelled was proposed;
however, its computational complexity is similar to that of the
fullband structure. In [10], a subband structure proposed in [11]
was used to exactly model an arbitrary FIR system. This structure requires additional computation for adaptively filtering the
overlappings between adjacent subbands.
In this paper, a critically sampled SAF structure that is almost alias-free is proposed to reap all the benefits of using an
SAF. Since the proposed SAF is performed using subbands that
is almost alias-free, there is little interband aliasing error at the
output. In each subband, the interband aliasing is obtained using
a bandwidth-increased linear-phase FIR analysis filter, whose
passband has almost-unit magnitude response in the subband
interval, and is then subtracted from the subband signal. This
aliasing cancellation procedure, however, causes the spectral
dips of the subband signals. These spectral dips can be reduced
by using a simple FIR filter.
The paper is organized as follows. Section II discusses the
reason why the interband aliasing yields large mean-squared
error (MSE). Section III proposes a critically sampled SAF
structure that is almost alias-free. Section IV represents the
improvement of the spectral flatness of the almost alias-free
subband signals. Section V presents the design procedures of
the bandwidth-increased analysis filters to obtain the interband
aliasing. Section VI represents the computational complexity
of the proposed algorithm. Section VII compares simulation
results of the proposed SAF structure to those of the equivalent
fullband structure and recently proposed SAF structures, and
Section VIII concludes the paper.
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Fig. 2. Magnitude responses of H (z
H z
W
and H z
W
.
Fig. 1. Block diagram of the adaptive filtering in the k th subband. X (z ),
H (z ), H (z ), G (z ), and E (z ) represent the z -transforms of input, unknown system, the k th analysis filter, the k th adaptive filter, and the k th error
signal for k = 0; 1; . . . ; M 1, respectively.

0

II. SAF WITH CRITICAL SAMPLING
In SAF, signals are decomposed into a number of subband
signals using an analysis filter bank, and the adaptive filtering is
performed on each subband. The result in each subband is combined into an output using a synthesis filter bank. For a critically
subbands, the th subband error
,
sampled SAF with
shown in Fig. 1, is given as

(1)
,
,
, and
represent the -transwhere
forms of input signal, unknown system, the th analysis filter,
and the th adaptive filter for
, respectively.
Note
, and the th analysis filter
is a
bandpass filter, whose passband is
.
Equation (1) can be rewritten as

(2)
where

)

and its adjacent terms

with high enough stopband attenuation,
is approximately
zero [12].
The second and third terms on the right-hand side of (2)
are the errors introduced by interband aliasing due to the
overlappings between
and
and
between
and
. In order to reduce
to a value close to zero, the adaptive filter
has
to match the two different frequency responses, that is, both
and
which have considerable overlap
and both
and
which also have considerable overlap between them. Of course, this is impossible.
These mismatches result in a large
around
and
even after convergence, therefore, the SAF with
critical sampling has a large MSE at the output.
III. ALIAS-FREE SAF WITH CRITICAL SAMPLING
The interband aliasing is a major bottleneck in using SAF, and
several methods for reducing the interband aliasing have been
proposed [3]–[10]. In this paper, critically sampled SAF that is
almost alias-free is proposed. The interband aliasing components
are caused by downsampling the signal which has passed through
a nonideal analysis filter: the downsampling process is essential in
almost all multirate signal processing for making the overall data
rate nearly equivalent to that of the input. Fig. 3 shows the magnitude responses
of the signal that has passed through the
th analysis filter, whose transition bandwidth is
, and its
downsampled version
for
.
Henceforth, only the frequency interval of
will be considered, since the frequency responses in the
other intervals are just the frequency-shifted and the frequencyflipped versions of the response in this interval. As shown in
Fig. 3(b), the frequency interval of
is
divided into three subintervals:
, where the first and second terms on the right-hand side
of (2) coexist,
,
where only the first term exists, and
, where the first and third terms coexist. As
shown in Fig. 3(b), the error signal
of the th subband
is analyzed according to the subintervals as follows. For
, the error
can be approximated as

(3)
(4)
For
When the filter bank is real-valued, the terms
and
are adjacent to
their magnitude responses in Fig. 2, and when

as shown by
is designed

, it can be approximated as
(5)
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Fig. 3. Magnitude responses of the signals in the k th subband. (a) Output of the k th analysis filter. (b) Its downsampled version.

