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ABSTRACT-

Filters are broadly used in dealing out with signal processing and communication systems. The
filters so used are digital filters. In those systems, accuracy to efficient operation of signal are insignificant
and that is why implementation of fault tolerant filters are needed. Over the duration, lots of techniques that
make use of the filters structure and properties to achieve fault tolerance have been proposed. Enhancing
technology makes system more complex that include many filters. In those complex systems, it is frequent to
have number of filters in circuit that functions in parallel architecture. In parallel combination of filters there
apply the same filter to different input signals. In recent times researcher has projected, a simple technique
having the existence of parallel filters to accomplish fault tolerance. So, from this case study the idea to
implement parallel filters and digitally correct the errors are generalized. It has been proposed to protect
digital circuits in signal processing by single error detecting codes and single error correcting codes. This
scheme permits extra efficient protection in presence of large number of parallel filters. The technique has
evaluated using study on parallel infinite impulse response filters making effectiveness in terms of protection
and implementation cost. The enhanced hase BCH decoder is designed using hardware description

language called Verilog and synthesized in Xilinx ISE 13.2.
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I. INTRODUCTION

Filters are often used in electronic systems to emphasize signals in certain frequency ranges and reject
signals in other frequency ranges. In circuit theory, a filter is an electrical network that alters the amplitude and/or
phase characteristics of a signal with respect to frequency. ldeally, a filter will not add new frequencies to the input
signal, nor will it change the component frequencies of that signal, but it will change the relative amplitudes of the
various frequency components and/or their phase relationships. Filters of some sort are essential in the operation of
most electronic circuits.  As the behavioural properties of signal changes the techniques of filtering it will be differ
the types of filter used. Being specific with the types of filter, the digital filters have vast applications in digital
signal processing. Filtering is also a class of signal processing, the defining feature of filters being the complete or
partial suppression of some aspect of the signal. Today filters are widely used in number of application circuitry

which based on automotive, medical, and space where reliability of performance in digital electronic circuits is
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critical. In signal processing, a digital filter is a device or process that removes some unwanted component or feature
from a signal. Digital filters are used for two general purposes; separation of signals that have been combined, and
restoration of signals that have been distorted in some way. Digital filters are very important part of DSP. In fact,
their extraordinary performance is one of the key reasons that DSP has become so popular. It is common in DSP to
say that a filter's input and output signals are in the time domain. This is because signals are usually created by
sampling at regular intervals of time. As the applications of digital circuits in signal processing got advanced,
possibilities of faults have increased and its detection and correction within digital circuitry also need to be

enhanced.

I1. CONCEPT OF FAULT TOLERANCE

A number of techniques can be used to protect a circuit from errors. Those range from modifications in the
manufacturing process of the circuits to reduce the number of errors to adding redundancy at the logic or system
level to ensure that errors do not affect the system functionality. Digital Filters are one of the most commonly used
signal processing circuits and several techniques have been proposed to protect them from errors. There are number
of methods used to identify faults and the actions necessary to correct the faults within circuit. Digital filters are
widely used in signal processing and communication systems. There are different fault tolerance approaches to
conventional computational circuits and the DSP circuits. In some cases, the reliability of those systems is critical,
and fault tolerant filter implementations are needed. Over the years, many techniques that exploit the filters structure
and properties to achieve fault tolerance have been proposed. In all the techniques mentioned so far, the protection
of a single filter is considered. In recent times researcher has projected, a simple technique having the existence of
parallel filters to accomplish fault tolerance [1]. It has been proposed to protect digital circuits in signal processing
by single error detecting codes and single error correcting codes[14]. Filters can be protected using error correction
codes (ECCs) in which each filter is the equivalent of a bit in a traditional ECC and filters are arranged in parallel

architecture.
I1l. FILTER SPECIFICATIONS
FIR digital filters

A Finite Impulse Response (FIR) digital filter is one whose impulse response is of finite duration. A
difference equation is the discrete time equivalent of a continuous time differential equation. The general difference

equation for a FIR digital filter is

yOn 007 (b xOn [ (kO
where y(n) is the filter output at discrete time instance n, bk is the k-th feed forward tap, or filter coefficient, and

x(nk) is the filter input delayed by k samples. The > [Tdenotes summation from k = 0 to k = M -1 where M is the

number of feed forward taps in the FIR filter.

