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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. H,(z),k=0,1..,M -1 is the ztransform of the fre-
quency response of the A-th filter of the analysis filter bank.

The M filters evenly divide the entire frequency band into M sub-bands. @,
is the center frequency of the 4-th filter, so the z-transform of the frequency re-
sponse of the 4-th filter is H,(z) = H(ZW,\:), Wy, =e 2™ H(z) is the =
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 4-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 G, (z) =G(zW,\), k=0,1,..,M -1, 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:

LS X W) S K (WK H (W W )G (W) )
m=0

e

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

column vectors:

G(z) =[G(z2WY),....G(zW' )T (2)
H(2) =[H @WuW,),.... H @Wy'“W)T (3)
X(2) =[X (ZW2), ..., X (2W,SHT (4)
X (2) =[X(2W). X @I (5)
HWgWJ) ... HEWIWS)
H(z) = (6)
HEW W) ... H@EWy WS -
K(z) = diag(K(z"W2),..., K (z*W M %))
Kyps 0
i K(z"W,) .. 0 @
Kyps (M—1)K
0 . K(Z°W,, ) -
Then, the matrix representation of Equation (1) can be written as:
1
Y(2) :EGILM (DK () Hyk (2) X0 (2)
(8)
1
= ETb}jK (2) X1 (2)
The total ztransfer function of the system can be expressed as:
Ty (2) = Gl (DK (D H i (2) = [T (TR (2)] (9)
The desired signal z-transfer function can be expressed as:
TSK (2) :GlTxM (DK (D Hya(2) (10)
The undesired aliasing z-transfer function can be expressed as:
TX(2) = Gl (2K () Hmex 0 (2) (11)
Then we can rewrite Equation (8) as:
1 1 v
Y(2) =ETSK (2)X(2) +ETAK (2)X(2) (12)

Let T,(2)= Oy (k_1)» then the undesired aliasing signal can be completely can-
celled:

<

-1
K (Z*W ™ YH (2W,W,M)G(zW,") =0, vk =1,..., K —1 (13)
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So, the aliasing cancellation condition can be expressed as:

M-1
>TH(ZWW,)G(zW,) =0, vk =1,..., K -1 (14)
m=0

By the theory of the modulation filter bank, the aliasing cancellation condition

can be expressed as:
H(zWS)G(z) =0, vk =1,...,.K -1 (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
Kyt (2) = Eyp -

Above all, the desired signal z-transform function can be expressed as [5]:

M-1
DTH@EW)G(ZWy ) =2™ (16)
m=0

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 Kand M =K xF .
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 V, so the total order of this whole structureis M x 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.

K2
035: Scientific Research Publishing

91



W. X. Zhang et al.

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

M-1 i
yi(n)=>t, (e’ ™ 'k =0,1,..,M =1 can be expressed as:
-0

M-l
Y (2) =Y /7 MZE (2Y) X (2) (17)
=0
Then the z-transform function of the output of the &-th channel can be ex-
pressed as:

Y (2 wLo B

Hy (2) = S8 N izt g (M) (18)
Xk(z) 1=0

Because (ze 2*™M)M =7z |50 the z-transform function of the &-th channel

can also be expressed as:
H,(2) = H(ze >™™) (19)
Then the output signal can be expressed as:

Vi () = y, (Kn)e

_ M71t| (Kn)e—janI/M g okn (20)
-0

When we put the decimation module in front of the IDFT module, the sig-
nal r(n) can be expressed as:
r(n) =t (Kn) 21)

The z-transform function of 1 (n) can be expressed as:

efijMn
X(n) N EO (Z F ) to (n) yO (n)‘ uo(n) J, K Vo(n)
Z_l e—ja)an
1 E.(z%) t,(n) yl(n)Vé> u, (n) LK v,(n)
z IDFT
e_jwM—an
Z_l EM,l(ZF) tMil(n) yM'l(HZé u’\"‘l(n) \L K VM—l(n)

