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ABSTRACT

Convolutional encoding is aforward error correction technique that is used for correction
of errors a the receiver end. The two decoding algorithms used for decoding the
convolutiona codes are Viterbi agorithm and Sequential agorithm. Sequential decoding
has advantage that it can perform very well with long constraint length. Viterbi decoding
is the best technique for decoding the convolutional codes but it is limited to smaller
constraint lengths.

It has been widely deployed in many wireless communication systems to improve the
limited capacity of the communication channels. The Viterbi agorithm, is the most
extensively employed decoding a gorithm for convolutional codes. .

The availability of wireless technology has revolutionized the way communication is
done in our world today. With this increased availability comes increased dependence on
the underlying systems to transmit information both quickly and accurately. Because the
communications channels in wireless systems can be much more hostile than in “wired”
systems, voice and data must use forward error correction coding to reduce the
probability of channel effects corrupting the information being transmitted. A new type
of coding, called Viterbi coding, can achieve alevel of performance that comes closer to
theoretical bounds than more conventional coding systems. The Viterbi Algorithm, an
application of dynamic programming, is widely used for estimation and detection
problems in digital communications and signal processing.lt is used to detect signalsin
communications channels with memory, and to decode sequentia error control codes that

are used to enhance the performance of digital communication systems.



Though various platforms can be used for realizing Viterbi Decoder including Field
Programmable Gate Arrays (FPGASs) , Complex Programmable Logic Devices (CPLDs)
or Digital Signal Processing (DSP) chips but in this project benefits of using an FPGA to
Implement Viterbi Decoding Algorithm has been described. FPGASs are a technology that
gives the designer flexibility of a programmable solution, the performance of a custom
solution and lowering overall cost. The advantages of the FPGA approach to DSP
Implementation include higher sampling rates than are available from traditiona DSP
chips, lower costs than an ASIC. The FPGA also adds design flexibility and adaptability
with optimal device utilization conserving both board space and system power that is

often not the case with DSP chips.
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CHAPTER-1

INTRODUCTION

In digital communication system, error detection and error correction is important for
reliable communication. Error detection techniques are much simpler than forward error
correction (FEC). But error detection techniques have certain disadvantages. Error
detection pre supposes the existence of an automatic repeat request (ARQ) feature which
provides for the retransmission of those blocks, segments or packets in which errors have
been detected. This assumes some protocol for reserving time for the retransmission of
such erroneous blocks and for reinserting the corrected version in proper sequence. It also
assumes sufficient overall delay and corresponding buffering that will permit such
reinsertion. The latter becomes particularly difficult in synchronous satellite
communication where the transmission delay in each direction is aready a quarter
second. A further drawback of error detection with ARQ is its inefficiency at or near the
system noise threshold. For, as the error rate approaches the packet length, the majority
of blocks will contain detected errors and hence require retransmission, even severa
times, reducing the throughput drastically. In such cases, forward error correction, in
addition to error detection with ARQ, may considerably improve throughput. Forward
error correction may be desirable in place of, or in addition to, error detection for any of
the following reasons:

(1) When areverse channel is not available or the delay with ARQ would be excessive.

(2) Theretransmission strategy is not conveniently implemented.



1.1 ORGANIZATION OF THESIS

Keeping in view requirements of communication channels in 3G wireless systems, need
of reliable data communication, fast as well as accurate is the main consideration. So
main work in this thesis is to develop an algorithm for a Viterbi Decoder to decode an
encoded data. In Chapter two various channel coding agorithms have been discussed.
Channel coding refers to the class of signa transformations designed to improve
communications performance by enabling the transmitted signals to better withstand the
effects of various channel impairments, such as noise, interference, and fading.

Chapter three gives brief introduction of Viterbi Algorithm. The Viterbi algorithm is
widely used for the elimination of the potential noise in a data stream. It belongs to a
large class of error correcting codes known as convolution codes.

Chapter four provides brief introduction to architecture of Field Programmable Gate
Arrays. Programmable devices are a class of general-purpose chips that can be
reconfigured for a wide variety of applications. The first programmable device that
achieved widespread use was the PROM (Programmable Read-Only Memory). Another
step was the development of PLD (Programmable Logic Devices). These devices were
constructed to implement logic circuits. The PLD includes an array AND gates connect to
an array of OR gates. The PAL (Programmable Array Logic) is a commonly used PLD
consisting of a programmable AND-plane followed by a fixed OR-plane. The PAL was

designed for small logic circuits.



The MPGA (Mask Programmable Gate Array) was developed to handle larger logic
circuits. A common MPGA consists of rows of transistors that can be interconnected to
implement desired logic circuits. User specified contents are available both within the
rows and between the rows. This enabled implementation of basic logic gates and the
ability to interconnect the gates. In 1985, Xilinx Inc. introduced the FPGA (Field
Programmable Gate Array). The Interconnects between all the elements was designed to
be user programmable.
Chapter five describes method of implementing Viterbi Algorithm on FPGA.
Results which we got are discussed in Chapter six.Viterbi test Bench is created using
Xilinx Webpack.Code. To prove the correctness of our design, the verilog HDL
description was simulated & tested using Model Sim Verilog Simulator. Afterwards
Xilinx Webpack is used for design entry, synthesis, place & route and floor plan design.
Chapter seven concludes the thesis discussing successes and failure of this work and

al so suggesting some problems for future work.



CHAPTER-2

CHANNEL CODING ALGORITHMS

2.1INTRODUCTION

The class of signal transformations designed to improve communications performance by
enabling the transmitted signals to better withstand the effects of various channel
impairments, such as noise, interference, and fading is referred to as channel coding.

The use of large-scale integrated circuits (LSI) and high-speed digital signal processing
(DSP) techniques have made it possible to provide as much as 10 dB performance
improvement through these methods, at much less cost than through the use of most other

methods such as higher power transmitters or larger antennas.

22 WAVEFORM CODING

It is known that noise-immunity is one of the basic attributes of information transmission
systems. Since errors are possible in communication channels during the data
transmissions we must apply error-correcting codes to combat these errors . The purpose
of forward error correction (FEC) is to improve the capacity of channel by adding some
carefully designed redundant information to the data being transmitted through the
channel. The process of adding this redundant information is known as channel coding.
Channel coding can be partitioned into two study areas, waveform (or signa design)

coding and structured sequences (or structured redundancy) [1] Waveform coding deals

with transforming waveforms into "better waveforms,” to make the detection process less
subject to errors. Structured sequences deal with transforming data sequences into "better

sequences,” having structured redundancy (redundant bits). The redundant bits can then



be used for the detection and correction of errors. The encoding procedure provides the

coded signa (whether waveforms or structured sequences) with better distance properties

than those of their uncoded counterparts.

2.3 TYPESOF ERROR CONTROL
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Figure 2.1 Block Diagram of atypical Digital Communication System

Two basic ways by which redundancy is used for controlling errors are:



The first, error detection and retransmission, utilizes parity bits (redundant bits added to
the data) to detect that an error has been made. The receiving terminal does not attempt to
correct the error; it smply requests that the transmitter retransmit the data. Notice that a
two-way link is required for such dialogue between the transmitter and receiver. The
second type of error control, forward error correction (FEC) requires a one-way link only,
since in this case the parity bits are designed for both the detection and correction of

errors.

24 FORWARD ERROR CORRECTION METHODS (FECs)
The availability of wireless technology has revolutionized the way communications is
done in our world today [2] Cdlular and satellite technology makes it possible for people

to be connected to the rest of the world from anywhere. With this increased availability
comes increased dependence on the underlying systems to transmit information both
quickly and accurately. Because the communications channel s in wireless systems can be
much more hostile than in “wired” systems, voice and data must use forward error
correction coding to reduce the probability of channel effects corrupting the information
being transmitted. A new type of coding, called Viterbi coding, can achieve a level of
performance that comes closer to theoretical bounds than more conventiona coding

systems.



25 TRADITIONAL CODING SCHEMES

In any real communication system, transmission over a channel will cause the
information received at the other end to differ from what was originally transmitted. This
is because the channel injects noise into the origina signal. In digital communication
systems, if the power in the noise is large enough relative to the power in the original
signal, transmitted bits can be corrupted to the point that the receiver makes incorrect
decisions about the data that was transmitted. If too many of these errors occur (in data
communications “too many” can often mean one), the communication system will not be
usable. Therefore, techniques must be used to reduce the probability of an error
occurring for a given signal-to-noiseratio (SNR) [3] .In 1948, Claude Shannon proved that
the probability of such an error occurring could be theoretically reduced to zero, given
that the transmission rate does not exceed the capacity of the channel, C. In the case of
transmission of a signal of average power S over a channel of bandwidth B that injects

additive white Gaussian noise (AWGN) with power N, the capacity is given by

C=B log, ( 1+% )

For a communication system to begin to approach this limit, it cannot transmit the data
“as is’ with no additional processing; a single instance of high noise could cause a bit
error.

