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Abstract—A new approach to the design of prototype filters for
conventional nearly perfect reconstruction (N-PR) cosine-modu-
lated filter banks is presented. The new method is based on the
frequency sampling approach for the design of finite-impulse re-
sponse filters. In the proposed approach, the magnitude response
values of samples in the transition band of the prototype filter are
the only parameters to be optimized. The analytical and simula-
tion results show that despite there being no direct control over
the stopband attenuation of the prototype filter, the performance
of the filter bank is extremely good, and in several cases, the whole
system closely satisfies the PR property.

Index Terms—Channel bank filters, cosine-modulated filter
banks, filter bank design, filtering theory, frequency sampling
technique.

I. INTRODUCTION

COSINE-MODULATED finite-impulse response (FIR)
filter banks are used extensively in applications such as

speech and image coding, biomedical signal processing and
transmultiplexer design. They offer two main advantages: 1)
under certain conditions the analysis and synthesis stages can
be implemented using fast algorithms; and 2) the design of the
filter bank is very straightforward, as it is only necessary to
design one or two prototype filters. In this letter, we focus on
this second point.

Several efficient methods have been put forward that facilitate
the design of prototype filters for conventional nearly perfect
reconstruction (N-PR) cosine-modulated filter banks [1]. The
technique proposed in [2] establishes a relationship between
the th band filter and a set of quadratic constraints in
the impulse response coefficients of the prototype filter. These
constraints and the stopband attenuation of the prototype filter
are minimized. This technique makes the filter banks extremely
close to the PR property. The programming of the algorithm
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however, is not simple. Furthermore, the design of the prototype
filter requires a great deal of computational effort. As a result of
continued efforts in this field, several techniques that have sim-
pler minimizing cost functions have been developed, however
they are not as close to the PR as the filter bank proposed in
[2]. For its efficiency and simplicity, we mention, the method
proposed by Creusere and Mitra (CAM) [3], the Kaiser window
approach (KWA) [4], the design processes in [5], and the recent
technique proposed in [6].

In this letter, we propose a new prototype filter design
technique for conventional cosine-modulated filter banks.
This method is based on the frequency sampling approach for
designing FIR filters [7], [8], and only the magnitude response
values of the samples in the transition band are optimized. As a
result, the analysis and synthesis filters show good magnitude
responses, and the overall system is very close to the PR prop-
erty. The experimental results demonstrate the effectiveness of
this new technique.

II. FREQUENCY SAMPLING APPROACH

The frequency sampling approach is usually used to design
recursive FIR filters, whose structure can be made computation-
ally efficient. Let be the impulse response coefficients of
the -length prototype filter and be its frequency re-
sponse. Let , where ,

, and or . The relation be-
tween the impulse response coefficients and the frequency re-
sponse samples is given by

(1)
For simplicity, we consider that is an even number, ,
and that is real and symmetric, i.e., . In
this particular case, the filter coefficients can be obtained using
the following equation [8]:

(2)

where and .
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III. PROTOTYPE FILTER DESIGN

Based on the technique mentioned in the previous section, we
can design a lowpass linear-phase FIR prototype filter. More-
over, when the cutoff frequency of the stopband attenuation
is located at approximately , i.e.,

(3)

the distortion transfer function is [2]

(4)

where and are, respectively, the analysis and
synthesis filters, which are obtained by applying the conven-
tional cosine modulation to the prototype filter [1]. This
modulation provides alias cancellation between adjacent chan-
nels, and if the prototype filter has linear phase, the distortion
transfer function will also have linear phase. Therefore,
the reconstructed signal does not suffer from phase distortion
and the aliasing error is reduced.

The prototype filter is designed so that the magnitude re-
sponse is approximately flat for all values of . To this
end, several methods have been proposed that are based on dif-
ferent objective functions. For example, the objective function
proposed in [3] is defined as follows. Find the prototype filter
coefficients that minimize

(5)

where . This function guarantees that .
On the other hand, the objective function proposed in [4]

is defined as follows. Find the prototype filter coefficients that
minimize

(6)

where is the inverse Fourier transform of
. This technique provides prototype filters that are

spectral factors of approximately th band filters, and
therefore .

If we design the prototype filters using the objective func-
tions proposed in (5) or (6), the conditions for approximate re-
construction in the -channel cosine-modulated filter bank are
fulfilled.

A. Initial Specifications

In this subsection we indicate the initial values that must
have, i.e., the samples of the frequency response of the proto-
type filter before the optimizing process starts. Before indicating
these values it is necessary to make certain observations. First,
the number of samples in the transition band—its width
being approximately —must be selected. Next,
the center of the transition band must be approximately situated
at the frequency . Therefore, is placed

at the value closest to , where is the length of
the prototype filter, and the number of channels and .
We proceed in this way because the value of the magnitude re-
sponse at plays an important role in obtaining an
approximately PR filter bank [6].

Given , , and , the value of the magnitude response for
each sample is initially defined as1

(passband)

(transition band)

(stopband)
(7a)

(7b)

where is the frequency corresponding to the last sample of
the passband, and is the frequency corresponding to the first
sample of the stopband. The value of the phase response for each
sample is defined in the following way:

(8)

B. Optimization Procedure

The optimization procedure consists of the following steps:

Step 1). Select the filter length N.

Step 2). Select the required number L of samples in

the transition band.

