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Abstract  
A structure of dynamic reconfigurable channelized filter bank is proposed in 
order to solve the problem that the uniform channelized receiver cannot re-
ceive the cross-channel and wideband signal. The dynamic reconfigurable 
channelized filter bank is divided into two parts-the analysis filter bank and 
the synthesis filter bank. The function of the analysis filter bank is to divide 
the received signal into several sub-signals according to the channel division. 
Then the sub-signals of each channel need to be detected and discriminated. 
At last, we use the sub-signals to reconstruct the original received signal by 
the synthesis filter bank. The analysis filter and the synthesis filter bank of the 
dynamic reconfigurable channelized filter bank are all efficient polyphase 
structures, so it can save more hardware resources and has extensive applica-
bility. The structure is simulated by MATLAB and the simulation results veri-
fy the correctness of this structure. 
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1. Introduction 

With the development of software radio, the digital channelized receiver has be-
come a hot spot research in the field of receiver. It has the advantages of digital 
receiver such as high accuracy, high flexibility, high reliability, low power con-
sumption, and meanwhile the advantages of channelized receiver such as good 
applicability and strong comprehensiveness. The digital channelized receiver di-
vides the instantaneous bandwidth into several sub-band channels by the digital 
filter bank. When the receiver receives the instantaneous signal, it can realize the 
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full-probability receive through processing the sub-band signals in parallel. 
Reference [1] proposes many different structures of synthesis filter bank ac-

cording to the different band allocations. Reference [2] is mainly used in com-
munication system. The frequency of the received signal has narrow dynamic 
range and its range is generally known in advance. Reference [3] shows that the 
transition band of the filter in analysis filter bank should be narrow enough so 
that the aliasing between the sub-bands will not happen and the analysis filter 
bank can satisfy perfect reconstruction condition. 

In this paper, we propose a non-maximally decimated dynamic reconfigurable 
channelized structure based on the modulated filter banks. The received signal 
firstly goes through the decimation module to reduce the sampling rate, and 
then is divided into several sub-band signals by the analysis filter bank. Secondly, 
the sub-band signals go through the detection and discrimination module. Fi-
nally, the synthesis filter bank reconstitutes the desired signal by synthesis the 
sub-band channels with signal. This method can synthesis the channels with 
sub-band signals, which reduces the consumption of hardware resources. 

2. Signal Perfect Reconstruction Condition 

Figure 1 shows us the M-channel non-maximum decimated filter bank [4]. 
( )x n  is the input signal. (z), 0,1,..., 1kH k M= −  is the z-transform of the fre-

quency response of the k-th filter of the analysis filter bank. 
The M filters evenly divide the entire frequency band into M sub-bands. kω  

is the center frequency of the k-th filter, so the z-transform of the frequency re-
sponse of the k-th filter is ( ) ( )k

k MH z H zW= , 2 /j M
MW e π−= . ( )H z  is the z- 

transform of the frequency response of prototype low-pass filter. The input sig-
nal firstly goes through the analysis filter bank, and it is divided into D sub-band 
signals by the analysis filter bank. Then do detection and discrimination to the 
output of the analysis filter bank and sent the detected D sub-band signals to the 
synthesis filter bank. The sub-band signals will be K times interpolated. Then we 
use the synthesis filter bank to filter out the redundant mirror bandwidth caused 
by interpolation. The outputs of the synthesis filter are summed so that we can 
get the desired signal. The z-transform of the frequency response of k-th filter of  
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Figure 1. M-channel non-maximum decimated filter bank. 
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the synthesis filter bank is ( ) ( ), 0,1,..., 1k
k MG z G zW k M= = − , and ( )G z  is the 

z-transform of the frequency response of prototype low-pass filter of the synthe-
sis filter bank. ( )K z  is the z-transform of the frequency response of the detect-
ing and processing sector between the analysis and synthesis filter banks. In this 
way, the z-transform of the frequency response of the output of the synthesis fil-
ter bank ( )Y z  can be expressed as: 

1 1

0 0

1( ) ( ) ( ) ( ) ( )
K M

k k mK k m m
M M K M M

k m
Y z X zW K z W H zW W G zW

K

− −

= =

= ∑ ∑         (1) 

As Equation (1) can be expressed in matrix form, we define the following 
column vectors: 

0 1( ) [ ( ),..., ( )]M T
M MG z G zW G zW −=                    (2) 

0 0 1 0( ) [ ( ),..., ( )]M T
M K M KH z H zW W H zW W−=                 (3) 

1 1( ) [ ( ),..., ( )]K T
K KX z X zW X zW −=                   (4) 

0( ) [ ( ), ( )]T
KX z X zW X z=                      (5) 

0 0 0 1

1 0 1 1

( ) ... ( )
( ) ... ... ...