Figure 3. The efficient polyphase band-pass structure of the analysis filter bank.
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1M _
R (2) :EZ-H(ZUKE*'Z””‘/K)
m=0
1 M-1 ) - - (22)
:_z EI(ZM/Ke*JZﬂMm/K)X (Zl/M e—]Zﬂm/K)(leKe—JZ/zle)fl
K m=0

Because M /K =F, F is an integer and e '*™'® =1, so Equation (22)

can be rewritten as:
Fy LS VK o j2amiK y 7 o UK o—j22m/K y-I
R (2)=E(z )EZ X(z7"e 7)) (23)
m=0

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:
Q= 2°%2P] \rhere [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 A 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-

e_ijMn
x(n) LK PO Ryl R so(n)rég Vo(n)
Z—l e—ja)an
e e e O
: IDET
) ' e—jcoM_an
z \LK X,4() EM_1(ZF) 1 (n) Swa(n) VM—1(n)‘

Figure 4. The improved efficient polyphase structure of the analysis filter bank.
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Figure 5. The low-pass structure of the synthesis
filter bank.
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terpolation K should satisfy the following formula:

Q_M_
K F (24)

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

y(n) = 2 y,(n)

- _z:;,[ui (n) ® g(n)le ™" (25)

N

+00

=2 [ Z u (k) g(n—k)Je "

k=

where u;(k)=v,(k/K), k=0,£K,+2K,...
Let n=rQ+p,r e (-w,+x), p=0,1,..,Q—-1 and then:

Q-1 +x .
y(rQ+p) =2, > vi(k)h(rQ + p—kK)e e (26)
20 koo
+0 Q-1 . .
Y, ()= > D vi(k)h,(r—k/ F)Je 11 1P (27)
k=—00 i=0
Let @ = 2?ﬁ(i —%) , so the output signal can be expressed as [8]:
=8 i ~i(K-1)r7 e j(1-UK) pr
Yo ()= > vi(k)e K h (r—k/F)e”’ e} p (28)
k=—00 i=0

Let DFT[v,(K)]=S v, (k)ejz?”ip —v,.(r), so:

i=0
v, (k) =v, (e 7 =y ()(-1)Pe’K” (29)

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

y,(r)= (1) e'K"y,.(r) @ h, (1) (30)

where v .(r) is the F times decimation of Vv .(r).
n —
Y=y, (- P) (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:

Mn
f =q(— 32
(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 Q, —Q, channel, where

%
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Q,—Q, =M,. We just need to input the a—(Q,—-Q, +a) sub-band signals,
where a=Q,mod2. When a=0, we begin at the first channel. When a=1,
we begin at the second channel.

The z-transform function of the output of the 4-th synthesis filter Y, (z) can

be expressed as:

1 M-1 Qp—Qa+a
Y@= XV @UDx Y G @D () (3)
p=0 k=a

M-1
Because G, (2)=G(zWy)=>, W, *"F (zM), so:
k=0

Grapa (ZWy) =W P %G, (2W,*® %) (34)

Assuming Q, —Q, iseven, Y,(z) can be divided into two parts:

1 = = Qp—Qa
Y (@)= W X (WP ) 5 HE(2)
k=a

(35)

clwee S xS e @ n, @)
M p=M“(@-Qa) -

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
M, = 2P go the output signal of the synthesis filter bank Y, (z) can be
M /2M,. 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 kM,./M is an integer, the interpolation
MM When kM,./M is not an integer, the

interpolation module is 0. Let K'=M,., so we can get the dynamic reconstruc-

module can be expressed as 7~

tion synthesis filter bank shown as Figure 6. The synthesis filter should satisfy
the following condition:

F(@=H_u (=31

2M.

M

+Mr)z™" (36)
2M,. )

5. Simulation

Firstly, we need to design the prototype filter. The pass-band cut-off frequency

or
B eJVOIn
%) @g }FD(zM”‘) H T }—»{ 7270 }—@M

2r

0 é T B

FFT

sl g@ ] e I e PR e

Figure 6. The improved efficient polyphase structure of the synthesis filter bank.
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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 4™ 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.
input signal
15 T T T T T T T T T
101 k
o
T,
T
T
2
=
S
<
5r i
o Jr
0 100 200 300 400 500 600 700 800 900 1000
Frequency(MHz)
Figure 7. The frequency spectrum of the input.
output signall output signal2
5 . : : : 6 ' ' ' '
45F k
5t i
4- -
35F i
4F i
o 3 1 o
T T
Iof T
S 25} 1 33t .
E‘ 3
< 2 g g
15} 1 2r i
1 i
1F i
05F J ’ E
0 ! ! 1 0 N J | | .
0 % 100 150 20 20 0 50 100 150 200 250
Frequency(MHz)

Frequency(MHz)

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.

