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ABSTRACT

The demand for information exchange is ever increasing for most of the communication
models. The communication systems are designed and developed for transmitting the
information from source to a remote destination. The major purpose for designing the
communication system is the accurate and error-free transmission of information between
source and destination. The symbols produced by the information source are given to the
source encoder. The source encoder assigns code words to the symbols. For each distinct
symbol, there is a unique codeword.Errors may be introduced while transmitting these binary
sequences over the channel due to noise and interference.At the receiver end, some sort of
decoder is used to perform the reverse operation of source encoder. The channel decoder
provides decoded output which is converted into a sequence of symbols.

Errors may be introduced while transmitting the binary sequences over the channel due to
noise and interference. Channel coding is done to avoid these types of errors. Some redundant
binary bits are added to the input sequence by the channel encoder according to some pre-
defined logic. The channel decoder at the receiver end reconstructs error-free accurate bit
sequence, thus reducing the effects of channel noise and distortion. The error-control
strategies are used by the channel encoder and decoder at the receiver to reduce the errors in
the received signals. For example, forward error correction (FEC) or automatic repeat request
(ARQ) techniques are used to correct errors and increase the reliability of the received
signals. This thesis discusses the error control aspects of a communication system, in
particular, the error-correcting Turbo codes and LDPC code.

Turbo codes, introduced in 1993, are designed by combining two or more relatively simple
component codes to achieve a large coding gain. The information in turbo codes is encoded
twice but in a different order. Recently, focus has turned on iterative decoding of turbo codes

using “soft-in/soft-out” decoding scheme. The decoding of a complex and long code is



broken up in steps and the decoding steps are interlinked so that the information is not lost
while decoding. This thesis presents realization of simplified VLSI architectures for turbo
decoders using QPP and S-random Interleaver and also evaluates different VVLSI architectures
for 3GPP LTE/LTE-advanced turbo decoders for trade-offs in terms of throughput and area
requirement.

The most significant concern for Turbo codes is to efficiently implement a turbo decoder. A
simplified and efficient implementation of a turbo decoder using field programmable gate
array (FPGA) technology has been presented in this thesis. An integer-based Turbo decoder
has been designed based on the standard 2*s complement number system by analyzing issues
of dynamic range and truncation effect. The integer-based Turbo decoder has been efficiently
implemented by modifying the algorithm, applying integer arithmetic, and managing the
compact hardware. The Max-Log-MAP decoding algorithm is used to modify the branch
metric by weighing a-priori value for significantly improving the BER. The Turbo decoder
generates 7-bit soft-decisions by using 8-level integer inputs, determines metrics on integers,
and avoids complex floating point or fixed-point arithmetic. The memory address is
manipulated to eliminate delay associated with interleaving and de-interleaving and to
provide improvement in the throughput. Additionally, the Turbo decoder is implemented in a
single-decoder structure by efficiently using the memory and logic cells. Verilog hardware
description language has been used to describe the Turbo decoder. XCV300E FPGA chip has
been used to implement the Turbo decoder. The design used approximately 28 RAM blocks
out of 48 total RAM blocks and 3447 cells out of 6912 logic cells in the device. No additional
external components were required in the design. Further, the power consumption of the
designed device during normal operation was approximately 695 mW. FPGA implementation
of turbo decoder with 8 iterations can operate at a frequency of and give throughput of more

than 1 Mbps.



Different VLSI architectures have also been analyzed for 3GPP LTE/LTE-advanced turbo
decoders for trade-offs in terms of throughput and area requirement. The performance of
SWSISO MAP (maximum a posteriori)turbo decoder, standard SISO MAP turbo decoder,
and PW SISO MAP turbo decoder have been analyzed on the basis of data flow graphs. Two
different variants of quadratic permutation polynomial (QPP) interleaver have been proposed
for simplifying complexity of “mod” operator implementation and providing best trade-off
between power dissipation, delay, and area. Also, a turbo decoder with one variant of QPP
interleaver has been implemented and analyzed. A novel technique for optimizing the area
has been proposed to reduce the number of interleavers required for implementing a parallel
window turbo decoder using multi-port memory. The circuit-level retiming and pipelining
techniques have been used to improve the throughput without increasing the area complexity.
The proposed decoders have been simulated using ModelSim 10.1 student edition and
synthesized using Synopsys Design Compiler tool version D-2010.03-SP1. The synthesis
results show an increased throughput of advanced decoders in comparison with the standard
decoder, but at the same time, there is an increase in power and area requiremente.
Considerable amount of area can be saved by applying an improved interleaving technique to
PW decoders saves. Simulation results corresponding to throughput and latency for different
architectures of turbo decoders have been shown in the work.

Interleaving is normally used in digital communication and storage systems to improve the
performance of forward error correcting codes. For turbo codes, an interleaver is an essential
constituent and its appropriate design is decisive for superior performance. Quadratic
permutation polynomial (QPP) interleaver is a contention free interleaver that is appropriate
for parallel turbo decoder realization. A new interleaver design, an alternative of QPP
interleaver of turbo codes, has been suggested which permutes a series of bits with the

identical statistical properties as a conformist QPP interleaver and performs superior than the



predictable QPP. New proposed architecture has been simulated and synthesized using Xilinx
and HDL Designer tools. Very large scale amalgamation of architecture for the proposed
interleaver has been investigated in terms of area, delay and power dissipation. Thermal
power indulgence and device operation has been computed for the novel plan using Quartusl|
(32-bit) tool. Also, a contrast among the proposed alternative of QPP interleaver and the
conformist QPP interleaver has been presented.

Low-Density parity-check (LDPC) codes were proposed by Robert Gallager in 1963 as error
correction codes. These codes allow communicating over the noisy channels near the
Shannon capacity limits. LDPC codes were overlooked for thirty years due to their high
computational complexity for hardware technology at that time. Then LDPC codes were
rediscovered by MacKay and Neal in 1990. LDPC codes are represented using the matrices
or with a connected set of graph called as tanner graph. Tanner graph is used for mapping a
parity check matrix with the nodes. In the tanner graph, the number of columns in the matrix
is equal to number of variable nodes and the number of rows is equal to number of check
nodes.

Message-passing decoding iterative algorithms are used at the decoder end of LDPC codes.
The messages are exchanged between the variable nodes and the check nodes in discrete time
steps of the message-passing decoding iterative algorithms. This process is continued till a
specified number of iterations are processed. Several message-passing decoding algorithms
have been proposed, among which the algorithm which provides the best performance is
belief propagation (BP) algorithm.

In this thesis LDPC decoder has been realized using partially parallel decoder architecture
and simplified soft-decision log-belief propagation algorithm.The realized architecture
possesses high speed and greatly reduces the routing and check node complexity of the

decoder. This work presents introduction to LDPC codes and its various decoding algorithms



followed by realization of LDPC decoder by using simplified message passing algorithm and
partially parallel decoder architecture. Simplified message passing algorithm has been
proposed for trade-off between low decoding complexity and decoder performance. It greatly
reduces the routing and check node complexity of the decoder. Partially parallel decoder
architecture possesses high speed and reduced complexity. The improved design of the
decoder possesses a maximum symbol throughput of 92.95 Mbps and a maximum of 18
decoding iterations. The article presents implementation of 9216 bits, rate-1/2, (3, 6) LDPC
decoder on Xilinx XC3D3400A device from Spartan-3A DSP family. The thesis has been
organized in six chapters.

Chapter 1 presents the introduction, motivation, formulation of problem, objectives of the
thesis, and organization of the thesis.

Chapter 2 deals with the preface to turbo codes and iterative decoding algorithms employed
at decoder end of telecommunication system. The chapter also talks about FPGA
implementation of the basic and proficient turbo decoder.

Chapter 3 evaluates various VLSI designs for 3GPP LTE/LTE advanced turbo decoders for
comparison in terms of output and area constraints.

Chapter 4 discussesa new proposed interleaver blueprint which is an alternative of QPP
interleaver, which permutes a series of bits with identical statistical allocation as a conformist
QPP interleaver and executes better than conformist interleaver for turbo codes.

Chapter 5 presents preamble to LDPC codes and its different decoding algorithms followed
by the understanding of LDPC decoder with the help of basic message passing algorithm
technique and to some extent parallel decoder architecture design. Basic message passing
algorithm significantly diminishes routing and checks node complication of decoder and also

provides comparison among the low decoding complexity and performance of decoder.

Vi



Finally, Chapter 6 concludes the research work. Further, a brief description about the future

work/scope will be given as a motivational seed for further research work.
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Chapter 1
Introduction

1.1 Research Motivation and Contributions
There is an increasing need of information sharing in today“s era of communication models.
The basic function of any communication system is to transmit an input data from the

transmitter to the receiver end. The set-up of a preliminary communication system is shown

in figure 1.1.
Information | | Source | | Channel | | Digital
Source Encoder Encoder Modulator
!
Channel

}

Output | | Source | _| Channel | | Digital
Signal Decoder Decoder Demodulator

Figure 1.1 Basic Communication System
Input message transfer over the channel is carried out with highest possible data rate and
accuracy. At transmitter end, the input source produces symbols which are given to the source
encoder. The symbols are converted to code words by the source encoder. There is a distinct
codeword for each distinct symbol. The source decoder does the inverse mapping of the
source encoder code words, and thus, the binary channel decoder output is transformed back
to symbol sequence. Noise in the channel may introduce errors in the binary sequences during
communication over the channel. These errors can be avoided by using channel coding
techniques. The encoder at the transmitter end for channel coding appends the output of the
source encoder with redundant bits according to some algorithm. The decoder for channel

coding block at the receiver side performs the inverse operation of the channel



encoder and retrieves the source encoder output. To retrieve the original bit sequence
accurately, various error-controlling techniques are used in channel coding.

There is a dire need for authentic and reliable digital data transmission in the present era.
Shannon in his paper [1] mathematically explained the communications channel in the
presence of noise. He proposed the maximum value of theoretical capacity over a channel and
also discussed the existence of channel codes that facilitated the maximum capacity to be
achieved. Over a period of time, numerous channel codes which closely approach Shannon*s

limit have come into existence but each of them requires large block length to perform in an
efficient manner. At higher values of Ep/Ng these codes provide higher values of coding gain

but other parameters such as their cost, latency and complexity makes them impractical to
closely approach the limit suggested by Shannon.

Turbo codes were introduced by P. Thitimajshima, Glavieux and C.Berrou [2] as a novel
type of error-correcting codes. Initially, concatenated coding scheme [3] was used. The
concatenated coding scheme was able to correct errors of comparatively longer codes and
achieve comparatively better coding gain by making use of two or more relatively simple
constituent codes, though, it had the disadvantage of having high complexity on the receiver
side. The analysis techniques used by the turbo codes are different from the normal coding
theory techniques and give excellent encoding and decoding performance [4, 5]. Turbo codes
achieve this efficiency and closely approach the Shannon*s limit by making use of two or
more constituent codes which work on the input information and its interleaved version. Due
to its remarkable properties, turbo codes find use in applications such as 3GPP used in IMT-
2000 [6], WCDMA and CCSDS telemetry channel coding [7].

However, the complexity of the circuit and the power consumed by the turbo decoder
implementations put a limitation on their use in the power-constrained systems. In the

traditional approach, the hard decision value from the demodulator block is passed to the



error control decoder without conveying any information about the reliability of the hard
decision passed. Improved results were obtained when the input to the demodulator was taken
as quantized analog signal. This resulted in the inception of decoding algorithms with soft
input. But this provided optimum results only if one code was used. In case of concatenated
codes, new soft output algorithms were developed which provided a real number as an output.
The real number provides information about the error probability. In other words it conveys
the information about the reliability of hard decision of the decoder. This is quite significant
in iterative decoding for the next stage decoding process. The two most widely used soft
output decision algorithms are Viterbi algorithm and maximum a posteriori (MAP) algorithm.
Viterbi algorithm [8] minimizes the probability of word or sequence error and MAP
algorithm [9] minimizes the probability of bit error. Max-Log-MAP algorithm, that is a
modified form of MAP, optimally balances performance and complexity [10].

This thesis analysis the Max-Log-MAP algorithm and updates the algorithm by weighing the
a priori values with a scaling factor,,s“. Turbo codes” BER performance is evaluated for
different values of scaling factor. Best BER performance is given for s=0.7 [11]. Also,
different VLSI implementations of turbo decoder used in 3GPP LTE/LTE-advanced (i.e.
decoder in standard form, sliding window technique decoder, parallel window technique
turbo decoder, turbo decoder using parallel window technique and QPP interleaver, turbo
decoder using parallel window and pipelining technique, turbo decoder using parallel window
and retiming technique) have been analyzed for throughput and area requirements by using
data flow graphs [13]. The analysis shows that the throughput starts increasing from standard
window towards sliding window and parallel window, but the limitation is that
simultaneously area requirement also increases proportionally. Circuit level pipelining and

retiming techniques increase the throughput in a larger proportion as compared to area



increment. The parallel-window based architecture along with a novel interleaving technique
[12], can give optimized area parameters.

Gallager proposed low-density parity-check codes [14]. At the time of their inception, LDPC
codes were considered to be very complex so their use was quite limited. It was not until 30
years later that the work of Mackay [15, 16] brought them back to light. Mackay proved that
LDPC codes can approach Shannon capacity limit closer than turbo codes [18] with increase
in the block length [17]. As compared to the turbo codes, LDPC codes provide less
complexity per iteration and error floor at much lower BER. Nowadays, LDPC codes are
extensively used in applications such as IEEE 802.11 [21], IEEE 802.3 [19] IEEE 802.16

[20] and DBV-RS2 [22]. Other important characteristics of LDPC codes are that they are
highly flexible in choice of code length and rate, they have natural stopping criterion and
have good parallel decoding capability.

Based on the message alphabet type, the decoding algorithms for LDPC codes can be
classified into hard- decision and soft-decision algorithms. If the alphabet takes binary values,
then the algorithm is referred to as hard-decision and if the alphabet consists of infinite
number of symbols, it is referred to as soft-decision. Soft-decision algorithms are more
complex than hard-decision algorithms. The hard-decision algorithms are simple to
implement as the decoding process makes use of binary values only, which further leads to a
simplified binary structure and reduced wiring, thus making their hardware implementation
simpler.

Belief propagation (BP) [15, 23, and 24] and Weighted Bit Flipping (WBF) algorithms [31]
are widely used soft-decision algorithms. As compared to other algorithms, the BP algorithm
provides an optimized error rate but its disadvantage is that it is the most complex algorithm.
Efforts have been made to reduce the complexity of BP with least effect on its performance.

Min-sum (MS) algorithm [28, 30, and 25] is a well-known approximation of BP. The



algorithms with comparatively less complexity have been thoroughly reviewed in [29]. The
performance of WBF is not as good as that of BP but they are much simpler than BP and its
approximations. In other words, they provide good performance/complexity tradeoff. The
family consists of WBF algorithm, MWBF [26] and IMWBF [27]. In this thesis (3, 6) LDPC
decoder has been developed with higher decoding output occupying lesser area by using
SMPA and partially-parallel decoder architecture. The proposed SMPA algorithm
significantly reduces the resource utilization as compared to the BP-algorithm and fully-
parallel decoder architecture [32].

1.2 RESEARCH METHODOLOGY

Throughout this thesis, computer simulations have been used to obtain the results. The ADS
software has been used to model simulation setup for turbo codes. VHDL language has been
used for designing a novel interleaver. Some simulations were performed using ModelSim

and synthesis has been done using Precision Synthesis. Quartusll tool (32-bit) has been used

for obtaining total thermal Pp and device utilization. Graphs have been used to illustrate the

simulation results. Tables have been used to show the interleaved sequence after using
interleavers in the decoder structure. For the purpose of illustrating the facts, numerous
figures have been included in the thesis.

1.3 THESIS OUTLINE

The thesis has been organized in six chapters.

