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Abstract—In this paper newly reported Cosh window function is 

used in the design of prototype filter for M-channel Near Perfect 
Reconstruction (NPR) Cosine Modulated Filter Bank (CMFB). Local 
search optimization algorithm is used for minimization of distortion 
parameters by optimizing the filter coefficients of prototype filter. 
Design examples are presented and comparison has been made with 
Kaiser window based filterbank design of recently reported work.  
The result shows that the proposed design approach provides lower 
distortion parameters and improved far-end suppression than the 
Kaiser window based design of recent reported work. 
 

Keywords—Window function, Cosine modulated filterbank, 
Local search optimization. 

I. INTRODUCTION 
OSINE modulated filterbank is a special sub-class of the 
general M-channel filterbank as shown in Fig.1. In 
different  areas of the digital signal processing such as 

equalization of wireless communication channel, sub-band 
coding, bio-signal processing, spectral analysis, adaptive 
signal processing, denoising, feature detection and extraction, 
these filter banks are extensively used [1-2]. In CMFB the 
analysis and synthesis filters are cosine modulated version of 
lowpass prototype filter. Therefore, the design of whole 
filterbank reduces to the design of prototype filter [3]. The 
CMFB design problem has been extensively studied in [3-5] 
and at the end the design problem is reduced to finding a linear 
phase prototype filter that provides a flat overall magnitude 
response. NPR type filterbank suffers with different types of 
distortions. Several optimization algorithms have been 
developed for minimization of these distortion parameters 
[3,6,7].  

Recently a new window function has been reported by 
Kemal et al.  [8], which is based on cosine hyperbolic 
function. Moreover, the authors have presented the application 
of the proposed window in FIR filter design. In this paper, its 
application in the form of design of CMFB is presented and 
comparison has been made with Kaiser Window based design 
of recently reported work [9]. 
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Fig. 1 M-channel uniform filter bank. 

 
II.   PROTOTYPE FILTER DESIGN 

 
The impulse response coefficients of a causal    (N-1) order 

linear phase FIR filter using window function is given by [1, 
2]:   

                                 
      )()(  )( npnwnp i=               (1)                   

 
where, pi(n) is the impulse response of the ideal lowpass filter 
and is expressed as: 
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ωc is cut-off frequency of the ideal lowpass filter and w(n) is 
the window function. The prototype filter has been designed 
using newly reported Cosh window function. The time 
domain closed form expression is given by [8]: 
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 The relationship between the window adjustable parameter 

( cα ) and the minimum stopband attenuation (As) is given as 
[8]: 
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The relationship between the normalized width of main lobe 
and stopband attenuation is required to find the minimum 
length of the filter which satisfies the given filter 
specifications. The normalized transition width is given by: 
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The minimum filter length is calculated as: 

  1+
Δ

≥
ω
ωsfD

N               (6) 

where, sω  is the stopband frequency and ωΔ is the transition 
bandwidth. 

III.   PERFORMANCE PARAMETERS 
Cosine modulation is the cost effective technique for M-

channel filterbank. During the design phase, only the filter 
coefficients of prototype filter are required to optimize 
particularly in case of NPR filterbank. In NPR system, the PR 
conditions are relaxed by allowing small amount of errors. 
There are three types of errors occur at the reconstructed 
output, viz., amplitude (Epp), phase and aliasing (Ea) [3].  

The condition for NPR can be stated in terms of frequency 
response of the linear phase prototype filter. To obtain high 
quality reconstruction, the linear phase lowpass prototype 
filter P(eiω) must satisfy following two conditions as much as 
possible [5-7]: 
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 The accuracy of the first approximation gives a measure 

of the aliasing error, while the accuracy of the second 
approximation gives a measure of the amplitude distortion. 
The phase error is eliminated by using linear phase prototype 
filter. However, other two distortion parameters can be 
minimized by applying suitable optimization technique.   
Traditional design approaches involve nonlinear and linear 
optimizations [7,9,10,11]. In this work, a single variable local 

search optimization is used. The cutoff frequency of prototype 
filter is only variable parameter for minimizing the objective 
function. The other bandpass filters of analysis and synthesis 
sections are obtained by cosine modulation as given below 
[1,2]: 
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The input-output relationship for cosine-modulated filter bank 
is given by [1,2,7]: 
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is called the distortion transfer function and  
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is the aliasing transfer function. These two are the major 
performance parameters. 

