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Abstract—We present a new method to design prototype fil-
ters for conventional cosine-modulated pseudo-quadrature mirror
filter (QMF) banks. This method is based on windowing, and sets
the 3-dB cutoff frequency of the filter obtained at 2 . In this
way, the filter bank performance can be significantly improved
compared to other existing design methods.

Index Terms—Channel bank filters, filtering theory.

I. INTRODUCTION

T HE DESIGN of -channel maximally decimated quadra-
ture mirror filter (QMF) banks is a topic of multirate dig-

ital signal processing that has received widespread attention (as
examples, see references included in [1] or [2]). In cosine-mod-
ulated filter banks, analysis and synthesis filters are cosine-mod-
ulated versions of a lowpass prototype filter. Thus, it is one of
the most effective techniques for constructing both the analysis
and synthesis filter banks because the design of the whole filter
bank reduces to that of the prototype filter.

Several efficient methods have been proposed to facilitate
the design of this prototype filter. In the method proposed by
Creusere and Mitra [3], the prototype filter length, relative error
weighting, and stopband edge are fixed before the optimiza-
tion procedure is started, while the passband edge is adjusted
to minimize an objective function. In the Kaiser Window Ap-
proach (KWA) to the design of prototype filters of cosine-mod-
ulated filter banks [4], the design process of the prototype filter
is reduced to the optimization of the cutoff frequency in Kaiser
window designs.

In this letter, a new prototype filter design technique for con-
ventional cosine-modulated pseudo-QMF banks [1], [5] based
on windowing is proposed. This technique controls the 3-dB
point of the prototype magnitude response and sets it approx-
imately at . In this way, and as the results obtained show,
it is possible to reduce amplitude distortion and aliasing errors
introduced in the bank by using prototype filters with the same
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order than that obtained with other existing design techniques.
An example is given to show that the prototype filters obtained
perform successfully.

II. CONDITIONS FOR THE NEARLY PERFECT

RECONSTRUCTIONPROPERTY

The conditions for approximate reconstruction in a filter bank
can be stated in terms of the linear-phase prototype filter
and the overall distortion transfer function as follows
[1], [5]:

(1)

(2)

where and are cosine-modulated versions of
. The cosine-modulation scheme proposed in [1], [5]

guarantees that if is approximately a th-band
linear-phase FIR filter [1], [6], the amplitude distortion becomes
very small. In this way, the magnitude response of the proto-
type filter must achieve approximately the value at

, i.e. [7]

(3)

III. PROTOTYPEFILTER DESIGN BASED ONWINDOWING

Let be the linear-phase prototype FIR filter of odd-length
obtained by windowing , where

is the -length window and

(4)

is the shifted impulse response of an ideal lowpass filter. Both
sequences and are symmetric with respect to

, and the obtained filter satisfies condition that the
magnitude response of achieves the value 1/2 at

. This angular frequency is an initial parameter in
equation (4), and it must be chosen so that amplitude distortion
is reduced. By other words, the prototype filter must be designed
satisfying equation (3) and the value of must be located
approximately at .
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Fig. 1. Flowchart of the proposed algorithm.

Based on these facts, we propose a new technique to design
prototype filters that modifies the cutoff frequency of
the ideal lowpass filter in order to obtain the 3-dB cutoff
frequency ( ) of located approximately at .
The statement of the problem can be raised as follows: given
and the finite-length window , adjust the parameter
to find the best that yields the smallest

(5)

In this way, the linear-phase FIR filter designed by windowing
satisfies approximately the power complementary property, i.e.,

(6)

The proposed algorithm has been simulated in MATLAB, and
our experiments have shown that rather good results can be ob-
tained. A flowchart of the complete routine is shown in Fig. 1.

IV. DESIGN EXAMPLE

We use different techniques to design 439-length prototype
filters for 32-channel cosine-modulated filter banks. The spec-
ifications are similar to that of the MPEG audio coder [8, p.
397], i.e., the stopband attenuation of the prototype filters
is around 100 dB. This example has been chosen because it
acts as reference to compare our technique with those devel-

Fig. 2. Magnitude response for the prototype filterP (z).

Fig. 3. Magnitude response plot ofT (e ) (periodic�=32) in the interval
[0; �=32].

oped in [3], [4], and [8]. First, a prototype filter has been ob-
tained using the proposed technique with a Kaiser-window

. This filter satisfies that . Fig. 2
shows the magnitude response of this filter. The resulting func-
tion is approximately flat (Fig. 3) with peak ampli-
tude distortion . The maximum aliasing
error [1] is very small: . Secondly, a proto-
type filter is designed using the Creusere and Mitra technique.
The obtained results are the following: and

. Finally, we use the KWA technique to de-
sign the third prototype filter. The resulting filter bank shows a
peak amplitude distortion and a maximum
aliasing error . From these results, it can be
seen that fixed both the stopband attenuation and the order of
the prototype filter, we have obtained with the proposed tech-
nique amplitude distortion and aliasing errors which are similar
or even better than those obtained with the techniques proposed
in [3] and [4]. Note that the optimization procedure proposed in
this letter is also simple conceptually and computationally.
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V. CONCLUSIONS

We have presented a simple new method based on the
windowing technique for designing prototype filters for co-
sine-modulated pseudo-QMF banks. Our method varies the
value of the 6-dB cutoff frequency of the ideal filter so that
the final filter designed has its 3-dB cutoff frequency located
approximately at . The results obtained and shown as
examples for MPEG audio coders, confirm the validity of the
proposed technique.
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