Chapter 1 presents the introduction, motivation, formulation of problem, objectives of the
thesis, and organization of the thesis.

Chapter 2 deals with the preface to turbo codes and iterative decoding algorithms employed
at decoder end of telecommunication system. The chapter also talks about FPGA

implementation of the basic and proficient turbo decoder.



Chapter 3 evaluates various VLSI designs for 3GPP LTE/LTE advanced turbo decoders for
comparison in terms of output and area constraints.

Chapter 4 discusses a new proposed interleaver blueprint, an alternative of QPP interleaver,
which permutes a series of bits with identical statistical allocation as a conformist QPP
interleaver and executes better than conformist interleaver for turbo codes.

Chapter 5 presents preamble to LDPC codes and its different decoding algorithms followed
by the understanding of LDPC decoder with the help of basic message passing algorithm
technique and to some extent parallel decoder architecture design. Basic message passing
algorithm significantly diminishes routing and checks node complication of decoder and also
provides comparison among the low decoding complexity and performance of decoder.
Finally, Chapter 6 concludes the research work. Further, a brief description about the future

work/scope will be given as a motivational seed for further research work.



Chapter 2
Turbo Codes

2.1 Channel Coding

Since C. E. Shannon®s pioneering work on mathematical theory for digital communications in

1948-49, the subject of error control coding has emerged as a powerful and practical means of

achieving efficient and reliable communication of information in a cost effective manner.

Suitability of numerous error control schemes in digital transmission systems, wire line and

wireless, has been studied and reported in detail in the literature. Shannons noisy channel coding

theorem tells that adding controlled redundancy allows data exchange at low error rate

as long as , where and stand for the rate and capacity of the channel respectively. Channel

coding does detection and correction of errors by making use of this controlled redundancy.

Channel coding or Error Correction Coding technique depends on the system parameters and

the channel type. The main function of channel codec is to maintain the reliability of message

during transmission while reducing the required transmit power — coding gain and to have
faithful reproduction of information at the receiving end. An error control code also
facilitates the designing of a transmission system in the following ways:

a) Channel coding or error control code reduces the transmission power requirement of a
digital transmission system. This feature makes it of great use in the field of wireless
systems.

b) Maintaining the same level of performance with reduced size of a transmitting antenna or
receiving antenna is feasible by use of channel, for example, Very Small Aperture
Terminal.

c) The error control technique facilitates access to multiple users in the same radio

frequency in a digital communication system, for example, cellular CDMA.



Efficient error control coding technique requires devising codes having good asymptotic error
performance, optimum structural properties and efficient encoding and decoding strategies.
For a channel code, the encoding process involves mapping of sequence from a k-valued set
to a n-valued set with and are defined over a finite field. On the other

hand, the decoding process involves the reverse mapping operation. The coding efficiency

of the code can be defined as ratio of 1 / O where and ere denotes the length of input sequence
and represents the output sequence length. refers to elements in the finite field over which
input message and output message and

has been defined. = =2 for a binary code, which implies / . For a channel

code, which implies that encoding adds some additional information. This additional
information helps in reliable estimation of the original information sequence.

The process of error control or channel coding techniques can be classified into Forward
Error correction and Automatic Repeat Request as shown in figure 2.1.

Forward Error Correction (FEC): This involves detection and correction of the erroneous

symbols after decoding the received sequence.

Error Control
Mechanisms

Y b 4

Forwqrd Error Automatic Repeat
Correction (FEC) reQuest (ARQ)

Figure 2.1 Error Control Mechanisms

Figure 2.2 shows structure-based classification of some FEC codes.
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Auto Repeat reQuest (ARQ): This is a simple method of error detection and
retransmission. The channel decoder detects any error in the sequence received and requests
for retransmission if any error is detected. The procedure goes on until an error-free
sequence is received. The drawback of this scheme is extra memory required by the
transmitter and also that it may involve considerable delay. Three important variants of ARQ
scheme are: i) Stop and Wait, ii) Continuous and iii) Selective Repeat.

Hybrid ARQ: This technique is widely used in digital satellite communication systems. It
incorporates the best features of both the schemes. The delay parameter and the bandwidth

can be reduced significantly by combining a moderately powerful FEC with an ARQ

Figure 2.2 Classification of FEC codes

scheme. Simultaneously the throughput of the transmission system increases.

This thesis discusses Turbo codes and LDPC codes in detail and proposes modifications at

algorithmic and architectural level for improving the performance.

2.2 Turbo Codes

By combining couple of simple component codes, Forney proposed concatenated coding

schemes as a method for obtaining big coding gains. The error-correction capability of the




resultant codes was that of much longer codes and the resultant codes had the structure that
allowed simple to somewhat complex decoding. The combination of the convolutional code
(inner side) and Reed-Solomon code (outer side) is the most largely used scheme. The
modification of the concatenated scheme is the turbo code. Glavieux, Berrou and

Thitimajshima introduced Turbo codes in a paper in 1993, wherein a bit-error probability (=
10'5) was achieved at SNR of 0.7 dB by making use of the code having 1/2 code rate over

AWGN channel and BPSK modulation. In conventional codes, the hard decision decoded bits
are given in the final step. For proper working of the concatenated scheme, the algorithm
used for decoding process should not only forward hard decisions among the decoders but
should also affect an exchange of soft decisions to yield the most reliable result. In turbo
codes, the soft decisions are exchanged between decoders and this process is repeatedly done
to get optimized results.

2.2.1 Literature Review

Forney proposed concatenated coding techniques [3]. These techniques have the capability of
correcting the errors of much longer codes with relatively easy to moderately complex
decoding. Turbo codes can be explained as a modified concatenated structure with decoding
algorithm undergoing number of iterations to produce reliable result. In 1993, Berrou,
Glavieux and Thitimajshima introduced Turbo codes [2]. Berrou et al in [2] proposed that the
BER of Turbo codes closely approximates Shannon“s limit. The proposed encoder for turbo
codes was built by the concatenation of a large non-uniform interleaver and two Recursive
Systematic Convolutional (RSC) codes in a parallel manner. The decoder was implemented
with P pipelined identical elementary decoders using modified Bahl et al algorithm [9] .In
1994, Patrick Robertson published a paper [33] in which he highlighted certain limitations of
the BCJR algorithm. According to Patrick, proper description of the the interface between the

decoders was not given. Further, he also highlighted that the main issue for the smaller blocks
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i.e. trellis-termination was not addressed. To overcome the limitations, he proposed to formulate
the associative iterative decoder in a comparatively simple manner by exchanging information
between the decoders using log-likelihood ratios. He also proposed a method for reducing the
iterations required for the same BER value. Another drawback of the codes proposed in [2] has
been addressed in [33] that the BER curves show flattening at high SNRs. This paper proposes an
interleaver design which can give marked improvement at high SNRs. In 1994, the theory of
turbo codes was applied to linear block codes [34]. [35] Explains turbo decoding for multiple

turbo codes and performance within 0.8dB of Shannon®s limit for a rate
Y4 code and at BER:10'5. In [36], published in 1995, novel turbo encoder structures having

constituent codes code rate 1/3, 2/3, 3/4 and 4/5 have been developed. The codes have been
designed using primitive polynomials and random interleavers have been used for better

asymptotic performance. The performance obtained from such codes lies within 1decibel of
the Shannon®s limit for BER of 10_6. In [4], Benedetto and Montorsi proposed a technique

for estimating the probability of error for a parallel concatenated coding scheme for any
interleaver used. In [40], a module having soft input and giving soft-output used in decoding
of PCCC [2, 33] and SCCC [37-40] has been analyzed in detail. Also, sliding window SISO
algorithm is proposed which updates the probability distributions continuously without
requiring trellis termination. Additive version of SISO algorithm is also proposed to
overcome the complexity of multiplication operations. In 1997, Haganauer [41] generalized
the usage of turbo principle from just decoding of parallel concatenated codes to serial
decoding, source-controlled channel decoding, equalization, multiuser detection and coded
modulation.

Turbo coding refers to concatenation of RSC encoders through pseudorandom interleaver [4].
Turbo codes give remarkable performance but also exhibit BER floor problem. The BER

problem can be tackled by concatenating turbo codes with BCH or RS outer code. List
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decoding can also be used to reduce BER and FER. PLVA and SLVA were introduced in
[44-45]. In [46], list decoding is applied to turbo codes and performance comparison is made
between convolutional codes and turbo codes using list decoding method. Finally, a decoding
method based on serial LOVA is developed which achieves the desired result of reducing
BER. In [47], asymmetric codes were explained which again targeted the BER and FER of
turbo codes. The turbo codes of asymmetric nature consisted of one component code with
good performance in “waterfall region” concatenated with another component code having
good performance in the “error-floor” area of BER plot of Turbo codes. Asymmetric codes
achieve relatively good BER performance in both the regions and better FER performance
results than for either of the symmetric versions throughout the “waterfall” region. In [48], a
novel type of turbo codes, referred to as turbo-SPC is proposed as an alternative to puncturing
for changing code-rate. Turbo-SPC scheme significantly reduces decoding complexity, makes
the cost reduction factor more conspicuous as the rate increases and also improves the error-
rate floor problem.

SISO-APP (SISO- a posteriori probability algorithm) [40] algorithm is the generalized form
of BCJR [9] algorithm. The advantage of SISO-APP over MAP is that it does not depend on
whether the code is of systematic type or nonsystematic type, recursive or non-recursive. It is
also independent of the concatenation scheme (serial, parallel, or hybrid). In [50], SISO-APP
decoders have been synthesized and analyzed using a tile-graph technique [49]. The proposed
technique discusses memory and latency parameters of SISO-APP architectures. Also,
optimized SW and PW architectures were derived and a novel parallel window Data Flow
Graph was discussed. [51] Presents a parallel VLSI architecture, comprising of multiple SISO
elements, for low-latency turbo decoding. The proposed parallel architecture is then
compared to the sequential architecture and it is found that the delay gets reduced by around

20 times and output is also reduced up to six-fold in the parallel architecture. SISO-MAP
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based turbo decoders were used in applications such as HSDPA or 3GPP-LTE, for decoding
in an iterative manner in MIMO wireless systems (IEEE802). [52] Proposes radix-2 and
radix-4 SISO-MAP decoder architectures. Implementation of the proposed architectures has
been done in 180nm, 130nm and 90nm technology. Throughput, energy and silicon area-
tradeoffs for the proposed architectures have been investigated in the paper. Various high
speed recursion architectures were proposed in [53-55]. An advanced Radix-2 recursion
architecture based on architectural and algorithmic level transformation has been proposed in
[56] which possesses significantly lower hardware complexity and achieves comparable
processing speed as Radix-4 architecture.

Decoders with low throughput (less than 10 Mb/s) have already been implemented, with
numerous commercial applications in software or hardware. The paper [57] discusses
different methods to increase turbo decoder*s throughput such as parallel architectures and
adequate stopping criteria. The paper also states that by directly wiring the SISO decoders,
the concept of analog decoding will allow the concept of iterative decoding to be removed
which may, in future, facilitate low energy consumption receiver deign. In flexible turbo
decoding algorithm [58], mix of early-stop, parallel decoding, dual-path processing and radix-
4 algorithms is proposed which reduces the power consumption and the latency. Parallelism
techniques were classified into a three-level structure in [59]. The three levels are Turbo-
decoder level Parallelism, BCJR-SISO decoder level parallelism and BCJR metric level
parallelism. [60] Presents the architecture of turbo decoder utilizing both parallel-trellis stage
level and parallel-SISO decoder level. Also proposed is an interleaver which allows
contention-free access in the hybrid parallelism. Number of MAP decoders and memory
banks have been used in [61] to achieve high throughput. To enable concurrent working of

MAP decoders, QPP interleaver allowing contention-free access to memory modules is used.
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The proposed architecture can have any degree of parallelism and its structure can be
adjusted according to the required throughput value.

2.2.2 Turbo Encoder

Figure 2.3 shows a turbo encoder consisting of two recursive systematic convolutional (RSC)
encoders which are concatenated with an interleaver in between them. The encoderl encodes
the input data block. The same data block is also interleaved and encoder2 encodes it. The
interleaver randomizes the burst error patterns, if any, so that the information can be retrieved

correctly.

RSC XN
Encoder 1 k
A
Interleaver
. RSC x::l
Encoder 2
(a) Encoder
» Decoder
Output
De-Interleaver <
% > Interleaver
SISO
> SISO > Interleaver I Decoder2
> Decoderl
Y

yP

(b) Decoder

Figure 2.3 Turbo Encoder / Decoder
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The main features of Turbo encoder are
* RSC encoders
» Parallel concatenation and Interleaving
+ lterative decoding
2.2.2.1 RSC encoder
The conventional convolutional encoder, which is not recursive or systematic can be

converted to a RSC (Recursive Systematic Convolutional) encoder by feeding back one of its

encoded outputs to the input side.

A\ » cl
+

X » D > D G-=[g: &l

Figure 2.4(a) Non-Systematic Convolutional code with r=1/2 and K=3

) 4

» C2
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Figure 2.4(b) Recursuive Systematic encoder with r=1/2 and K=3

G=[1,g,/g,]

For each adder in the convolutionalencoder, a generator polynomial is defined.
[ 1 and [ ] represent the generator polynomials of the above convolutional
encoder shown in figure 2.4(a). The subscript 1 denotes the output terminal and the
subscript 2 denotes the output terminal . A “1” in the generator polynomial represents a
connection and a “0” in the polynomial represents no connection. The element in the row
and column of the generator matrix (of the order kxn) of the convolutional encoder
determines how element is determined by the input. The generator matrix for the
above shown encoder (figure 2.4(a)) is given in the following equation

[ 11 ] (2.1)

RSC encoder can be obtained from the conventional encoder by feeding back the first output

to the input. Then the generator matrix gets modified as
. (2.2)

Where 1 is the systematic output, is the feedback to the input of the RSC encoder and
is the feed-forward output. Figure 2.4(b) shows the resulting RSC encoder. At low SNR, BER of

RSC code is less than NSC code but at high SNR, BER of non-systematic code is less than
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systematic convolution code for the same constraint length. Also, NSC codes do not lead
themselves to parallel concatenation.

2.2.2.2 Concatenation of codes and interleaving

In the theory of coding, an inner code combines with an outer code to form concatenated
codes which are a class of error correcting codes. The main purpose of concatenated codes is
to have an error probability which decreases exponentially as the block length increases [62].
Concatenation is of two types: serial and parallel. In serial concatenation, the encoderl output
gets interleaved and this interleaved output is given as input to encoder 2. On the other hand,
in parallel concatenation, the input data itself is interleaved before being given to the second
encoder as input. To eliminate the chances of burst error occurrence and to randomize the
code optimally, an interleaver is generally used in concatenated codes. for serial

concatenation is given as [62]

/ (2.3)
Where is the total code rate.
for parallel concatenation is calculated as
o (2.4)
That implies, — (2.5)
Input » Systematic Bit
Data . ,
» Encoder » Parity Bitl
Interleaver
» Encoder > Parity Bit 2

Figure 2.5(a) Parallel concatenation scheme
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Figure 2.5(b) Serial concatenation scheme
The serial and parallel concatenation schemes are shown in Figure 2.5. Turbo codes use the
parallel concatenated encoding scheme. However, the turbo code decoder is based on serial
concatenation.
2.2.2.3 Iterative decoding
For iterative decoding, the three inputs to the turbo decoder are defined as L(uk) (the a priori

value for bit uyy; r¢ (received uncoded bits affected by noise); and ck( received coded bits

affected by noise). The expression for LLR of uy after considering the received symbol ry is

given as
: (2.6)
that may be expressed as
I ‘ + : (2.7
The exp\/r_e_ssion fo(r probability den)sity function (r) for AWGN channel is
(2.8)
Where m is the mean and o is the noise variance.
Conditional pdf can be expressed as
— ( — ) (2.9
—- ( ) (2.10)

We can now compute
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— — (2.11)
Log Likelihood Ratio can be re-computed by making use of the above expressions. Thus,

- (2.12)

Say, — represents the reliability estimate of the channel, and

|
represents the a priori value for bit u.