Acknowledgements

This work is supported partly by National Natural Science Foundation of China
under Grant No. 61301205 and No. 61571146, National Defense Based Science
Research Program under Grant No. JCKY2013604B001. This paper is funded by
the International Exchange Program of Harbin Engineering University for In-

novation-oriented Talents Cultivation.

References

[1] Zhang, W.X. (2009) Research and Implementation of Digital Channelized Receiver
in Passive Radar Seeker. Ph.D. Thesis, Harbin Engineering University, Harbin.

[2] Li, B., Zheng, J. and Ge, L.D. (2007) Dynamic Channelization Based on NPR Mod-
ulated Filter Banks. Acta Electronica Sinica, 35,1178-1182.

[3] Zhu, X. and Feng, X.C. (2009) A Efficient Dynamic Digital Channelizer. Journal of
Harbin Institute of Technology, 41, 160-164.

[4] Nguyen, T.Q. and Vaidyanathan, P.P. (1990) Architectures for M-Channel Perfect-
Reconstruction FIR QMF Banks Which Yield Linear-Phase Analysis and Synthesis
Filters. IEEE Transactions ASSP, 38, 433-446. https://doi.org/10.1109/29.106862

[5] Chen, X.F., Harris, F.J., Venosa, E. and Rao, B.D. (2014) Non-Ma Non-Maximally
Decimated Analysis/Synthesis Filter Banks: Applications in Wideband Digital Fil-

tering. IEEE Transactions on Signal Processing, 62, 852-866.
https://doi.org/10.1109/TSP.2013.2295549

[6] Vaidvanathan, P.P. (2001) Filter Banks in Digital Communications. /JEEE Circuit
and System Magazine, 1, 4-25.

[7]1 Chen, T., Yue, W., Liu, Y.Q. and Si, X.C. (2011) Research on Partial Channel Re-
construction Technology Based on a Wide-Band Digital Channelized Receiver. Jour-

nal of Harbin Engineering University, 32, 1610-1616.

[8] Gong, S.X., Wei, X.Z. and Li, X. (2013) Review of Wideband Digital Channelized
Receivers. ACTA Electronicasinica, 41, 949-958.

[9] Gao, X.G. and Zuo, Y. (2015) A Wide-Band Signal Reconfiguration Method Based
on Improved Channelized Architecture. Electronic Information Warfare Technolo-
&), 30, 63-67.

%%
035: Scientific Research Publishing

97


https://doi.org/10.1109/29.106862
https://doi.org/10.1109/TSP.2013.2295549

o
+%%, Scientific Research Publishing

Submit or recommend next manuscript to SCIRP and we will provide best
service for you:

Accepting pre-submission inquiries through Email, Facebook, LinkedIn, Twitter, etc.
A wide selection of journals (inclusive of 9 subjects, more than 200 journals)
Providing 24-hour high-quality service

User-friendly online submission system

Fair and swift peer-review system

Efficient typesetting and proofreading procedure

Display of the result of downloads and visits, as well as the number of cited articles
Maximum dissemination of your research work

Submit your manuscript at: http://papersubmission.scirp.org/
Or contact ijcns@scirp.org



http://papersubmission.scirp.org/
mailto:ijcns@scirp.org

	A Non-Maximally Decimated Dynamic Reconfigurable Channelized Structure Based on Modulated Filter Bank
	Abstract 
	Keywords
	1. Introduction
	2. Signal Perfect Reconstruction Condition
	3. The Analysis Filter Bank
	4. The Synthesis Filter Bank
	5. Simulation
	6. Conclusion
	Acknowledgements
	References