IR digital filters
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Another type of digital filter is the Infinite Impulse Response (IIR) filter. As you may have guessed, the
impulse response of an IIR filter is of infinite duration. Mathematically speaking, this means that either t1 or 72 in

(1) is equal to «. The general difference equation for an IIR digital filter is
yOnO 00 0 Yak yOn O CkO 00 £y Obk x0On 0 £KO

where ak is the k-th feedback tap. The left () denotes summation fromk=1tok =N -1
where N is the number of feedback taps in the IIR filter. The right > denotes summation from k = 0 to k = MB-1

where M is the number of feed forward taps.
IIR filters are useful for high-speed designs because they typically require a lower number of multiplies compared to

FIR filters. IIR filters can also be designed to have a frequency response that is a discrete version of the frequency

response of an analog filter.
IV. EXISTING METHOD
FIR Filter with Error Correcting Hamming Codes

The existing technique is based on the use of the ECCs. A simple ECC takes a block of k bits and produces
a block of n bits by adding n—k parity check bits [14]. The parity check bits are XOR combinations of the k data
bits. By properly designing those combinations it is possible to detect and correct errors. As an example, let us
consider a simple Hamming code [13] with k = 4 and n = 7. In this case, the three parity check bits p1, p2, p3 are

computed as a function of the data bits d1, d2, d3, d4 as follows:

pr=d &d&d
pr=d ®dyHdy
p3 =d| & dy S dy.

The data and parity check bits are stored and can be recovered later even if there is an error in one of the
bits. This is done by recomputing the parity check bits and comparing the results with the values stored. In the
example considered, an error on d1 will cause errors on the three parity checks; an error on d2 only in pl and p2; an
error on d3 in p1 and p3; and finally an error on d4 in p2 and p3. Therefore, the data bit in error can be located and

the error can be corrected. This is commonly formulated in terms of the generating G and parity check H matrixes.

1000 1 1 1

0100110
G =

001010 1

Lo 001 0 1 1J

|'1 1 101 0 o‘l
H=11101010

|_1 0110 0 1

Encoding is done by computing y = x *G and error detection

www.iejrd.in Page 72



International Engineering Journal For Research & Development
E-ISSN No0:2349-0721
Volume 2 Issue 4

is done by computing s =y *HT , where the operator « is based
on module two addition (XOR) and multiplication[1][7]. Correction is done using the vector s, known as syndrome,
to identify the bit in error.

V. PROBLEM DEFINITION

The various types of techniques are verified, tested and implemented in digital signal processing circuits
having parallel filters as the block to be protected. Digital filters are one of the most commonly used signal
processing circuits and several techniques have been proposed to protect them from errors. Most of them have
focused on finite-impulse response (FIR) filters. The proposed scheme [1] is based on the application of error
correction codes (ECCs) using each of the filter outputs as the equivalent of a bit in and ECC codeword. This is
more efficient implementations when the number of parallel filters is large.

As the existing scheme is more efficient only when the number of filters is large, it limits the area of
application to the higher order when implemented using parallel FIR filters[9]. It makes considerable difference in
cost when used for lower order application of DSP. Further, the scheme cannot be used to provide more powerful
protection using advanced ECCs that can correct failures in multiples modules. Many properties such as symmetric

filters satisfying the perfect reconstruction condition can only be obtained by IIR filter.
V1. PROPOSED SCHEME

The new technique is also based on the use of the ECCs. The idea behind these codes is to add redundancy
bits to the data being transmitted so that even if some errors occur due to noise in the channel, the data can be
correctly received at the destination end. Bose, Ray- Chaudhuri, Hocquenghem (BCH) codes are one of the error-
correcting codes. The BCH decoder consists of four blocks namely syndrome block, IBM block, chien search block

and error correction block.