In computer networks, this problem is typicaly solved by an automatic repeat request
(ARQ) scheme as aready discussed above .In such a scheme, a checksum or other
redundancy is added to a data frame to allow error detection at the receiver. If no error is

detected, the receiver sends an acknowledgement (ACK) back to the sender. If thereisa



frame error, then the receiver either sends a negative acknowledgement (NACK) to the
sender, or it does nothing and lets the sender retransmit the data after it times out of the
period in which it waits for an ACK. The ARQ technique is not typically used in wireless
communications for a couple of reasons. One reason is that ARQ systems require duplex
communication capabilities. While this is relatively cheap and easy to do on a wired
network, it requires an increase in receiver complexity for wireless links that is often
unacceptable. Also, in computer networks the probability of bit errors caused by noise is
very low in many cases, so aframe retransmission is rarely necessary [1]. Thisisin great
contrast to wireless networks, where bit errors are usually much more frequent. The
number of frame retransmissions required to implement an ARQ scheme on a system
with low SNR would slow throughput to a near-halt. Since the ARQ scheme is
impractical for many communication systems, forward error correction (FEC) schemes
are often used instead. FEC codes are designed to improve the decisions that the receiver
makes by giving it enough information to correct some of the errors that the channel has
introduced into the signal. This performance improvement is largely brought about by
two techniques, redundancy and noise averaging By adding redundant bits to the digital
message, the encoder accentuates the uniqueness of the transmitted message. This eases
the decision burden of the receiver because limiting allowable sequences to a fraction of
those possible means that multiple bits will have to be corrupted by noise for the message
to be decoded incorrectly. In noise averaging, the code is designed so the bits of the
message affect many bits of the encoder output, allowing the receiver to average out
effects of the noise over alarge number of received bits. While FEC schemes can provide

exceptional improvements in performance for noisy channels, their benefits do not come



without costs. The use of coding requires additional processing at the transmitter and
especially at the receiver, as can be seen in Figure 2.2. While encoders do not typically
require large amounts of processing, the complexity of decoders can be significant. For
more complicated coding techniques, the complexity of optimal decoders prohibits their
implementation because they require large amounts of hardware and large amounts of
processing time. In these cases, sub-optimal approximations that require less processing
and provide inferior performance can be used. Also, coding reduces the data rate by a
constant factor for a fixed bandwidth due to the transmission of redundant bits. The
general challenge in coding system design is to provide enough randomness in the code
to provide good performance in noise while providing enough structure in the code to

make its decoding feasible|[4].
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Figure 2.2 Diagram of a communications system with forward error correction (FEC).



Traditionally, coding schemes have been divided into two distinct categories:
block coding and convolutiona coding. Although the lines of this division have begun to
blur as advanced coding schemes, like turbo coding, use elements of both types of codes,
it is still useful to discuss each type of code separately to accentuate the differences

between the schemes.

2.6 BLOCK CODES

As the name implies, block coding is performed by partitioning the data stream into
fixed-size messages for encoding. The messages of k bits are mapped to code words of
length n bits. The code rate, R, for an (n, k) block code is then given by

R:E
n

For some block codes, the codeword consists of the k original message bits with n —k

\ = [m ]:l]
parity bits appended to it. The codeword x is thus represented in matrix notation as

where

m = [ml'l iy :---mk] and p= [pI?P:! L --Pn—k]
are the message and parity bits, respectively. Because the message itself is part of the
codeword, this codeis referred to as systematic.
The encoder calculates x by a matrix multiplication of m with a generator matrix,

G.

x=miG

For the systematic code described above, G is aconcatenation of ak x k identity matrix

I, which generates m, and ak x (n-k) parity matrix Z, which generates p.

10



G=[1 Z]
A code generated in this manner is called linear. The Hamming distance between any
two codewords x1 and x2 is the number of bit positions in which their binary
representations differ. Thiswill be expressed as
d,(x,,%,)

The Hamming weight, w,, of a codeword x is the number of 1's in its binary

representation or, alternatively,

W, (x)= d, (x.0).
If the Hamming distance is computed for al possible codeword pairs, then the minimum
Hamming distance, dmin, for the code is found by choosing the smallest calculated
distance. For a linear code, dmin is equivalent to the minimum nonzero wy, This is

significant because the number of bit errors that can be corrected by the code, t is given

by

=5
= .
2

Thus, by designing the code for alarge dmin, the error-correcting power of the code will
be greater [5] However, increasing dmin requires an increase in n relative to k, which

decreases the efficiency of the code, as defined by the code rate, R. By using large
codewords, R can be brought up to acceptable levels for a given dmin, but encoder and
decoder complexity scale up with n, so there is a limit to the amount that the code
performance can be improved by increasing codeword length. Since block encoding is a
memoryless one-to-one mapping, it can be viewed most ssimply as a look-up operation.
The encoder uses the k-bit message as an index to atable that contains the n-bit codeword
that it outputs, as shown in Figure 2.3. Such alook-up table would have 2k entries of n
bits. For very large codewords, this can be prohibitively complex to implement for both
encoding and (especidly) decoding.

11



A subset of block codes called cyclic codes can provide a solution to the
implementation woes of long block cod$[6]. A sample systematic cyclic encoder is
shown in Figure 2.4. By using a linear feedback shift register (LFSR), the parity bits are
calculated as the message bhits are being sent out of the encoder. Then, the switches are

flipped, and the parity bits stream out.

ODO0ooD
1101000
0110100
1011100
1110010
ob11010

1000110
Message = 0110 e Codeword = 1000110

> 1010001 >

Q111001
1100101
Qaa11nl
11ag011
1091011
Qd14111
1111111

Figure 2.3 Lookup table representation of a (7,4) block encoder with dmin = 3.
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Figure 2.4: Block diagram of an encoder for a systematic cyclic code.

This implementation is much less complex than the general case for block codes, because
it only requires n - k memory elements in the LFSR to implement the encoder. Cyclic
codes also have the beneficial property that their encoder structure can be represented by
asingle generator polynomial.

Decoding block codes is a much more complicated operation than encoding due to the bit
errors caused by the noisy channel. If the look-up table scheme discussed for the encoder
is extended to decoding, there are two implementation options. The n-bit block could be
used as an index to a massive 2 x k hit look-up table, or the n-bit block could be
compared with al of the entries of a 2k x n table. Neither of these options, while
providing optimal results, is computationally feasible for al but the shortest block
cod%[?]. One tractable, but sub-optimal alternative is to use an algebraic decoding
strategy like the Berlekamp agorithm, which allows decoding of al combinations of
errors up to the error correction capability, t. In the case of cyclic codes, their increased
structure allows for much simpler decoding algorithms like the Meggitt decoder or the

Berlekamp- Massey algorithm.

13



CHAPTER-3

CONVOLUTIONAL CODESAND VITERBI DECODING

3.1 CONVOLUTIONAL CODES

The convolutiona encoder is basically afinite state machine. The k bit input is fed to the
constraint length K shift register and the n outputs are calculated from the generator
polynomials by the modulo-2 addition. The generator polynomia specifies the
connections of the encoder to the modulo-2 adder. The 1 in the generator polynomial
indicates the connections and zero indicates no connections between the stage and the
modulo 2 adder. The figure below illustrates a simple convolutional coder with k=1,

K=3,n=3,91(n)=(101),g2(n)=(111),93(n)=(011) and R=1/2.

=1

Input
Data

Figure 3.1: Convolutional Encoder

* W2

Convolutiona encoder can be described in terms of state table, state diagram and trellis
diagram. The State is defined as the contents of the shift register of the encoder. In state

table output symbol can be described as a function of input symbol and the state. State

14



diagram shows the transition between different states. Trellis diagram is the description

of state diagram of the encoder by a time line i.e. to represent each time unit with a

separate state diagram [3].

Input Present state Mext state Chutput
il {55.50) fS5,850) vy va)
] il IR 0o
I 00 ! I 1
] 01 L 0 I
I 01 ! 0
] [ O a0 10
| [ 0 01 0|
] | 1 | 1 0
| 1 [ 1 10

Figure 3.2: State Table

Figure 3.3: State Diagram
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Figure 3.4: Trellis Diagram
The encoding for the sequence 0 1 1 0 1 0 0 and the output sequenceis00 11 00 01 01 11

10 isshown in the Figure 3.5.

1140

Infonmation
aequence

Code wornd
aequence

Figure 3.5: Trellis Diagram for Encoder

3.2VITERBI ALGORITHM

Viterbi algorithm was introduced in 1967 by Viterbi. Viterbi agorithm is caled as
optimum algorithm because it minimizes the probability of error. The agorithm can be
broken down into the following three steps.

1. Weigh thetrellis; that is, calculate the branch metrics.

16



2. Recursively computes the shortest paths to time n, in terms of the shortest pathsto time
n-1. In this step, decisions are used to recursively update the survivor path of the signal.
This is known as add-compare-select (ACS) recursion.

3. Recursively finds the shortest path leading to each trellis state using the decisions from
Step 2. The shortest path is called the survivor path for that state and the process is
referred to as survivor path decode. Finaly, if al survivor paths are traced back in time,

they merge into a unique path, which isthe most likely signal path [8].

=

Figure 3.6: Flowchart for Viterbi Algorithm
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3.3VITERBI DECODING FOR ERROR FREE CHANNEL
The sequence of Figure 3.5 is assumed. Figure 3.7 shows the decoding sequence for two

code words received. The hamming distance between the codewords being received and

the output of encoder is calculated.

Receivad |

Civda wiord 0o 1 | 00 | 0l | 01 | 1 | 10 |
a
0o ?m-_t l_u._[} o
Iy T
L o £y
. 2 0 .
010 "
'\\ £ E s o
PN
10 C) D = =
~,

Figure 3.7: Decoding Example for Calculation of Hamming Distance

Consider the third code word being received. The path metrics are simply the addition of
branch metric and previous path metric. For state (00), the partia path metric through the
line marked Q0 is 2, while the partial path metric through the line marked 10 is 3. The
former isless than the later. So the survivor path of state (00) is through the solid line and

path metric for the state is updated as 2. The same operations are done for each state.

