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Abstract— Filter occupies a major role in digital signal 

processing. The design of parallel FIR filter structures using 

Common sub expression elimination technique requires 

minimum number of multipliers and low power adders. As 

normally multiplier consume more area and power in 

comparison of adder. Moreover, along with the increase in 

length of parallel FIR filter number of adders does not 

increases. By using common sub expression elimination 

algorithms, the adopted parallel FIR structures use the basic 

nature of symmetric coefficients which reduces half the 

number of multipliers in Sub-Filter section at the amount of 

additional adders in preprocessing and post processing 

blocks. In term of silicon area, the weight of multiplier is 

more than adder so exchanging multipliers with adders is 

advantageous. Finally the proposed parallel FIR filter 

structures are superior from existing one in terms of 

consumption of area and power. 
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I. INTRODUCTION 

The finite-impulse response (FIR) filter has been and 

continues to be one of the fundamental processing elements 

in any digital signal processing (DSP) system.FIR filters are 

used in DSP applications that range from video and image 

processing to wireless communications. In some 

applications, such as video processing, the FIR filter circuit 

must be able to operate at high frequencies, while in other 

applications, such as cellular telephony, the FIR filter circuit 

must be a low-power circuit, capable of operating at 

moderate frequencies. Parallel, or block, processing can be 

applied to digital FIR filters to either increase the effective 

throughput or reduce the power consumption of the original 

filter. Traditionally, the application of parallel processing to 

a FIR filter involves the replication of the hardware units 

that exist in the original filter. If the area required by the 

original circuit is A, then the L-parallel circuit requires an 

area of L x A. With the continuing trend to reduce chip size 

and integrate multi-chip solutions into a single chip solution, 

it is important to limit the silicon area required to implement 

a parallel FIR digital filter in a VLSI implementation. In 

many design situations, the hardware overhead that is 

incurred by parallel processing cannot be tolerated due to 

limitations in design area. Therefore, it is advantageous to 

realize parallel FIR filtering structures that consume less 

area than traditional parallel FIR filtering structures. There 

have been a few papers proposing ways to reduce the 

complexity of the parallel FIR filter in the past [1]–[9]. In 

[1]–[4], polyphase decomposition is mainly manipulated, 

where the small-sized parallel FIR filter structures are 

derived first and then the larger block-sized ones can be 

constructed by cascading or iterating small-sized parallel 

FIR filtering blocks. Fast FIR algorithms (FFAs) introduced 

in [1]–[3] shows that it can implement a L-parallel filter 

using approximately (2L-1) sub filter blocks, each of which 

is of length N/L. FFA structures successfully break the 

constraint that the hardware implementation cost of a 

parallel FIR filter has a linear increase along with the block 

size L. It reduces the required number of multipliers to (2N-

N/L) from LXN. In [5]–[9], the fast linear convolution is 

utilized to develop the small-sized filtering structures and 

then a long convolution is decomposed into several short 

convolutions, i.e., larger block-sized filtering structures can 

be constructed through iterations of the small-sized filtering 

structures. On the other hand, parallel and pipelining 

processing are two techniques used in DSP applications, 

which can both be exploited to reduce the power 

consumption. Pipelining shortens the critical path by 

interleaving pipelining latches along the data path, at the 

price of increasing the number of latches and the system 

latency, whereas parallel processing increase the sampling 

rate by replicating hardware so that multiple inputs can be 

processed in parallel and multiple outputs are generated at 

the same time, at the expense of increased area. Both 

techniques can reduce the power consumption by lowering 

the supply voltage, where the sampling speed does not 

increase. In this paper, parallel processing in the digital FIR 

filter will be discussed. 

II. WINDOW METHOD FOR FIR FILTER DESIGN 

The window method is the fast, easy and robust for FIR 

Filter digital but generally ordinary. By the convolution 

theorem of Fourier transforms it can easily be understood, 

making it informative to study after the windows for 

spectrum analysis and Fourier theorems. 

[-N, N] 

We would expect to be able to change the length of 

Filter to the interval, for some sufficiently large N, and 

obtain a  good FIR filter which approximates the ideal filter. 

This would be an example of using the window method with 

the rectangular window. We can manage various trade-off 

by choosing the window carefully, so as to maximize the 

filter-design quality in a given application. The functions of 

Window are always time limited. Always FIR filter is 

design by window method rather than IIR filter. By using 

dual of the convolution theorem, point wise multiplication in 

the time domain corresponds to convolution in the 

frequency domain. 

