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Abstract This paper proposes a method which enables
automatic adjustment of the length of sub-band adaptive fil-
ters. In this method, the number of taps of the adaptive
filter in each band is controlled by the mean-squared error.
The number of taps increases in the bands which have large
errors, but decreases in the bands which have small errors,
until the residual errors in all the bands become the same.
In this way, the length of each sub-band adaptive filter is
roughly proportional to the length of the impulse response
of the unknown system in the corresponding band. The effec-
tiveness of the proposed method has been confirmed through
computer simulation. Compared with the existing uniform-
length and full-band methods, the convergence rate is im-
proved and the mean-squared error is 5 ~ 10dB smaller in
the proposed method. The tracking capability of proposed
method for a time-varying unknown system is almost the
same as that of the uniform-length and full-band methods.

1 Introduction

Sub-band adaptive filters are efficient techniques to reduce
computational requirements and to improve the convergence
rate. So far, the lengths of all the sub-band adaptive filters
have been set to be the same [1]-[5]. However, a uniform
length is not always the optimum; the length of each sub-
band adaptive filter may depend on the length of the impulse
response of a divided unknown system in the corresponding
band. The question arises on how to adjust the lengths of
sub-band adaptive filters according to the characteristics of
an unknown system.

In this paper, we present a method which enables auto-
matic adjustment of the lengths of sub-band adaptive fil-
ters. The basic structure of the proposed method is de-
scribed in Section 2. The analysis and synthesis filter banks
and adaptation algorithm are introduced in Section 3. The
effectiveness of the proposed method is confirmed through
computer simulation. The simulation results are shown and
discussed in Section 4. Finally, in Section 5 we come to the
following conclusions. Compared with the uniform-length
and full-band methods, the convergence rate is improved and
the mean-squared error (MSE) is 5 ~ 10dB smaller in the
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proposed method. The tracking capability of the proposed
method for a time-varying unknown system is almost the
same as that of the uniform-length and full-band methods.

2 Automatic Adjustment of Filter
Lengths ‘

To demonstrate how the proposed method works, we dis-
cuss the two-band case as shown in Fig.l. In Fig.1, U.S.
denotes the unknown system. A; and A, are analysis filters
which split the full-band input signal x(n) and desired re-
sponse d(n) into two-band signals. x;(n), x2(n), di(n), and
da(n) denote the components of x(n) and d(n) in the low
and high bands, respectively. In order to avoid the influence
of the aliasing components, over-sampling is used. W, and
W, are the tap weights in the low and high bands, y;(n) and
¥2(n) the outputs of the adaptive filters, and e;(n) and ey(n)
the residual errors. S; and S, are synthesis filters which syn-
thesize y;(n) and y,(n) into the full-band signal y(n). The
difference between d(n) and y(n) is e(n), the residual error
in the full-band.
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Figure 1: Automatic adjustment of filter length in the two-
band case

The lengths of the two sub-band adaptive filters N;(n) and
N(n) are initially set to the same

Ny (0) = No(0) o)
The MSE of the k-th adaptive filter is
1 n
Ei(n) = A S e(m), k=12 (2)
0 m=n-—Mo+1
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Ey(n) are calculated and compared at every M, samples.
The output of the comparator controls the filter length ad-
justment. The filter length increases in the band which has
larger MSE, but decreases in the other. The number of taps
is controlled one by one.

If El(n) > Eg('n), n = 1Mo, 1= 1, ,...
then Ni(n+1) = Ni(n) +1,
Ng(n + 1) = N,(n) -1 (3)

The initial weights at the next iteration become

wik(n) =wi(n), 0<k < Ny(n)
wig(n) =0, k=N(n)+1
war(n) = wak(n), 0L k< Ny(n+1) (4)

The length adjustment will continue until Ei(n) and E,(n)
become the same.

3 Analysis and Synthesis Filter
Banks and Adaptation algo-
rithm

3.1 Analysis and Synthesis Filter Banks

Polyphase structures were used in the analysis and syn-
thesis filter banks [6]. In the simulation, we used a 41-tap
quadrature mirror filter (QMF) as a prototype filter for the
two-band case. The amplitude-frequency response of the
prototype filter |H(e’“)| is shown in Fig.2 (a). The recon-
struction error of this analysis/synthesis system is less than
+0.11 dB as shown in Fig. 2 (b). The amplitude-frequency
responses of A; and A, are |H(e’)| and |H(e?“*™)|, respec-
tively. The amplitude-frequency responses of S; and S, are
the same as A; and A,, respectively.
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Figure 2: (2) Amplitude-frequency response of prototype fil-
ter, (b) Analysis/synthesis reconstruction error.

Table 1  Poles of the unknown system.
Pl 7 |0 (x)
1{099] 0.1
21095( 03
3|09 0.5
41 0.8 0.6
5108 0.7

3.2 Adaptation Algorithm

The normalized LMS algorithm [7] was used in our simu-
lation.

ex(n) = di(n) — WH(n)xi(n), k=1,2 (5)

[

Wi(n+1) = Wi(n) + e ()

where [-]# denotes the Hermitian transposition, a = 0.05 and
e=10"1.

4 Simulation Results

Several unknown systems were used in the simulation to
confirm the effectiveness of the automatic length adjustment.
Two examples are shown in the following to demonstrate the
residual error, convergence rate and tracking capability of
the proposed method. The input signal x(n) is a white noise
in following simulations.