18
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Figure 3.8: Decoding Example for Calculation of Path Metric

When the computation of path metric is done, the next step is to decode the most similar
sequence. The decoding process is denoted as traceback because this process is like
tracing the sequence back. We trace the best path from the state with the minimum path

metric. Thefinal path is highlighted in Figure 3.9.

Received
Code word

10

113

State

Decoded | | |
output

Figure 3.9: Decoding by Traceback Method
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3.4VITERBI DECODING FOR NOISY CHANNEL
Consider now the case in which an error is made on channel and one bit of the received
symbol isincorrect. The fourth codeword has error. Figure 3.10 shows first four steps of

decoding process.

Rieceived

Codeword

uaC}_ _{}_ —{k—

00

(TR

\,})_

0 O %

Figure 3.10: Decoding for Noisy Channel for Four Code Words

Similar steps are followed for all the codewords and complete diagram is as shown in

Figure 3.11.
Received -
Code word Y | 2 | 00 | Ll | 01 | 11 | 10 |
1] 2 2 3 2
[N Q“—I:Il:l —Q—I:II:I—Q‘\— il a0 [1H] o0 o
A
Hf.f ‘\fx 4 \k-’x & 7 1\0

Figure 3.11: Complete Decoding Diagram



Received
Code word 0 | 3 |

0l (O

[N

1

Decodad
Clutput | | |

Figure3.12: Decoding for Noisy Channel Using Traceback Method

The Figure 3.12 shows that when the final path is traced back even with one bit of

error,output is correct.

3.5VITERBI DECODER
The basic units of Viterbi decoder are branch metric unit, add compare and select unit

and survivor memory management unit [9, 18].

=

ie-|  BMIT ACS EAIU i
Input Oatpat

ACSU

L )

Figure 3.13: Block Diagram of Viterbi decoder
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3.5.1BRANCH METRIC UNIT
The first unit is called branch metric unit. Here the received data symbols are compared
to the ideal outputs of the encoder from the transmitter and branch metric is calculated.

Hamming distance or the Euclidean distance is used for branch metric computation.

352PATH METRIC UNIT
The second unit, called path metric computation unit, calculates the path metrics of a
stage by adding the branch metrics, associated with areceived symbol, to the path metrics

from the previous stage of the trellis.

3.5.3SURVIVOUR MEMORY MANAGEMENT UNIT

The final unit is the trace-back process or register exchange method, where the survivor
path and the output data are identified. The trace-back (TB) and the register-exchange
(RE) methods are the two major techniques used for the path history management in the

chip designs of Viterbi decoders.

The TB method takes up less area but requires much more time as compared to RE
method because it needs to search or trace the survivor path back sequentially. Also, extra
hardware is required to reverse the decoded bits. The major disadvantage of the RE
approach is that its routing cost is very high especialy in the case of long-constraint

lengths and it requires much more resources.

22



3.53.1 TRACEBACK METHOD

In the TB method, the storage can be implemented as RAM and is caled the path
memory. Comparisons in the ACS unit and not the actual survivors are stored. After at
least L branches have been processed, the trellis connections are recalled in the reverse

order and the path is traced back through the trellis diagram

The TB method extracts the decoded bits; beginning from the state with the minimum
PM. Beginning at this state and tracing backward in time by following the survivor path,
which originaly contributed to the current PM, a unique path is identified. While tracing
back through the trellis, the decoded output sequence, corresponding to the traced
branches, is generated in the reverse order. Trace back architecture has a limited memory

bandwidth in nature, and thus limits the decoding speed.

3.5.3.2REGISTER EXCHANGE METHOD

The register exchange (RE) method is the simplest conceptually and a commonly used
technique. Because of the large power consumption and large area required in VLSI
implementations of the RE method, the trace back method (TB) method is the preferred
method in the design of large constraint length, high performance Viterbi decoders. In the
register exchange, a register assigned to each state contains information bits for the
survivor path from the initial state to the current state. In fact, the register keeps the
partially decoded output sequence along the path, as illustrated in Figure 3.14. The
register of state S1 at t=3 contains '101". This is the decoded output sequence along the

hold path from theinitial state.

23



£, 11 N 111 1011
s || R | A N | /J |
e || ] Ié/-i 101 |10 > A 1010 |
N
g || || 1 / A 01 || M_101 {1101 ]
yd e \
g, || {0 Fr{ 00 frfoooo ]| |1 1100 ]

Figure 3.14: Register Exchange Method
The register-exchange method eliminates the need to trace back since the register of the
final state contains the decoded output sequence. However, this method results in
complex hardware due to the need to copy the contents of al the registersin a stage to the
next stage. The survivor path information is applied to the least significant bit of each
register, and al the registers perform a shift left operation at each stage to make room for
the next bits. Hence, each register fills in the survivor path information from the least
significant bit toward the most significant bit. The schemeis called shift update. The shift
update method is simple in implementation but causes high switching activity due to the

shift operation and, hence, results in high power dissipation.

3.6 TYPESOF VITERBI DECODING

In order to realize a certain coding scheme a suitable measure of similarity or distance
metric between two code words is vital. The two important metrics used to measure the
distance between two code words are the Hamming distance and Euclidian distance
adopted by the decoder depending on the code scheme, required accuracy, channel

characteristics and demodulator type.
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3.6.1 HARD DECISION VITERBI DECODING

In the hard-decision decoding, the path through the trellis is determined using the
Hamming distance measure. Thus, the most optimal path through the trellis is the path
with the minimum Hamming distance. The Hamming distance can be defined as a
number of bits that are different between the observed symbol at the decoder and the sent
symbol from the encoder. Furthermore, the hard decision decoding applies one bit

guantization on the received bits.

3.6.2 SOFT DECISION VITERBI DECODING

Soft-decision decoding is applied for the maximum likelihood decoding, when the datais
transmitted over the Gaussian channel. On the contrary to the hard decision decoding, the
soft-decision decoding uses multi-bit quantization for the received bits, and Euclidean
distance as a distance measure instead of the hamming distance. The demodulator input is
now an analog waveform and is usually quantized into different levelsin order to help the

decoder decide more easily. A 3-bit quantization resultsin an 8-ary output [11, 14].

3.7LIMITATION OF VITERBI ALGORITHM

When a binary convolutional code with k=1 and constraint length K is decoded by means
of VA, there are 2K—1 states. Convolutiona code in which k bits are shifted at atime into
the shift register with K stages generates a trellis that has ( 1) 2 k K— states.
Consequently, the decoding of such a code by means of VA requires keeping track of ( 1)

2 k K— surviving paths and ( 1) 2 k K— metrics. At each stage of the trellis, there are k 2
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paths that merge at each node. Since each path that converges at common node requires
the computation of a metric, there are k 2 metrics computed for each node. Of the k 2
paths that merge at each node, only one survives and this is the minimum distance path.
Thus the number of computations in decoding performed at each stage increases
exponentialy with k and K. The exponentia increase in computations and storage
required to implement make it impractical for convolutional codes with large constraint

length [2].

3.8O0THER CODING TECHNIQUES

There are other structures and coding techniques that form excellent channel coding
schemes in many practical applications. These structures include punctured convolutional
codes, which effectively increase the rate R of a code by deleting periodically a code bit
and concatenated codes, which combine two different code structures usually an RS outer
code with an inner binary convolutional code to produce a powerful code. Also, another
very important method, which was partly developed by Ramsey, is the convolutional
interleaving scheme that finds many applications especially in channels where the errors
occur in bursts. This technique uses an interleaver fed straight from the encoder, which is
essentially a bank of registers and effectively separates each code bit from the other by
changing their order in time before they are sent over the channel. In the receiver end, a
synchronized de interleaver is used which performs the inverse operation and
reassembles the original code sequence before fed to the decoder.

For the specia case of k = 1, the codes of rates 1/2, 1/3, 1/4, 1/5, 1/7 are sometimes called
mother codes. We can combine these single bit input codes to produce punctured codes,

which give us code rates other than 1/n.

26



By using two rate 1/2 codes together, and then just not transmitting one of the output bits
we can convert this rate 1/2 implementation into a 2/3 rate code. 2 bits come and 3 go
out. This concept is called puncturing. On the receiver side, dummy bits that do not affect
the decoding metric are inserted in the appropriate places before decoding. This
technique allows producing codes of many different rates using just a one simple

hardware [1].

3.90THER DECODING ALGORITHMS

Prior to the discovery of the VA, a number of other algorithms had been proposed for
decoding convolutional codes. These were sequential decoding algorithm proposed by
Wozen craft and subsequently modified by Fano. The Fano sequential algorithm searches
for most probable path through the trellis by examining one path at a time. In this
algorithm an additional negative constant is added to the each branch metric. The value
of this constant is selected such that the metric of the correct path will increase on the
average, while the metric of incorrect path will decrease on the average. By comparing
the metric of a candidate path with an increasing threshold, Fano’s algorithm detects and
discards incorrect path. Its error performance is comparable to that of Viterbi decoding.
In comparison with Viterbi decoding algorithm, sequential decoding has larger decoding
delay. On the positive side, sequential decoding requires less storage than Viterbi
decoding and hence it is more attractive for convolutional codes with large constraint
length. Another type of sequentia decoding agorithm is called a stack agorithm. In
contrast to VA, this keepstrack of ( 1) 2 k K— paths and corresponding metrics, the stack

sequential decoding agorithm deals with fewer paths and their corresponding metrics. In
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a stack algorithm, more probable paths are ordered according to their metrics, with the
path at the top of the stack having largest metric. At each step of the algorithm, only the
path at the top of the stack is extended by one branch. In comparison to VA, the stack
algorithm requires fewer metric computations, but this computationa saving is offset to a
large extent by the computations involved in reordering the stack after taking into
account of every iteration. A third aternative is feedback decoding. In feedback

decoding, decoding delay is significantly smaller than decoding delay in Viterbi decoder.