IV.  OPTIMIZATION TECHNIQUE 
In this work objective function given by Eq. (12) is used in 

optimization algorithm. Initially, input parameters, i.e., 
sampling rate, number of bands, passband and stopband 
frequencies, passband ripple and stopband attenuation of 
prototype filter are specified and determine the cutoff 
frequency, transition band and filter length.  Initialize, 
different optimization pointers like step size, search direction, 
flag and initial (ierror) as well as expected minimum (tol) 
possible values of objective function. Inside the optimization 
loop, design the prototype lowpass filter and determine the 
bandpass filters for analysis and synthesis sections using 
cosine modulation.  In optimization routine cutoff frequency 
is gradually changed as per the search direction and calculates 
the corresponding value of the objective function. Algorithm 
halts when it attains the minimum value of the objective 
function. The flowchart of optimization algorithm is given in 
appendix section and simulated on MATLAB 7.0. 
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V.   DESIGN EXAMPLES 
In this section design of 8- and 16- channel CMFBs are 

present using Cosh and Kaiser window functions. The 
performance of newly reported Cosh window function is 
compared with Kaiser window function for same stopband 
attenuation as well as same filter order. Finally, obtained 
results are compared with recently reported work of Kha et 
al.[9]. In both examples the input parameters are deliberately 
chosen same as in reported work for the comparison of 
performance [9].   
 
Example 1:  An eight-channel cosine modulated filter bank is 
designed with Cosh and Kaiser window functions. In first case 
the stopband attenuation As is kept constant at 35.8 dB with 
stopband frequency ωs = 0.12π and filter length, amplitude 
distortion, aliasing distortion parameters are evaluated. The 
optimization algorithm is initialized with tol = 2.0E-04, dir = 
1, step = 0.05, ierror = 500. The magnitude responses of 
optimized prototype filters designed using both window 
functions and of filterbank are shown in Fig. 2. and Fig. 3, 
respectively. The plot of amplitude and aliasing distortions for 
Cosh window function is shown in Fig. 4 and Fig. 5, 
respectively. Table-1,shows the comparative performances for 
same stopband attenuation.  

The variation of amplitude distortion function with filter 
length for 8-channel CMFB is shown in Fig.6. 
 Similarly, in second case the filter order kept constant at 45 
and filterbank are designed using Kaiser and Cosh window 
functions. The obtained value of performance parameters is 
given in Table-2.  
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Fig. 2  Prototype filters frequency responses. 
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Fig. 3  Frequency response of 8-channel analysis filter bank 
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Fig. 4 Amplitude distortion magnitude plot; inset: Zoom plot 
showing one cycle between [0, π/M]  
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Fig. 5  Total aliasing distortion plot 
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Fig. 6   Filter length vs amplitude distortion plot for 8-channel 

CMFB. 
                          

TABLE 1 PERFORMANCE COMPARISON AT AS = 35.8 DB FOR 8-CHANNEL 
FILTERBANK 

  S.
No.

Window 
function

N ωs Epp Ea Af 

dB 
No. of 

iterations
1. 
2. 

Kaiser 
Cosh 

43
45

0.12π
0.12π

 

5.50x10-3 

2.00x10-3 

 

2.47x10-3 

2.01x10-3 

 

50.10  
55.21  

38 
35 

 
TABLE II PERFORMANCE COMPARISON AT N = 45 FOR 8-CHANNEL FILTERBANK 

S.
No.

Window 
function

As 

dB 
ωs Epp Ea Af 

dB 
No. of 

iterations
1. 
2. 

Kaiser 
Cosh 

38.6  
35.8  

0.12π
0.12π

 

2.19x10-3 

2.00x10-3 

 

5.15x10-3 

2.01x10-3 

 

51.10 
55.21 

39 
35 
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Example 2:  A 16-channel NPR type CMFB is designed. In 
first case the stopband attenuation is fixed at 45 dB (near end) 
for ωs = 0.0590π and other parameters are evaluated and 
shown in Table-3. The amplitude responses of optimized 
prototype filters and analysis filterbank are shown in Fig. 7 
and Fig. 8, respectively. The plot of amplitude distortion (Epp) 
and aliasing distortion (Ea) are shown in Fig. 9 and Fig. 10, 
respectively.  