( ) ... ( )

K
M K M K

M M K
M K M K M K

H zW W H zW W
z

H zW W H zW W

−

− − −

×

 
 

=  
 
 

H            (6) 

0 ( 1)

0

( 1)

( ) ( ( ),..., ( ))

( ) ... 0
... ... ...
0 ... ( )

K K M K
M M

K
M

K M K
M M M

z diag K z W K z W

K z W

K z W

−

−

×

=

 
 

=  
 
 

K

             (7) 

Then, the matrix representation of Equation (1) can be written as: 

1 1

1 1

1(z) ( ) ( ) ( ) ( )

1 ( ) ( )

T
M M M M K K

K
K K

Y G z z z X z
K

T z X z
K

× × × ×

× ×

=

=

K H
             (8) 

The total z-transfer function of the system can be expressed as: 

1 1( ) ( ) ( ) ( ) [ ( ) ( )]K T K K
K M M M M K S AT z G z z z T z T z× × × ×= =K H          (9) 

The desired signal z-transfer function can be expressed as: 

1 1( ) ( ) ( ) ( )K T
S M M M MT z G z z H z× × ×= K                 (10) 

The undesired aliasing z-transfer function can be expressed as: 

( 1)1( ) ( ) ( ) ( )K T
M KA M M MT z G z z z× −× ×= K H                (11) 

Then we can rewrite Equation (8) as: 

1 1( ) ( ) ( ) ( ) ( )K K
S AY z T z X z T z X z

K K
= +               (12) 

Let 1 ( 1)( ) 0K
A KT z × −= , then the undesired aliasing signal can be completely can-

celled: 
1

0
( ) ( ) ( ) 0, 1,..., 1

M
K mK k m m

M K M M
m

K z W H zW W G zW k K
−

=

= ∀ = −∑        (13) 
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So, the aliasing cancellation condition can be expressed as: 

1

0
( ) ( ) 0, 1,..., 1

M
k m m

K M M
m

H zW W G zW k K
−

=

= ∀ = −∑              (14) 

By the theory of the modulation filter bank, the aliasing cancellation condition 
can be expressed as: 

( ) ( ) 0, 1,..., 1k
KH zW G z k K= ∀ = −                   (15) 

In order to achieve the aliasing cancellation condition, Equation (10) is re-
quired to be the integer delay of the analysis and synthesis filter bank and the 
z-transform of the frequency response of the detecting and processing sector 

( )M M M MK z E× ×= . 
Above all, the desired signal z-transform function can be expressed as [5]: 

1

0
( ) ( )

M
m m nK

M M
m

H zW G zW z
−

−

=

=∑                      (16) 

In order to achieve the desired signal perfect reconstruction condition without 
the detecting and processing sector, the modulation filter bank must satisfy Eq-
uations (15) and (16). 

3. The Analysis Filter Bank 

The low-pass structure uniform analysis filter bank [6] is shown in Figure 2. The 
number of the channel is M. The multiple of the decimation is K and M K F= × . 
The input signal firstly goes through the down-conversion module to become a 
baseband signal. And then filter the baseband signal to get the sub-band signals. 
At last, we decimate these sub-band signals. When the number of the channel is 
large, it is very difficult to complete engineering realization. Assume that the or-
der of the low-pass filter is N, so the total order of this whole structure is M N× . 
As the number of the channel increases, the total order also increases, so the 
consumed multiplier and adder resources increase. The complex exponential 
down-conversion module requires the resource of the multiplier and adder, so 
when the number of the frequency band increases the required resources will also 
increase. The decimation module can reduce the sampling rate, but in this struc-
ture the decimation module is at the end of the system. So, the down-conversion  
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Figure 2. The low-pass structure of the analysis filter bank. 
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module and the low-pass filter are in a high sampling rate. If the system processes 
the signal at a high sampling rate, the hardware requirements will be relatively 
increased. 

In order to solve these problems, we use the efficient polyphase structure of the 
analysis filter bank to replace this structure. We can infer the efficient polyphase 
structure of the analysis filter by doing polyphase decomposition to the low-pass 
structure. Through the theory of IDFT and polyphase filtering, we can get the ef-
ficient polyphase band-pass structure of the analysis filter bank as shown in 
Figure 3. 