3.10 APPLICATIONS OF CONVOLUTIONAL CODES

1. Satellite Applications

Applications in satellite communications can be more chalenging in terms of high
performance and high data rate requirements since both power and bandwidth impose
significant limitations. The fixed INTELSAT and the mobile INMARSAT satellite
systems employ mainly R = %2 and R = %, K = 7 convolutional codes of different data
rates within 0.6-64 Kbit/s.

2. Digital Mobile Applications

Convolutiona codes are extensively used in digital mobile communication systems such
as GSM, TIA 1S 136 (telecommunication industry association interim standard 136) and
MPT (Ministry of posts and telecommunications) in cellular telephony of Europe, North
America and Japan respectively. In GSM a combination of different block (cyclic) and
the (2, 1, 5) convolutional codes together with interleaving techniques and puncturing are
typically used, operating at data rates of 2.4-9.6 Kbitg/s for data traffic channels and 5.6-
13 Kbit/s for speech traffic channels. Convolutional codes have been used in many

NASA (National Aeronautics and Space Administration) missions since the 1960. Table 1
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summarizes the characteristics of the codes used in Pioneer 9-11, Voyager and Galileo
projects launched for solar orbit, Jupiter and Saturn missions and exploration of other
planets. In Voyager and Galileo missions the convolutiona codes shown in the table were
also combined with an outer RS code in concatenation in order to improve their
performance. The RS (255, 223) code was concatenated with the inner (3, 1, 7)
convolutional code when Voyager was transmitting images of Pluto and Neptune to
earth. The same RS code was used in concatenation with the (4, 1, 15) convolutional code
employed by Galileo spacecraft.

3. Code division multiple access

CDMA being interference based use forward error correction schemes like convolutional
coding to increase cell capacity. Viterbi algorithm is main building block of CDMA.
CDMA uses Viterbi decoder with constraint length 9 and data rate 1/3. The generator
polynomials are (557,663,711). A three bit soft decision isused [13, 14].

4. UltraWide Band Applications

Convolutional codes are widely used for ultra wide band applications (UWB). Viterbi
decoder is used for multiple orthogona frequency division multiplexing. UWB
communication systems have widely been used for communication usage. Multiple
systems have been proposed for high speed wireless persona area networks. In these
systems, convolutional codes are widely selected as channel codes to correct transmission
errors. MB-OFDM based system widely uses puncture convolutional codes to provide
different error correcting capability and data rates. In MB-OFDM system, the input to
decoder is soft information from frequency domain analyzer. To achieve different data

rates and operate on 33 different distance, 1/3 convolutional codes with k=7 is punctured
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to provide rate 1/2, 5/8 and 3/4 codes. Due to large variation in data rates and code rate, it
is desirable to design a VD to support the highest data rate with high efficiency and
reduce power consumption in lower datarates [15].

5. Voice-band data application

Convolutional codes aso find applications in voice-band data communication systems
such as modems used in the genera switched telephone network (GSTN). Under
bandwidth limited conditions (300-3400 Hz) multilevel coded modulation (MCM)
techniques have been used to achieve the required performance without lowering the data
rate. During the decade 1984-1994 the international telephone and telegraph consultative
committee (ITTCC), later called International Telecommunication Union
Telecommunication Standardization Sector (ITU-T) produced three major standards for
voice-band data modems. They all featured trellis coded modulation (TCM) combined
with non-linear convolutional coding schemes at transmission rates of 9.6, 14.4 and 28.8

Kbit/s respectively.
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CHAPTER-4
ARCHITECTURE OF FPGAs

4.1 INTRODUCTION TO FPGAS:

The Field Programmable Gate Array or FPGA as it is more widely called is a type of
programmable device. Programmable devices are a class of genera-purpose chips that
can be reconfigured for a wide veriety of applications. The first programmable device,
which achieved awidespread use, was the PROM (Programmable Read-Only Memory).
Another step was the development of PLD (Programmable Logic Devices). These
devices were constructed to implement logic circuits. The PLD includes an array AND
gates connect to an array of OR gates. The PAL (Programmable Array Logic) is a
commonly used PLD consisting of a programmable AND-plane followed by a fixed OR-
plane. The PAL was designed for small logic circuits.

The MPGA (Mask Programmable Gate Array) was developed to handle larger logic
circuits. A common MPGA consists of rows of transistors that can be interconnected to
implement desired logic circuits. User specified contents are available both within the
rows and between the rows. This enabled implementation of basic logic gates and the
ability to interconnect the gates. In 1985, Xilinx Inc. introduced the FPGA (Field
Programmable Gate Array). The Interconnects between all the elements was designed to

be user programmable.

4.2 TYPESOF FPGAs

There are main four categories commercially available:
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-Symmetrical
Row-Based
-Heirarchical
Sea-Of-Gates

In al these, interconnections and how they are programmed vary.
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Figure4.1 Four main categories available of FPGAs

Currently, there are four technol ogies used for FPGAs[17]. These are:

421 STATIC RAM TECHNOLOGY —

In the Static RAM FPGA programmable connections are made using pass-transistors,
transmission gates, or multiplexers that are controlled by SRAM cells. The advantage of

this technology is that it allows fast in-circuit reconfiguration. The mgor disadvantage is

the size of the chip required by the RAM technology.
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422 ANTI-FUSE TECHNOLOGY -

An anti-fuse resides in a high-impedance state; and can be progranmed into low
impedance or "fused" state. A less expensive than the RAM technology, thisdeviceisa
Program once device

4.2.3 EPROM / EEPROM TECHNOLOGY -

This method is the same as used in the EPROM memories. One advantage of this
technology is that it can be reprogrammed without externa storage of configuration;

though the EPROM transistors cannot be re-programmed in-circuit.

The Fied-Programmable Gate Arrays (FPGAS) provide the benefits of custom CMOS
VLSI, while avoiding the intia cost, time delay, and inherent risk of a conventional
masked gate array. Loading configuration data into the internal memory cells customizes
the FPGAs. The FPGA can either actively read its configuration data out of external
seria or byte-parallel PROM (master mode), or the configuration data can be written into

the FPGA (slave and peripheral mode). The FPGA can be programmed an

Inierconnect Resources

vo e OO0 LI
-
7
-

-

e

Loge Boctes " [ 1] ][] [ LILJ

00 00 00 00
i B BN
-
-

00 00 00 00

Figure 4.2: THE FPGA
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unlimited number of times and supports system clock rates of up to 50 MHz.The FPGA
has three mgjor configurable elements. configurable logic blocks (CLBs), input/output
blocks, and interconnects. The CLBs provide the functional elements for constructing
user's logic (figure 4.2). The IOBs provide the interface between the package pins and
internal signal lines. The programmable interconnect resources provide routing paths to
connect the inputs and outputs of the CLBs and IOBs onto the appropriate networks.
Customized configuration is established by programming internal static memory cells

that determine the logic functions and internal connections implemented in the FPGA.
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Figure 4.3: CLBSINTERCONNECTS

Figure 4.3 depicts a FPGA with a two-dimensional array of logic blocks that can be
interconnected by interconnect wires. All internal connections are composed of metal
segments with programmable switching points to implement the desired routing. An
abundance of different routing resources is provided to acheive efficient automated
routing. There are four main types of interconnect, the relative length of their segments

distinguishes three: single-length lines, double-length lines and Longlines. (NOTE: The
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number of routing channels shown in the figure are for illustration purposes only; the
actual number of routing channels varies with the array size.) In addition, eight global

buffers drive fast, low-skew nets most often used for clocks or global control signals.

Hard Wire Add To Mext Cell

Figure 4.4: CONFIGURABLE LOGIC BLOCK

The principle CLB (Configurable Logic Block) elements are shown in Figure 4.4. Each
CLB contains a pair of flip-flops and two independent 4-input function generators. These
function generators have a good deal of flexabilty as most combinatorial logic functions
need less than four inputs. Configurable Logic Blocks implement most of the logic in an
FPGA. The flexabilty and symmetry of the CLB architecture facilitates the placement

and routing of a given application.

4.3 VIRTEX-II FPGA: The Platform FPGA for Programmable Logic - is the highest
density and highest performance FPGA in the world._The Virtex-Il series of FPGAs are

the latest FPGAs manufactured by Xilinx.
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The system gate density ranges from 40K (XC2V40) to 8M(XC2V8000) gates. This gate
density is unrivaled by any other manufacturer. The Virtex-1l is a programmable device
comprised of input/output blocks (I0Bs) and internal configurable logic blocks (CLBS).
Virtex-11 devices are user-programmable gate arrays with various configurable elements.
The Virtex-11 architecture is optimized for high-density and high-performance logic
designs. As shown in Figure 4.1, the programmable device is comprised of input/output

blocks (I0Bs) and internal configurable logic blocks (CLBS).

oM DA 108
G.uhaumﬁmﬂ—%;—wmum\!m_uuuuuuhm]ﬁm_
- [ o o [
- EIF' I QEE
[ o o [ o =
I =
EH:' I QEE
1 1]

Canligurabda Log 1"-._" L] fffi_iffé
" | T | ||

Frerommabs IDs I'_':LJrE Elock SeleciAaM Mui'pli-ar

Lo A el

Figure 4.5 : Virtex-11 Architecture an overview
Theinternal configurable logic includes four mgor elements organized in aregular array.
» Configurable Logic Blocks (CLBs) provide functional elements for combinatorial and
synchronous logic, including basic storage elements. BUFTs (3-state buffers) associated
with each CLB element drive dedicated segmentable horizontal routing resources.
* Block SelectRAM memory modules provide large 18 Kbit storage elements of dual-port

RAM.
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» Multiplier blocks are 18-bit x 18-bit dedicated multipliers.