Fig. 4. Alias-free SAF structure with critical sampling in the k th subband. The dashed box is inserted into the SAF structure of Fig. 1 except W (e ) and
1=W (e ) to cancel the interband aliasing. H (e ), X (e ), X (e ), W (e ), X (e ), and F (e ) represent the linear-phase bandwidth-increased
analysis filter, the extracted interband aliasing component, the almost alias-free subband input with the spectral dips, the minimum-phase filter for the spectral
flatness of the subband input, the almost alias-free subband input with the flat spectrum, and the synthesis filter in the k th subband, respectively. The same analysis
is also applied to D (e ), which is the k th subband signal of the desired signal D (e ), and thus the almost alias-free subband desired signal with the flat spectrum
D (e ) is obtained. X (e ) and D (e ) are used as an input and a desired signal of the adaptive filter G (e ), respectively. The output E (e ) passes
through the inverse filter 1=W (e ), and E (e ) is finally obtained.

Finally, for

, it can be approximated as

(6)
has to match
From (4) and (6), the th adaptive filter
the desired response
while simultaneously matching
the aliased response
at
and the aliased
response
at
in order to make
zero. This is impossible.
In this paper, a novel SAF structure that approximately eliminates the interband aliasing terms is proposed. The th subband
portion of the proposed SAF structure is shown in Fig. 4.
is a linear-phase bandwidth-increased
In Fig. 4,
where
is an integer and
analysis filter of the order
, whose magnitude response is
determines the order of
to
, and
is the th
almost one from
synthesis filter for
. As shown in Fig. 4,
is extracted using
the interband aliasing component
and then its
the bandwidth-increased analysis filter
is subtracted from the subband
decimated version

to obtain the almost alias-free
. The
signal
are reduced using a minimum-phase
spectral dips of
, and the result
is used as an input of the
filter
adaptive filter
. The same analysis is also applied to
, which is the th subband signal of the desired signal
, and thus the almost alias-free subband desired signal
is obtained and used as a desired
with flat spectrum
signal of the adaptive filter
. The output of
,
, passes through
to negate the effect of
, and then
is obtained.
Figs. 5 and 6 sequentially explain how the interband aliasing
in more detail.
is eliminated from
is given as
In the th subband,

(7)
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in Fig. 5(c). The mathematical expression of the result is given
as

(9)
where

is multiplied to
, since the amplitude of
is reduced by
during the downsampling procedure. As shown in Fig. 5(c),
includes only the
.
interband aliasing components in
The interband aliasing components are extracted by passing
through the th bandwidth-increased analysis filter
, whose magnitude response is almost-flat from
to
as shown in Fig. 5(d); this is the reason why the
. In general,
term “bandwidth-increased” is used for
the frequency interval where the magnitude response of the
passband of the filter bank is almost-flat is narrower than that
for a perfect reconstruction (PR) of the filter bank.
of
is not an ideal filter and therefore has
However, since
and
the transition intervals in
, the output of the
,
, contains the unwanted signals in the
filter
transition intervals, which will cause another interband aliasing
components after the downsampling procedure. These aliasing
,
components are analyzed in Fig. 6. In
overlaps predominantly with
when
and
, thus
is given as

Fig. 5. Magnitude responses of the signals of the proposed SAF structure.
(a) Output signal of the k th analysis filter. (b) Interpolated version of X (e ).
(c) Resulting signal after subtracting X (e ) from M 1 X (e ). (d) k th bandwidth-increased analysis filter. (e) Extracted interband aliasing component.

(10)
,
which is shown in Fig. 5(e). In
when
predominantly with
and
(or
), thus

where

overlaps
(or
)
is given by

(11)
(8)
can be designed such that the
The analysis filters
between nonadjacent terms can be much
overlapping
smaller than the overlapping between adjacent ones and thus
. In order to eliminate the
negligible for
aliasing term from
, the aliasing components should
be obtained first. To do so, the output signal of the analysis
in Fig. 5(a) is subtracted from the interpolated
filter
in Fig. 5(b), and the result is
as shown
signal

where

(12)
After downsampling
, an unwanted interband aliasing
in
occurs due to the overlapping between
represented in (11) and
in
represented
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Fig. 6. Magnitude responses of the signals of the proposed SAF structure. (a) Subband input with interband aliasing. (b) Downsampled version of the extracted
interband aliasing component. (c) Almost alias-free subband input. (d) Filter for the spectral flatness of the almost alias-free subband signal. (e) Almost alias-free
subband input with the flat spectrum.

