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Abstract— A method for the design of quadrature mirror-
image filter QMF banks for low-power applications based on
the algorithm of Chen and Lee is proposed. The method en-
tails designing a sequence of cascaded filter sections such that
any number of consecutive sections starting with the first one
constitute an optimal design for a given set of specifications
for the filter bank. The method includes modifications that
allow for the increase in vanishing moments with the increase
in the number of filter sections and it can incorporate tech-
niques that facilitate ~ontrol over the stopband attenuation
or enable the design of low-reconstruction delay QMF banks.
Using a simple adaptive mechanism. the input and output sig-
nals are used to determine the minimum number of sections
that should be used in order to provide a desired performance.
By turning off unrequired sections, power and computational
complexity can be minimized.

I. INTRODUCTION

Many electrical systems such as portable wireless systems
are dependent on power availability. Many other systems
such as multitasking systems are. in addition, dependent on
computational resources. These dependencies can be allevi-
ated by dynamically adjusting the complexity of the algo-
rithms used according to predetermined criteria and chang-
ing signal characteristics [1].

Digital filters are commonly designed to assure a desirable
performance for all possible signals that may be encountered.
However, for many applications. the worst-case conditions
that set the filter specifications are rarely present. This leads
to wasted power and computational resources.

In this paper. a method for the design of quadrature
mirror-image filter (QMF) banks for low-power applications
is proposed. The main idea is to design digital filters as a
collection of low-order cascaded sections that can be turned
off when they are not needed 50 as to conserve power and
rechuce the computational complexity. The sections are de-
signed individually from left to right such that the sections
to the left satisfv specifications in an optimal manner.

QMF banks have ideal properties which make low-power
design simple. fast. and useful. As a matter of fact, the
proposed design approach introduces more savings when ap-
plied to filter banks than to individual filters. As the signal
changes, each filter in the filter bank adapts. thereby multi-
plving the savings by twice the number of channels.
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Fig. 1. A two-channel filter bank.

JI. PROBLEM FORMULATION
A. QMF Bank Design

Consider the two—chanrnel filter bank in Fig. 1. Alias-
cancellation and perfect-reconstruction can be achieved when
the modulation matrices satisfy the system of equations
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This can be accomplished by following the design method
presented in [2]. The first step is to achieve alias cancella-
tion with Fo(z) = Holz), Hi(z) = Ho(—z), and Fi(z2) =
—H(—=z). This reduces the number of filters to be designed
to one, and the appropriate objective function for attaining
perfect reconstruction is
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Coefficient vectors p and f are related by

p = Hf



where H 1s the convolution matrix of h defined as
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Using the optimization algorithm in [2] and [3], the ob-
jective function in (1) is minimized with respect to f. Since
f and h must be the same to cancel aliasing, a linear com-
bination of h and the optimum f is reassigned to h. This
procedure is then repeated until f and h become equal to
within a prescribed tolerance.

From equation (1), we can write

Uy (f, h)

¥(f) =
(#) 16w
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where
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and s is a vector whose elements are zero except for a one
in entry [ + 1 if [ is odd. This means that for filter banks
with an odd reconstruction delay, (2) can be minimized as
a quadratic problem. For the sake of completeness, an even
reconstruction delay filter bank can be designed by solving
an eigenvalue problem, and a noninteger reconstruction delay
filter bank can be achieved by using
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If the filter to be designed is of high order, HTSH can

become ill-conditioned and the extra term

/ |F0 ’ dw
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must be added to (1), where w, is the stopband edge, and
o 1s used to control the attenuation in the stopband. This
extra term changes HISH to H'SH + R where

asin{mw,)

Rk, k£t m)=— T

for 1 <k <n+1,0<m<n Iflow-reconstruction-delay
filter banks are to be designed, anomalies in the amplitude

179

response can occur in the transition region. Such anomalies
can be reduced by adding the extra term
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to (1), where 3 is used to control the flatness in the transition
region [""tlr""“] This extra term changes H'SH to HT SH +
T, and H's to H's + b where

Blsin(mwy,) — sin(mwy, )]

T(k,k+m) =

4mm
Bsinfwe, (1/2 — m)] — sinfw,, (I/2 — m)]}
V2r(l = 2in)
for 1<k <n+1 0<m<n Ifacomplex reconstruc-
tion error whose magnitude is equiripple is desired, (1) must
include a weighting function with respect to w [2]-[4].

b(m+1) =

B. Low-Power Design

If a low-order filter is designed by obtaining the optimum
f in (2), then another low-order filter section can be cas-
caded with the first design in order to improve the frequency
responses of all the filter blocks in the filter bank. If the im-
pulse responses of the first two filters are £ and £y, then the
impulse response of the cascaded filter is Fyf, where Fy is
the convolution matrix of f;. When & — 1 low-order sections
have been designed, (2) can be formulated as

U(f,) = 0.5ff F)_ HTSHF,_.f, —f F,_H's

where Fj,_ 1 is the convolution matrix of the impulse response
of the first k — 1 filter sections in cascade.