* DCM (Digita Clock Manager) blocks provide self-calibrating, fully digital solutions for
clock distribution delay compensation, clock multiplication and division, coarse- and
fine-grained clock phase shifting.

A new generation of programmable routing resources called Active Interconnect
Technology interconnects all of these elements. The genera routing matrix (GRM) is an
array of routing switches. Each programmable element is tied to a switch matrix,
allowing multiple connections to the general routing matrix. The overall programmable
interconnection is hierarchical and designed to support high-speed designs.

All programmable elements, including the routing resources, are controlled by values
stored in static memory cells. These values are loaded in the memory cells during

configuration and can be reloaded to change the functions of the programmable elements.

4.4 VIRTEX-Il FEATURES
This section briefly describes Virtex-11 features[17].

441 INPUT/OUTPUT BLOCKS(10BS)

IOBs are programmable and can be categorized as follows:

* Input block with an optional single-data-rate or double-data-rate (DDR) register

* Output block with an optiona single-data-rate or DDR register, and an optional 3-state
buffer, to be driven directly or through a single or DDR register

* Bidirectional block (any combination of input and output configurations). These
registers are either edge-triggered D-type flip-flops or level-sensitive latches. 10Bs

support the following single-ended 1/0O standards:
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e LVTTL, LVCMOS (3.3V, 2.5V, 1.8V, and 1.5V)

* PCI-X compatible (133 MHz and 66 MHz) at 3.3V

* PCI compliant (66 MHz and 33 MHz) at 3.3V

 CardBus compliant (33 MHz) at 3.3V

* GTL and GTLP

« HSTL (Class |, II, 111, and IV)

« SSTL (3.3V and 2.5V, Class | and I1)

* AGP-2X

The digitally controlled impedance (DCI) 1/O feature automatically provides on-chip
termination for each /O element. The IOB elements also support the following
differential signaling 1/0 standards:

* LVDS

* BLVDS (BusLVDYS)

* ULVDS

*LDT

* LVPECL

Two adjacent pads are used for each differential pair. Two or four IOB blocks connect to
one switch matrix to access the routing resources.

4.4.2 CONFIGURABLE LOGIC BLOCKS (CLBYS)

CLB resources include four slices and two 3-state buffers. Each dlice is equivalent and
contains:

 Two function generators (F & G)
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» Two storage elements

* Arithmetic logic

gates

* Large multiplexers

* Wide function capability

* Fast carry look-ahead chain

* Horizontal cascade chain (OR gate)
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Figure 4.6: Virtex-11 Pro Slice (Top Half )

The function generators F & G are configurable as 4-input look-up tables (LUTS), as 16-
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bit shift registers, or as 16-bit distributed Select RAM memory. In addition, the two
storage elements are either edge-triggered D-type flip-flops or level-sensitive latches.
Each CLB hasinternal fast interconnect and connects to a switch matrix to access general
routing resources.

443 BLOCK SELECT RAM MEMORY

The block Select RAM memory resources are 18 Kb of dual-port RAM, programmable
from 16K x 1 bit to 512 x 36 bits, in various depth and width configurations. Each port is
totally synchronous and independent, offering three "read-during-write" modes. Block
Select RAM memory is cascadabl e to implement large embedded storage blocks.

A multiplier block is associated with each Select RAM memory block. The multiplier
block is a dedicated 18 x 18-bit multiplier and is optimized for operations based on the
block Select RAM content on one port. The 18 x 18 multiplier can be used independently
of the block SelectRAM resource. Read/multiply/accumulate operations and DSP filter
structures are extremely efficient. Both the Select RAM memory and the multiplier
resource are connected to four switch matrices to access the general routing resources.
444 GLOBAL CLOCKING

The DCM and global clock multiplexer buffers provide a complete solution for designing
high-speed clocking schemes. Up to 12 DCM blocks are available. To generate de-
skewed internal or external clocks, each DCM can be used to eliminate clock distribution
delay. The DCM also provides 90-, 180-, and 270-degree phase-shifted versions of its
output clocks. Fine-grained phase shifting offers high-resolution phase adjustments in

increments of 1/256 of the clock period. Very flexible frequency synthesis provides a
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clock output frequency equal to any M/D ratio of the input clock frequency, where M and
D are two integers. Virtex-11 devices have 16 global clock MUX buffers, with up to eight
clock nets per quadrant. Each globa clock MUX buffer can select one of the two clock
inputs and switch glitch-free from one clock to the other. Each DCM block is able to

drive up to four of the 16 global clock MUX buffers.

4.4.5 ROUTING RESOURCES

The 10B, CLB, block SelectRAM, multiplier, and DCM elements al use the same
interconnect scheme and the same access to the global routing matrix. Timing models are
shared, greatly improving the predictability of the performance of high-speed designs.
There are atotal of 16 global clock lines, with eight available per quadrant. In addition,
24 vertica and horizontal long lines per row or column as well as massive secondary and
local routing resources provide fast interconnect. Virtex-ll buffered interconnects are
relatively unaffected by net fanout and the interconnect layout is designed to minimize
crosstalk.

Horizontal and vertical routing resources for each row or column include:

* 24 1ong lines

* 120 hex lines

* 40 double lines

* 16 direct connect lines (total in al four directions)

4.4.6 BOUNDARY SCAN

Boundary scan instructions and associated data registers support a standard methodol ogy

for accessing and config-uring Virtex-11 devices that complies with |EEE standards
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1149.1 - 1993 and 1532. A system mode and a test mode are implemented. In system
mode, a Virtex-11 device per-forms its intended mission even while executing non-test
boundary-scan instructions. In test mode, boundary-scan test instructions control the I/0
pins for testing purposes. The Virtex-11 Test Access Port (TAP) supports BY PASS,
PRELOAD, SAMPLE, IDCODE, and USERCODE non-test instructions. The EXTEST,
INTEST, and HIGHZ test instruc-tions are al so supported.

447 CONFIGURATION

Virtex-11 devices are configured by loading data into internal configuration memory,
using the following five modes:

» Slave-seriad mode

* Master-serial mode

» Slave SelectMAP mode

* Master SelectMAP mode

» Boundary-Scan mode (IEEE 1532)

A Data Encryption Standard (DES) decryptor is available on-chip to secure the
bitstreams. One or two triple-DES key sets can be used to optionally encrypt the
configuration information.

448 READBACK AND INTEGRATED LOGIC ANALYZER

Configuration data stored in Virtex-1l configuration memory can be read back for
verification. Along with the configuration data, the contents of all flip-flopsg/latches,
distributed SelectRAM, and block SelectRAM memory resources can be read back. This

capability is useful for real-time debugging. The Integrated Logic Analyzer (ILA) core
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and software[18] provides a complete solution for accessing and verifying Virtex-l|

devices.

Contains two major programmable parts:

-Configurable Logic Blocks (CLBS)

-Input/Output Blocks (I0Bs)

CLBs interconnect through a general routing matrix (GRM). The GRM comprises an
array of routing switches located at the intersections of horizontal and vertical routing
channels. Each CLB nests into a VersaBlock™ that also provides local routing resources
to connect the CLB to the GRM.

Figure 4.7 describes with flow chart the complete FPGA design cycle.
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CHAPTER-5

IMPLEMENTATION OF VITERBI ALGORITHM ON FPGA

5.1 DECODER IMPLEMENTATION

In the context of the trellis diagram of Figure 3( k ), transitions during anyone time
interval can be grouped into 2' * disoint cells, each cell depicting four possible
trangitions, where v = K -1 is called the encoder memory. For the K = 3 example, v = 2
and 2" = 2 cells. These cells are shown in Figure 5.1, where a, b, ¢, and d refer to the
states at time t;, and &, b, c¢', and d' refer to the states at time t; + | Shown on each
transition is the branch metric &, where the subscript indicates that the metric

corresponds to the transition from state x to state y. These cells and the associated logic

ra rﬂ'
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r i 1 t
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1-0f-2 | 1-of-2 1-of-2 | | 1-of-2
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1 ' R '

To another logic uni To another logic unit

Figure 5.1 Logic unit that implements the add-compare-sel ect functions corresponding
tocell #1

units that update the state metricsT «, where x designates a particular state, represent the
basic building blocks of the decoder.
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511 ADD-COMPARE-SELECT COMPUTATION

Continuing with the K = 3, 2-cell example, Figure 5.1 illustrates the logic unit that
corresponds to cell 1. The logic executes the special purpose computation called add-
compare-select (ACS). The state metric T 4 is calculated by adding the previous-time
state metric of state a, T 4 to the branch metric 6 . and the previous time state metric of
state c, r ¢, to the branch metric 6 . This results in two possible path metrics as
candidates for the new state metric T 5. The two candidates are compared in the logic unit
of Figure 5.1. The largest likelihood (smallest distance) of the two path metrics is stored

as the new state metric I' 4 for state a. Also stored is the new path history m, for state a,

where rAna is the message-path history of the state augmented by the data of the winning
path. Also shown in Figure 5.1 isthe cell-l ACSlogic that yields the new state metric Ty

and the new path history rAnb- This ACS operation is similarly performed for the paths in
other cells. The oldest bit on the path with the smallest state metric forms the decoder

output.