Thus we get
I

After considering the whole observation sequence, the LLR (2.13)

given by the following expression of the information ui may be

We can now rewrite it as (2.14)

(2.15)
Le (uk) represents extrinsic information. The a priori value is null for first half of iteration,
thus

(2.16)
a priori information becomes the extrinsic information for second half of iteration, thus, the
output may be expressed as

+ (2.17)

For the next iteration, becomes the a priori value of Ly (uk) and this process goes on.
Initially, the extrinsic values are statistically independent and there is significant
improvement from one iteration to another. But, the improvement after a few iterations
becomes negligible as the initial information remains unchanged. Finally, the soft output

decision after the last iteration can be obtained by taking the sum of the last two extrinsic
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values and L¢rk and hard decision value can be computed by comparing the summation value
with a threshold level equal to zero, that is, if the log likelihood ratio value is more than or
equal to 0, then the decoded bit is considered as 1 otherwise it is considered as 0.

2.3 Decoding Of Turbo Codes

Turbo codes use Soft-In-Soft-Out decoding algorithms to retrieve the original information. In
the conventional approach of decoding, hard value (0 or 1) is passed to the error control
decoder. This approach has the drawback that the reliability of the information is not
ascertained. On the other hand, SISO decoder outputs the estimate for each data bit. Estimate
determination of same set of data bits is provided by the decoders but in different order. In the
process of decoding, if all midway values are soft values, the decoders can achieve much
from exchanging information. Performance gets enhanced by iterating the information
exchange a number of times. After each iteration, estimates get re-evaluated by decoders by
using information from other decoder and each bit is assigned the value of 0 or 1 in the final
stage. In the design of turbo codes such decoders are essential. MAP and SOVA are the most
commonly used decoding algorithms which are soft-decision based [63]. The performance of
MAP algorithm is approximately .5 decibels better as compared to SOVA at low values of
signal-to-noise ratio but it is more complex [64]. This is quite beneficial for turbo codes as
any improvement in the BER of the first stage of iterative decoding increases overall
performance significantly. On the other hand, SOVA is preferred due to its low latency values
in number of real time applications.

The Turbo decoder consists of two SISO decoders and an interleaver/ de-interleaver pair to
exchange information between two SISO decoders as shown figure 2.3.

2.3.1 SISO MAP Decoding Algorithm

Consider a convolutional encoder with code , which codes  information

bits into  encoded bits. is called the constraint length of encoder. s called the code rate
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of encoder and is defined as / . Number of storage elements in the encoder is given as

which implies that at any time, encoder can be in any one state out of states.
Next, for every pair of input variable and current state , there is a unique pair of output
variable and next state( ).
The encoder passes from stage to . For input binary information { )

the turbo encoder provides output in two parts, and  where represents the information
sequence and is represented as { yand represents parity codes and is
represented as{ }. An AWGN channel with noise spectrum density and
BPSK modulation is assumed. The output is also obtained in two parts, and , where
={ }and ={ } and are actually noisy versions of the
output. The objective of decoder isto find out original data out of noisy pattern Y=
{ 2

The MAP algorithm determines the data sequence by calculating each symbol
separately from whole received sequence . The MAP decoder decides whether or

depending on the sign of the following log-likelihood ratio (LLR)

P(x¢ =+1]y)

LLR = log If( X =-11y) (2.18)
Assume that for time ,  denotes the state of the encoder at time . Also,
consider that Then LLR can be rewritten as

LLR—IogZ_Z_k qu;ﬁlu 1 (Te1) BT (2.19)

ZT T 7y, T T)akl(Tk 1) ()

k-1 0 k

Where is the forward recursion metric, is the backward recursion metric and is the Branch

metric. They can be expressed as

akklk)zzzyikyk, Ik—l’ Ik).ak—lklk—l) (2.20)

Sk_1 i=0
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Bk (Tk) B zzyi (yk+1 ’Tk ’Tk +1 ).IBk+1 (Tk+1)

(2.21)

Sk 41 =0

y ((yS yP)T Ty=qx =i|T,T )p(y®Ix =i)p(y’Ix =iT,T )P(T|T )(222)
i kk k-1 k k k k k k kk-1 rk k-1

kk -1

Wherein, the parameter ¢ / ) can be either one or zero depending on whether
is possible for the transition from state to  ornot. For AWGN channel,

calculating | and ¢ | y  trivial. There is a fixed value for the

last component usually for all values of . By using logarithmic quantities, the

equations can be converted to the additive form to avoid the complexity of multiplications.

Thus a«(Tk)=log(ex(T)), Bk (Tk) =10g( S (Tk)), 7k (T ) =109(rk (Tk ) (2.23)
The forward recursion metric and the backward recursion metric can also be represented in

the additive form, as shown below:

ax(Tk)=max*(yi (Yk, Tk-1,Tk) +ax-1(Tk-1)) (2.24)

(Tk—1.0)

B (T) =max*(7i (Vi +1 T Ti+1) + Br+1 (Tk+1))
(Tio1.d) (2.25)

Max* is defined as a maximization function with a correction term. The corrective term in
max* can be implemented using a look-up table. However, the case in the iterative decoding
is bit different. The ,,a priori” probability of information bits generated by the other MAP
decoder must also be considered in turbo decoders.

2.4 Interleaver

The communication system consists of an information source (producing a message or
sequence of messages), a transmitter (having the capability to operate on the message to
convert it to a suitable signal for transmission), a channel (a medium like air or wire etc.), a
receiver (practically inverse of transmitter operations) and the destination (a person or a
machine). The noise source can be defined as burst noise (lightening, switch noise), white

noise, or channel distortion. The basic communication system model is shown in figure 2.6.
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Figure 2.6 Basic Communication System Model

Parity bits are added with the information bits while sending the data over the channel. This
new data sequence is a codeword. With the definition of codes, several properties associated
with the code words are defined. The two important properties are hamming distance (or
simply distance) and hamming weight (or simply weight). The hamming distance between
two code words is the total number of positions, where the two code words are different. The
hamming weight of a codeword is the total positions by which it is different with respect to
the zero vectors. One of the properties, which define the quality of a code, is called the
minimum distance which is the smallest distance between distinct code words, and it gives a
measure of how good is the code in detecting and correcting errors. Up to

errors can be detected and up to t errors can be corrected, with a code with minimum distance

, provided the following relation gets satisfied:
(2.26)

Consider a code which can correct up to errors. Let™s take a simplified data transmission
example over a noisy channel as shown in Figure 2.7. We see that some data is lost during
the transmission in such a way that two bits each from two of the transmitted code words
have become corrupted. As the decoder can correct only one error in each codeword, both

these code words end up as un-decodable.

Encoder —’\X4|X.1|X:|X|| |y4|Y»|Y2|YI| |24|Z‘~|Z:|Z|| IWJIW?»IWzIW\}“l
Noise added Channel
Decoder 4—{WIIWZIWRIWJ Z, |Z:| = I e I . I & IY.‘» Ya Xlllex,\ X4}"—/
Codewords That Cannot Be Decoded
la —X
—EER] T FEEE RS

Figure 2.7 Transmissions and Reception of Data Over Noisy Channel
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An alternate way to handle this situation is to introduce an interleaver between encoder and
transmitter. Vice versa a de-interleaver (inverse of interleaver) has to be incorporated
between receiver and decoder. The interleaver forms an important part of a channel coder and
its most important objective is to randomize the bit sequence so that the burst error effect in
transmission is minimized. The burst errors may occur due to distortion or switching effects
in the channel or due to concatenated coding technique.

An interleaver, by definition, is single input - single output device with memory, taking a bit-
stream of fixed width as input and generating permuted output bit-stream of the same width.
Thus the mapping of an input sequence on to an output sequence can be defined as where

represents a

specific interleaving pattern. The interleaver operation can be parallelized to increase the
throughput but the basic operation remains the same. The de-interleaver performs the reverse
operation of retrieving back the original information.

2.4.1 Literature Review

Numerous architectures of interleaver have been investigated in the literature [69, 70-72, 73—
83]. The bottleneck of memory access contention problem should be overcome to ensure high
degree of parallelism [74, 51] required by 3GPP LTE. An idea to have a solution to the
memory access contention problem came while designing the contention free interleavers
discussed in [84-87]. QPP interleaver is suitable for 3GPP-LTE [11] as it allows parallel
memory access which is contention-free. QPP Interleaver™s algebraic features facilitate
simplified hardware implementation and analytical designing of a parallel turbo decoder [75].
Also, as QPP derives its algebraic structure from the theorems of the permutation
polynomials defined over integer rings, the parallelism degree for the decoder can be
determined from the factors of the interleaver length [75]. A decoder optimized for 3GPP

LTE application, that is, a parallel Turbo decoder architecture giving high throughput, can be
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designed by using memory architecture with multi-bank feature and an interleaving address
generator having low complexity [88]. In [89], QPP interleaver with a reconfigurable
architecture has been proposed to provide contention-free memory access in the turbo
decoder. This reconfigurable architecture eliminates the extra memory requirement for
storing the interleaved addresses or the increase in the clock frequency as compared to the
conformist approach. In [90], a novel non-linearity metric has been explained. Also, a novel
interleaving metric has been proposed that depends on the spread factor and the non-linearity
metric. [91] Compares the QPP and ARQ interleavers on basis of their design and
performance. The coefficients of two QPPs must satisfy some sufficient conditions to
generate identical permutations. The theorem explaining these sufficient conditions and the
method for reduction of search time of QPP interleavers is given in [92]. The lengths used in
the theorem are given by LTE standard up to 512. In [65], the appropriateness of algebraic
interleavers providing contention-free memory-access for parallel decoding of turbo codes
has been reinforced. Also, the simulation results in this paper illustrate better results for turbo
codes using these interleavers. In [93], parallel interleaver architecture has been proposed
generating on-the-fly interleaved addresses. Further, a parallel interleaving architecture has
been proposed in [94] for accomplishing highly parallel multi-standard turbo decoding, which
solves conflicting memory problem. In [95], the analysis of maximum-spread and largest-
spread QPP interleavers has been done.

2.4.2 Types of Interleaver

Based on the input information type, the interleavers can be divided in two main types named

as block interleaver and convolutional interleaver as shown in figure 2.8.
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Figure 2.8 Classification of Interleavers
2.4.2.1 Block Interleaver
The input information in a block interleaver is in block form. The permutations are applied to
the complete block of data. For example, in row-column matrix interleaver, information is
retrieved column wise and entered row wise. Block interleavers can further be classified into
random interleaver, S-Random interleaver, deterministic interleaver, ARP interleaver and
QPP interleaver, depending on the manner of the address generation in the interleavers.
2.4.2.2 Convolutional Interleaver
Continuous stream of data is the input to the convolutional interleaver. Thus, it involves less
latency as it need not wait for the whole block to start operation. It consists of number of
branches made up of first-in-first-out (FIFO) shift registers. A commutator switch connects
the input of the interleaver to the output of encoder. The input commutator switch shifts the
code symbols from encoder in a sequential manner to different FIFO registers in all the
branches in a cyclic way.
2.4.3 QPP Interleaver
3GPP LTE has adopted Quadratic permutation polynomial (QPP) interleaver for turbo coding. It
can be used for parallel memory access due to its contention free property. It differs from
previous 3G (third generation) interleavers in that it has defined algebraic structure. The structure

of QPP is based on algebraic constructions via permutation polynomials over
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integer rings. This structure was adopted as it is known that permutation polynomials
generate contention-free interleavers [65, 66]. In contention-free interleavers, every factor of
the interleaver length becomes a possible parallelism degree. The QPP interleaver can be
expressed with a simple algebraic formula. For an information block length , the interleaving
output position is specified by the quadratic expression [67]:
(2.27)

Where and are integer parameters and have dependency on the block size

. For each value of block size  , a different set of parameters and is
defined in LTE. Moreover, parameter is always an odd number whereas is always an
even number. Each value of block size is an even number and is divisible by 4 and
8.Moreover, the block size N is always divisible by 16, 32, and 64 when

respectively.

The algebraic properties for the QPP interleaver are listed as under:

Property 1: has the same even/odd parity as i:

Property 2:

Property 3:

f(i)/4, f(i+1)/4, f(i+2)/4, and f(i+3)/4 has unique remainders:
{
{
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2.4.3.1 QPP Contention-Free Property

Generally, for a contention-free Turbo interleaver/de-interleaver, the following constraint

should be satisfied [65, 68]:
| | 1 (2.28)

¢ -

The memory index positions that are concurrently accessed by the Q MAP decoder cores are
shown in equation (2.28). For a contention-free interleaver, these memory index positions

should be unique during each read and write operation (figure 2.9).

i+ QE/,, A

i +2Q|

) .
[2ore | [pore] [rome ] [oome |

Figure 2.9 Contention-free Interleaving
2.4.3.2 Hardware Implementation of QPP Interleaver
Based on the algebraic analysis in [64], As the QPP interleaver is contention free always, thus

its hardware implementation is comparatively simple.
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Table 2.1 f1, f2 and N (shown as K;j) values as defined in LTE standard [125]

