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ABSTRACT: 

The main objective of this project is to design an efficient and error tolerant FIR filter using VHSCIHDL. In many 

cases, some of those elements operate in parallel, performing the same processing on different signals. A typical 

example of those elements is digital filters. A scheme based on error correction coding has been recently proposed to 

protect parallel filters. In that scheme, each filter is treated as a bit, and redundant filters that act as parity check bits 

are introduced to detect and correct errors.  
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INTRODUCTION: 

FIR DIGITAL filters find extensive applications in 

mobile communication systems for applications such 

as channelization, channel equalization, matched 

filtering, and pulse shaping, due to their absolute 

stability and linear phase properties. The filters 

employed in mobile systems must be realized to 

consume less power and operate at high speed. 

Recently, with the advent of software defined radio 

(SDR) technology,  finite impulse response (FIR) 

filter research has been focused on reconfigurable 

realizations. The fundamental idea of an  SDR is to 

replace most of the analog signal processing in the 

transceivers with digital signal processing in order to 

provide  the advantage of flexibility through 

reconfiguration. This will enable different air-

interfaces to be implemented on a single generic 

hardware platform to support multi standard wireless 

communications [1]. Wideband receivers in SDR 

must be  realized to meet the stringent specifications 

of low power consumption and high speed. 

Reconfigurability of the receiver to work with 

different wireless communication standards is 

another key requirement in an SDR. The most 

computationally intensive part of an SDR receiver is 

the channelizer since it operates at the highest 

sampling rate [2]. It extracts multiple narrowband 

channels from a wideband signal using a bank of FIR 

filters, called channel filters. Using polyphase filter 

structure, decimation can be done prior to channel 

filtering so that the channel filters need to operate 

only at relatively low sampling rates. This can relax 

the speed of operation of the filters to a good extent 

[22]. However due to the stringent adjacent channel 

attenuation specifications of wireless communication 

standards, higher order filters are required for 

channelization and consequently the complexity and 

power consumption of the receiver will be high. As 

the ultimate aim  of the future multi-standard wireless 

communication receiver is to realize its 

functionalities in mobile handsets, where its full 

utilization is possible, low power and low area 

implementation of FIR channel filters is inevitable. In 

[37], the filter multiplications are done via state 

machines in an iterative shift and add component and 

as a result of this there is huge savings in area. For 

lower order filters, the approach in [37] offers  good 

trade-off between speed and area. But in general, the 

channel filters in wireless communication receivers 

need to be  of high order to achieve sharp transition 

band and low adjacent channel attenuation 
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requirements. For such applications, the approach in 

[37] results in low speed of operation. The 

complexity of FIR filters is dominated by the 

complexity  of coefficient multipliers. It is well 

known that the common subexpression elimination 

(CSE) methods based on  canonical signed digit 

(CSD) coefficients produce low complexity FIR filter 

coefficient multipliers [3]. The goal of CSE  is to 

identify multiple occurrences of identical bit patterns 

that are present in the CSD representation of 

coefficients, and eliminate these redundant 

multiplications. A modification of the 2-bit CSE 

technique in [3] for identifying the proper  patterns 

for elimination of redundant computations and to  

maximize the optimization impact was proposed in 

[4]. In [5],  the technique in [3] was modified to 

minimize the logic depth (LD) (LD is defined as the 

number of adder-steps in a maximal path of 

decomposed multiplications [27]) and thus to 

improve  the speed of operation. In [6], we have 

proposed the binary common subexpression 

elimination (BCSE) method which  provided 

improved adder reductions and thus low complexity  

FIR filters compared to [3]–[5]. In [7], a method 

based on  the pseudo floating point method was used 

to encode the filter coefficients and thus to reduce the 

complexity of the filter. But the method in [7] is 

limited to filter lengths less than 40. In general, the 

methods in [3]–[7] are only suitable for application 

specific filters where the coefficients are fixedand 

hence not suitable for reconfigurable filters. Several 

implementation approaches for reconfigurable FIR 

filters have been proposed in literature [8]–[15]. 

These designs include either a fully programmable 

multiply-accumulate  (MAC) based filter processor 

or dedicated architectures where the filter coefficients 

can be stored in registers. The architecture of a filter 

processor consists of a datapath with a single  MAC 

unit, data and program memories, and a control unit 

[8], [9]. The datapath includes a 16-bit 

adder/subtractor, a multiplier, and a 32-bit 

accumulator. The performance of the  processor is 

mainly restricted by the delay of this datapath, more 

specifically that of the multiplier. The main 

disadvantage  of the filter processors is that the area 

and power requirements  are significantly large. In 

[10], a comparison was done for the performance of 

speech based algorithms on dedicated architectures 

and general-purpose processors. It was shown that 

the power consumption for a general-purpose 

processor can be a factor of four times more than 

dedicated architectures for a complex algorithm [10]. 