5.1.2 ADD-COMPARE-SELECT ASSEEN ON THE TRELLIS

The message sequence was m = 11 0 11, the codeword sequence was U = 11 01 0100 01,
and the received sequence was b= 11 01 011001. Figure 5.2 depicts a decoding trellis
diagram similar to Figure 3.11. A branch metric that labels each branch is the Hamming
distance between the received code symbols and the corresponding branch word from the
encoder trellis. Additionally, the Figure 5.2 trellis indicates a value at each state x, and
for each time from time t; to ts, which is a state metric T"x .We perform the add-compare-
select (ACS) operation when there are two transitions entering a state, as there are for
times t, and later. For example at time t4, the value of the state metric for state a is
obtained by incrementing the state metric I"a= 3 at time t; with the branch metric 6 z =
1 yielding a candidate value of 4. Simultaneously, the state metric ' = 2 at time t3 is
incremented with the branch metric 6 o == 1 yielding a candidate value of 3. The select
operation of the ACS process selects the largest-likelihood (minimum distance) path
metric as the new state metric; hence, for state aat time t4, the new state metricis I' = 3.
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Figure 5.2 Add-compare-select computationsin Viterbi decoding

The winning path is shown with a heavy line and the path that has been dropped is shown
with alighter line. On the trellis of Figure 5.2, observe the state metrics from left to right.
Verify that at each time, the value of each state metric is obtained by incrementing the
connected state metric from the previous time along the winning path (heavy line) with
the branch metric between them. At some point in the trellis (after atime interval of 4 or
5 times the constraint length), the oldest bits can be decoded. As an example, looking at
time ts in Figure 5.2, we see that the minimum-distance state metric has a value of 1.
From this state d, the winning path can be traced back to time t;, and one can verify that
the decoded message is the same as the origina message, by the convention that dashed

and solid lines represent binary ones and zeros respectively
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5.2 PATH MEMORY.AND SYNCHRONIZATION

The storage requirements of the Viterbi decoder grow exponentially with constraint
length K. For a code with rate I/n, the decoder retains a set of 2° ! paths after each
decoding step. With high probability, these paths will not be mutually digoint very far

back from the present decoding depth .All of the 2 * paths tend to have a common stem
which eventually branches to the various states. Thus if the decoder stores enough of the
history of the 2¢ * paths, the oldest bits on all paths will be the same. A simple decoder
implementation, then, contains a fixed amount of path history and outputs the oldest bit
on an arbitrary path each time it steps one level deeper into the trellis. The amount of path
storage required is
u=h2t (5.1)

where h is the length of the information bit path history per state. A refinement, which
minimizes the value of h, usesthe oldest bit on the most likely path as the decoder output,
instead of the oldest bit on an arbitrary path. It has been demonstrated that a value of h of
4 or 5 times the code constraint length is sufficient for near-optimum decoder
performance. The storage requirement u is the basic limitation on the implementation of
Viterbi decoders. Commercial decoders are limited to a constraint length of about K = 10.
Efforts to increase coding gain by further increasing constraint length are met by the
exponential increase in memory requirements (and complexity) that follows from
Equation (5.1). Branch word synchronization is the process of determining the beginning
of a branch word in the received sequence. Such synchronization can take place without
new information being added to the transmitted symbol stream because the received data
appear to have an excessive error rate when not synchronized. Therefore, a simple way of
accomplishing synchronization is to monitor some concomitant indication of this large
error rate, that is, the rate at which the state metrics are increasing or the rate at which the
surviving paths in the trellis merge. The monitored parameters are compared to a
threshold, and synchronization is then adjusted accordingly.
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5.3 VERILOG HDL CODE FOR DIFFERENT VITERBI DECODER
MODULES

module acs_enable (clk,res,res_3);

input clk,res;
output res_3;

wireres 1,res 2;

dff dff_O(resres_1,clk,res);

dff dff_1(res_1,res 2,clk,res);

dff dff_2(res_2,res_3,clk,res);
endmodule

module back(state,survival _data,out);

input [1:0] state;
input [3:0] survival_data;

output [1:0] out;

assign out [0] = survival_data [state];
assign out [1] = state [0];

endmodule

module compare_select
(pO_0,p1 0,p2 1,p3 1,p0 2,p1 2,p2 3,p3 3,rst_3,
outO,out1,out2,0ut3,
ACS);

input [3:0] pO_0O,p1 0,p2 1,p3 1,p0 2,p1 2,p2 3,p3 3;
input rst_3;

output [2:0] outO,outl,out2,0ut3;

output [3:0] ACS;
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function [2:0] find_min_metric;
input [3:0] a,b;
input enabled;
begin
if (enabled == 0) find_min_metric=a;
elseif (a<=b) find_min_metric=g;
elsefind_min_metric=b;

end
endfunction

function set_control;
input [2:0] a,b;
input enabled;
begin
if (enabled == 0) set_control=0;
elseif (a<=b) set_control=0;
else set_control=1;
end
endfunction

assign outO=find_min_metric(p0_0,p1 O,rst_3);
assign out1=find_min_metric(p2_1,p3_1,rst_3);
assign out2=find_min_metric(p0_2,p1 2,rst_3);
assign out3=find_min_metric(p2_3,p3_3,rst_3);

assign ACS[0] = set_control (p0_0,p1 O,rst_3);
assign ACS[1] = set_control (p2_1,p3_1,rst_3);
assign ACS[ 2] = set_control (p0_2,p1 2,rst_3);
assign ACY[ 3] = set_control (p2_3,p3_3,rst_3);

endmodule
module compute_metric
(m_outO,m_outl,m_out2,m_out3,
s0,s1,82,s3,
p0_0,p1_0,p2_1,p3_1,p0_2,p1_2,p2_3,p3_3);

input [2:0] m_outO,m_outl,m_out2,m_out3;
input [1:0] $0,51,82,S3;

output [3:0] pO_0O,p1 O,p2 1,p3 1,p0 2,p1 2,p2 3,p3 3;

assign p0_0=m_out0 + S0,
pO_2 =m_outO + S3,
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p2_3=m_out2 + sl,
p2_1=m_out2 + s2,

pl 0=m_outl + s3,
pl 2=m_outl + S0,
p3_1=m_out3+ sl,
p3_3=m_out3 + s2;
endmodule
module dff(D,Q,Clock,Reset); // N.B. reset is active-low
output Q;
input D,Clock,Reset;
parameter CARDINALITY =1;
reg [CARDINALITY-1:0] Q;
wire[CARDINALITY-1:0] D;
aways @(posedge Clock) if (Reset!==0) #1 Q=D;

endmodule

module metric (m_in0,m_in1,m_in2,m_in3,
m_outO,m_outl,m_out2,m_out3,
clk,reset);

input [2:0] m_inO,m_inl,m in2,m_in3;
output [2:0] m_outO,m_outl,m_out2,m_out3;

input clk,reset;
dff #(3) metric3(m_in3, m_out3, clk, reset);
dff #(3) metric2(m_in2, m_out2, clk, reset);
dff #(3) metricl(m_inl, m_outl, clk, reset);
dff #(3) metricO(m_in0, m_outO, clk, reset);

endmodule

module path(in,out,clk,reset);

input [3:0] in;

51



input clk,reset;
output [3:0] out;

wire[3:0] p_in;

dff #(4) pathO(p_in,out,clk,reset);

assignp_in=in;
endmodule

module path_memory (ACS,control ,clk,reset,
decode_out);

input [3:0] ACS;
input [1:0] control;
input clk,reset;
output decode_out;

wire [3:0] outl,out2,0ut3,out4,out5,0ut6,0ut7,out8,0ut9,out10,0utll;
wire [1:0] statel,state?,state3,stated, stateb, stateb, state7, state8, state9, statel0,statel
wire[1:0] last_state;

path x1 (ACS, outl ,clk,reset),
X2 (outl, out2 ,clk,reset),
x3 (out2, out3 ,clk,reset),
x4 (out3, out4 ,clk,reset),
x5 (out4, out5 ,clk,reset),
X6 (out5, out6 ,clk,reset),
X7 (out6, out7 ,clk,reset),
x8 (out7, out8 ,clk,reset),
x9 (out8, out9 ,clk,reset),
x10(out9, out10,clk,reset),
x11(out10,0outll,clk,reset);

back b1l (control,outl ,statel),
b10 (statel ,out2 ,state?),
b9 (state2 ,out3 ,state3d),
b8 (state3 ,outd ,stated),
b7 (stated ,out5 ,states),
b6 (state5 ,out6 ,stateb),
b5 (state6 ,out? ,state7),
b4 (state7 ,out8 ,stateB),
b3 (state8 ,out9 ,state9),
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b2 (state9 ,outl0,statel0),
bl (statelO,outll,statell);

dff #(2) buff (stateld,last_state,clk,reset);

assign decode _out = last_state;

endmodule

modul e reduce
(inputO,inputl,input2,input3,
m_in0,m_inl,m_in2,m in3,
control);

input [2:0] inputO,inputl,input2,input3;
output [2:0] m_in0O,m_in1,m_in2,m _in3;
output [1:0] control;

wire [2:0] smallest;
reg [1:0] control;

function [2:0] find_smallest;
input [2:0] inputO,inputl,input2,input3;
reg[2:0] ab;
begin
if (inputO<=inputl) a=inputO; else a=inputl,
if (input2<=input3) b=input2; else b=input3;
if(a<=Db) find_smallest = &
elsefind_smallest = b;
end
endfunction
aways @(smallest)
begin
case (smallest)
inputO : control = 0O;
inputl : control = 1;
input2 : control = 2;
input3 : control = 3;
endcase
end

assign smallest = find_smallest(inputO,inputl,input2,input3);