i Ki /i /> i K, fi /> i K /i /2 i K f /2
1 40 3 10 | 48 | 416 25 52 95 | 1120 | 67 | 140 | 142 | 3200 | 111 | 240
2 48 7 12 | 49 | 424 51 106 | 96 | 1152 | 35 72 | 143 | 3264 | 443 | 204
3 56 19 42 | 50 | 432 47 72 97 | 1184 | 19 74 | 144 | 3328 | 51 104
4 64 7 16 | 51 | 440 91 110 | 98 | 1216 | 39 76 | 145 | 3382 | 51 212
S 72 7 18 | 52 | 448 29 [ 168 | 99 | 1248 | 19 78 | 146 | 3456 | 451 | 192
6 80 11 20 | 53 | 456 29 [ 114 | 100 | 1280 | 199 | 240 | 147 | 3520 | 257 | 220
7 88 5 22 |54 | 464 [ 247 | 58 | 101 | 1312 | 21 82 | 148 | 3584 | 57 | 336
8 96 11 24 | 55 | 472 29 | 118 | 102 | 1344 | 211 | 252 | 149 | 3648 | 313 | 228
S | 104 £ f 26 | 56 | 480 89 | 180 | 103 | 1376 | 21 86 | 150 | 3712 | 271 | 232
10 | 112 | 41 84 | 57 | 488 91 122 | 104 | 1408 | 43 88 | 151 | 3776 | 179 | 236
11 | 120 | 103 | 90 | 58 | 496 | 157 | 62 | 105 | 1440 | 149 | 60 | 152 | 3840 | 331 | 120
12 | 128 | 15 32 | 59 | 504 55 84 | 106 | 1472 | 45 92 | 153 | 3904 | 363 | 244
13 | 136 9 34 |60 | 512 31 64 | 107 | 1504 | 49 | 846 | 154 | 3968 | 375 | 248
14 | 144 | 17 | 108 | 61 | 528 17 66 | 108 | 1536 | 71 48 | 155 | 4032 | 127 | 168
15 | 152 9 38 |62 | 544 35 68 | 109 | 1568 | 13 28 | 156 | 4096 | 31 64
16 | 160 | 21 120 | 63 | 560 | 227 | 420 | 110 | 1600 | 17 80 | 157 | 4160 | 33 | 130
17 | 168 [ 101 | 84 | 64 | 576 65 96 | 111 | 1632 | 25 | 102 | 158 | 4224 | 43 | 264
18 | 176 | 21 44 | 65 | 592 19 74 | 112 | 1664 | 183 | 104 | 159 | 4288 | 33 | 134
19 | 184 | 57 46 | 66 | 608 37 76 | 113 | 1696 | 55 | 954 | 160 | 4352 | 477 | 408
20 | 192 | 23 48 | 67 | 624 41 | 234 | 114 | 1728 | 127 | 96 [ 161 | 4416 | 35 | 138
21 | 200 | 13 50 | 68 [ 640 39 80 | 115 | 1760 | 27 | 110 | 162 | 4480 | 233 | 280
22 | 208 | 27 52 |69 | 656 | 185 | 82 | 116 | 1782 | 29 | 112 | 163 | 4544 | 357 | 142
23 | 216 | 11 36 | 70 | 672 43 | 252 | 117 | 1824 | 29 | 114 | 164 | 4608 | 337 | 480
24 | 224 | 27 56 | 71 | 688 21 86 | 118 | 1856 | 57 | 116 | 165 | 4672 | 37 | 146
25 [ 232 | 85 58 [72 | 704 [155 | 44 [ 119 [ 1888 | 45 | 354 | 166 | 4736 | 71 | 444
26 | 240 | 29 60 [73 | 720 79 [ 120 | 120 | 1820 [ 31 120 | 167 | 4800 | 71 120
27 | 248 | 33 62 |74 | 736 [ 139 | 92 [ 121 | 1952 | 59 | 610 | 168 | 4864 | 37 | 152
28 | 256 | 15 32 |75 | 752 23 94 | 122 | 1984 | 185 | 124 | 169 | 4928 | 39 | 462
29 | 264 | 17 | 198 |76 | 768 | 217 | 48 | 123 | 2016 | 113 | 420 | 170 | 4992 | 127 | 234
30 [ 272 | 33 68 |77 | 784 25 98 | 124 | 2048 | 31 64 | 171 | 5056 | 39 | 158
31 [280 [ 103 [ 210 | 78 | 800 17 80 | 125 | 2112 | 17 66 | 172 | 5120 | 39 80
32 | 288 | 19 36 |79 | 816 | 127 [ 102 | 126 | 2176 | 171 | 136 | 173 | 5184 | 31 96
33 | 296 | 19 74 | 80 | 832 25 52 | 127 | 2240 | 209 | 420 | 174 | 5248 | 113 | 902
34 | 304 | 37 76 | 81| 848 | 239 | 106 | 128 | 2304 | 253 | 216 | 175 | 5312 | 41 166
35 312 | 19 78 | 82 | 854 17 48 | 129 | 2368 | 367 | 444 | 176 | 5376 | 251 | 336
36 | 320 | 21 120 [ 83 | 880 | 137 | 110 | 130 | 2432 | 265 | 456 | 177 | 5440 | 43 | 170
37 | 328 | 21 82 |84 | 896 [ 215 | 112 | 131 | 2496 | 181 | 468 | 178 | 5504 | 21 86
38 [ 336 | 115 | 84 | 85 | 912 29 | 114 | 132 | 2560 | 39 80 | 179 | 5568 | 43 | 174
39 [ 344 | 193 | 86 | 86 | 928 15 58 | 133 | 2624 | 27 | 164 | 180 | 5632 | 45 | 176
40 | 352 | 21 44 |87 | 944 | 147 | 118 | 134 | 2688 | 127 | 504 | 181 | 5696 | 45 | 178
41 | 360 | 133 | 90 | 88 | 960 29 60 | 135 | 2752 | 143 | 172 | 182 | 5760 | 161 | 120
42 | 368 | 81 46 | 89 | 976 59 [ 122 | 136 | 2816 | 43 88 | 183 | 5824 | 89 | 182
43 | 376 | 45 94 |90 | 992 65 | 124 | 137 [ 2880 | 29 | 300 | 184 | 5888 | 323 | 184
44 | 384 | 23 48 |91 | 1008 | 55 84 | 138 | 2844 | 45 92 | 185 | 5952 | 47 | 186
45 | 392 | 243 | 98 | 92 | 1024 | 31 64 | 139 | 3008 | 157 | 188 | 186 | 6016 | 23 94
46 | 400 | 151 | 40 | 93 | 1056 | 17 66 | 140 | 3072 | 47 96 | 187 | 6080 | 47 190
47 1408 1 1551102 194 |1 1088 | 171 1 204 | 141 | 3136 | 13 28 | 188 | 6144 | 263 | 480

The interleaving addresses in QPP can be calculated in a recursive manner (figure 2.10). Say,

the interleaver starts at
)

is incremented by y in the following cycles, thus

follows:

Where

(

is defined as

is pre-computed as

29

(2.29)

is computed recursively as

(2.30)



(2.31)

The initial value can be pre-computed as
(2.32)
The value of can also be computed in a recursive manner:
(2.33)
fi+1) f(o) g(o) g (i+1) g(o)

e————
——
- —

o le—

1 0 0 1
MU X WQX\_EPX 7 MU X int

£— 2*f2

Iy '
\ M{iJ/%m % M{i4/%m

- Clock & Clock

<«

interleaved address

Figure 2.10 QPP Interleaver design

2.4.3.3 Parallel QPP Interleaver

The design of QPP interleaver can be done by look-up table approach but it results in large
circuit area. Another approach can be implemented by online calculation which produces one
interleaved address at each clock pulses. In this approach extra decoding latency is involved
as decoder has to wait till the complete generation of corresponding interleaving addresses.
Hence it causes extra decoding latency. To overcome this problem, parallel recursive
architecture is used which reduces the required clock pulses and, in turn, reduces decoding
latency. Also, QPP interleaver in parallel allows lower power consumption compared to its

conformist approach. For parallel memory access, Y memory blocks, each of size P, are
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required (figure 2.11). The algebraic analysis of the parallel design for ( ) can be

discussed by considering two cases, and
CASE 1: ,
(2.34)
Recursively, ( ) ,Where
CASE 2: For 1<k<Y:
( ) (2.35)
( ( ) )
CONTROL SIGNALS
Recursive »  Recursive 5 ...»| Recursive
Block 0 Block 1 Block (y-1)
v v v
f(i) f(i+P) fi+(Y-1)P)

Figure 2.11 Architecture of QPP interleaver for parallel realization

2.5 Proposed Design

The key issue of applying Turbo codes is to find an efficient implementation of turbo
decoder. This chapter addresses the implementation of a simplified and efficient turbo
decoder in field programmable gate array (FPGA) technology. A simplified and efficient
implementation of a Turbo decoder with minor performance loss has been proposed. An
integer Turbo decoder based on the standard 2*s complement number system after
considering the issues of dynamic range, truncation effect and other algorithm related

subjects has been introduced. The efficient implementation comes from algorithm
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modification, integer arithmetic and compact hardware management. Based on the Max-Log-
MAP [119,120] decoding algorithm, the branch metric is modified by weighing a priori
value, resulting in a significant BER improvement. The Turbo decoder takes in 8-level
integer inputs, generates 7-bit soft-decisions and calculates all metrics on integers, avoiding
complex floating point or fixed-point arithmetic. By manipulating memory address, delay
associated with interleaving and de-interleaving is eliminated, resulting in much higher
throughput. Also, by taking advantage of identical decoder function, Turbo decoder is
implemented in a single-decoder structure, making efficient use of memory and logic cells.

In this chapter, an integer Turbo decoder based on the standard 2“s complement number
system after considering the issues of dynamic range, truncation effect and other algorithm
related subjects, has been proposed. The turbo decoder considered in this chapter has the

following specifications:

» Code rate /

» Generator polynomial:

» Puncturing pattern: even/odd parity

» Block size: bits

* Interleaver: S-random interleaver with

» Trellis termination: none

» Considered modulation: BPSK
LLR is represented as:
In the iterative decoding, LLR is divided into three terms:

(2.36)

The last term is called “extrinsic information” and only this term should be fed back to the
input of the other decoder as a-priori information. Therefore, must be subtracted from before

it is fed back to the other decoder. and are
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used to terminate the iteration of the Turbo decoding. Therefore, can be expressed

as.
L (2.37)

As mentioned before, the term is the information exchanged between the constituent
decoders. In our implementation, we apply the Max-Log-MAP algorithm with a modification
of the branch metrics. We weigh a-priori values with a scaling factor s, resulting in the
following:

_ . (2.38)

The effect of scaling factor on the BER performance was studied and at least 1000 errors

were collected.

—O— MAP (s = 1.0
—+— - MAP (s =059
- [J-- max-log-MAP (s
- —X— — max-log-MAP (

E,/MN,. dB

Figure 2.12 Performance of Turbo code with different scaling factors and block length
5114 bits
Figure 2.12 shows the BER performance of the best evaluated scaling factor compared to the
standard Max-Log-MAP decoding algorithm for block length 5114 with AWGN and
gives the best BER performance. It was found that a properly selected scaling factor can

improve the performance of Max-Log-MAP by 0.3 dB, giving a near optimal (Log-MAP)
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BER performance. The BER improvement is due to the fact that the scaling factors can
effectively mitigate error propagation through iterations. The scaling factor,, *“ allows the
variation in the information exchanged between the decoders. In qualitative terms, a large

ee

value of ,, “ makes the previous decoder outcome dominate the current decoding results,
whereas a small value of ,, “ makes one decoder less dependent on the other decoders result.
2.5.1 Turbo decoder architecture

The implementation architecture for a Turbo decoder can take a serial or a parallel approach.
In the serial approach, a pair of decoders is used repetitively and the data input is processed at
the higher speed (denoted as bps in Figure 2.13) than the speed of incoming received bits
(denoted as K bps). On the other hand, the parallel form of Turbo decoder requires multiple
pair of MAP decoders and huge amount of memory for interleavers, de-interleavers and

received data buffers. Unless the very high-speed decoder is needed, the serial approach is

more practical.

This example is used to show BER performance of turbo code in AWGN channel.
lterative MAP algorithm is used to decode.
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Figure 2.13 Simulation set-up for turbo codes
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Now that the implementation has been reduced to a series of decoder operations, the obvious
remaining drawback of the Map algorithm is the excessive memory required. The entire
history of the state metrics must be stored towards the end of the trellis, at which point the
backward algorithm begins and decisions can be output starting with the last branch, without
the need to store any but the last set of state metrics computed backwards. This storage
requirement is obviously very large. For an 8-state code, assuming 7-bit state metrics, 56 bits
of storage per branch are required, which implies that for a 1000-bit block a total of 56,000
bits are required. The implementation of MAP decoder is based on a technique proposed in

[4] which reduce the memory requirement for an 8-state code to just a few thousand bits,
independent of the block length [122]. The technique can best be described by referring to the
timing details of Figure 2.14, which indicates the bit processing times for one forward
processor and two backward processors operating in synchronism with the received branch
symbols that is, computing one set of state metrics during each received branch time (bit time

for a binary trellis).

Nodes Branch Time Forward Processor 1" Backward Processor 2" Backward Processor
0 2L * Starts * Starts .
« Sets all initial state metrics
to the same value
L 3L . Fur‘\‘\'zn‘d State Metrics * Encounters the last of the 17 set * Starts
for L"Node generated of L forward Computed Metrics * Sets all initial state metrics
to the same value
Dual-Maxima Soft decision for
Process L" branch generated
2L 4L + Forward State Metrics * Reaches initial node * Encounters the forward state metrics
for 2L" Node generated of 2Lth Node
Dual-Maxima Soft decision for
Process 2L" branch generated
3L SL * Reaches initial node
S ——

Time-shared backward processors

Figure 2.14 Timing details of forward and backward processors
The basic idea behind this approach is that Viterbi algorithm can start cold in any state at any
time. After a few constraint lengths, the set of state metrics are as reliable as if the process
had been started at the initial (or at the final) node. Let™s say that this learning period for the

trellis is branches, which are 16 in case of 8-state code. This is equally true for forward as
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well as backward algorithm and assumes that subtracting at every node an equal amount from
each, normalizes all state metrics. Let the received branch symbols be delayed by branch
times. Then the forward algorithm will start at branch time . And also, it will compute all the
state metrics for each node every branch time, storing these in memory. The first
backward processor starts at the same time, but processes backward from the node,
setting every initial state metric to the same value and not storing anything until branch time
. At this point it has built up reliable state metrics and encounters the last of the first set of
forward computed metrics. (In figure 2.16, the top line indicates the time index; the
remaining lines are labeled according to the times at which the branches are processed. Also,
unreliable metric branch computations are shown as dashed lines). At this point the branch
soft decisions are output by performing the generalized dual-maxima process, and the
backward processor proceeds until it reaches the initial node at time . Meanwhile, starting
at time , the second backward processor begins processing with equal metrics at node,
discarding all metrics until time , When it encounters the forward algorithm having
computed the state metrics for the node. The generalized dual-maxima process is then
turned on until time , at which point all soft decision outputs from the to the node
will have been output. The two backward processors hop forward branches every time
they have generated backward sets of state metrics, and they time-share the output

processor since one generates the useful metrics, which are combined with those of the

forward algorithm. For the backward algorithms, nothing needs to be stored except the metric

set of the last node. The forward algorithm needs to store only 2 sets of state metrics, since

after its first 2 computations (performed by time 4 ), its first set of metrics will be discarded,

and the blank storage space can then be filled starting with the forward-computed



metrics for the node (at branch time 4 +1). Thus, the storage requirements for a 8-state code

using 7-bit state metrics 112 bits in all, which for amounts to
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approximately 1792 bits. The forward recursion (a-unit) and the backward recursion unit (j3-
unit) are identical except for the direction of recursion. The a-unit is shown in figure 2.15. It
should be noted that the state metrics keep on increasing as the recursion goes on. Therefore,

some normalization scheme needs to be adopted to avoid the explosion of the state metrics.

Clock

[1] Y

o

T - o - > abs » LUT —>» =+ >

Sign Bit
> 2:1
WOl — 4 MUX
af0]

Figure 2.15 a-unit (forward recursion unit)

2.5.2 Numerical range

Most Turbo decoder implementations are based on fixed-point arithmetic [121]. Therefore, in
the implementation of Turbo decoder, a significant effort must be focused on dynamic range,
number density and normalization before choosing a number system. Since, our design is a
simplified structure of Turbo decoder (of course, without significant loss in BER
performance), we chose standard 2“s complement integer representation. For efficient
implementation, it is required to estimate the numerical range of various metrics such that
only a necessary number of bits would be used for each metric. In our implementation,
assuming that the demodulator output produces 8-level (3-bit) output, the 3-bit value is
converted into a 4-bit integer value ranging from —4 to +4 (without 0). With our modified
Max-Log-MAP (), eight iterations and 3 dB SNR, simulations were performed to deduce the
range of soft-decisions and the results indicate that they lie in the range of —48 to +48. In the
same way, the extrinsic values range from —30 to +30 and branch metrics from — 13 to +13.
As a result, 6 bits are assigned for extrinsic values and soft-decisions, 5 bits for branch

metrics and 8 bits for internal metrics. Thus, the integer based implementation is truly
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beneficial as compared to fixed-point implementations which require 8 bits for extrinsic
values, 7 bits for demodulator outputs and at least 10 bits for internal metrics.

2.5.3 Node metric normalization

As the recursion process progresses, forward/backward node metrics accumulate. This can
easily overflow and may underflow during the first few updates. The overflow/underflow

problem can be solved by metric normalization.
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P N
57 N
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/

Yes _~"Any forward/backward No
——<_ state metric > Threshold /\—
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N P
= iy
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N
- NS
Node Metric Unmodified
Normalization Metrics
|

Figure 2.16  Forward/Backward Node Metric Normalization
A threshold value is used, which is compared with all the node metrics for each decoded bit
in both forward and backward recursion. If the absolute value of any node metric is greater
than , then all the node metrics are shifted towards the center as shown in figure 2.16. Note
that the shifting is done for all node metrics so that the soft-decision values are not affected.
The threshold value is chosen such that the update (the node metric plus a branch metric)
does not cause overflow and the logic required for comparison is minimized. In our
implementation, the threshold values are set to be —85 and 86. With normalization, node
metrics can be represented using 8 bits.
2.5.4 Truncation effect
Truncation occurs in branch metric calculation [123] due to the division by 2 and the apriori
scaling factor,,s“. Four truncation methods are considered round, fix, ceil and floor; each
generate different truncation results as shown in Table 2.2.