Step 3). Let t = [ t [1] t [2] � � � t [L] ] be a vector

whose elements are the samples of the magnitude re-

sponse in the transition band. Initialize the N

samples of the frequency response as described in

the preceding subsection [(7) and (8)]. The re-

sulting vector jPj, with corresponding magnitude

response values jP [k]j, 0 � k � N=2� 1, is

jPj =
1 1 � � � 1 t [1] � � � t [L] 0 � � � 0

: (9)

Step 4). Find t , i.e., the values of the com-

ponents of t that minimize the objective function

defined in (5) or (6).

Step 5). Calculate the optimum values of the fre-

quency response P [k]. These values are obtained

from (7) and (8), by replacing the initial values

of the magnitude response in the transition band

in (7a) by the optimized values t obtained in the

Step 4).

Step 6). Obtain the prototype filter coefficients

p [n] through the Inverse Discrete Fourier Transform

(IDFT) of P [k], that is, by using (1) and � = 0.

The objective function to be minimized in Step 4) can be
defined as in [3] [(5)], as in [4] [(6)], or by defining a different
cost function that yields a prototype filter that is a spectral factor

1b�c and d�e mean rounding to the next larger/smaller integer, respectively.
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TABLE I
EXAMPLE 2. RESULTS OBTAINED USING 64-CHANNEL CONVENTIONAL COSINE-MODULATED FILTER BANKS DESIGNED WITH DIFFERENT PROTOTYPE FILTERS

of an approximately th band filter. The main difference be-
tween the method that we present here and the methods in [3]
and [4] is the technique used in designing the prototype FIR
filter. In this letter, we use the frequency sampling approach and
optimize the magnitude response of the samples in the transi-
tion band. In [3], the FIR filter is designed using the Parks–Mc-
Clellan’s method and the stopband cutoff frequency is opti-
mized. In [4], the adopted design technique is the Kaiser win-
dowing method, where the cutoff frequency of the ideal filter
that is being windowed is optimized.

We would like to emphasize some important aspects of the
optimization mentioned earlier. First, since the number of sam-
ples in the transition band is low and the optimization is only
performed on these samples, the complexity is reduced. This
number is obtained in an empirical way, and is limited by the
number due to the fact that must be located approx-
imately at . Second, as shown in the following section, the
filter bank is very close to the PR property. It should be stressed
that with this technique there is no direct control over the stop-
band attenuation in the prototype filter, which means that the
technique proposed here is not efficient when this characteristic
is fixed in advance, as is the case in the examples collected in
[4] and [6].

IV. DESIGN EXAMPLES

In this section, we show three examples designed with
MATLAB. The minimization algorithm has been implemented
using the function fminsearch, which finds the minimum of
an unconstrained multivariable function.

A. Example 1

The optimization algorithm provides generally good proto-
type filters, and sometimes, the characteristic of the resulting
filter banks are very close to the PR property. We include as the
first example the results obtained when designing a 64-length
prototype filter for a 16-channel filter bank. The design param-
eters are: , , and the cost function in
(5). The resulting filter bank shows a peak amplitude distor-
tion , a maximum aliasing error

(defined as in [1]), and a peak signal-to-noise
ratio PSNR dB. With these results, the filter bank
can be considered very near to the PR property. The optimized
values of the magnitude response of the transition band sam-
ples are and

.

B. Example 2

In this example, we have designed filter banks with 64 chan-
nels by applying the conventional cosine modulation to different
768-length prototype filters. The methods used for the design of
each prototype filter are: the CAM [3], the KWA [4], the location
of the dB dB [6] and the proposed (PT) techniques.
In the last method, we have the following design parameters:

, , , and the cost function of (5). The re-
sults relating to the minimum stopband attenuation of the proto-
type filter, the peak amplitude distortion and the maximum
aliasing error are shown in Table I. The peak signal-to-noise
ratio (PSNR) is also included, obtained after applying an elec-
trocardiogram signal as the input to the filter banks. The opti-
mized values of the magnitude response of the transition band
samples are , ,

, and .

C. Example 3

As the third example we show the results obtained when
designing a 3072-length prototype filter for a 256-channel
filter bank. The design parameters are , ,

and the cost function in (5). The resulting filter bank
shows a peak amplitude distortion , a
maximum aliasing error , and a peak
signal-to-noise ratio PSNR dB. The optimized
values of the transition band samples are ,

, ,
and . Fig. 1(a) shows the prototype filter
magnitude response, and the resulting function of the
filter bank is plotted in Fig. 1(b). Finally, Fig. 1(c) shows the
aliasing error function , defined as in [1, eq. (8.2.10)].

From the simulations performed we observe that when the
rate prototype filter length number of channels , i.e.,
is low, the best results are obtained by using the cost function in
(5). On the other hand, if the rate increases, it is preferable
to use the function of (6). Taking into consideration the above
arguments, it can be stated that in general the convergence of
the algorithm is ensured and the behavior of the resulting filter
bank is very good.

V. CONCLUSION

We have presented a new technique for obtaining prototype
filters for nearly PR cosine-modulated filter banks based on
the frequency sampling approach for the design of FIR filters.
Filter banks designed by using the proposed algorithm have very
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(a) (b)

(c)

Fig. 1. Example 3. (a) Detail of the magnitude response of the prototype filter P (z). (b) Magnitude response plot of T (e ) (period �=256) in the interval [0,
�=256]. (c) Aliasing error function T (e ) (period �=512) in the interval [0, �=512].

good characteristics that closely follow the PR property. This is
achieved when the cost function to be optimized and the number
of samples in the transition band are properly chosen in order for
the algorithm to converge to optimum solutions. A drawback of
this method is that there is no direct control over the stopband
attenuation of the prototype filter and, in some applications this
can be an essential requirement.
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