in (10). The downsampled interband aliasing component
of Fig. 6(b) is given as

As shown in Fig. 4, the th almost alias-free subband input
is obtained as
signal
(14)
where
is one th of the delay introduced by
inserting (7) and (13) into (14) and then representing
as
in
,
is given by

. By

(13)
The first term of the right-hand side of the approximation in
(13) is the extracted interband aliasing component derived from
in
. The second and the third terms of the
right-hand side of the approximation are the unwanted interband
in
aliasing components, which came from
. All the other terms are negligible except the three terms mentioned above.

(15)
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With
tervals,

,

at the three subin,

, and
,
i.e.,
, is given as (16) at
the bottom of the page, which is shown in Fig. 6(c). This analas shown in Fig. 4, and thus
ysis is also applied to
is given as (17), shown at the bottom of the page. If
and
are used for adaptive filtering in suband
in the th subband, the
bands instead of
is given as (18), shown at
output of the adaptive filter
the bottom of the page. This is not the case as in (4) and (6)
where
has to match the desired
while simultaneously matching the aliased responses
at
and
at
in order to
make
zero. From (18),
needs to match
just the desired response
to make
zero.
Therefore, the interband aliasing error can be made to be almost zero.
IV. IMPROVEMENT OF SPECTRAL FLATNESS OF ALIAS-FREE
SUBBAND SIGNALS
has spectral dips at the subinAs shown in Fig. 6(c),
and
and so does
. The size of the spectervals
. A poor design of
tral dips depends on the design of
can reduce the spectral flatness and thus reduce the
and
can be reduced
convergence rate. The spectral dips at

by using a minimum-phase filter
ideal magnitude response
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that has the following

(19)

can be designed to be of
This is shown in Fig. 6(d).
, since it has a transition bandlower order than that of
times wider than
. The design procewidth that is
dure of
is as follows: first, we design a minimum-phase
and transition bands
and
bandpass filter with passband
. The designed minimum-phase bandpass filter is inverted
, and thus
is designed to be a minto give
imum-phase filter.
in the th subband
shown in
The output of
Fig. 6(e) is given as
(20)
is obtained using
The th desired signal
in the same way as
. Therefore, when
and
are used for adaptive filtering in subbands instead of
and
in the th subband,
is given as
(21), shown at the bottom of the page. As represented in (21),
needs to match only
the th adaptive filter
as in (18) achieving the spectral flatness. The output of the

(16)

(17)

(18)

(21)
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adaptive filter
is obtained by passing
through
to negate the effect of
. Since
is deis implemented
signed to be a minimum-phase filter,
by inverting
.
V. DESIGN OF BANDWIDTH-INCREASED
ANALYSIS FILTER BANK
In this section, the design procedure of the bandwidth-increased analysis filters is introduced. The bandwidth-increased
analysis filters are used to extract the interband aliasing comof (9) as shown in Fig. 5. To achieve
ponents from
this, the th bandwidth-increased analysis filters should satisfy the following conditions: the magnitude response of the
th bandwidth-increased analysis filter should be close to one
and the phase response be linear in the frequency interval of
for
.
Before the design procedure is introduced, the design procedure of FIR cosine-modulated filter bank (CMFB) in [12] is
summarized since the bandwidth-increased analysis filters can
be designed by cosine modulation of the prototype filter. The
analysis and synthesis filters of the CMFB are obtained by cosine modulation of the prototype linear-phase lowpass filter. If
is the impulse response of the FIR prototype filter, the impulse responses of the th analysis and synthesis filters,
and
, are given respectively as follows:

Fig. 7. Magnitude response of the eight-channel bandwidth-increased analysis
filters.
TABLE I
PERFORMANCES AND THE ORDERS OF THE
BANDWIDTH-INCREASED ANALYSIS FILTERS