Table 2.2 Truncated results by different truncation method

z -4 -3 -2 -1 0 1 2 3 4
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Z/2 -2 -1.5 -1 -0.5 0 0.5 1 1.5 2
Round

2/2) -2 -2 -1 -1 0 1 1 2 2
Fix (2/2) -2 -1 -1 0 0 0 1 2 2

Floor

2/2) -2 -2 -1 -1 0 0 1 1 2

Ceil

2/2) -2 -1 -1 0 0 1 1 2 2

Although the round function is more systematic than other truncation functions, simulations
in figures 2.17 and 2.18 shows that the floor and ceil functions perform better than the other

two methods. In the proposed implementation, the floor function for truncation is used.

1 1.2 1.4 16 1.8
E.J."No (cd2)

Figure 2.17 Truncation effect on BER

BER performance for different code rate (Interleaver size is 1530)
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Figure 2.18 BER versus Ep/Ng
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2.5.5 FPGA implementation

2.5.5.1 Interleaver/De-interleaver

Turbo decoder requires an interleaver and a deinterleaver to perform proper permutation of
systematic bits and extrinsic values. In a conventional turbo decoder design, there will be a
separate functional block to carry out the interleaving/deinterleaving function, which will
require a fixed amount of time to permute/un-permute its contents [124]. However, in the
proposed implementation, all the permutations are performed by address manipulation that
requires no additional delay in the processing. Figure 2.19 shows the address generator that
generates addresses for a decoder to read/write required information from a memory. Because
the first decoder processes un-permuted information, systematic bits and extrinsic value are
read sequentially from 0 to N-1. They are then processed and stored in the same address. For
the second decoder, information is processed based on the permutation order; therefore, the
sequential index is now used to retrieve a permutation index from ROM. This ROM based
address that serves as the index is then used to retrieve the required information for
processing. Once the information is processed, the result is again stored in the same index
completing the interleaving/de-interleaving process. All the information is updated and stored
properly by manipulating the memory address for decoders; therefore each decoder is ready
to decode immediately after the other decoder is finished, resulting in no delay to process
interleaving/de-interleaving. The overall decoding process takes far less clock cycles to finish

compared to that with traditional interleaving/de-interleaving process.
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Figure 2.19 Address generator for interleaving and de-interleaving function

2.5.5.2 Single decoder design

In the proposed implementation, it is assumed that the same constituent code is used in the
turbo encoder and the constituent decoders are identical. Therefore, the turbo decoder can be
simplified by using a single decoder as shown in Figure 2.20. The switch is toggled according
to the decoder number being operational while processing the data bits. When the first
decoder is to be used, the switches are set to their lower position, which bypasses all
interleaving and de-interleaving functions. When the first decoder has finished, the switches
are then moved to the upper position to reconfigure the design as the second decoder that
functions on permuted information. This process is repeated until the required number of

iterations gets completed.

a priori
Inter | o Extrinsic | De-inter
leaver \_I_. 4’/[/.— leaver |
® ® Decoder 1/Decoder 2
Inter
Channel®| leaver _.'\_I_, — Output
Output
% ®

Figure 2.20 Single Decoder Design for Turbo Decoder
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2.5.6 Results and Conclusion

Turbo decoder was described in Verilog hardware description language and implemented on
Xilinx Virtex series XCV300E FPGA chip. The design utilized almost 3447 out of 6912 logic
cells and approximately 28 RAM blocks out of 48 total RAM blocks in the device. In
addition, the design required no external components and consumed approximately 695 mW
during normal operation. The FPGA-based turbo decoder with 8 iterations can operate more
than 1 Mbps throughput at a clock rate of 25 MHz. In this chapter, we have demonstrated a
simplified and efficient implementation of a Turbo decoder with minor performance loss. The
efficient implementation comes from algorithm modification, integer arithmetic and compact
hardware management. Based on the Max-Log-MAP decoding algorithm, we modify the
branch metric by weighing a priori value, resulting in a significant BER improvement. The
Turbo decoder takes in 8-level integer inputs generates 7-bit soft-decisions and calculates all
metrics on integers, avoiding complex floating point or fixed-point arithmetic. By
manipulating memory address, delay associated with interleaving and de-interleaving is
eliminated, resulting in much higher throughput. Also, by taking advantage of identical
decoder function, we implemented our Turbo decoder in a single-decoder structure, making
efficient use of memory and logic cells.

2.6 Conclusion

This chapter presents the theoretical perspective of channel coding and the turbo codes. A
detailed description of the basic turbo encoder structure has been presented. Decoding
algorithms for the turbo decoder have been discussed and a comparison has been drawn
between MAP and SOVA algorithm. For implementation of Turbo decoder, Max-log-MAP
algorithm has proven to be the most effective. Further, this chapter also discusses Interleavers
in detail, in particular, QPP Interleaver due to its deterministic, algebraic structure and

because it provides contention-free memory access. An exhaustive literature review of Turbo
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codes and QPP Interleaver has also been done. Further, this chapter also talks about FPGA

implementation of the basic and proficient turbo decoder.
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Chapter 3
High-Performance VLSI Architectures for Turbo Decoders
with QPP Interleaver

3.1 Introduction

Turbo encoder and decoder has been discussed in detail in chapter 2.The chapter also
explains the need and types of interleavers, in particular, QPP interleaver. This chapter
analyses different VVLSI architectures for 3GPP LTE/LTE-advanced turbo decoders for trade-
offs in terms of throughput and area requirement. Data flow graphs for standard SISO MAP
(maximum a posteriori) turbo decoder, SW SISO MAP turbo decoder, PW SISO MAP turbo
decoder have been presented, thus analyzing their performance. Two variants of quadratic
permutation polynomial (QPP) interleaver have been proposed which tend to simplify the
complexity of ,,mod” operator implementation and provide best compromise between area,
delay and power dissipation. Implementation of decoder using one variant of QPP interleaver
has also been discussed. A novel approach for area optimization has been proposed to reduce
required number of interleavers for parallel window turbo decoder. Multi-port memory has
also been used for parallel turbo decoder. To increase the throughput without any effective
increase in area complexity, circuit-level pipelining and retiming have been used. Proposed
architectures have been synthesized using Synopsys Design Compiler using 45-nm CMOS
technology.

3.2 VLSI architectures of turbo decoders

Figure 3.1 shows the general block diagram of turbo decoder. The receiver converts the
received analog data into digital form using analog to digital converter. The digital data is
further de-multiplexed into three parts: systematic data, parity 1 and parity 2. The three parts
are saved into three different memories. After that, a multiplexer chooses two out of the three
data elements and processes one data element at a time. The control signals coming from the

turbo control unit decide the selection of the data elements.
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Figure 3.1 General block diagram of VLSI turbo decoder

The sequence of the data elements is processed by the Log-MAP decoder as a complex

computational process, and the output a posteriori (APP) information is stored into LLR

RAM. This process continues and after a few iterations, the final decision is made and

transmitted as the final decoded bits.

3.2.1. Standard SISO MAP turbo decoder

The working of the standard turbo decoder is illustrated by the data flow graph (DFG), as

shown in Figure 3.2. In the DFG, horizontal axis corresponds to sequence and vertical axis

corresponds to the time taken. The working of the turbo decoder can be understood by the

tiling diagram. The process starts with calculation of alpha metrics for the whole sequence.

This is followed by calculation of beta metrics and LLRs in the subsequent clock cycles.
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Figure 3.2 A simplified DFG representation of standard SISO MAP algorithm showing
the resource utilization of a- and p-recursion flow with time

Representations:

. Metric Processing Unit (MPU); Input: , Output: \

. Metric Processing Unit (MPU); Input: ,and  Output : ‘/

. Metric Processing Unit (MPU); Input: , Output : /

. Metric Processing Unit (MPU); Input: , and Output: A/
The implementation of standard turbo decoder is shown in Figure 3.3 [6]. As shown, input
data is used to calculate branch metrics. These branch matrices are further used in the a-MPU
(metric processing unit) for calculation of alpha metrics. The whole sequence is then stored

into a-RAM. The Branch metrics are again calculated after this, and are used to calculate beta

46



metrics in B-MPU. The values of beta metrics, the branch metrics and alpha metrics are used
to calculate the final log-likelihood ratio (LLR). The LLR values are stored into LLR RAM.
These values can be used again in next iteration. Figure 3.4, 3.5 and 3.6 show implementation

diagrams of different blocks of turbo decoders.
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Figure 3.3 Standard SISO MAP Turbo Decoder
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Figure 3.6 LLR unit implementation

3.2.2. Sliding window SISO MAP decoder

The major disadvantage of standard SISO MAP decoder is high latency and huge memory

requirement; thus, truncated and continuous modes of communication are preferred over the

terminated frame mode of communication. The DFG for SW turbo decoder is shown in

Figure 3.7.
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Figure 3.7 DFG for SW turbo decoder

The decoding process in sliding window (SW) SISO MAP decoder is initialized in the same
manner as in the standard turbo decoder. It starts with the calculation of alpha metrics,
followed by the calculation of beta metrics. After completion of initialization phase, LLR
metrics are computed. The recursion pattern of SW SISO architecture can be configured by
three parameters: (1) the metric warm-up depth, , (2) difference between the starting time of
the - recursion flow and the ending time of the -recursion flow, and (3) the number of

valid metric computations performed by the -recursion flow in relation to the total number
of metric computations, . The parameters (width  and height ) of any feasible recursion

pattern are given by:

(3.1)

I/ (3.2)
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To analyze the performance of SW architecture two parameters are required: 1) total

decoding delay, and 2) metric storage lifetime,

Where ( / ) N 1/ (3.3)
( /( s ) (3.4)
Where number of code symbols to be decoded is represented by . As the total decoding

delay and metric storage lifetimes get jointly minimized (according to a theorem stated in
[59]), then by taking or , and taking optimized dimensions of the recursion

pattern, minimized delay and storage lifetime be obtained.

Symbol

Branch > o- unit .
u::lt D
Flip- o LLR (.
. > unit
»LIFO [ 2:0 ]-e>| B -unit [ 2:0 ] » Flop uni
< Write
Interleaver

Read

?\ Interleaver

First/ Second
Half Iteration

Figure 3.8 Implementation of SW SISO MAP decoder

Figure 3.8 shows implementation of SW SISO MAP decoder [131] and a comparison
between SW SISO MAP decoder and the standard SISO MAP decoder is made on the basis
of hardware requirement. Figure 3.8 shows that for SW SISO MAP decoder, hardware
requirement is higher than standard SISO MAP decoder as SW SISO MAP decoder uses time
multiplexing to reduce the latency. Another difference is in case of beta metrics computation,
that is, instead of only one beta MPU, three beta MPUs have been used in SW SISO MAP
decoder. First two MPUs work in coordination with each other. Third one is used for

calculating the beta metrics for the last window in which termination metrics are available.
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Section 3.2.4 discusses the hardware implementation of QPP interleaver [61], which is the
standard interleaver used according to the 3GPP specifications. As the mod function involved
in the QPP interleaver operation is highly complex to implement, so this section discusses
variants of QPP interleaver, which provide a best compromise between area, delay and power
dissipation.

3.2.3. Parallel window SISO MAP decoder

The main limitation of SW turbo decoder is that the decoding delay is greater than the time or
clocks required for alpha metrics computation, which limits the maximum throughput of the
decoder. The delay can be reduced with continuous frame mode of communication, which
initiates with random probabilities of both alpha and beta metrics, and after obtaining a
certain number of metrics, accurate probabilities are obtained. The actual decoding process
starts after that. Parallel Window (PW) SISO algorithm involves usage of a number of SISOs
in parallel. Each SISO processes one of the SWs. The main advantage of the PW turbo
decoder is that it increases throughput proportionally Thus, there is a trade-off between the
number of SISOs for error-correction performance and thereby having increased hardware
complexity [50]. The main advantage of the PW turbo decoder is that it increases throughput
proportionally. Figure 3.9 shows the basic DFG representing the working of a PW decoder.
The hardware implementation is shown in Figure 3.10. As shown in Figures 3.9 and 3.10, the
four-window hardware implementation involves the usage of four parallel BMG, beta, alpha
and LLR units [132]. These units execute the data sequence in parallel in four ports; thus,

four-port RAM and four-port LLR RAM are used.
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Figure 3.10 Hardware Implementation of Parallel Window Turbo Decoder

[132] 3.2.4 Hardware Implementation of QPP Interleaver

The QPP

interleaver component of turbo decoder generates interleaved addresses

corresponding to the sequential addresses in a recursive pattern.
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If starting address to calculate interleaving address is assumed as , then the corresponding

interleaved address, , IS pre-computed as
(3.5)
For the next cycle, will be incremented by value , then, can be calculated
recursively as:
( ) (3.6)
= ( ) (3.7)
where y (3.8)
y can also be calculated recursively as:
(3.9)
The initial value of y  can be computed as:
(3.10)

QPP interleaver has numerous advantages over other types of interleavers: 1) it possesses a
pure algebraic structure, 2) both interleaving and de-interleaving operations use same
algorithm, and 3) gives contention-free memory access which facilitates parallelized
decoding with high throughput, less latency, and optimum hardware usage [51].

The hardware implementation of mod operation is highly complex. Thus, two variants of
QPP interleaver, variantl and variant2, have been discussed in the sections below which
account for low complexity and best compromise between area, delay and power dissipation.

3.2.4.1 Variantl of QPP Interleaver:

The “mod” can be computed by using subtraction as the maximum value of or can
be equal to . For these computations, three pre-calculated values of : and
( are required.

The hardware implementation of interleaved address generator is shown in figure 3.11.
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Figure 3.11 Implementation of Interleaved address generator

3.2.4.2 Variant2 of QPP Interleaver
The proposed design presents a combination of Random and QPP Interleaver. It combines the
basic concept of QPP equation along with the use of two random functions for generating
interleaved addresses. Instead of using the “mod” operator, the random functions make use of
logical operators (in rand1 function, for values of which are powers of 2) and multiplication
and division operators (in rand2 function, for values of which are non-
powers of 2) to get the interleaved addresses. The proposed design discusses a variant of QPP
Interleaver which:

e Overcomes implementation difficulty of QPP algebraic equation; and

e Provides a best compromise between area, delay and power dissipation.
3.2.4.3 A Novel Area optimization technique for Parallel Window SISO Turbo Decoder

Figure 3.10 shows that numbers of interleavers are required for parallel window decoder.
This may involve a lot of area. But if the difference between values of interleaved addresses
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is carefully noticed, it is found that, at a particular time interval, there is a fix difference
between all four interleaved values. Thus, the addresses can be simultaneously generated by
using only one Interleaver and some adders and multiplexers, which can save some amount
of area.

Table 3.1 Sequential versus Interleaved Addresses for PW turbo decoder using 4

windows
Sequentia
Interleaved | Sequential | Interleaved | Sequential | Interleaved | Sequential | Interleaved

I

0 0 20 60 40 40 60 20
1 31 21 11 41 71 61 51
2 22 22 2 42 62 62 42
3 53 23 33 43 13 63 73
4 44 24 24 44 4 64 64
5 75 25 55 45 35 65 15
6 66 26 46 46 26 66 6

7 17 27 77 47 57 67 37
8 8 28 68 48 48 68 28
9 39 29 19 49 79 69 59
10 30 30 10 50 70 70 50
11 61 31 41 51 21 71 1

12 52 32 32 52 12 72 72
13 3 33 63 53 43 73 23
14 74 34 54 54 34 74 14
15 25 35 5 55 65 75 45
16 16 36 76 56 56 76 36
17 47 37 27 57 7 77 67
18 38 38 18 58 78 78 58
19 69 39 49 59 29 79 9
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3.2.5 Circuit Level Improvements

Up gradations in standard window architecture at system level has been explained in the
above sections. This section explains the up gradation of the different blocks of turbo
decoder, so as to reduce critical path, to improve the speed and also to increase the maximum
operating frequency.