III. PARALLEL PROCESSING FOR LOW POWER 

The throughput of the FIR filter can be increased by using 

parallel processing to a FIR filter. By the use of parallel 

processing and by lowering the voltage which in turn 

reduces the amount of power consumption. Let Po =Co Vo 2 

fo represent the power consumed in the original FIR filter, 

where Co is the effective capacitance of the traditional filter, 
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Vo is the supply voltage of the traditional  filter and fo is the 

clock frequency of the original filter. It should be noted that 

fo = 1/ To, where To is the clock period of the original filter. 

In order to maintain the same sample rate, the clock period 

of a L-parallel filter must be increased to L To since L 

samples are produced every clock cycle.  The L copies of 

the original filter contain in L-parallel filter each of which 

has an effective capacitance of Co. This means that Co is 

charged in time L To rather than in time To. By examining 

the propagation delay considerations of the original and 

parallel filter, the power supply reduction factor, β, can be 

determined. The propagation delay of the original circuit is 

given by 

Tpd= 
    

         
2                            (1)

 

where k is a process dependent parameter and Vt is 

the device threshold voltage. It should be noted that the 

clock period, To, is typically equal to the maximum 

propagation delay, Tpd, in a structure. The propagation 

delay of the L-parallel filter is given by 

LTpd=      

         
2                          (2) 

From (1) and (2) the following quadratic equation 

is obtained 

L (β Vo – Vt ) 
2 = β(Vo − Vt )

2                  (3) 

This equation is used to solve for β. Once β is 

obtained, the reduced power consumption of the FIR filter can 

be calculated using 

P = β2 (LCo) Vo 2(  fo/L) = β2Co Vo 2 fo (4) 

As can be seen, parallel processing leads to a 

reduction in   power consumption by a factor of β2.  

IV. FAST FIR ALGORITHM 

let {xi} and {hi} to be the input sequence  and the Nth-order 

impulse response of an FIR filter respectively, the output 

sequence y(n) and the filter transfer function H(z) can be 

written as (5) 

               (5) 
The traditional L-parallel FIR filter can be shown 

in Fig 1 

 
Fig .1: Traditional 2 parallel FIR filter implementation 

Two-parallel FIR filter and Three-parallel FIR 

filter implementation using FFA as shown by Fig.2 and 

Fig.3 respectively. 

 
Fig. 2: Two parallel FIR filter implementation using FFA 

 
Fig. 3: Three parallel FIR filter implementation using FFA 

V. COMMON SUB EXPRESSION ELIMINATION ALGORITHM 

In this section, we will discuss a detailed description of CSE 

algorithm which will be able to solve Problem B pattern 

selection in which with arbitrary shifts within the input 

matrix the elimination of patterns will be done. Then, we 

will describe the changes which is necessary for the 

algorithm that can solve Problem A as well. The algorithm 

must complete the following tasks. 1) Look out the 

existence of multiple patterns in the input matrix. 2) Select 

one pattern for reduction. 3) Delete the entire selected 

pattern. Until there are no more multiple patterns present 

this should be regularly repeated. The input parameter show 

the number of nonzero bits in the examined patterns. In the 

first step, complete statistics of the pattern frequencies are 

created and an exhaustive search for all possible multiple-bit 

patterns is performed .As many different patterns will occur 

more than one time, so some criteria should be used to select 

the one for reduction or elimination. We select always the 

sequence of pattern with the highest frequency. In the 

second step, all outcomes of the selected sequence of pattern 

are eliminated, and at the bottom of the matrix sequence of 

pattern is added as a new line so that  it can be searched out 

for the multiple patterns with smaller pattern later. Last, 

since the elimination of a pattern must effect the total 

frequency statistics of the remaining patterns, the complete 

information is present  in  global frequency statistic  which 

has to be adjusted  properly  to reflect the changes. After all 

non zero bit   with multiple pattern are processed, for 

nonzero bit patterns the whole cycle is repeated. A detailed 

discussion will be further concentrated on the following 

problems: A) Pattern identification; B) Pattern selection; C) 

Frequency statistics management; D) Adaptation of the 

algorithm for Problem A; E) Viability of the algorithm for 

large tasks; F) Applicability for similar CSE tasks.  

VI. PROPOSED 3X3 PARALLEL FIR DIGITAL FILTER 

STRUCTURE 

For N-tap three parallel FIR Filter as shown in Fig. 4, the 

total amount of saved multiplier would be the number of sub 

filter blocks that contain symmetric coefficients times half 

the number of multiplications in a single sub filter blocks. 
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Compared with the existing FFA three-parallel FIR filter 

structure, the proposed structure leads to two more sub filter 

blocks, which contains symmetric coefficients. A 

comparison figure between the existing FFA three parallel 

FIR filter and proposed FIR filter is shown in Fig.5 

 
Fig. 4: Proposed three parallel FIR filter implementation 

 
Fig. 5: Comparison of sub filter blocks between the existing 

FFA and the proposed structure. 