assign m_in0 = inputO - smallest;
assign m_inl = inputl - smallest;
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assign m_in2 = input2 - smallest;
assign m_in3 = input3 - smallest;

endmodule

module viterbi (in0,inl,in2,in3,decode_out,clk,reset);
input [1:0] in0,inl,in2,in3;
output decode_out;
input clk,reset;
wire[2:0] m_in0,m_in1,m_in2,m _in3;
wire [2:0] m_outO,m_outl,m_out2,m_out3;
wire[3:0] p0_0,p1 O,p2_1,p3 1,p0 2,p1 2,p2_3,p3_3;
wire[3:0] ACS;
wire [2:0] outO,outl,out2,0ut3;
wire [1:0] control;

wireres 3;

compute_metric ul(m_outO,m_outl,m out2,m_out3,in0,inl,in2,in3,
p0_O,p1 O,p2 1,p3 1,p0 2,p1 2,p2 3,p3 3);

metric u2(m_in0,m_in1,m_in2,m_in3,m_outO,m_outl,m_out2,m_out3,clk,reset);
acs_enable u3 (clk, reset, res 3);

compare_select u4(p0_0,p1 O,p2_1,p3 1,p0 2,p1 2,p2 3,p3_3,res 3,
outO,out1,out2,0ut3,ACS);

reduce u5(outO,out1,out2,out3,m_in0,m_inl,m_in2,m_in3,control);

path_memory u6(ACS,control clk,reset,
decode_out);

endmodule
module viterbi_distances (Y_in_1,Y_in_0,in0,inl,in2,in3);

input Y_in_1,Y_in_0;
output [1:0] in0,inl,in2,in3;

reg [7:0] in;

aways @(Y_in_1orY_in_0)



begin
case(Y_in_1)
0:case(Y_in 0)
0:in='b00010110;
1:in="b01001001;
endcase

1:case(Y_in_0)
0:in="p01100001;
1:in="'b10010100;
endcase
endcase
end

assignin0=in[7:6];
assigninl=in[5:4];
assignin2=in[3:2];
assignin3=in[1:0];
endmodule

module viterbi_testbench;

wire decode_out; // decoder out
reg [1:0] Y; /I received signal
reg Clk, Res;

wire [1:0] in0,inl,in2,in3;

initial
begin
#4000 $finish;
end

initial
begin
Clk=0;
#70 Res=0;

#10 Res=1;
end /1 hit reset after inputs are stable

always #50 Clk=~CIk;

// 1. What isinputted to the test bench come from the Viterbi Encoder for
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/I K=3, rate=1/2(111,101)

I 2. For the example below, the original datais: 010111001010001 + 00 (2 tail bits)

/I The encoder output is: 001110000110011111100010110011+1011

I/ 3. We may manually introduce error(s) into decoder input by altering the data(s) below.

initial
begin
I input | input

Il with error (s) | without error(s)
A |-----mmm e

#51Y =0; /10
#100Y =2; /l3e
#100Y =2; Il2
#100Y =0; /10
#100Y = 3; /lle
#100Y =2; Il2
#100Y =1; /N1
#100Y = 3; /13
#100Y =1; /I3e
#100Y =2; Il2
#100Y =0; /10
#100Y =3; I12e
#100Y = 3; /13
#100Y =0; /10
#100Y =1; /I3e
#100Y =2; Il2
#100Y = 3; /13
#100Y =0;
end

viterbi_distancesv_1 (Y[1],Y[0],in0,inl1,in2,in3);
viterbi v_2 (in0,inl,in2,in3,decode_out,Clk,Res);

endmodule
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CHAPTER-6

RESULTSAND DISCUSSIONS

Viterbi test Bench is created using Xilinx Webpack. Code is written in Verilog
HDL. There are different Modules for the code and that are Viterbi test bench,
Viterbi, Viterbi distance, reduce, path, path memory, compute metric, dff, acs
enable, back and compare select. Verilog Code for each module is given in chapter

5™ Each module performs function as discribed by example in chapter 3.

To prove the correctness of our design, the verilog HDL description was simulated &
tested using Model Sim Verilog Smulator. Afterwards Xilinx Webpack is used for
design entry, sythesis, place & route and floor plan design.

What is inputted to the test bench come from the Viterbi Encoder for K=3, rate= %
(111,101). For this Example the original datais: 010111001010001 + 00 (2 tail bits). The
Encoder output is: 0011100001 1001 11 11 1000 10 11 00 11 + 10 11.

We may manually introduce error (s) into decoder input by atering the data (s).

Device selected is 2v40fg256-6.

Number of Slices: 86 out of 256 33%
Number of SliceHip Flops: 62 out of 512 12%
Number of 4input LUT’s : 131 out of 512 25%
Number of bonded IOB’s: 10 out of 88 11%

Number of GCLK's: 1 out of 16 6%
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Floor plan of the synthesized FPGA XCV chip isshownin figure 6.1

Figure 6.2 describes simulation waveforms of viterbi decoder.In this all vaues displayed
are in nano seconds ( ns). In this Timing numbers are only a synthesis estimate and trace
report generated after place & route gives accurate timing information.

Figure 6.3 gives Symbol of a Viterbi Decoder.From the figure it is clear that in this
viterbi decoder there are six inputs & one output. The inputs are in0, inl, in2, in3, clk &
reset & the output is decode out.

Figure 6.4 gives RTL Schematic of Viterbi Decoder.
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FIGURE 6.3 SYMBOL OF VITERBI DECODER

60



¥ _9 \l—\ a .e.y..v a%a. | m_ow<2.0> SIZNV_r - ——p0.0=30> ACSAL —— || || MS»A_,? g.:ﬂ{\m_
m_oui<2:0> p0_2<3:0> — PO_2<3:0= . "
Js-.__ 20> T control<l 0>
0o MIN0<20> — sn:.a.v ; 05 | u : :
3...»&? —m_ou2<2.0> p1_0<30>— ﬁ..?ﬂv ouf<2.0> —— et
m_in<20>
L ~ .._ 320> m_ou2<20r — m_a2<a0e p1 2 Pl W i
m . = =
| - 50610 P21 — ME‘_Q? o207 ———
T m_ind<z 0
— — i — ﬁ_._? LI pz 390 |
1 {s2et0n pO_t<dOs— . _rn»_.uav ou2<2.03 |- ———t
o pI 30— .LE‘E? W
= |
3 w32 0> |- m
=
| w
[ =
m
| — , 5
e [P E— , .
“ L ([Ghm
1 = == = eSS . _II_ [m]
- - - ] E£9
< LW
o e — S — =]
W m
L
2w
OFE
w=>

61



CHIP UTILIZATION REPORT

* Final Report

Final Results

RTL Top Level Output File Name : viterbi.ngr

Top Level Output File Name : viterbi
Output Format :NGC
Optimization Criterion : Speed
Keep Hierarchy :NO
Macro Generator . macro+
Design Statistics

#10s 111

Macro Statistics :

# Registers 19

#  1-bit register 13

#  2-bit register 01

#  3-bit register 14

#  4-bit register 111

# Multiplexers (11

#  1-bit 4-to-1 multiplexer : 11

# Adders/Subtractors 112
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# 3-bitaddercarryout :8

#  3-bit subtractor 4

# Comparators 015

#  3-bit comparator equal  : 4
#  3-bit comparator lessequal : 7

#  4-bit comparator lessequal : 4

Cedll Usage:

#BELS : 206
# GND 01

# LUT1 01

# LUTLL '8
# LUT2 9

# LUT2D '8
# LUT2 L 112
# LUTS3 : 38
# LUT3 D '8
# LUT3 L 3
# LUT4 1 37
# LUT4 D 01
# LUT4 L 6
# MUXCY 132

# MUXF5 113



# VCC 1

# XORCY : 28
# FlipHops/Latches : 62
# FDE : 60

# LDCP 12

# Clock Buffers 1

# BUFGP 01
#10 Buffers 10

# IBUF 9

# OBUF 01

Device utilization summary:

Selected Device : 2v40fg256-6

Number of Slices: 86 outof 256 33%
Number of Slice Flip Flops: 62 outof 512 12%
Number of 4 input LUTSs: 131 out of 512 25%
Number of bonded IOBs: 10 outof 88 11%
Number of GCLKSs: 1 outof 16 6%

TIMING REPORT

NOTE: THESE TIMING NUMBERS ARE ONLY A SYNTHESISESTIMATE.

FOR ACCURATE TIMING INFORMATION PLEASE REFER TO THE TRACE
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REPORT
GENERATED AFTER PLACE-and-ROUTE.

Clock Information:

-------------- - ———t - ———t +
Clock Signal | Clock buffer(FF name) |Load |
-------------- - ———t - ———t +

clk | BUFGP |60 |
u5_Mcompar__n0000_AEB:O | NONE(*)(u5_control_1 0)|2 |
-------------- - ————t - ————t +

(*) This 1 clock signal(s) are generated by combinatorial logic,
and X ST is not able to identify which are the primary clock signals.
Please use the CLOCK_SIGNAL constraint to specify the clock signal(s) generated by

combinatorial logic.