To assure an increase in the vanishing moments in the
associated scaling and wavelet function, as the filter bank
grows, a zero is forced at w = 7 for each filter section. This
can be done by moving the zero out of f;. and forming its
convolution matrix. Equation (3) is then altered to

. T -
V() = 0.5f, Z'Fl_ H'SHF,_ Zf,

£, ZTFT_ H"s 105 (4)
where f,, = Zf;, and Z is the zero convolution matrix.

Using the cascaded structure of filters designed through
this method, a low-power filter bank structure can be con-
structed based on the approach in [1]. By computing the
energy difference between the input and output signals and
multipling it by a proportionality constant and the attenua-
tion of the active cascaded filter sections, an accurate estima-
tion of the output energy in the stopband can be obtained.
Based on this calculation, other low-order sections can be
turned on, turned off, or left alone. The amount of extra
computation is approximately equal to:that required by an
FIR filter of length six. Other approaches for deciding when
to switch on and off sections can also be used depending on
the desired application.
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Fig. 2. Amplitude responses.

IIT1. ALGORITHM IMPLEMENTATION

When optimizing f in (2) or any of its modified forms, a
starting point h is required in order to construct H. A good
starting point is the rectangular window lowpass filter with a
zero removed. After the first section of a low-power structure
is completed, the starting points should be the rectangular
window lowpass filter with the previous sections and current
zero removed. This gives the advantage of comparing only
the filter coefficients in f and h which contribute to a change
from one iteration to the next. as well as reducing computa-
tional effort. After each iteration, h is updated using

h=(1-7rh+rf

wlere 7 1s a simoothing parameter between 0 and 1. It is

found that 7 = 0.5 provides a satisfactory convergence rate:

[2]. Convergence can be tested by calculating the Euclidean
norm of the difference between the two vectors. Iteration
stops when the result is below a prescribed tolerance e.

When calculating the optimum f, computational effort can
be further reduced by examining the form of (4). After
differentiating, both the first and second terms start with
Z'FTHT. This product can be removed from each term,
and the resulting equation can be solved using least-squares
techniques. This method 1s also more stable. If a or 3 is
nonzero. only ZTFT can be removed. Further reduction in
computational effort can be achieved by taking advantage of
the pattern of zeros in 8 and s, and any symmetric patterns
in other variables. )

If desired, the design parameters €, o, wq, 3, wt,, and wy,
can be assigned separately for each iteration in order to gain
more control over the design process.

IV. DEsIGN EXAMPLES

Fig. 2 displays the amplitude responses of a first-order
section followed by fourteen eighth-order sections, and Fig. 3
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displays the final reconstruction error of the resulting 113th-
order filter. Fig. 4 displays the minimized value of (1) after
each section. The reconstruction delay for each filter bank
is equal to the order of each filter within it. Other design
parameters are w, = 0.5, ¢ = 1071 and o = 3 = 0.

Figs. 5-7 display the amplitude responses, final reconstruc-
tion error, and minimized values of (1), respectively, when o
1s changed to 0.05. As can be seen, the reconstruction error
is on the average slightly higher compared to the design with
a = 0, but the attenuation in the stopband is significantly
increased.

V. CONCLUSIONS

A method for the design of QMF banks for low-power ap-
plications based on the algorithm of Chen and Lee has been
proposed. The method entails designing a sequence of cas-
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caded filter sections such that any number of consecutive
sections starting with the first one constitute an optimal de-
sign for a given set of specifications for the filter bank. The
method includes modifications that allow for the increase in
vanishing moments with the increase in the number of fil-
ter sections and 1t can incorporate techniques that facilitate
control over the stopband attenuation or enable the design
of low-reconstruction delay QMF banks.

Using approximate processing techniques, the minimum
number of sections to provide the required performance for
the filter bank can be turned on. This allows for the dynamic
reduction of power and computational complexity.
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