Where the shadow blocks stand for the sub filter 

blocks, which contain symmetric coefficients. Therefore, for 

an N-tap three-parallel FIR filter, the proposed structure can 

save N/3 multipliers from the existing FFA structure. 

However, it comes with the price of the increase in amount 

of adders, i.e., five additional adders, in pre-processing and 

post processing blocks. The number of multipliers and the 

number of adders required for the filtering structure 

  
 

∏   
 
   

∏   
 
                 (5) 

Where r is the number of FFAs used, Li is the block 

size of the FFA at step-i , Mi is the number of filters that 

result from the application of the  ith FFA and N is the 

length of the filter. The number of required adders that is 

calculated as follows: 

    ∏  
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VII. PROPOSED DESIGN SIMULATION 

The block Level Implementation of 3X3 proposed FIR Filter 

of 81-tap is done on MATLAB R2012a as shown in Figure 

6.Each Block of Proposed FIR Filter contains Sub filter 

blocks each of which is loaded with symmetric Coefficients 

based on Canonical Signed Digit Structures which reduces 

the hardware complexity of the Filter. The various output 

waveform of 81-tap direct form FIR filter based on window 

method is shown in Fig. 7.  

 
Fig. 6: Block Level implementation of 3x3 parallel FIR filter on MATLAB 
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Fig. 7(a): Magnitude Response 

 
Fig. 7(b): Step Response 

 
Fig. 7(c): Phase Response 

Fig. 7   (a) Magnitude Response, (b) Step Response, (c) 

Phase Response 

The main advantage of direct form Symmetric FIR is that it 

is no longer costly and can be operate on lower data sample 

rates. The simulation waveform of 81-tap FIR Filter is 

shown in Fig 8.  

 
Fig. 8: Output waveform of 81-tap FIR digital Filter      

structure 

Here simple 16-bit FIR filter has been designed 

with the   help of common sub expression elimination 

algorithm. This above results shows the proposed 3X3 

parallel linear phase fir filter of order 81 with symmetric co-

efficient in terms of Area and Power. Area can be calculated 

with the help of number of slices used in Field 

Programmable Gate Arrays. Also the power utilization is 

measured with the help of Xilinx 14.1. Power consumption 

is depends on area utilized. i.e., number of slices to be used. 

VIII. HARDWARE COMPLEXITY ANALYSIS 

 A Comparison between the proposed CSE (Common Sub   

expression Elimination Algorithm) and the existing FFA 

structures for odd coefficients with different length under 

different level of parallelism is summarized in Table I. 

Algo 
L=3 

 

Required 

multiplier 

Reduced 

multiplier 

Reduced 

Adders 

No of 

Add- 

er 

Incre- 

ased 
Sub 

Pre/ 

Post 

FFA 

27-

Tap 
38 

 

8 

 

48 

10 
 

5 81- 

Tap 
110 15 

CSE 

27-

Tap 
30 

 

26 

 

156 

10 
 

5 81-

Tap 
84 15 

Table 1: Performance results of FFA and CSE Algorithm 

IX. IMPLEMENTATION 

In this work, sub filters blocks are used and implementation is 

done using MATLAB .Figure 6 shows the block diagram of 

proposed approach.Each of the block is loaded with sub filters 

structures by using CSE Algorithm, and the blocks inside the 

subfilter structures is loaded with filter coefficients.Finally,its 

simulation and synthesis results is analysed using Xilinx 14.1 

ISE tool.Xilinx 14.1 ISE tool is used to analyse Power and Area 

between existing FFA and Proposed CSE structure. Comparision 

of Power and Area is summarized in Table II. 

Algorithm Power(mW) Area  (in slices) 

FFA 129.76 280861 

CSE 102 79397 

Table 2: Comparision of Power and Area Analysis 

X. CONCLUSION 

For reducing the number of multiplier in FIR Filter structure 

CSE algorithm is designed. The overall comparison between 

the FFA algorithm and CSE algorithm is that, by using FFA 

algorithm number of multiplier increases and by using CSE 

algorithm number of multipliers reduces at the expense of 

increasing the no of adders in preprocessing and post 

processing blocks. Simulation results and their performance 

were analyzed by using ISIM simulator and Xilinx 14.1. 

Thus the performance of the proposed method was 

improved compared to the existing approach. Finally, the 

symmetric coefficients for the parallel FIR filter using FFA 

are slightly increased in comparison to CSE approach. The 

area and power consumed by CSE algorithm is less as 

compared to the FFA algorithm. 
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