ROy omosone |-y mmaioor (Ychensesscxy R
' CORRECTION

This paper describes a new method for error detection in syndrome and chien search block of BCH decoder. The
proposed syndrome block is used to reduce the number of computation by calculating the even number syndromes

from the corresponding odd number syndromes.
Redundant Module

Many communication channels are subjected to channel noise which introduces the errors during
transmission of messages from the source to receiver [6]. The channel coding theory states that the reliable

transmission is achievable by performing proper coding. “Channel Coding” is the technique, which is used to sustain
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the originality of the information bits, to avoid the retransmission of information bits as well as to detect and correct
any error which has been occurred during transmission. Error detection is the detection of errors caused by noise or
other impairments during transmission from the transmitter to the receiver. It uses the concept of redundancy [8],

which means adding of extra bits for detecting errors at the destination. In error correction we used BCH decoder at

receiver, which can automatically correct certain errors and enables reconstruction of the original data.
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Redundant Modules

This ECC scheme can be applied to the parallel filters considered by defining a set of check filters z j . For the case

of four filters y1, y2, y3, y4 and the BCH code, the check filters would be
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For example, an error on filter y1 will cause errors on the checks of z1, z2, and z3. Similarly, errors on the other
filters will cause errors on a different group of zi . Therefore, as with the traditional ECCs, the error can be located

and corrected.

The first step at the decoding process is to store the received codeword in a buffer and then calculate the syndromes.
The input to the syndrome module is the received codeword. The received polynomial may be corrupted with error

pattern e(x)
r(x) = c(x) + e(x)

Where the received codeword is

www.iejrd.in Page 74



International Engineering Journal For Research & Development
E-ISSN No0:2349-0721

Volume 2 Issue 4

r(x) =19+ rx+ . 4, x"!

Transmitted codeword is given by
e =Cotc+ - +c_xtt
The error pattern is
e, =eyt+e +-+e, x"!
Syndrome Si can be computed by :
s;=r(@) =rg+nat + nat +ryad + o+ 1 a®@ D!
where 1 <i<2t-1.
For BCH equation the three syndromes are:
s =r(a?) =rg+nal +na® +rad+ -+ 1, a®
s, =r(@®) =ry+na’+na*+ra®+-+r,_jat?

ss=r(@®) =ry+na’+nrna®+ra’+-+r,_,a'®

where a is the primitive element in GF(26) If there is no error in the received codeword then syndromes
generated will be zero. Since the syndromes only depends on the error polynomial, and if the syndromes are nonzero

then next step is to find out the coefficients of error locator polynomial.H code are as given below,

Block Length: n = M1

Information Bits: k = 2" -m -1
Parity Check Bits: n - k = mt
Correctable Errors: t=1
Minimum distance: dmin > 2t + 1

These conditions are true for m > 2. For example, with m = 4, there are n = 15 total bits per block or codeword, k
=11 information bits, n - k = 4 parity check bits, and the code can correct t = 1 error.
A representative codeword would be
100101001010010

www.iejrd.in Page 75



International Engineering Journal For Research & Development
E-ISSN No:2349-0721
Volume 2 Issue 4

where the four bits on the right (0010) are the parity check bits. By choosing the value of m, we can create a
single error correcting code that fits our block length and correction requirements. This one is customarily denoted a

(15, 4) code, telling us the total number of bits in a codeword (15) and the number of information bits (4).

VII. SIMULATION RESULTS

Simulation is carried out using Xilinx ISE 13.2 design suit tool.

bch_sipo

bch_sipo

RTL Top view of BCH Decoder

Simulation Result
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VIll. PERFORMANCE ANALYSIS
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Timing constraint: Default path analysis
Total number of paths / destination ports: 32 / 32

Delay: 3.526ns (Levels of Logic = 1)
Source: c3:Yout<15> (PAD)
Destination: Yout<15> (PAD)

Data Path: c3:Yout<15» to Yout<lS»
Gate Net

Cell:in->out fanout Delay Delay Logical Name (Net Name)
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Total 3.526ns (3.169ns logic, 0.357ns route)
(83.9% logic, 10.1% route)
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VIl. CONCLUSION

In this review paper a new scheme to protect parallel filters that are commonly found in modern signal
processing circuits has presented. The approach is based on applying ECCs to the parallel filters outputs to detect
and correct errors. The scheme can be used for parallel filters that have the same response and process different
input signals. An objective has also been discussed to show the effectiveness of the scheme in terms of error
correction and problem definition also shows the overheads. The proposed scheme can also make system cost lower.
Proposed work will result in more efficient fault tolerant system using parallel 1R filters based on ECCs, which will

meet the goal to achieve low power consumption, increase area of application and high speed.
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