3.2.5.1 Improved LLR (Log Likelihood Ratio) Unit:

System performance can be improved up to three times by using pipelining after every
cascade structure. This will convert the block from one stage to four stage pipelined block,
thereby increasing system performance up to three times.

3.2.5.2 Retimed ACS (Add Compare Select) Unit:

Pipelining technique cannot be applied to this unit. Thus, ACS unit using retiming technique
[56] can be used to improve the speed. The proposed method uses two adders instead of three

adders, and one LUT, thus reducing the delay. Figure 3.12 shows the implementation.
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Figure 3.12 Hardware Implementation of Retimed ACS Unit [56]
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3.3. Synthesis and simulation

3.3.1. Results for the proposed variant 2 QPP interleaver design

Simulation results prove that the conventional and the proposed design are functionally
similar. The proposed design can be simulated for other values of N as well, as given by LTE
standard. Three tools have been used to obtain the synthesis results, Xilinx, Quartus Il (32-
bit) and HDL Designer. The results show that the Xilinx tool does not support synthesis of
“mod” operator for values of which are non-powers of 2.Tables 3.2-3.4 give comparison of
various parameters of the proposed design and the existing design. The results show that the
proposed design is the best compromise between area, delay and power dissipation.

e Device utilization for the device 5VLX30FF676 obtained by using Precision Synthesis
software of HDL Designer tool for the conventional and the proposed designs is shown in the
Table 3.2

Table 3.2 Device utilization report for N=40, f1=3 and f2=10 obtained by using precision

Synthesis software

Conventional | Proposed

Design Design
Global Buffers | 3.13% 3.13%
LUTs 4.98% 2.67%
CLB Slices 5% 2.69%
Dffs or Latches | 1.22% 1.25%
10s 63% 75%
Block RAMs 0.00% 0.00%
DSP48Es 0.00% 0.00%

57



Total Thermal Power Dissipation and device utilization for the device EP4ACGX30CF23C6 of
Cyclone4 GX Family, obtained by using Quartusll (32-bit) Tool , for the conventional and

the proposed design is shown in the table below:

Table 3.3 Thermal power dissipation and device utilization report for N=40, obtained

by using Quartusll (32-bit) tool

ConventionalDesign | Proposed
Design

Total Thermal
Power 159.44mW 157.67mW
Dissipation
Total Logic| 9828/29,446 382/29,446
Elements
Total 1/O pins 251 252

Total Equivalent Gate Count and Total Delay for xc2s50e-ft256-7 device of Spartan2e
family, obtained by using Xilinx Tool, for the conventional and the proposed design is shown

in the table below:

Table 3.4 Total Equivalent gate count and total delay report for N=40, obtained by

using Xilinx tool

Conventional | Proposed
Design Design
Total
Equivalent Gate | No Result* 5062
Count
Total Delay No Result* 6.140ns

*The code did not get synthesized due to the “mod” operator.
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3.3.2. Results for the proposed decoder design

Six different architectures of Radix-2 turbo decoders (with block length 80 bits) havebeen
implemented:

(1) Standard turbo decoder

(2) SW turbo decoder

(3) PW turbo decoder

(4) PW turbo decoder using improved interleaving technique

(5) PW-based turbo decoder with pipelining

(6) Retimed PW-based turbo decoder with pipelining

PW-based turbo decoder: Four-window parallel decoders have been used in this architecture.
PW turbo decoder using improved interleaving technique: This architecture uses a single
QPP interleaver and adders instead of using multiple interleavers.

PW-based turbo decoder with pipelining: This architecture uses four-stage pipelining in LLR
unit to reduce critical time.

Retimed PW-based turbo decoder with pipelining: This architecture uses a retimed design of
ACS unit to further reduce the delay.

ModelSim 10.1 student edition has been used for simulation, and synthesis has been done
using Synopsys Design Compiler tool version D-2010.03-SP1. Results for all the
architectures on 180-nm technology tabulated in Table 3.5 show increased throughput for
advanced decoders as compared to the standard decoder but at the same time, also show
increase in the area and power requirement. Improved interleaving technique when applied to
PW decoders saves considerable amount of area. Simulation results corresponding to latency
and throughput for different architectures of turbo decoders have been shown in Figures 3.13-

3.19.

59



Table 3.5 Synthesis result for different architectures of turbo decoders

Standard | Sliding Parallel [ Parallel Parallel Parallel
Turbo Window [ window |Window Window | Window
Decoder | based based based based based
approach | approach |approach approach | approach
using with with
improved pipelining | retiming
QPP
Clock 63.6 63.6MHz | 63.6MHz [ 63.6MHz 144.9 188.6 MHz
frequency MHz MHz
Throughput | 7.5 8.5 Mbps | 19.5 19.5 Mbps 40 Mbps | 52.8 Mbps
(1 iteration) | Mbps Mbps
Latency (us) |[2.7 2.0 14 1.4 0.64 0.498
Cell Area 957166 |1455825 | 2501889 |2499499 2662879 (3117934
(*10%)
Dynamic 5.4831 |20.8597 |50.9684 |[50.0929 220.7872 | 347.7969
Power (mw)
Static Power| 122.67 |180.48 278.32 276.78 298.59 352.37
(uw)
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Figure 3.13 Simulation Diagram Corresponding to latency for Standard SISO
MAP Turbo Decoder
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Figure 3.16 Simulation Diagram Corresponding to throughput for SW SISO MAP

Turbo Decoder
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Figure 3.17 Simulation Diagram Corresponding to latency for PW and PW using

improved QPP interleaver SISO MAP Turbo Decoder
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Figure 3.18 Simulation Diagram Corresponding to throughput for PW and PW using

improved QPP interleaver SISO MAP Turbo Decoder
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Figure 3.19 Simulation Diagram Corresponding to latency for PW with Pipelining and
PW with retiming SISO MAP Turbo Decoder

3.4 Conclusion

Six different architectures for turbo decoders have been designed and analyzed for their
trade-offs in terms of latency, throughput and area requirement. The throughput increases
from standard window towards SW and PW, but at the same time area requirement also
increases proportionally. By applying circuit-level pipelining and retiming, throughput
increases in larger proportion when compared to area increment. A novel interleaving
technique gives area-optimized results. The proposed technique can be applied to turbo

decoder for any parallelism degree.
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Chapter 4
Novel Interleaver Design for Turbo Codes

4.1 Introduction

Long term evolution (LTE) was developed by the third generation partnership project (3GPP)
for the Wideband Code Division Multiple Access (WCDMA) based air interface [125]. The
channel coding scheme for LTE is Turbo coding [69], as discussed in chapter 2. Turbo
decoder is one of the major blocks in a LTE wireless receiver [126-11]. VLSI sequential
architectures of Turbo decoders suffer from high decoding latency due to the iterative
decoding process, the interleaving/de- interleaving process between iterations and the forward
and backward recursion in the MAP (maximum a posteriori) algorithm [70-72]. The
interleaving process (done by interleavers) writes the soft values generated by the MAP
decoder into random/ pseudo-random positions after permutation. Latency can be lowered by
reducing the number of required decoding iterations, but that may adversely affect the coding
gain. Number of SISO decoder units can be operated in parallel, each processing one of the
sliding windows to implement parallel decoding schemes. An essential requirement to
implement such parallel decoding architecture is parallel interleaving of outputs of multiple
concurrent SISO units, which may improve error correction performance, latency, and
throughput of the entire decoder [51].Parallel turbo decoder implementation can be achieved
by using a contention-free interleaver, such as, Quadratic permutation polynomial (QPP)
interleaver. In the literature, many interleaver architectures have been extensively
investigated [73-92, 93-95]. This chapter proposes a novel interleaver design, a variant of
QPP interleaver, for turbo codes, which permutes a sequence of bits with the same statistical
distribution as a conventional QPP interleaver and performs as well as or better than the

conventional QPP.
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4.2 Proposed Design of Novel Interleaver

4.2.1 Theoretical Perspective

The ,,mod" operation in QPP algebraic equation can be difficult to implement in hardware if
the operands are not known in advance. The proposed design addresses the implementation
difficulty of QPP algebraic equation and also provides a best compromise between area delay
and power dissipation. Thus a variant of QPP Interleaver has been proposed which would be
easy to implement as compared to the previous designs and would provide a best compromise
between area, delay and power dissipation.

Implementation ease

Most of the VHDL synthesis tools do not support the ,,,,mod™* operator but multiplication
and division by powers of 2 is supported by many synthesis tools. Logical operators have the
advantage that they can be mapped directly to logic gates and also that their synthesis is quite
easy. The proposed design uses logical operators (in ,,,,rand1*“ function, for values of N
which are powers of 2) and multiplication and division operators (in ,,,,rand2“* function, for
values of N which are non-powers of 2) to get the interleaved addresses.

Efficient Trade-Off between Area, Delay and Power Dissipation

The implementation of arithmetic operators like division and multiplication, and logical
operators involves less delay, less resource usage and less power dissipation as compared to
the ,,,,mod“* operator implementation. To prove the above mentioned claims, the proposed
design (using multiplication, division and logical operators) has been simulated and
synthesized for two values of N, 48 (nonpowers of 2) and 64 (powers of 2) in this chapter.
The proposed design may be tested for other values of f1, f2 and N as well, as given by LTE
standard. This chapter also presents a comparison between various parameters of the

proposed variant of QPP and the conventional QPP Interleaver.
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4.2.2 Hardware Implementation
The proposed design has been implemented in VHDL by making use of two procedures

»orand1“ and ,,,,rand2* (figure4.1). These two procedures further make use of modules like

eeee

»spoOWers ™, | nonpowers™, ,,,, 12V and ,,,, V21", |, Powers™ module (figure4.2) computes

mod value for values of N which are powers of 2, simply by using arithmetic and logical

eeee

operator. ,,,,rand1“* module (figure4.3) makes use of ,,,,powers” module along with other

interleaver input parameters and finds out the interleaved address values. Similarly,

eeee

»»nonpowers™ module (figure4.4) computes mod for values of N which are not the powers

of 2, by using arithmetic and relational operators. ,,,,rand2“* module then makes use of
s nonpowers™* module along with other interleaver input parameters to find out the
interleaved address values. ,,,,]2V* (figure4.5) and ,,,,V2I"* (figure4.6) modules provide
integer to vector and vector to integer conversions respectively. The hardware
implementation of each of these modules has been shown below in a sequential manner,
starting with the main design module. The hardware implementation of ,,,,rand2** module is

1 ceee

similar to that of ,,,,rand1°*, except that ,,,,rand2“ module has been implemented by making

use of ,,,,nonpowers™ module instead of ,,,,powers™* module.
f1 2 N
2V al "
No. of bits ————»| > n3 V21 =
i - = v N B
R No. of bits—» w2l
(T/F)
randl >
M Interleaved
Address
rand?2 > X

*T/F is for condition (n31=0 and N+#0)

Figure4.1 Hardware implementation of the main module of the proposed design
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Figure4.2 Hardware implementation of ‘‘powers”’
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Figure4.3 Hardware implementation of ‘‘rand1”’
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Figure4.4 Hardware implementation of ‘‘nonpowers’’
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Figure4.5S Hardware implementation of ‘I12V”’
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Figure4.6 Hardware implementation of ‘‘V2I”’
4.3 Simulation and Synthesis Results
4.3.1 Simulation Results
To prove the functional similarity between the proposed design and the conventional design,
simulation results have been shown in tabular form in the tables 4.1 and 4.2 for both the
designs, by considering two values of , that is, 48 and 64. The proposed design generates the
interleaved set of addresses similar to the existing interleaver. Simulation has been done

through HDL Designer tool of Mentor Graphics.
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Table 4.1 Sequential vs. Interleaved Addresses for

Sequen | Interlea | Sequen | Interlea | Sequen | Interlea [Sequen | Interlea |Sequen | Interlea
tial ved tial ved tial ved tial ved tial ved
0 0 15 57 30 18 45 11 60 36
1 23 16 48 31 41 46 2 61 59
2 14 17 7 32 32 47 25 62 50
3 37 18 62 33 55 48 16 63 9
4 28 19 21 34 46 49 39
5 51 20 12 35 5 50 30
6 42 21 35 36 60 51 53
7 1 22 26 37 19 52 44
8 56 23 49 38 10 53 3
9 15 24 40 39 33 54 58
10 6 25 63 40 24 55 17
11 29 26 54 41 47 56 8
12 20 27 13 42 38 57 31
13 43 28 4 43 61 58 22
14 34 29 27 44 52 59 45

Table 4.2 Sequential vs. Interleaved Addresses for

Seque | Interlea | Seque | Interlea |Seque [ Interlea |Seque | Interlea | Seque | Interlea
ntial | ved ntial |ved ntial | ved ntial | ved ntial | ved
0 0 10 22 20 44 30 18 40 40
1 19 11 41 21 15 31 37 41 11
2 14 12 36 22 10 32 32 42 6
3 33 13 7 23 29 33 3 43 25
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4 28 14 2 24 24 34 46 44 20
5 47 15 21 25 43 35 17 45 39
6 42 16 16 26 38 36 12 46 34
7 13 17 35 27 9 37 31 47 5
8 8 18 30 28 4 38 26

9 27 19 1 29 23 39 45

4.3.2 Synthesis Results

The conventional and the proposed designs have been synthesized by using Precision
Synthesis software of HDL Designer Tool. The synthesis result provides device utilization
for the device 5VLX30FF676 of Virtex-V family. Total Thermal Power Dissipation and
device utilization for the device EPACGX110DF31C7 of Cyclone4 GX Family have been
obtained by using Quartus Il (32-bit) Tool. Total Equivalent Gate Count and Total Delay for
xc2s50e-ft256-7 device of Spartan2e family have been obtained by using Xilinx Tool. The
results have been obtained for the conventional as well as the proposed design and a
comparison has been drawn.

Table 4.3 Device utilization for the device 5VLX30FF676 of Virtex-V family for

Conventional Design Proposed Design
Global Buffers 3.13% 3.13%
LUTs 1.55% 0.77%
CLB Slices 1.56% 1.02%
Dffs or Latches 1.07% 1.02%
10s 99% 99%
Block RAMs 0.00% 0.00%
DSP48Es 0.00% 0.00%
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Table 4.4 Total Thermal Power Dissipation and device utilization for the device

EP4CGX110DF31C7 of Cyclone4 GX Family for

Conventional Design Proposed Design
Total Thermal
178.31mW 178.90mW
Power Dissipation
Total Logic 400/109424 397/109424
Elements
Total 1/0 pins 395/508 396/508

Table 4.5 Total Equivalent Gate Count and Total Delay for xc2s50e-ft256-7 device of

Spartan2e family for

Conventional Design

Proposed Design

Total Equivalent
Gate Count

5083

5062

Total Delay

6.788ns

6.140ns

Table 4.6 Device utilization for the device 5VLX30FF676 of Virtex-V family for

Conventional Design Proposed Design

Global Buffers 3.13% 3.13%
LUTs 4.15% 2.67%
CLB Slices 4.17% 2.69%
Dffs or Latches 1.43% 1.25%
10s 75% 75%

Block RAMs 0.00% 0.00%
DSP48Es 0.00% 0.00%
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Table 4.7 Total Thermal Power Dissipation and device utilization for the device

EP4CGX110DF27C7 of Cyclone4 GX family for

Conventional Design Proposed Design
Total Thermal
Power 167.81mW 166.27mW
Dissipation
Total Logic 11565/109424 378/109424
Elements
Total 1/0O pins 299/426 300/426

Table 4.8 Total Equivalent Gate Count and Total Delay for xc2s50e-ft256-7 device

ofSpartan2e family for

Conventional Design Proposed Design
Total
Equivalent No Result* 5062
Gate Count
Total Delay No Result* 6.140ns

*The code did not get synthesized due to the “mod” operator.

