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ABSTRACT

Recently a new real-valued oversampled filter bank
has been proposed which reduces the “inband” alias.
The filterbank consists of at least three channels which
are subsampled by different subsampling ratios. Tn
this paper we investigate into the applicability of this
filterbank for adaptive subband filtering and compare
the setup with existing subband and fullband tech-
niques.

1. INTRODUCTION

One of the main problems in acoustic echo cancela-
tion is the long duration of the impulse response of
the echo path which can require adaptive filters with
up to several thousand taps to give a good echo reduc-
tion. Adaptive filters of such high orders are difficult
to implement, due to their computational complexity
and furthermore they exhibit slow convergence and a
high minimum mean squared error which is empha-
sized by the colored and time varying nature of the
input signal in this type of application.

One approach to solve these problems is to use sub-
band architectures in conjunction with adaptive fil-
ters. It is anticipated that the adaptive filters in the
subbands require less taps due to the subsampling
process and that the input signals appear “whiter”
as only a narrow frequency band is used. However,
a closer analysis of the problem [3] shows that with
critically subsampled filterbanks adaptive crossfilters
between adjacent subbands are necessary which in-
crease the computational complexity of the adaptive
algorithms and reduce the convergence speed as the
input signals to the multichannel algorithms, which
are used in the subbands, are correlated. These cross-
filters are necessary because the subsampling process
causes “inband” aliasing and therefore the subband
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input signal and the subband desired signal cannot
be compared directly as information is lost. Efforts
to reduce this “inband” aliasing has been made [6]
where the analysis and svnthesis filters were con-
structed from [IR filters with a very narrow tran-
sition band and a high stopband attenuation. These
[IR filter banks however show a poor performance
in terms of signal-to-noise ratio in the reconstructed
signal.

Another approach to solve these problems is to use
oversampled filterbanks with the adaptive filters [2,
5]. In this filterbank structure “inband” aliasing is
not present if the analysis filters are complex mod-
ulated versions of a lowpass prototype. One draw-
back of these structures is that the subband signals
are then complex valued and therefore the computa-
tional complexity of the subband adaptive filters is
increased.

In this paper we investigate in the applicability of a
real-valued oversampled filterbank which vield sub-
band signals without aliasing [4].

2. FILTERBANK DESCRIPTION

The main problem of subband adaptive filtering is
the “inband™ alias which occurs if a real-valued anal-
vsis filter 11;(z), whose channel is subsampled by S;,
contains the normalized frequency points %’—’ [ =
1,...,5; — 1 [4]. Therefore, to avoid “inband” alias,
all the analysis filters need to have spectral nulls at
these frequencies, if the same subsampling ratio S; is
to be used for all channels. This however is a contra-
dicting requirement to the demand to have a perfect
or near-perfect reconstruction filterbank and so com-
mon spectral nulls in all channels are ruled out [7).

Therefore, in [4], a filterbank design is proposed which
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Figure 2: Analysis Bank of Proposed Structure: (a)
Hg(z), (b) Hi(2), (¢) Ha(2)

circumvents the inband aliasing by choosing different
subsampling ratios S; for different channels . The
simplest filterbank presented consists of 3 channels
where two channels are subsampled by 2 and one
channel by 3, which gives an oversampling ratio of

133%.

Fig. 1 shows such a filterbank in an adaptive sub-
band filter setup, i.e. two analysis banks which ana-
lyze the input signal z(k) and the desired signal d(k)
and one synthesis bank which reconstructs the error
signal e(k) from its subband signals. In this case
channel 0 and 2 are subsampled by 2 and channel 1
is subsampled by 3. Fig. 2 shows the corresponding
set of analysis filters. Note that due to the choice of
the passhands the subband signals of x(k) and d(k)
do not contain any aliasing components and there-
fore no crossterm adaptive filters between adjacent
subbands are necessary.

At the moment typical designs [4] of such filterbanks
vield a reconstruction error and “inband” alias levels
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Filterbank O(N) O(N?) OSR
Algorithm | Algorithm
Fullband | 100% -l. | 100% -1 | 100%
2-3-2 61% - L. 28.7% - 12 | 133%
2-7-2 32% -1, 25.3% - 12 | 114%
9 Channel | 37.7%-1, | 84% .12 | 178%
Table 1: Computational Complexity of Proposed

Structure

of around -100 dB. The set of analysis filters as shown
in Fig. 2 result in a reconstruction error of -125 d13, a
delay of 151 samples and inband alias levels between
-102 dB and -115 dB.