The works in [11]–[15] and [20], [21] present 

reconfigurable FIR filter architectures. In [11], a CSD 

based digit reconfigurable FIR filter architecture was 

proposed. This architecture  was independent of the 

number of taps because the number of taps and non-

zero digits in each tap were arbitrarily assigned. The 

intention of the authors was to reduce the precision of 

coefficients and thus the filter complexity without 

affecting the  filter performance. 

FINITE IMPULSE RESPONSE: 

In signal processing, a finite impulse response (FIR) 

filter is a filter whose impulse response (or response 

to any finite length input) is of finite duration, 

because it settles to zero in finite time. This is in 

contrast to infinite impulse response (IIR) filters, 

which may have internal feedback and may continue 

to respond indefinitely (usually decaying). 

The impulse response (that is, the output in response 

to a Kronecker delta input) of an Nth-order discrete-

time FIR filter lasts exactly N + 1 samples (from first 

nonzero element through last nonzero element) 

before it then settles to zero. 

FIR filters can be discrete-time or continuous-time, 

and digital or analog.  

For a causal discrete-time FIR filter of order N, each 

value of the output sequence is a weighted sum of the 

most recent input values: 

where: 

is the input signal, 

is the output signal, 

is the filter order; an th-order filter 

has  terms on the right-hand side 

is the value of the impulse response at the i'th 

instant for  of an th-order FIR filter.  
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If the filter is a direct form FIR filter then  is also a 

coefficient of the filter . 

This computation is also known as 

discrete convolution. 

The  in these terms are commonly referred to 

as taps, based on the structure of a tapped delay 

line that in many implementations or block diagrams 

provides the delayed inputs to the multiplication 

operations. One may speak of a 5th order/6-tap filter, 

for instance. 

MULTIPLICATION ALGORITHM 

The multiplication algorithm for an N bit 

multiplicand by N bit multiplier is shown below: 

Y= Yn-1 Yn-2 ........................Y2 Y1 Y0     

Multiplicand       

X= Xn-1 Xn-2   ..................... X2 X1 X0     

Multiplier                                        

2

Yn-1X0 Yn-2X0 Yn-3X0     …… Y1X0  Y0X0

Yn-1X1 Yn-2X1 Yn-3X1     …… Y1X1  Y0X1

Yn-1X2 Yn-2X2 Yn-3X2     …… Y1X2  Y0X2  

… … … …

….       ….          ….        ….         ….

Yn-1Xn-2 Yn-2X0 n-2 Yn-3X n-2     …… Y1Xn-2  Y0Xn-2  

Yn-1Xn-1 Yn-2X0n-1 Yn-3Xn-1     …… Y1Xn-1  Y0Xn-1  

-----------------------------------------------------------------------------------------------------------------------------------------

P2n-1              P2n-2                P2n-3    P2          P1         P0

Y= Yn-1 Yn-2 ........................Y2 Y1 Y0

X= Xn-1 Xn-2 ..................... X2 X1 X0

=================================================

Generally

 

AND gates are used to generate the Partial Products, 

PP, If the multiplicand is N-bits and the Multiplier is 

M-bits then there is N* M partial product. The way 

that the partial products are generated or summed up 

is the difference between the different architectures 

of various multipliers.                                                                                   

The equation for the addition is:  
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Practical Coding Scheme To Protect Four Parallel 

Filters 

The corresponding A matrix is the identity matrix on 

the first four rows, and only the last two rows have 

generic coefficients. The matrix is Example         1101     4-bits 

1101 4-bits 
                             

                            1101 

                           0000 

                         1101 

                       1101 

                     

                   10101001 
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Error check matrix is given as 

Thus, in total, the scheme requires only six 

multiplications. This shows that the error location 

logic can be efficiently implemented. Finally, when 

an error is detected, it can be corrected by re-

computing the affected filter output using z5 and the 

remaining original filter outputs. For example, for an 

error in filter 1, correction is implemented as 

zcorrected1 = z5 − (z2 + z3 + z4). 

RESULT:

CONCLUSION: 

A scheme based on error correction coding has been 

recently proposed to protect parallel filters. In that 

scheme, each filter is treated as a bit, and redundant 

filters that act as parity check bits are introduced to 

detect and correct errors. In this brief, the idea of 

applying coding techniques to protect parallel filters 

is addressed in a more general way. In particular, it is 

shown that the fact that filter inputs and outputs are 

not bits but numbers enables a more efficient 

protection. This reduces the protection overhead and 

makes the number of redundant filters independent of 

the number of parallel filters.\ 
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