Timing Summary:
Speed Grade: -6
Minimum period: 14.693ns (Maximum Frequency: 68.060MHz)
Minimum input arrival time before clock: 13.218ns
Maximum output required time after clock: 5.880ns
Maximum combinational path delay: No path found

Timing Detail:

65



All values displayed in nanoseconds (ns)

Timing constraint: Default period analysis for Clock 'clk’
Delay: 14.693ns (Levels of Logic = 13)

Source: u6 x1 path0 Q 0

Destination: ué buff Q 0

Source Clock:  clk rising

Destination Clock: clk rising

Data Path: u6_x1 path0 Q Otou6 _buff Q O

Gate Net

Cdliin->out fanout Delay Delay Logical Name (Net Name)

FDE:C->Q 2 0449 0.605 u6 x1 pathO Q 0 (u6 x1 path0 Q 0)

LUT3:11->0 1 0.347 0.000
u6_bll Mmux__ COND 3 inst mux_f5 0111 F (N11090)

MUXF5:10->0 3 0.345 0.750
u6_bll Mmux__ COND_3 inst_ mux_f5 0111 (u6_state1<0>)

MUXF5:5>0 3 0.553 0.750
u6_bl0 Mmux__ COND_3 inst_ mux_f5 0111 (u6_state2<0>)

MUXF5:S->0 3 0553 0.750 u6 b9 Mmux_ COND 3 inst_mux_f5 0111

(u6_state3<0>)
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MUXF5:S->0
(U6_stated<0>)
MUXF5:S->0
(UB_state5<0>)
MUXF5:S->0
(UB_state6<0>)
MUXF5:S->0
(UB_state7<0>)

LUT3:10->0

3 0553 0.750 u6_b8 Mmux__ COND_3 inst_mux_f5 0111

3 0553 0.750 u6_b7 Mmux_ COND_3 inst mux_f5 0111

2 0553 0.605 u6_b6 Mmux__ COND_3 inst mux_f5 0111

4 0553 0.818 u6_b5 Mmux__ COND_3 inst_mux_f5 0111

1 0.347 0.000

u6_b4 Mmux__COND_3 inst_mux_f5 0111 F (N11085)

MUXF5:10->0

(U6_stateB<0>)
MUXF5:S>0

(U6_state9d<0>)
MUXF5:S>0

(u6_state10<0>)

MUXF5:S->0
(u6_statel1<0>)

FDE:D

3 0.345 0.750 u6_b4 Mmux__ COND_3 inst_mux_f5 0111

3 0553 0.750 u6_b3 Mmux_ COND_3 inst_mux_f5 0111

1 0.553 0.312 u6_b2 Mmux__COND_3 inst mux_f5 0111

1 0553 0.000 u6 bl Mmux_ COND 3 inst mux_f5 0111

0.293 u6_buff Q 0

Totd

14.693ns (7.103ns | ogic, 7.590ns route)
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(48.3% logic, 51.7% route)

Timing constraint: Default OFFSET IN BEFORE for Clock 'clk’
Offseat: 11.999ns (Levels of Logic = 16)
Source: inl<0>
Destination: u2_metric3 Q 2
Destination Clock: clk rising
Data Path: in1<0>to u2_metric3 Q 2
Gate Net

Cdliin->out fanout Delay Delay Logical Name (Net Name)

IBUF:1->0 2 0.653 0.605 inl 0 IBUF (in1 0 _IBUF)

LUT2 D:10->LO 1 0.347 0.000 ul_Madd n0001 inst_lut2 01 (N11185)

MUXCY:S>0 1 0235 0000 ul Madd nOOOL inst_cy O
(ul Madd__n0001 inst_cy 0)

MUXCY:CI->0 1 0042 0000 ul Madd_nOOOL inst_cy 1

(ul_Madd__n0001_inst_cy 1)

XORCY:Cl->0 4 1.007 0.818 ul Madd_ n00OL inst_sum 2 (p3_1<2>)
LUT412->0 1 0.347 0.312 u4 Ker367832 (CHOICE1001)
LUT3:12->0 3 0.347 0.750 ud_Ker367879 (u4 _N3680)

LUT3 D:10->0 4 0.347 0.818
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LUT2:11->0 1 0.347 0.312

LUT4:13->0 1 0.347 0.000

MUXF5:10->0 6 0.345 0.894

LUT4:13->0 5 0.347 0.855
u5_Mmux_find_smallest_1_find_smallest_I2_Result90 (CHOICE1040)

LUT4 L:12->LO 1 0347 0000 u5 Msub m_in3_ inst_|ut2 31
(u5_Msub_m in3_inst_|ut2_3)

MUXCY:S>0 1 0.235 0.000 u5 Msub m in3 inst cy 3
(us5_Msub_m in3_inst_cy 3)

MUXCY:CI->0 0 0.042 0.000 u5 Msub m in3 inst_ cy 4
(us5_ Msub_m in3_inst_cy 4)

XORCY:CI->0 1 1.007 0.000 u5 Msub m_in3 inst_sum_5 (m_in3<2>)

FDE:D 0.293 u2_metric3_ Q 2

Total 11.999ns (6.635ns logic, 5.364ns route)

(55.3% logic, 44.7% route)

Timing constraint: Default OFFSET IN BEFORE for Clock

'u5_Mcompar__n0000_AEB:O'
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Offset: 13.218ns (Levels of Logic = 15)
Source: inl<0>
Destination: u5 control_1 0
Destination Clock: u5_Mcompar__n0000_AEB:O falling
Data Path: in1<0>to u5_control 1 O
Gate Net

Cdliin->out fanout Delay Delay Logical Name (Net Name)

IBUF:1->0 2 0.653 0.605 inl 0 IBUF(in1 0 _IBUF)

LUT2 D:10->LO 1 0.347 0.000 ul_Madd n0001 inst_lut2 01 (N11185)

MUXCY:S->0 1 0235 0000 ul Madd n0O001_inst_cy O
(ul_Madd__n0001 inst_cy 0)

MUXCY:CI->O 1 0042 0.000 ul Madd_nO001_inst_cy 1
(ul Madd__n0001 inst cy 1)

XORCY:CI->0 4 1.007 0.818 ul_Madd n0001 inst_ sum 2 (p3_1<2>)

LUT4:12->0 1 0.347 0.312 u4 Ker367832 (CHOICE1001)
LUT3:12->0 3 0.347 0.750 u4_Ker367879 (u4_N3680)
LUT3 D:10->0 4 0.347 0.818

LUT2:11->0 1 0.347 0.312
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LUT4:13->0 1 0.347 0.000
u5_Mmux__old_find smallest_1 a 1 12 Result411l F (N11075)

MUXF5:10->0 6 0.345 0.894
u5 Mmux__old find smallest 1 a 1 12 Result411 (u5__n0010<3>)

LUT4:13->0 5 0.347 0.855
u5_Mmux_find_smallest_1_find_smallest_12_Result90 (CHOICE1040)

LUT3:10->0 4 0.347 0.818
u5 Mmux_find smallest 1 find _smallest 12 Result101
(u5_find_smallest_1 find_smallest<0>)

LUT3:11->0 3 0.347 0.750 u5 Mcompar__n0002_AEB (u5__n0002)

LUT2:10->0 1 0.347 0.312 u5 _control_1 n00001 (u5_control_1 n00OQO)

LDCP.CLR 0.222 uS_control_1 0

Total 13.218ns (5.974nslogic, 7.244ns route)

(45.2% logic, 54.8% route)

Timing constraint: Default OFFSET OUT AFTER for Clock ‘clk’
Offset: 5.880ns (Levels of Logic =1)

Source: ué buff Q 0

Destination: decode out

Source Clock:  clk rising

Data Path: u6_buff Q 0 to decode out
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Gate Net

Cdliin->out fanout Delay Delay Logical Name (Net Name)

FDE:C->Q 1 0.449 0.312 u6_buff Q 0 (u6_buff_Q 0)
OBUF:I->0 5.119 decode_out_OBUF (decode_out)
Tota 5.880ns (5.568ns logic, 0.312ns route)

(94.7% logic, 5.3% route)
CPU :11.19/ 15.09 s | Elapsed : 11.00/ 14.00 s

Tota memory usage is 74716 kilobytes
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CHAPTER-7

CONCLUSION & FUTURE SCOPE

Viterbi Algorithm is widely used for the elimination of the potential noise in a data
stream. Encoding is such that the Viterbi Decoder can remove potentia noise in the
incoming stream by decoding it. The charecteristics of the decoder are its effectivenessin

noise elimination, speed of decoding and cost (hardware utilisation).

This thesis has presented the design and Implementation of the Viterbi Decoder.lts
streamed input-output, regular architecture and paralel execution favor on an FPGA
Implementation.

FPGAs open a wide range of opportunities in the solution space that can result in high
performance and economic solutions to a DSP problem because they do nat map well to
software programmable DSP architectures. The algorithm will have an ASIC solution but
this may not be an option for reasons of schedule, economics of scale and flexibility.
Applications such as data communications and image processing require more processing
power but when the fastest DSP processor is not fast enough, the only alternatives are to
add multiple DSP processors or to design custom hardware devices. Multiple DSP
processors are expensive, require many components and consume too much power. The
performance gain that comes with each additional processor is small when compared to

theincrease in cost, board space, power consumption, and devel opment time.

Custom devices deliver the performance but sacrifice flexibility and require a large
engineering investment with no chance to recover from mistakes. FPGASs are the new

solution used by many engineers to implement computationally intensive algorithms.
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FPGAs offer the best of all the worlds, the flexibility of a programmable solution, the

performance of a custom solution, and lowering overall cost.

So keeping in view of the advantages of using FPGASs as compared to other customised
devices thiswork can further be increased to the designing & implementation of a generic
viterbi decoder. The genericity of the design facilitates not only the rapid prototyping of
Viterbi decoders with different specifications but moreover, it explores the performance
of different implementations in order to obtain the most suitable solution for a particular
communication system. Some of the generic parameters are basic decoder specifications,
metric size, trellis window length, number of surviving paths and pipeline depth. A new

Viterbi decoder with new specifications can be realized by only re-synthesizing the code.
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