3. COMPUTATIONAL COMPLEXITY

Tab. 1 shows the computational complexity and over-
sampling ratio (OSR) of the proposed structure for
various oversampled filterbanks and for different adap-
tive algorithms with computational complexities of
O(N) (e.g. LMS/NLMS) and O(N?) (e.g. RLS). The
computational complexity is given as a ratio of the
complexity between a fullband implementation and
a subband implementation as functions of equivalent
fullband lengths I.. It is assumed that the calcula-
tions necessary in the filterbanks are much less than
the calculations necessary for the adaptive filters and
can therefore be omitted in the evaluation.

The filterbanks, which are compared. are a 2-3-2 fil-
terbank (4], where two channels are subsampled hy 2
and one by 3, which is shown in Fig. 2, a 2-7-2 filter-
bank, where two channels are subsampled by 2 and
one by 7 and a filterbank consisting of nine channels
with different subsampling ratios [4].

4. SIMULATIONS

Floating point computer simulations were carried out
using the proposed structure with least squares (LS)
algorithms in a system identification sctup where the
unknown system was an IIR model of an acoustic
transfer function with an impulse response of a du-
ration of about 200 taps. The other algorithms used
were a fullband algorithm and a 2 band structure as
proposed in [3] which needs adaptive crossfilters. The
filterbank used for the 2 band structure was a QMF
bank using the 32C filter from [1].

4.1. Same Computational Complexity

In this set of simulations, the three algorithms were
compared while maintaining the same computational
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Figure 3: Residual Error for Same Computational
Complexity: (a) Desired Signal d(k), (b) Fullband
QR Algorithm, (c) 2 Band Structure with Crossterms
[3], (d) Proposed Structure

complexity for each structure using LS adaptive al-
gorithms. The fullband adaptive filter had a length
of 140 taps, the 2 band structure had 100 taps in the
main adaptive filters and 40 taps in the cross adap-
tive filters and the proposed structure had adaptive
filters with 130 taps in the channels subsampled by
2 and 87 taps in the channel subsampled by 3.

It can be seen that the proposed structure (d} out-
performs the fullband (b) and the 2 band structure
{c). This however was expected as the equivalent full-
band length I is 140 taps for the fullband structure,
200 taps for the 2 band structure and 260 taps for
the proposed structure and therefore a much better
model could be found. Note the additional spectral
peak and the degraded performance in the error sig-
nal of the 2 band adaptive filter (c), which is caused
by the aliasing produced by the filterbank.

4.2. Same Equivalent Fullband Length

In Fig. 4 the same simulation was performed, however
the equivalent fullband length was kept the same for
all structures. The fullband adaptive filter had 200
taps, the 2 band structure 100 taps in its main adap-
tive filters and 40 taps in its cross adaptive filters
and the proposed structure had adaptive filters with
100 taps in channel 0 and channel 2 and 66 taps in
channel 1.

It can be seen that the fullband structure and the pro-
posed structure give the same performance whereas
the 2 band structure performs worse which is due
to the aliasing encountered in the subbands. Here
the near-perfect reconstruction property of the filter-
bank is quite important as it would show a higher
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Figurc 4: Residual Error for Same Equivalent Full-
band Length: (a) Desired Signal d(k), (b) Fullband
QR Algorithm, (c) 2 Band Structure with Crossterms
[3], (d) Proposed Structure
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Figure 5: Simulation Results with System Change
after 3333 samples: (a) Proposed Structure, (b)
Fullband QR Algorithm, (c) 2 Band Structure with

Crossterms
minimum mean squared error in the simulation.

4.3. Time-Varying System

Fig. 5 shows echo-return-loss-enhancement (ERLLE)
plots against time. ERLE is defined as the ratio of
the power of the echo signal over the power of the
residual signal and is a measure of the echo suppres-
sion of the algorithm. The ERLE is estimated over a
time window of 100 samples. After 3333 samples the
unknown system is changed abruptly to a different
ITR model which yields an impulse response of about,
150 taps. The parameters for the adaptive struc-
tures were set such that the same equivalent fullband
length I, of 100 taps was achieved and that the same
memory lengths for the LS estimation were obtained.
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Echo Level 232 Fullband
SNR ERLE SNR ERLE
14.12dB | 13.3dB 24.7dB | 3.9dB 23.0dB
0.1dB 159dB 16.1dB { 99dB 10.0dB
-5.8 dB 16.1dB 10.0dB | 99dB 4.0dB
-9.4dB 16.1dB 6.7dB | 99dB 0.5dB
-11.9dB | 16.1dB 4.2dB |99dB -1.9dB