4.4 Conclusion

The proposed design has been designed and analyzed for total delay, total thermal power

dissipation, total equivalent gate count and total device utilization.
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Figure 4.8 Comparison of Device Utilization of Conventional and Proposed Interleaver

for
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Comparison of Total equivalent Gate Count
of Conventional and Proposed Interleaver for
N=64

5085
5080 -
5075 -
5070 -
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Figure 4.9 Comparison of Total Equivalent Gate Count of Conventional and Proposed

Interleaver for

Comparison of Total Delay of Conventional
and Proposed Interleaver for N=64

6.8 -

6.6 -
6.4 -
H Total Delay
6.2 -
5.8 -

Conventional Proposed

Figure 4.10 Comparison of Total Delay of Conventional and Proposed Interleaver for

As shown from tables 4.3-4.8 and figures 4.7-4.10, the proposed design provides the optimal

results. The parameter values of the proposed design may be equal to those of existing design
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for some parameters but overall, the proposed design provides the best compromise between
area, delay and power dissipation. Moreover, it also overcomes the implementation difficulty

of “mod” operator.
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Chapter 5
Low Density Parity Check Codes

5.1 Introduction

Low-density parity-check (LDPC) codes are error correcting codes that facilitate reliable
communication over the noisy channels and approach the Shannon capacity limit. Robert
Gallager introduced LDPC codes in 1963 [14]. Because of their high computational
complexity LDPC codes were ignored for 30 years. The LDPC codes were then rediscovered
by MacKay and Neal in 1990. Mackay and Neal re-introduced the Low-density parity-check
codes[15] and proved that optimally designed LDPC code had capability to perform near
Shannon limit. The LDPC codes can be represented by a matrix with number of elements in
every column having value 1 and number of elements in every row having value 1. Rest of
the values are 0.The code rate of the matrix is / .

Tanner depicted LDPC codes by a graph [23]. A Tanner Graph can be defined as a bipartite
structure in which there are two sets of nodes, variables nodes and check nodes. The Tanner
Graph can be uniquely derived from H (i.e. parity-check) matrix. The graph has connections
joining check nodes and variable nodes only if the element at the intersection of row and
column is equal to 1.

¢

0

0 1] e
0
1

C3

O == O §

C4

C1 C2 C3 Cq

Figure 5.1 Representation of LDPC code by its Parity-Check matrix and Tanner Graph
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As far as the design efficiency of the code is concerned, more connecting edges between the
two sets imply greater efficiency of the code. However, the use of iterative algorithms for
decoding is facilitated by the sparseness of H [17]. The short cycles significantly diminish the
efficiency of iterative decoding algorithms, as the decoder goes on working locally, thus
inhibiting the proper exchange of decoding information [96, 97]. However, short cycles are
bound to occur, particularly for finite-sized block LDPC codes, [98, 99].
Consider a bipartite graph  having message nodes and check nodes. LDPC can also be
represented by a matrix of dimensions in which any particular matrix element entry
is 1 iff there exists a connection betweencheck node and message node. Then

the code may be represented by a vector set with the condition

represents the parity check matrix. On the other hand, any matrix (binary) can be
shown by a Tanner graph and codeword can be obtained from the empty space of .tisto
be noted that any binary and linear code cannot be represented by a sparse and a bilateral
graph. But, if there is any possibility of showing a binary linear code with sparse, bilateral
graph, then that code is a low-density parity-check code. The efficiency of LDPC codes
depends on sparsity of graph structure.
The most important issue in the formulation of Low Density Parity Check code is the
formation of its sparse parity-check matrix having the required characteristics. The literature
discusses numerous formation methods of LDPC codes. Generally, there are two main
techniques for formation of parity-check matrices of LDPC codes, that is, computer-based
methods and algebraic techniques. The algebraic approach is based on finite mathematics,
[31, 100 and 101], or combinatorial techniques, [102-105]. The algebraic methods find usage
in industry due to their simplified encoding techniques. On the other hand, techniques like

Gallager [106], MacKay [17] and density evolution (DE), [107, 108], which are computer-
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based give excellent performance (i.e. near-capacity performance) for very large block

lengths and are very flexible in code-designing.

5.2 Literature Survey of LDPC Codes

Numerous algorithms for LDPC codes have been introduced having different complexity and
performance parameters. A reduction in the storage requirement has been proposed in [109]
by adopting a novel merged-schedule message-passing algorithm.[109] Also discusses a
mechanism to update the implementation mechanism in BCJR algorithm of the forward and
backward recursions using "max-quartet” computations that compute without lookup-tables
and give very less performance loss. But compromising exchange between complexity and
performance of the decoder remains an issue [110]. [29] Presents large number of log-
likelihood-ratio based Belief Propagation decoding algorithms. One of the soft-decision
decoding algorithms, Iterative log Belief-propagation (BP) algorithm, exhibits high decoding
capability and complexity. On the other hand, Bit-Flip algorithm, a type of hard decision
decoding, shows reduced performance and decoding complexity. Thus to achieve a
compromising exchange between intricacies of decoder structure and capabilities, simplified
message passing algorithm (SMPA) was introduced [111]. The LDPC codes can be decoded
by exchanging log-likelihood ratio (LLR) messages between symbol and parity-check nodes
and using optimized implementations of the sum-product algorithm i.e. SPA [112].The
complication aspect and throughput of decoder design also depend on the decoder
architecture. Fully parallel architecture has the advantage of giving high through put but its
disadvantage is that it has very high decoder complexity. This design complication increases
as the code length increases. The serial decoder architecture has the advantage of having
fewer complications but has reduced performance as disadvantage. The output decreases as
the length of the code increases. This issue led to development of partially parallel decoder

[113] to provide compromising interchange between output and design complications. [114]
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Discusses a serial Galois Field (64)-Low Density Parity Check decoder based on a less
complex type of the Extended Min-Sum algorithm. The architecture and throughput have
been discussed in detail and the implementation results when tested for different values of
code rates and lengths show that the partially parallel decoder architecture performed at less
than 0.7 dB from the Belief Propagation algorithm.[116] Presents a novel decoding algorithm
that aids in the design of LDPC decoder and also fulfills requisites of internal information
exchange.[109] Proposes an optimum, reconfigurable full-decoder architecture along with an
efficient memory and interconnection network. It is clear from the simulation results that the
proposed architecture achieves an output of 19.2 Gbps for data frame 2304 bits long. Also,
the proposed design exhibits reductions of the order of 89.13%, 69.83% and 60.5% in power
consumption, silicon area and interconnect length respectively.
5.3Decoding Algorithms of LDPC codes
Message-passing algorithms are the decoding algorithms for LDPC codes. They are so called
since their procedure involves transfer of information data over the connections of Tanner
graph. Another name for message-passing algorithms is the iterative algorithms as the
exchange of data between the two sets of nodes goes on repetitively till desired output is
obtained. The various decoding algorithms can be categorized on the basis of message-type
passed or type of computations done at the nodes.
In iterative decoding algorithms, the check and variable nodes exchange the information at
discrete intervals of time. An initial received value is associated with each variable node
where . Each received value is a variable (random) belonging to the set of output alphabet ,
defined at the output of the channel. The message sent by a variable node
(belonging to some message alphabet ) is processed by the check node along with the
messages received from its neighboring adjacent nodes. After that, a suitable message is sent

back by the check node to its every adjacent variable node from alphabet . Then, new
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messages are produced by each variable node  from its own received value and the

messages obtained from the neighboring check nodes. These new messages are sent to its
neighboring check nodes. This process continues until a result is obtained after a particular
number of iterations have occurred. Dummy messages from the check nodes form initial
iteration. This is followed by communication of received values from variable to check
nodes. In determination of the next message, the point to be noted is that message sent on a
connecting edge does not depend on the message just received on that particular connecting
edge. Thus, the only information that is communicated in each step from a node to its
adjacent node is the extrinsic information. A particular codeword can be estimated from a
message which can take continuous or discrete values. The estimated value of the codeword
is determined from the message sign whereas reliability parameter is determined from the
absolute value [24].

Iterative algorithms can be classified into hard-decision and soft-decision algorithms. The
message alphabet may take bit Value, €.g., { } or any value such as the set of real

numbers. If takes value from the set{ }, thenit is a hard-decision algorithm; for any other value of
, it would be referred to as soft-decision algorithm. Any increase in the alphabet size of messages
would increase the complications in computations of itérative algorithms.

5.3.1 Hard-decision Algorithms

Implementation of hard decision algorithms is very simple as the computations for decoding
require only binary values. In these algorithms, only binary values are used throughout the
decoding process. Gallager's algorithm [106] is an example of hard-decision algorithm, and is

a part of Majority Based algorithms set [115] in which the alphabet is of range{ }. Another
example of hard-decision algorithm is the Bit Flipping algorithm (BF) [106]. In Bit Flipping
algorithm, a flipping function is defined which counts total unsatisfied syndrome bits in
which every variable node takes part. There is a binary buffer associated with each
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variable node which stores the hard decision; this buffer will flip its value if the flipping
function output is greater than a particular threshold value. Decoding process goes on till
each and every check node equation is satisfied or till the maximum number of iterations has
taken place.

5.3.2 Soft-decision Algorithms

In contrast to hard-decision algorithms, soft-decision algorithms have a continuous alphabet.
Belief propagation (BP) [15, 24] and Weighted Bit Flipping algorithms (WBF) algorithms are
examples of soft-decision algorithms.

The Belief propagation algorithm is highly complicated but it is the most efficient decoding
algorithm from the error rate point of view. Min-Sum (MS) algorithm [24, 25, 28 and 117] is
a less complicated version of Belief propagation. [112] gives an overview of less complex
algorithms. The WBF algorithms show a good tradeoff between throughput and design
complications as compared to BP. The WBF algorithms include Modified Weighted Bit
Flipping (MWBF) [26] and Improved Modified Weighted Bit Flipping (IMWBF) [27].In
contrast to BF algorithm, these algorithms flip only one bit per iteration.

Iterative algorithms can be implemented using probability, likelihood ratio (LR) or log-
likelihood ratio (LLR). The most widely and practically used domain is LLR domain as it is

less complicated and more robust. A review of BP algorithm in LLR domain is given below:

Say, represents the variable nodes set and represents the
check nodes set. Let denotes the message sent from node a to node b.
Initialization:
Let represents received values from AWGN channel. Then variable node messages are
given by

— (5.1)

Check node operation:
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Variable node operation:
s (5.3)

Where —

Hard Decision:

5 (5.4)
Decoding is considered as complete if condition is fulfilled where for 0
otherwise In case the specified condition fails, then go to check node operation step.

Decoding failure is declared if a codeword cannot be found within some specified maximum
iterations.

5.3.3 Log-Belief Propagation decoding algorithm

Before description of algorithm, say, we have  parity check matrix for LDPC codes. It has

number of variable nodes and number of check nodes. Here, represents the entry at the

metacentre of row and columnof the matrix. Say, we have set of variable nodes
which determine check node as { Jand set of check nodes which
determine variable node as { ) / Refers to set of bits
excluding and /-~ denote set of bits excluding

If we directly apply Belief Propagation decoding algorithm then complexity is too high due
to use of various multiplier units. So to reduce the complexity, Log-BP decoding algorithm is
introduced. It reduces the complex multiplication operations to simple addition operations
[118].

e  Let[]be the conditional probability that be the conditional probability that is 0. is 1 and
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e Here, and represent the input bit and the number of variable nodes
respectively.

Initialization: This step involves computation of the message from each variable node to

check node (), with likelihood ratio /)
'
— (5.5)
Where, is +1 when
is -1 when

Check — node operation: This step involves computation of check-to-variable messages
C )

(

—)11 ( ) (5.6)

Where, isY,

Variable — node operation: This involves computation of the message from variable node to
check node. Thus, for each variable node

Where, ¢ ) > (

— (5.7)

e Log-likelihood ratio (LLR) is updated to
X

(5.8)

e Output decision is 0 if and 1if
In [29], several less complex algorithms have been proposed which can make the
implementation of the conventional belief-propagation algorithm comparatively easy.

However, the relatively less complex algorithms have comparatively low throughput.
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Min-sum algorithm, a simple decoding algorithm has been discussed below. The algorithmic
complexity can be reduced by using the hyperbolic functions tanh (-) and tanhf1 (+) and

suitable approximations. Given two random variables A and B, the following expressions can

be defined:
(5.9)

Above equation can be expressed as:
( )/ (5.10)

The following expressions are obtained after applying the Jacobian algorithm [111, 114]
( ) | I |

b |
( ) | [ |

The standard Belief-Propagation algorithm is more complex in contrast to min-sum algorithm
but the decoding output of min-sum algorithm is better than the standard BP decoder.

5.4 Proposed Algorithm

This chapter presents realization of LDPC decoder by using simplified message passing
decoding algorithm and partially parallel decoder architecture. The different computation

steps of the proposed algorithm are listed below:

1. Compute likelihood ratio of each variable node;
2. Compute intrinsic message i.e. where, denotes most
significant bit of  i.e. sign bit.

3. Compute check-to-variable message for each check node b i.e.
/

4. Update the likelihood ratio value. The updated value of likelihood ratio is given by ULR=LR + }
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Where {-

5. The ULR value is used to compute finally the variable-to-check message.
6. Finally, LLR can be computedas LLR=LR+ .Decision is made on

the basis of sign of LLR. If LLR comes out to be positive, bit is assumed to be zero
whereas it is taken to be one if LLR comes out to be negative or zero. The proposed
algorithm provides trade-off between low decoding complexity and decoder
performance.

5.4.1 Construction of parity-check matrix

The (3, 6) parity check matrix can be constructed by using two regular and fixed matrices

and one random matrix.[135, 133, 113 and 114]. Say and are two regular and fixed
matrices(figures 5.2 and 5.3), each of same order, say . Matrix is composed of
number of identity matrices, each of order whereas matrix is composed of
number of “shifted” identity matrices , again of the order . The “shifted” identity

matrix may be obtained by shifting the identity matrix towards right by a particular number

of positions, which can be calculated using “mod” operator.
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Figure 5.3 Regular and Fixed matrix

Regular & Fixed ixy
P= Regular & Fixed iXY
Random & Configurable iXY
<« 5 —>
Xy

Figure 5.4 Parity-Check matrix
Say, matrix , is a random matrix. Its dimensions are of the same order as that of regular and

fixed matrices i.e. Matrix is random in the sense that the placement of
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ones in the matrix and the change in error positions in subsequent iterations is totally
random Thus P can be considered as is [ ] (figure 5.4).

5.4.2 Partial-parallel decoder architecture
This article presents the design of partial-parallel decoder architecture having high speed and
low complexity (Figure 5.5). The architecture has been designed for (3, 6) parity-check

matrix [113, 114, 134].

VNPU,, | [~ PEU, - CU,,
CU,,
VNPU,, | [~ PEU, | [~
CUy; Control
: > Logic
CU,, Block
: : ] CUll
VNPU,, | 7] | PEU, | [~ z
CH,.