Similarly, for second case, the filter order is fixed at 97 at 
stopband frequency ωs = 0.0590π. The obtained different 
performance parameters are given in Table-4. The parameters 
are calculated for both window functions. The variation of 
amplitude distortion function with filter length for           16-
channel CMFB is shown in Fig. 11.Variation of near end and 
far end attenuations with filter length is shown in Fig.12. 
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            Fig. 7   Prototype filters frequency responses 
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            Fig. 8  Amplitude response of 16-channel analysis filterbank 
 

0 0.1 0.2 0.3 0.4 0.50.5
0.998

1.0005

1.003

1.0055

1.008

1.011.01

Normalized frequency

A
m

pl
itu

de
 d

is
to

rti
on

0 0.005 0.01 0.015 0.02 0.025 0.03
0.998

0.999

1

1.001

1.00191.0019

 
 

           Fig. 9  Amplitude distortion magnitude plot; inset: Zoom plot   
                               showing one cycle between [0,π/M] 
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    Fig. 10.Total aliasing distortion plot 
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Fig. 11 Filter length vs. amplitude distortion plot for 16-channel 
CMFB. 

 
TABLE III PERFORMANCE COMPARISON AT AS = 45 DB FOR 16-CHANNEL 

FILTERBANK 
    

S. 
No.

Window 
function

N ωs Epp Ea Af 

dB 
No. of 

iterations 

1. 
2. 

Kaiser 
Cosh 

93 
97 

0.059π
0.059π 

4.056x10-3 

3.97x10-3 
2.92x10-4 

2.38x10-4 
70.33 
79.69 

78 
77 

 
 

TABLE IV PERFORMANCE COMPARISON AT N = 97 FOR 16-CHANNEL 
FILTERBANK 

     
S. 

No. 

Window 
function

As 

dB 
ωs Epp Ea Af 

dB 
No. of 

iterations

1. 
2. 

Kaiser 
Cosh 

47.2  
45.0  

0.059π
0.059π 

5.503x10-3 

3.79x10-3 
4.94x10-4 

2.38x10-4 
76.50 
79.69 

83 
77 

 
 
 
 
 

TABLE V PERFORMANCE COMPARISONS WITH REPORTED WORK OF KHA ET 
AL. [9] 

S.No. M As 

dB
ωs N Epp Ea 

 
optimization

Kha et al [8]
Proposed 

 
Kha et al [8]

Proposed

8 
8 
 

16 
16 

35.8
35.8

 
45 
45 

0.12 π
0.12 π

 
0.059π  
 0.059π 

41 
45 
 

103 
97 

5.50x10-3 

2.00x10-3 

 
5.95x10-3 

3.79x10-3 
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Nonlinear  
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Nonlinear 
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Fig. 12. Plot of Filter length vs. near and far end stopband attenuation 

 
VI.   DISCUSSION 

Experimental result shows that the performance of Cosh 
window based filterbank is better than the Kaiser window 
based filterbank. In case of  8-channel filterbank at fixed 
stopband attenuation of 35.8dB, the amplitude and aliasing 
distortions for Cosh window function are 2.00x10-3  and  
2.01x10-3, which is much less than the distortion parameters  
obtained for Kaiser window function, i.e., 5.503x10-3, 
2.47x10-3. Similarly, at fixed filter length the performance of 
Cosh window function is better than the Kaiser window 
function. 

Also in case of  16-channel filterbank, Cosh window based 
filterbank provides better results than Kaiser window based 
filterbank. 

Apart from the distortion parameters, the other 
performance parameters like far-end attenuation and required 
number of iteration in optimization are also showing the 
superiority of Cosh window function. It is clear from the Fig. 
6 and Fig. 11, that the proposed Cosh window function 
provides lower value of amplitude distortion than the Kaiser 
window for the wide range of filter length. It is clear from Fig. 
12, the far-end attenuation of cosh window is better than the 
Kaiser window function.    

In Table-5, the performance of proposed work is compared 
with recent work of Kha et al. [9].  For the same input 
parameters like stopband attenuation, stopband frequency the 
proposed design provides lower value of amplitude and 
aliasing distortions. 
 

VII.  CONCLUSION 
The design of M-channel filterbank using newly reported 

Cosh window function is presented. The results are compared 
with Kaiser window function and better performance is 
achieved. The obtained results are also superior than recently 
reported publication. The higher attenuation at the far-end can 
be utilized in application like beam forming and for better 
suppression of cross-talk and echo cancellation in audio and 
video fields. 
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Specify stop band attenuation 
(As), number of bands (M)  

Initialize: pass band (ωp), stop band freq (ωs), 
ierror, tol, step, dir, and flag 

Calculate cutoff frequency (ωc). Filter order (N) and 
design the prototype filter. Obtained filters of 
analysis section using cosine modulation. 

Calculate the amplitude distortion and obtain 
absolute value of objective function. Reconstruction 

error (׀error׀) 

 ׀error׀= ׀ierror׀
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reconstruction error at new cutoff 

frequency. 
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