Table 2: Noisy System Identification results

It can be seen that the fullband (b) and the proposed
structure (a) behave the same in terms of achievable
ERLE and convergence speed. The only difference is
the delay caused by the filterbank. The 2 band struc-
ture again suffers under the influence of the “inband”
aliasing and therefore gives a worse ERLE level when
adapted. The convergence speed is unaffected from
this effect.

4.4. Simulations with Observation Noise

The next set of simulations was done to investigate
the robustness towards noise and the achievable ERLE
and SNR when compared to a fullband architecture.
Tab. 2 shows the results of this set of simulations for
different levels of echo where echo is defined as the
ratio of power in the output from the unknown sys-
tem to observation noise power. For the calculation
of the SNR and the ERLE it was assumed that the
observation noise is the signal of interest as it would
be in an acoustic echo cancelation setup.

It can be seen that generally the proposed structure
outperforms a fullband implementation in terms of
SNR and ERLE. The achieved improvement in ERLE
isabout 7 dB and in SNR is about 6 dB. The improve-
ments are due to the reduced order of the adaptive
filters and to the small reconstruction error of the
used three channel filterbank.

5. CONCLUSIONS

In this paper we have investigated the applicability of
the recently proposed filterbank [4]} for subband adap-
tive filtering. The main feature of this filterbank is
that the different channels operate on different sub-
sampling ratios and thereby a filterbank design can
be achieved which reduces the “inband” aliasing sig-
nificantly.

It has been shown that the proposed structure yields
a lower computational complexity then a fullband im-
plementation or traditional critically subsampled fil-
terbanks which is due to the fact that lower order
adaptive filters can be used at a lower sampling fre-

IWAENC’97

quency.

In a noise-free environment, the proposed structure
matches the minimum mean squared error of a full-
band implementation. In a noisy environment how-
ever, it outperforms a fullband implementation which
is due to the lower filter order of the adaptive filters.

6. ACKNOWLEDGMENTS

Mr Harteneck would like to acknowledge an ERAS-
MUS grant and a grant from the University of Strath-
clyde which supported this work as part of an ex-
change visit to the ETSI Telecomunicacién, Univer-
sidad Politécnica de Madrid from Qctober 1996 until
March 1997.

The authors also acknowledge the contributions of J
M McWhirter and I K Proudler, DERA Malvern, for
their input and future support for this work.

7. REFERENCES

{1] R E Crochiere and L R Rabiner. Multirate Dig-
ital Signal Processing. Signal Processing Series.
Prentice Hall, Englewood Cliffs, NJ, 1983.

(2] P L de Le6n II and D M Etter. Experimental
results with increased bandwidth analysis filters
in oversampled, subband acoustic echo cancelers.
IEEE Signal Processing Letters, 2(1):1-3, Jan-
uary 1995.

[3] A Gilloire and M Vetterli. Adaptive Filtering in
Subbands with Critical Sampling: Analysis, Ex-
periments, and Applicatio to Acoustic Echo Can-
cellation. IEEE Transactions on Signal Process-
ing, 40(8):1862-1875, August 1992.

[4] M Harteneck, J M Pdez-Borrallo, and R W Stew-
art. A Filterbank Design for Oversampled Filter
Banks without Aliasing in the Subbands. 27¢ UK
Symposium on Applications of Time-Frequency
and Time-Scale Methods (TFTS), Warwick, Eng-
land, 27-29 August 1997, 1997.

[5] P A Naylor and J E Hart. Subband Acoustic Echo
Control Using Non-Critical Frequency Sampling.
Proceedings of EUSIPCO-96, 1:37-40, September
1996.

[6] O Tanrikulu, B Baykal, A G Constantinides,
and J A Chambers. Residual Signal in Subband

Acoustic Echo Cancellers. Proceedings of EU-
SIPCO 96, 1:21-24, September 1996.

[7] P P Vaidyanathan. Multirate Systems and Filter
Banks. Prentice Hall, 1993. ISBN 0-13-605718-7.

139