Variable-Node = Permutation Check-Node
Data Processing & Exchange Data Processing
Unit Network Unit

Figure 5.5 Principal partial-parallel decoder architecture
The architecture presents implementation of:
(1) Variable node data processing unit (VNDPU): Each VNDPU has 36 variable node
processing units (VNPUSs). Each VNPU further consists of RAM memory blocks: three
extrinsic RAM (E-RAM) blocks each of size (256 x 1), one Intrinsic RAM (I-RAM) block of
size (256 x 8) and one decision RAM (D-RAM) block of size (256 x 1), in addition to a
computation unit for performing variable node computations (Figure 5.6). Each E-RAM

block has memory locations. Any memory location out of these available locations
can
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store the extrinsic information exchanged between a particular variable node and its
neighbouring check node. This significantly reduces the size of RAM as given by [110]

(2) Check node data processing unit (CNDPU): Each check node data processing unit
(CNDPU) has 3 check units (CUs) for performing check node computations. Each CU further
consists of 6 check nodes.

(3) Permutation and exchange network (PEN): The PEN consists of 3 permutation and
exchange units which are used for permutation and exchange of messages between CNDPU
and VNDPU. Exchange of information between variable node and check node is done
through bidirectional permutation and exchange network. During variable-to-check message,
permutation is done and during check-to-variable message, reverse permutation is done.

(4) Control block: All the CNUs communicate the parity check results to a control block. The
control block determines if all the parity check equations specified by the parity-check matrix
have been fulfilled.

In the each decoding iteration, the proposed decoder works in two modes: VNP (variable
node processing) and CNP (check node processing) mode. The decoder processes each
iteration in cycles of processing time, with each processing mode occupying half

of the processing cycles.
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Figure 5.6 Memory blocks in VNDPU
5.4.3 Variable node data processing unit (VNDPU)
VNDPU consists of 36 VNPUSs in the proposed architecture. Each VNPU performs three
operations:
(1) Accessing 1-bit check-to-variable messages from the E-RAM block;
(2) Computation of 1-bit hard decision, 1-bit variable-to-check messages and updated value
of LLR from the stored 5-bit intrinsic message and the check-to-variable message;
(3) Storing the computed values in their respective memory blocks i.e. hard decision in the D-
RAM block, updated LLR in the I-RAM block and the computed variable-to-check messages
in the E-RAM block.
Thus, as input VNPU has three 1-bit check-to-variable messages, 5-bit intrinsic message
during initialization and 8-bit intrinsic message during decoding iteration as input. After
processing and the required computations, VNPU outputs three 1-bit variable-to-check

messages, one 1-bit hard decision value and one 8-bit intrinsic message. The variable-to-
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check messages are stored in the E-RAM, hard-decision value is stored in the D-RAM and
intrinsic message is stored in the I-RAM block.
5.4.3.1 Architecture of VNU
The architecture shown in the Figure 5.7realizes the variable node unit of SMPA algorithm.
All the input and output messages are in 2“s complement format. In this architecture, there
are six 8-bit binary adders and MSB of intrinsic output i.e. updated LLR is used as hard-
decision bit. The architecture also associates one address decoder with each E-RAM block.
The address decoders (AD1, AD2 and AD3) provide the read address for variable-to-check
messages and write address for check-to-variable messages. The three address decoders along
with the three permutation and exchange units (AD1 with PEU1; AD2 with PEU2; AD3 with
PEU3) jointly specify the complete connectivity between the variable nodes and the check
nodes. All the three address decoders are implemented as mod-8 binary counters, counting
from O to , and are initialized to value 0 while the decoder is performing variable
node computations. While in check node computation mode, the three decoders are initialized
to different values. ADL1 is initialized to value 0; AD2 is initialized to value

for a particular ; AD3 is randomly initialized as it is used for

realization of random matrix M3. AD3 can be randomly initialized to a value for a given

value of but for two different values of , the value of is also different. Another constraint that

needs to be checked for is that for a single value of n but two different values of m, the

difference between two p values is given by .
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5.4.4 Permutation and exchange network
Permutation and Exchange network provides connectivity between the variable nodes and the
check nodes as specified by 3 sub-matrices and . PEN in the proposed architecture
consists of 3 permutation and exchange units (PEUs) which provide for permutation, reverse
permutation and exchange of data between variable nodes and check nodes.
(1) PEU1 connects to , thus connecting six VNPU elements with the CU
having the same x-index.
(2) PEU2 connects to , thus connecting six VNPU elements with the CU
having the same y-index.
(3) PEU3 connects to , This connection is required to be of random type so
that randomness of matrix M3 is maintained. PEU3 permutes (or reverse permutes) data in
two stages as shown in Figure 5.8.

5.4.5 Check node data processing unit (CNDPU)
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The CNDPU performs certain operations to convert variable-to-check extrinsic message to
check-to-variable message as listed below:

(1) Three single-bit variable-to-check messages are accessed from the E-RAM blocks.

(2) The accessed data is passed through a permutation and exchange unit of permutation and
exchange network.

(3) Computations are performed on the permuted data and variable-to-check extrinsic
messages are generated from the check-to-variable messages. In addition, parity check is also
performed on the hard decision bits and the results are communicated to the control block that
checks if all the parity check conditions specified by the parity-check matrix P have been
satisfied or not. If the conditions are satisfied, decoding process can be stopped.

(4) The computed data from CNDPU is again passed through permutation and exchange unit
of PEN for reverse permutation process (Figure 5.9).

(5) The resultant message after reverse permutation is written back to the ith memory

location of E-RAM, from where the message was initially fetched.

5.4.5.1 Architecture of CU

Each CU performs operation of one check node i.e. computation of check-to-variable
messages. Figure 5.10shows the architecture of CU. As shown in the figure, the complexity

of CU is less than
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Figure 5.8 Block diagram of PEU3
the architectural complexity of Log-BP algorithm. It consists of only twelve XOR gates.
Input to CU is k i.e.6-bit variable-to-check message coming from six VNPUSs and the output
is also of 6-bits sending to various VNPUs. This architecture realizes the “check node
computation” of the SMPA algorithm completely [113,114]. The complete processing of data
through VNDPU, PEN and CNDPU is shown in Figure 5.11.
5.4.6 Increasing throughput of the proposed decoder
The throughput of the proposed architecture can be increased by using pipelining process. In
the proposed scheme, pipelining has been used at two levels: at the sub-unit level and at the
decoder level. At the sub-unit level, pipelining scheme is used to pipeline the operations on
CNDPU and VNDPU. At the decoder level, pipelining of processing of consecutive frames is
done so as to increase the overall throughput.
5.4.7 Pipelining in VNDPU
Full-duplex connections are used for realizing the connections between the VNPUs and the
different memory banks. Thus pipelining technique can be used for increasing the throughput.
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The address for writing the check-to-variable messages is same as the address from where
variable-to-check messages were initially accessed. Thus, assuming that VNPU takes three
clock cycles to perform three operations, after a delay of three clock cycles the write address
can be obtained.

5.4.8 Pipelining in CNDPU

As the architecture of CNDPU is not very complex, thus apart from accessing and writing the
data on to the memory location, the permutation, computation and reverse permutation steps
can be performed in a single clock cycle. Thus overall three clock cycles are used for
CNDPU operations. Also, full duplex connections are used for interfacing various CUs of

CNDPU with PEN.
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In the proposed architecture, the processing of consecutive frames is pipelined to achieve

higher throughput. While the decoder is reading out one frame from the decoder, the next

frame is iteratively decoded and the third frame is loaded into the decoder.
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Thus, the decoder works on three code frames simultaneously. To realize this pipelining, two
I-RAMs and two D-RAMs are used. The first I-RAM is RAM because of 5-bit
quantization of LLR i.e. initial value of intrinsic message and the second I-RAM is of size
because the value of LLR is updated to 8-bit quantization for further processing of
iterative decoding. Input frame is loaded into the first I-RAM and the second I-RAM is used
for storing the intrinsic message during iterative decoding. Output frame is read out from the
first D-RAM of decoder and the second D-RAM is used for storing the hard-
decision during iterative decoding.
5.4.10 Simulation
The decoder gets triggered at the positive edge of the clock. The global clock signal ,,clk™ is
used for synchronous operation. The LLR information is fed through the signal ,,din using

,JJoad" control signal. ,,11* signal gives the memory address of -RAM in which input LLR
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information is loaded. Signal ,,c* shows the VNU in which LLR information is loaded. The
complete process of loading intrinsic information takes around 9474 clock cycles (258 for
initialization and 9216 for input). After decoding the input, 1-bit output is obtained as
decoded data using a high ,,data out ready” control signal. The decoding and retrieval of
output from the decoder is synchronous with the clock.
Figure 5.12shows the block diagram of LDPC decoder along with the control signals. In this
architecture, the number of input and output pins used is less compared with architecture
proposed by [135]. Output is obtained by using only 1 pin rather than 36 pins. Also, this
architecture does not need 14 pins for loading the address in each ,,Int* memory of 36
variable nodes (Figure 5.13).
Figure 5.14 shows the simulation result at the end of 18 iterations. This ,,int" signal shows the
number of iterations at end of clock pulse 19092.
Figure 5.15 shows the starting of decoded output at the port ,,dout™. This port is synchronous
with ,,data out ready” port. Output is available in the next positive edge of clock cycle when
the ,,data out ready* signal is ,,high*.
| ‘
clock
\Sbnt LLR Input Decoder Data \ 7w
| LDPC Decoder |

\1 -bit Load dataout_ready _Fb'

1-bit

Figure 5.12Control signals of LDPC decoder
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5.4.11 FPGA implementation

Partially parallel decoder architecture has been implemented for (3, 6)-regular LDPC code
and on Xilinx XC3D3400A device from Spartan-3A DSP family. The
implementation involves the following configurations:

e First and second intrinsic RAMs i.e. ,,Int™ RAM is configured as dual port block RAM. The
size of first RAM is i.e. 1.25 K-bit RAM. The size of second RAM is i.e.
2 K-bit RAM. First and second decision RAMs i.e. ,,Dec RAM is configured as dual port
distributed RAM. The size of first and second decision RAMS is 256 x 1 (i.e. 256 bits RAM).
e Each variable node contains 3 extrinsic RAMs i.e. E1, E2 and E3. These RAMs are
configured as distributed RAM. The size of these RAMs are (i.e. 256 bits RAM).
VHDL has been used for data entry and resource utilization has been obtained through the
synthesis process. Xilinx Development System tool suite has been used to place and to route
the synthesized implementation for the target XC3D3400A device with the speed option-5.
Table 5.1shows the statistic of hardware resource utilization. Maximum clock frequency
suggested by Xilinx Development System tool suite is 96.28 MHz. If we have ,,a* decoding
iterations for each code frame, then number of clock pulses utilizes for decoding the one
frame of input will be (2a (L + 2) + (L + 2)). Here, 2 is added due to number of pipelining
stages and extra (L + 2) is due to initialization process. Maximum symbol throughput will be
(96.28) - k2. L/(2a (L + 2) + (L + 2)) = 96.28 (9216/9546) = 92.95 Mbps if maximum
decoding iteration is 18. Figure 5.16 shows place and route decoder implementation using
Xilinx FPGA editor tool.

Table 5.1 FPGA resource utilization

Resources In Arch[136] In this Arch.
Slices 11,792 7,021
Slices reg. 10,105 1,558
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Figure 5.16 Place and route output
5.4.12Results
In this chapter, LDPC decoder has been implemented on the Xilinx XC3D3400A FPGA
device developed with high decoding throughput and less area consumption. The improved
decoder provides maximum decoding throughput of 92.95 Mbps in 18 iterations and
maximum slice utilization is 7021. The proposed SMPA algorithm used in this chapter
greatly reduces the resources utilization. The hardware resource utilization result obtained by

the partially parallel decoder is very less compared with fully parallel decoder architecture.
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5.5 Conclusion

This chapter starts with introduction to LDPC codes followed by exhaustive literature review
of LDPC codes. The chapter clearly states the difference between the hard and soft decoding
algorithms and dicusses Log-BP algorithm in detail. Further, this chapter also presents
realization of LDPC decoder by using simplified message passing decoding algorithm and

partially parallel decoder architecture.
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Chapter 6
Conclusion and Future Scope

Channel coding is done to avoid the errors that may be introduced while transmitting binary
sequences over the channel due to noise and interference. Turbo codes and LDPC codes are
the two most prominent error-correcting techniques which provide near Shannon limit
performance.

In the initial chapters, this thesis presents the theoretical perspective of channel coding and
the turbo codes. A detailed description of the basic turbo encoder structure has been
presented. Further, Interleavers have also been discussed in detail, in particular, QPP
Interleaver due to its deterministic, algebraic structure and because it provides contention-
free memory access. An exhaustive literature review of Turbo codes and QPP Interleaver has
also been done. The most significant concern for Turbo codes is to efficiently implement a
turbo decoder. Decoding algorithms for the turbo decoder have been discussed and a
comparison has been drawn between MAP and SOVA algorithms. For implementation of
Turbo decoder, Max-log-MAP algorithm has proven to be the most effective. Further, this
thesis also talks about FPGA implementation of the basic and proficient turbo decoder. The
efficient implementation comes from algorithm modification, integer arithmetic and compact
hardware management. Based on the Max-Log-MAP decoding algorithm, the branch metric
has been modified by weighing a-priori value, resulting in a significant BER improvement.
The Turbo decoder takes in 8-level integer inputs generates 7-bit soft-decisions and
calculates all metrics on integers, avoiding complex floating point or fixed-point arithmetic.
By manipulating memory address, delay associated with interleaving and de-interleaving is
eliminated, resulting in much higher throughput. Also, by taking advantage of identical
decoder function, Turbo decoder has been implemented in a single-decoder structure, making

efficient use of memory and logic cells. The design utilized almost 3447 out of 6912 logic
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cells and approximately 28 RAM blocks out of 48 total RAM blocks in the device. In
addition, the design required no external components and consumes approximately 695 mwW
during normal operation.

Six different architectures for turbo decoders have been designed and analyzed for their
trade-offs in terms of latency, throughput and area requirement. The throughput increases
from standard window towards SW and PW, but at the same time area requirement also
increases proportionally. By applying circuit-level pipelining and retiming, throughput
increases in larger proportion when compared to area increment. A novel interleaving
technique gives area-optimized results. Simulation results corresponding to throughput and
latency for different architectures of turbo decoders have been shown in the work.

For turbo codes, an interleaver is an essential constituent and its appropriate design is
decisive for superior performance. A new interleaver design has been suggested, an
alternative of QPP interleaver of turbo codes, which permutes a series of bits with the
identical statistical sharing as a conformist QPP interleaver and gives superior performance
than the predictable QPP. New proposed architecture has been simulated and synthesized
using Xilinx and HDL Designer tools. Very large scale amalgamation of architecture for the
proposed interleaver has been investigated in terms of area, delay and power dissipation.
Thermal power indulgence and device operation has been computed for the novel plan using
Quartus Il (32-bit) tool. Also, a contrast among the proposed alternative of QPP interleaver
and the conformist QPP interleaver has been presented

Next, this thesis presents introduction to LDPC codes followed by exhaustive literature
review of LDPC codes. The difference between the hard and soft decoding algorithms has
been highlighted and Log-BP algorithm has been discussed in detail. Further, this thesis also
presents realization of LDPC decoder by using simplified message passing decoding

algorithm and partially parallel decoder architecture. Further, LDPC decoder has been
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developed with high decoding throughput and less area consumption and implementation has
been done on the Xilinx XC3D3400A FPGA device. The improved decoder provides
maximum decoding throughput of 92.95 Mbps in 18 iterations and maximum slice utilization
is 7021. The proposed SMPA algorithm greatly reduces the resource utilization. The
hardware resource utilization result obtained by the partially parallel decoder is very less as
compared to fully parallel decoder architecture.

The future work can be extended in numerous ways by optimizing the decoder at any of the
three levels: decoder level, algorithmic level and at metric level. Although the proposed
design shows better performance in terms of latency, throughput and resource utilization and
power dissipation, yet future work can be focused on FPGA implementation of the proposed

technique with less hardware requirements.
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