The z-transform function of the output of the IDFT module  
1

2 /

0
( ) ( ) , 0,1,..., 1

M
j lk M

k l
l

y n t n e k Mπ
−

=

= = −∑  can be expressed as: 

1
2 /

0
( ) ( ) ( )

M
j kl M l M

k l
l

Y z e z E z X zπ
−

−

=

= ∑                  (17) 

Then the z-transform function of the output of the k-th channel can be ex-
pressed as: 

1
2 /

0

( )
( ) ( ) ( )

( )

M
j k M l Mk

k l
lk

Y zH z ze E z
X z

π
−

− −

=

= = ∑              (18) 

Because 2 /( )j k M M Mze zπ− = , so the z-transform function of the k-th channel 
can also be expressed as: 

2 /( ) ( )j k M
kH z H ze π−=                     (19) 

Then the output signal can be expressed as: 

1
2 /

0

( ) ( )

( )

k

k
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M
j Knj kl M

l
l

v n y Kn e

t Kn e e

ω

ωπ

−

−
−−

=

=

= ∑
                (20) 

When we put the decimation module in front of the IDFT module, the sig-
nal ( )lr n  can be expressed as: 

( ) ( )l lr n t Kn=                        (21) 

The z-transform function of ( )lr n  can be expressed as: 
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Figure 3. The efficient polyphase band-pass structure of the analysis filter bank. 
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Because /M K F= , F  is an integer and 2 / 1j mM Ke π− = , so Equation (22) 
can be rewritten as: 

1
1/ 2 / 1/ 2 /

0

1( ) ( ) ( )( )
M

F K j m K K j m K l
l l

m
R z E z X z e z e

K
π π

−
− − −

=

= ∑           (23) 

From the above deduction, we can get the improved efficient polyphase 
structure as shown in Figure 4. 

4. The Synthesis Filter Bank 

The low-pass structure of the synthesis filter bank was shown in Figure 5. We 
can also use the polyphase decomposition method to infer the efficient poly-
phase structure from the low-pass structure [7]. 

Assuming that the input signal occupies P sub-band channels, the number of 
the channel of the input signal of the synthesis filter bank Q should satisfy: 

[ ]2log2 pQ = , where [ ]x  represents the nearest integer from x. Under the condi-
tion of signal perfect reconstruction, the number of the channel of the synthesis 
filter bank is M and the multiple of the decimation is K. The number of the 
channel of the input signal of the synthesis filter bank Q and the times of the in-  
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Figure 4. The improved efficient polyphase structure of the analysis filter bank. 
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terpolation K should satisfy the following formula: 

Q M F
I K
= =                            (24) 

From Figure 5, we can know that the output of the synthesis filter bank ( )y n  
can be expressed as: 

1

0
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0
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∑ ∑

                  (25) 

where ( ) ( / ), 0, , 2 ,...i iu k v k K k K K= = ± ±  
Let , ( , ), 0,1,..., 1n rQ p r p Q= + ∈ −∞ +∞ = −  and then: 

1
( )

0
( ) ( ) ( ) i

Q
j rQ p

i
i k

y rQ p v k h rQ p kK e ω
− +∞

− +

= =−∞

+ = + −∑ ∑            (26) 

1

0
( ) [ ( ) ( / )] i i

Q
j rQ j p

p i p
k i

y r v k h r k F e eω ω
−+∞

− −

=−∞ =

= −∑ ∑             (27) 

Let 2 1( )
2i

Ki
K
π

ω
−

= − , so the output signal can be expressed as [8]: 

21
( 1) (1 1/ )

0
( ) ( ) ( / )

Q j ip j K r j K pK
p i p

k i
y r v k e h r k F e e

π
π π

−+∞
− − − −

=−∞ =

= −∑ ∑        (28) 

Let 
21

'
0

[ ( )] ( ) ( )
Q j ip

K
i i p

i
DFT v k v k e v r

π−

=

= =∑ , so: 

1(1 )

' ( ) ( ) ( )( 1)
j p j ppK K

p p pv k v k e v k e
ππ− −

= = −               (29) 

Because K is even, so Equation (29) can be expressed as [9]: 

''( ) ( 1) ( ) ( )
j pr K

p p py r e v r h r
π

= − ⊗                  (30) 

where '' ( )pv r  is the F times decimation of ' ( )pv r . 