4.1 Unknown System

A 10th-order all poles IIR filter was used as the unknown
system. Its transfer function can be expressed as

1
1 — 2r,cosf,2~1 + r2272

H(z)=K zsj

p=1

(7

where K is a scaling factor. The values of r, and 6, are shown
in Table 1.

The amplitude and impulse response of the unknown sys-
tem are shown in Fig.3. h-L and h-H denote the impulse
responses in the low and high bands, respectively. When the
impulse response approximates 0, the number of samples is
defined as the length of the impulse response. Fig. 3. shows
that the ratio of the lengths of the impulse responses h-L/h-H
is in the order of 10.

4.2 Residual Error and Convergence Rate

In the proposed method the lengths of adaptive filters are
initially set to

Ny(0) = Ny(0) = 50 8)
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Figure 3: Amplitude and impulse response of the unknown
system. (2) Amplitude-frequency response. (b) Impulse re-
sponse in the full-band (h). (c) Impulse response in the low-
band (h-L). (d) Impulse response in the high-band (h-H).

During the adaptive process, Ni(n) and Ny(n) are adjusted
according to Eq.(3), and M, = 10. After convergence, the
lengths of the two adaptive filters are

Ni(n) =93, Ny(n)=1 9)

The simulation results are shown in Fig. 4.
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Figure 4: Residual errors and tap weights in the proposed
method. (a) Residual error of the low-band adaptive filter
(e1(n)). (b) Residual error of the high-band adaptive filter
(e2(n)). (c) Total residual error (e(n)). (d) Tap weights of
the low-band adaptive filter (W;). (e) Tap weights of the
high-band adaptive filter (W3).

The residual errors of the two adaptive filters become al-
most the same after convergence. The ratio of the filter
lengths Ny(n)/Ny(n) is in the order of 10, consistent with
the ratio of lengths of the impulse responses h-L/h-H.

The simulation results of the uniform-length method, with
50 taps in each adaptive filter, are shown in Fig.5. e;(n) and
e(n) are larger than that in the proposed method.

In the proposed method, the lengths of all the sub-band
adaptive filters can be adjusted to consist with the lengths
of the impulse responses of the divided unknown system in
these bands. Thus, when the lengths of the impulse response
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Figure 5: Residual errors and tap weights in the uniform
filter lengths. (a) Residual error of the low-band adaptive
filter (e;(n)). (b) Residual error of the high-band adaptive
filter (ez(n)). (c) Total residual error (e(n)). (d) Tap weights
of the low-band adaptive filter (W;). (¢) Tap weights of the
high-band adaptive filter (W3).

in all the bands are unequal, the residual error can be reduced
by using the proposed method. _

The residual error and tap weights of the full-band adap-
tive filter, with 100 taps and a = 0.05, are shown in Fig.
6. This result is inferior to that obtained by the proposed
method.
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Figur.e 6: Residual error and tap weights in full-band adap-
tive filter. (a) Residual error (e(n)). (b) Tap weights (W).

The MSE of the proposed, uniform-length and full-band
method are shown in Fig. 7. The results show that the pro-
posed method is superior to the others. After convergence,
the MSE of proposed method is 5 ~ 10dB smaller than that
of the others.

We have also done simulations with the unknown systems-
which have longer impulse response in the high band, or have
the same lengths of the impulse responses in all the bands.
The results show that, when the lengths of the impulse re-
sponses in all bands are unequal, the proposed method is
evidently superior to the uniform-length method. When the
lengths of the impulse responses in all the bands are equal,
the same results are obtained.

4.3 Tracking Capability

A 2nd-order IIR filter whose pole position changes from
7/4 to 37/4 at n = n; was used as the unknown system to
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Figure 7: Mean-squared errors of the proposed, uniform-
leng.h and full-band methods.

examine the tracking capability. The amplitude response of

the unknown system is shown in Fig. 8. The MSE of the
propose method, the uniform-length and full-band method
are shown in Fig. 9. In the simulation, the length of adaptive
filter is 30 taps in full-band method, 15 taps in the uniform-
length method. In the proposed method, the lengths of the
adaptive filters are initially set to

MNi(0) = Ny(0) = 15 (10)

After convergence, the lengths of adaptive filters are

Ni(n) =25, Na(n)=35, n<n; (11)
Here the lower limit of the number of taps is 5 in the sim-
ulation. When n = n;, the unknown system changes. The
lengths of the sub-band adaptive filters change again to follow
the unknown system. After convergence again, the lengths
of the adaptive filters are

Ni(n) =35, Na(n)=25, n>n; (12)
The MSE of the proposed method is 5 ~ 10dB smaller than
that of the uniform-length method. The tracking capabilities
of the proposed method and the uniform-length method are

almost the same.
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Figure 8: Amplitude response of the unknown system with
a jumping.

5 Conclusions

An automatic filter-length-adjustment method has been
proposed. The lengths of all the sub-band adaptive filters are
controlled by the MSE. After convergence, the length of each
sub-band adaptive filter is roughly proportional to the length
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Figure 9: Tracking capabilities with the proposed, uniform-
length and full-band methods.

of the impulse response of the divided unknown system in
the corresponding band. By using the proposed method, the
MSE is reduced by 5~10dB and the same tracking capability
is achieved, in comparison with the uniform-length method.
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