(22)
(23)
where

is the order of the FIR prototype filter, and
for
[12]. The term
on
the right-hand side of (22) and (23) is used to cancel the interband aliasing component at the output of the filter bank and
and
,
significant distortion around the frequencies
respectively to obtain PR. However, the bandwidth-increased
is
analysis filter bank does not need the PR condition, thus
is the impulse response of
discarded here. Therefore, if
the linear-phase FIR bandwidth-increased prototype filter, the
impulse response of the th bandwidth-increased analysis filter
is given as follows:
(24)
where is the order of the FIR bandwidth-increased prototype
. In order to design the magnifilter for
tude response of the th bandwidth-increased analysis filter to
be unit from
to
, the magnitude response of
.
the prototype lowpass filter should be unit from 0 to
Such condition on the magnitude response of the prototype filter
around
and to
causes amplitude distortion to
around
but no amplitude distortion for
, as shown in Fig. 7 in the eight-channel
case. Since the interband aliasing component exists only around
in case of
and around
in case of
, the amplitude distortions of the first and

the last subband bandwidth-increased analysis filters do not afand
, if the
fect the amplitude response of
following condition is satisfied,
(25)
where

is the transition bandwidth of the prototype filter
and
is that of the prototype filter of the filter
, the interband aliasing exists
bank. For example, when
only around
, and the spectral bump
exists around
. Therefore, if the constraint
of
(25) is satisfied, the interband aliasing and the spectral bump do
not overlap with each other. The same analysis can be applied to
. For
2, 4, 8, and 16, the stopband atthe case of
, the
tenuations , the normalized transition bandwidths
orders of the designed prototype filters are given in Table I.
VI. COMPUTATIONAL COMPLEXITY
One of the main benefits of using an SAF structure is the
reduction in computational complexity gained over that of the
fullband adaptive filtering when the unidentified system is of
high order. In this section, the computational complexity of the
proposed alias-free SAF algorithm is calculated in terms of the
number of multiplications per sample (MPS) and compared to
that of the fullband adaptive algorithm.
Fig. 4 shows the proposed alias-free SAF structure in the th
subband. The input and the desired signal are decomposed into
a number of the subband signals using the analysis filter bank,
and the interband aliasing is extracted and then subtracted from
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each subband signal using bandwidth-increased analysis filters.
The spectral dips of the subband signals are reduced, and the
adaptive filtering is performed on each subband. The error in
each subband is combined into an output error by the synthesis
filter bank.
In the proposed SAF structure, the adaptive filtering in subbands based on the normalized LMS (NLMS) approximately
multiplications plus
divides for
samples
requires
MPS plus
for the filtering and adaptation, and thus
is the order of the system to be
one divide per unit, where
identified; however, since one divide is negligible compared to
multiplications, it will not be considered. The bandMPS
width-increased analysis filtering requires totally
since the input signal is not common to all the bandwidth-infor
in concreased analysis filters
trast to the case of the filter bank. Reducing the spectral dips
and inverse filtering after adaptation also require totally about
MPS where
is the order of the filter for flattening
the spectrum. If the implementation of the filter bank requires
MPS, the overall MPS required by the proposed alias-free
SAF structure is given as
(26)
In this paper, a PR FIR CMFB proposed in [13] was used to
analyze and synthesize the signals. The filter bank can be efficiently implemented by cosine modulation of an FIR prototype
filter, and the FIR prototype filter can also be implemented efficiently using the two-channel cascaded lattice structure shown
in [12]. When the order of the prototype filter is , each lattice
multiplications, where
requires
is the order of the lattice. Since
lattice structures are required
to implement the prototype filter and the each lattice operates at
-downsampled input rate,
MPS is required for the analysis filtering of the input and desired signals and the synthesis filtering of the output signal. In
addition, the analysis of the input and the desired signal and
MPS of three disthe synthesis of the output requires
crete cosine transform (DCT) for cosine modulation. Therefore,
,
if the above computational complexity is substituted for
the overall MPS is given as