( ) ( )p
n py n y

K
−

=                         (31) 

From the corollary in Reference [1], we can know that when the number of 
the channel of the synthesis filter bank is M and the times of the decimation is 
M/Q we can get the synthesis filter that satisfy the perfect reconstruction condi-
tion: 

( ) ( )Mnf n g
Q

=                          (32) 

In order to save the hardware resources further, we should improve this 
structure by using the dynamic reconstruction method [9]. We can use the FFT 
module in the synthesis filter bank. Secondly, we can just synthesize the sub- 
band channel with signal. 

When the output of the analysis filter bank occupies a bQ Q−  channel, where 
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a b iQ Q M− = . We just need to input the ( )a ba Q Q a− − +  sub-band signals, 
where mod 2aa Q= . When 0a = , we begin at the first channel. When 1a = , 
we begin at the second channel. 

The z-transform function of the output of the k-th synthesis filter ( )kY z  can 
be expressed as: 

1

1
0

1( ) ( ) ( ) ( )
b aQ Q aM

p p
k M k a M k

p k a
Y z V zW G zW H z

M

− +−

+ −
= =

= ×∑ ∑            (33) 

Because 
1

0
( ) ( ) ( )

M
m k km M

m M M k
k

G z G zW z W F z
−

− −

=

= = ∑ , so: 

1 ( ) ( )b a b aQ Q p Q Qp
k a M M k MG zW W G zW− + −
+ − =                 (34) 

Assuming a bQ Q−  is even, ( )kY z  can be divided into two parts: 

2

1

( )

1( ) ( ) ( )

1 ( ) ( ) ( )

b a
b a b a

b a
b a b a

b a

Q Q
Q Q Q Q

k M M k
k a

Q Q aM
Q Q p Q Qp

M M k M k
p M Q Q k a

Y z W X zW H z
M

W X zW G zW H z
M

−
− −

=

− +−
− + −

= − − =

=

+ ×

∑

∑ ∑
   (35) 

The first part of the Equation (35) is desired signal; the second part is unde-
sired aliasing. So, we know that even if the perfect reconstruction condition is 
met, the output signal cannot be completely synthesized. We defined that 

2log 1
' 2 kM

kM −  = . So, the output signal of the synthesis filter bank ( )kY z  can be 

'/ 2 kM M  times decimated, and the aliasing condition will not happen. Ac-
cording to the theory of the integer multiple interpolation, the times of the de-
cimation K can be shifted. When ' /kkM M  is an integer, the interpolation 
module can be expressed as ' /kkM Mz− . When ' /kkM M  is not an integer, the 
interpolation module is 0. Let '' kK M= , so we can get the dynamic reconstruc-
tion synthesis filter bank shown as Figure 6. The synthesis filter should satisfy 
the following condition: 

'

1

0 '2

( ) ( ) ( )
2

k

n
r

q Mq r kM

MF z H z h q Mr z
M

−
−

=

= = +∑              (36) 

5. Simulation 

Firstly, we need to design the prototype filter. The pass-band cut-off frequency  
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Figure 6. The improved efficient polyphase structure of the synthesis filter bank. 



W. X. Zhang et al. 
 

96 

of the prototype filter is 60 MHz and its stop-band cut-off frequency is 90 MHz. 
The order of the prototype filter is 127. The sampling rate is 960 MHz, and the 
number of channel is 8. The decimation time is 4. We input two signals. One is a 
chirp complex signal from 80 - 160 MHz and the other is a chirp complex signal 
from 340 - 400 MHz. The first signal occupies the first and second channels and 
the second signal occupies the third and the 4th these two channels. From the 
simulation result we can prove the correctness of this structure. The frequency 
spectrum of the input signals and the output signals are shown in following Fig-
ures 7-8. 
 

 
Figure 7. The frequency spectrum of the input. 

 

 
Figure 8. The frequency spectrums of the output signal 1 and 2. 
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6. Conclusion 

This paper aimed to solve the problem that the analysis filter bank of the digital 
channelized receiver cannot receive the cross-channel signal proposes a dynamic 
reconstruction channelized structure based on uniform channelization. This 
structure improves the aliasing problem caused by the analysis filter bank and 
satisfies the perfect reconstruction condition. Because this structure can reduce 
the design complexity of the filter, when the hardware resource is limited this 
structure has more advantages. 
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