(27)
The first term corresponds to the filtering and adaptation of the
adaptive filters in subbands, the second term corresponds to the
filtering of the bandwidth-increased analysis filters, the third
term corresponds to filterings for the spectral flatness, the fourth
term corresponds to the implementation of the prototype filter,
and the last term corresponds to the computation of three discrete cosine transforms (DCT) for cosine modulation. When the
is high, the overall MPS
order of the system to be identified
, which is
times smaller than
is approximated as
MPS of the fullband NLMS algorithm. Since the transition bandwidth of the bandwidth-increased analysis filter
needs to be designed to be narrower as the number of the sub-
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TABLE II
PERFORMANCES AND THE ORDERS OF THE FIR PROTOTYPE FILTERS

bands increases, the order of the bandwidth-increased filter
,
, increases. Therefore, the total MPS can be approximated as
(28)
However, since the order of the bandwidth-increased FIR analysis filter is generally smaller than that of the system to be identified, the proposed SAF structure still requires smaller computational load than the fullband structure.
VII. SIMULATIONS
By computer simulation, the convergence behavior of the proposed SAF algorithm that is almost alias-free was compared to
those of the fullband NLMS and the conventional SAF algorithms in [3], [6], [10]. The simulations using the proposed SAF
algorithm were performed by varying the number of subbands,
2, 4, 8, and 16. The stopband attenuations
that is, for
, the normalized transition bandwidths
, the orders
of the prototype filters of the PR FIR CMFBs are described in
Table II. All the FIR CMFBs incorporated in the proposed structure had similar stopband attenuations around 60 dB, and their
transition bandwidths were decreased as the number of the subbands increased. The bandwidth-increased analysis filters that
were presented in Table I were used for extracting the interband
with order 14 was used for all cases of
aliasing. The filter
the simulations.
Four simulation experiments were conducted each with a different input: a white noise input of unit variance, a colored input,
and a speech input.
A. White Noise Input
The proposed SAF with critical sampling and the fullband
NLMS algorithms were evaluated using a white noise input of
length 60000 with unit variance. The order of the FIR system to
be identified was 1999. The normalized step-size of the NLMS
algorithm was set to a value of 0.5 for all experiments. The simulations using the proposed SAF were conducted by varying
2, 4, 8, and 16. All
the number of subbands, that is, for
the orders of the adaptive filters in each subband were set to
where
represents the nearest integer of towas
wards infinity. A white Gaussian noise of variance
added to the desired signal as a measurement noise. The MSE
evolutions of the proposed SAF and the fullband NLMS algorithm are shown in Fig. 8.
The figure shows that the convergence rates of both the proposed SAF and the fullband NLMS algorithms were similar for
a white noise input; however, the fullband reached lower steadystate MSE than the proposed after convergence. The steady-state
.
MSE of the fullband is determined by the noise power
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Fig. 8. MSE performance for the proposed SAF algorithm for different values
and the fullband NLMS algorithm for a white noise input.
of
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M

Fig. 9. MSE performance for the proposed SAF algorithm for different values
of
and the fullband NLMS algorithm for a colored input.

Although the steady-state MSE of the proposed depends on the
noise power, it depends more on the stopband attenuation of the
filter banks and the number of the subbands for noise level comparable to or less than the stopband attenuation. The aliasing
due to the nonzero stopband attenuation of the filter banks after
downsampling increases as the number of subbands increases,
and the aliasing still remains as error after convergence. This
increases the steady-state MSE of the proposed SAF, and thus
the steady-state MSE of the proposed increases with increase
in the number of subbands. This is a disadvantage observed in
all SAF algorithms, unless the algorithm eliminates the aliasing
perfectly.
B. Colored Input
The simulation using a colored input was conducted. The simulation conditions were similar to those when using white noise.
The colored input was generated by passing the white noise of
unit variance through a first-order IIR filter with a pole location
at
and then normalized to have unit variance. The MSE
evolution is shown in Fig. 9.
Under this condition, the proposed SAF algorithm performed better than the fullband NLMS algorithm. Increasing
the number of subbands led to better convergence rate, but
larger MSE after convergence. When the number of subbands
is 16, the convergence rate was similar to that when using white
noise input. The MSE after convergence is also determined by
the characteristics of the filter banks and the number of the
subbands as in the case of white noise input.
C. Speech
An acoustic echo cancellation (AEC) experiment was conducted with real speech sampled at 8 kHz. The length of a room
impulse response to be identified was 2000. The residual echoes
using the proposed eight-channel SAF algorithm and the fullband NLMS algorithm are shown in Fig. 10.
It shows the proposed SAF algorithm cancelled the echo
better than the fullband NLMS algorithm under this condition.

Fig. 10. Residual echo signals using the proposed eight-channel alias-free SAF
algorithm and the fullband NLMS algorithm for speech input.

D. Comparison of Performances
The performance of the proposed SAF algorithm was compared to those of the SAF algorithms proposed in [3], [6], [10],
when
. The order of the FIR system to be identified was
1959. For a fair comparison, the order of the adaptive filters in
the subbands for all algorithms was set to 500. All algorithms
other than the SAF based on sparse subfilters in [10] require
a minimum of order 490. The computational complexity of the
SAF algorithms for each is given in Table III. In the proposed
algorithm, the computational complexity depends on a number
of the factors that include the length of the bandwidth-increased
analysis filters. Depending on how you design the bandwidth-increased analysis filters, there is a tradeoff between the computational complexity and the performance. Using a simple linearphase FIR filter, the computation complexity shown in Table III
is equal to or greater than 16, the SAF
is obtained. When
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TABLE III
COMPUTATIONAL COMPLEXITY OF THE SAF ALGORITHMS FOR SEVERAL
VALUES OF , WHEN

M

N = 1959

1903

Under this condition, the proposed SAF achieved faster convergence rate and lower MSE than the other algorithms. If we
wait long enough, the SAF using the nonoverlapping filter bank
achieves the steady-state MSE close to that of the proposed
SAF. As stated in Section I, the SAF using the nonoverlapping
filter bank introduces large spectral gaps at the output, especially as the number of the subbands increases. The SAF in [10]
dB, which is approximately a
achieved the MSE around
half of the stopband attenuation of the cascaded analysis filters.
The SAF using the auxiliary subband had larger MSE in the auxiliary subbands than in the main subbands, even when the long
adaptive filters in the auxiliary subbands were used. So, it had
larger MSE at the output than the other algorithms.
VIII. CONCLUSION

M =4

Fig. 11. Comparison of the performances of the proposed alias-free SAF algo.
rithm and the conventional SAF algorithms for a colored input when

algorithm in [10] requires less computational complexity than
the proposed. The SAF algorithm in [6] used the long adaptive
filters in the auxiliary subbands, whose length is same to that of
the adaptive filters in the main subbands.
As stated in Section VII-A, the steady-state MSE of almost
all SAF including the proposed depends on the stopband attenuation of the filter banks and also on the number of subbands. In
our simulations, the number of the subbands was set to 4, and the
stopband attenuation of the filter banks was set to about 60 dB.
The SAF in [10] uses two cascaded analysis filters in contrast
to the other algorithms, so the stopband attenuation of the analysis filters is doubled. For a fair comparison, the SAF in [10]
was evaluated using the cascaded analysis filters, whose combined stopband attenuation is same as that of the analysis filters
of the other algorithms compared. So, the SAF in [10] used the
cascaded analysis filters of the four-channel PR FIR analysis
CMFB with 39 order and 32 dB stopband attenuation. The
SAF algorithms in [3], [6] used the two-channel nonoverlapping filter bank with 40 order and 60 dB stopband attenuation,
which are similar as those of the two-channel PR FIR CMFB.
Using a tree structure, four-channel SAF structures were implemented [14]. The SAF algorithm in [6] used the auxiliary subband where the analysis filter of length 81 was used and the total
length of all the adaptive filters was 2000. For a colored noise of
length 200000, simulation result shown in Fig. 11 was obtained.

In this paper, in order to fully exploit the benefits of SAF,
a structure with critical sampling that is virtually alias-free is
proposed. The interband aliasing is extracted in each subband
using the bandwidth-increased FIR linear-phase analysis filters
and then subtracted from each subband signal. The use of the
bandwidth-increased analysis filters introduces an extra computational load. The almost alias-free subband signals have the
spectral dips, so the spectral dips are reduced using a filter for
the spectral flatness and then the outputs are used for adaptive filtering in each subband. The computational complexity
of the proposed SAF algorithm is approximately reduced by
compared to that of the fullband algorithm. Simulations results show that the proposed subband structure achieves similar
convergence rate to the fullband structure for white noise input
and better convergence rate than both the equivalent fullband
at lower computational complexity and the conventional SAF
structures for colored input.
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