NOTE TO USERS

This reproduction is the best copy available.

®

UMI






Design and FPGA Implementation of Trellis Coded Modem

based on DVB Standard

Danial Nikfal

A thesis
in
The Department
of

Electrical and Computer Engineering

Present in Partial Fulfillment of Requirements
for the Degree of Master of Applied Science (Electrical Engineering) at
Concordia University
Montreal, Quebec, Canada

April 2005

©Danial Nikfal, 2004



Library and
Archives Canada

Bibliothéque et
* Archives Canada
Direction du
Patrimoine de I'édition

Published Heritage
Branch

395 Wellington Street

395, rue Wellington
Ottawa ON K1A ON4

Ottawa ON K1A ON4

Canada Canada
Your file Votre référence
ISBN: 0-494-04387-3
Our file  Notre référence
ISBN: 0-494-04387-3
NOTICE: AVIS:

L'auteur a accordé une licence non exclusive
permettant a la Bibliotheque et Archives
Canada de reproduire, publier, archiver,
sauvegarder, conserver, transmettre au public
par télécommunication ou par I'Internet, préter,
distribuer et vendre des theses partout dans

le monde, a des fins commerciales ou autres,
sur support microforme, papier, électronique
et/ou autres formats.

The author has granted a non-
exclusive license allowing Library
and Archives Canada to reproduce,
publish, archive, preserve, conserve,
communicate to the public by
telecommunication or on the Internet,
loan, distribute and sell theses
worldwide, for commercial or non-
commercial purposes, in microform,
paper, electronic and/or any other
formats.

L'auteur conserve la propriété du droit d'auteur
et des droits moraux qui protége cette these.
Ni la thése ni des extraits substantiels de
celle-ci ne doivent étre imprimés ou autrement
reproduits sans son autorisation.

The author retains copyright
ownership and moral rights in
this thesis. Neither the thesis
nor substantial extracts from it
may be printed or otherwise
reproduced without the author's
permission.

In compliance with the Canadian
Privacy Act some supporting
forms may have been removed
from this thesis.

While these forms may be included
in the document page count,

their removal does not represent
any loss of content from the

thesis.

Canada

Conformément a la loi canadienne
sur la protection de la vie privée,
guelques formulaires secondaires
ont été enlevés de cette these.

Bien que ces formulaires
aient inclus dans la pagination,
il n'y aura aucun contenu manquant.



Al

STRACT

Design and FPGA Implementation of Trellis Coded Modem

based on DVE

Standard

Danial Nikfal
This thesis concentrates on the implementation of a base-band modem specified
by Digital Video Broadcasting (DVB) standard. The modem consists of Reed Solomon
coding, Convolutional Interleaving, Pragmatic Trellis Coded Modulation (PTCM), and
Pulse shaping filters. The system is employed in digital television and related

applications based on satellite communications.

A design flow using System On a Programmable Chip (SOPC) is a novel
approach that can be considered in the next generation of wireless modems. The design
flow starts with modeling of the floating-point representation of the design in Simulink
with parameters described in the DVB standard. Fixed-point refinement of the model is
developed to compromise arithmetic precision for hardware simplicity. A number of
significant simulations are performed to verify adequate precision of the fixed-point

model by comparing the bit error rate curves with their floating-point counterparts.

Bottom-up design flow is used to synthesize the modem into the target hardware.
The high-level abstraction model of the design is simulated and compiled into an FPGA
using Xilinx System Generator for DSP. A novel clock distribution technique is proposed
to achieve the highest possible clock frequency. Finally, the modem is synthesized and

implemented in Xilinx Virtex Il FPGA and post-place&route simulation is performed to

il




ensure that the timing consiraints are met. The implemented modem is able to

transmit/receive digital audio and video signals up to 27.778 Mbit/s.
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1 Introduction

In this chapter motivation of Treilis Coded Modulation (TCM) is presented.
Moreover, Pragmatic TCM is introduced as a more regular approach to implement the
TCM codec. The history of Trellis Coded Modulation and its application is presented. In
addition, the motivation and methodology of the research is stated. This chapter also

presents the organization of the thesis.

1.1 Coding versus Modulation

Forward Error Correction (FEC) coding is a practical technique that virtually
improves the efficiency of any digital communication system by adding redundant bits to
the original message sequence. Communication systems can generally be divided into

two major categories: power-limited and band-limited systems.

In power-limited systems, the desired performance should be achieved with the
smallest possible transmit power. Hence, error correction codes are exploited to achieve
the same performance with smaller transmit power. However, higher symbol rate and

higher bandwidth are required to transmit the same information per unit of time.

On the other hand, in bandwidth-limited systems, the desired performance should
be achieved in the available limited bandwidth. Therefore, higher-level modulation
schemes can be used to increase bandwidth efficiency. In this case, larger transmitted

power is required to maintain the same system bit-error-rate.



In wireless communications frequency spectrum is limited. Moreover, the more
transmitted power a system requires, the more expensive the data transmission COsts.
Therefore, the aim of any digital communication is to achieve reliable data transmission
with the lowest transmitted power within the limited available bandwidth. The increasing
demand of higher bit-rate requires efficiently using the available bandwidth even in
satellite communication where bandwidth is plentiful. Therefore, FEC became an
inevitable part of bandwidth limited systems. The information rate loss, by adding
redundant bits to the message sequence, can be compensated by using higher modulation
schemes. However, when the modulation and FEC are performed in an independent

manner, disappointing results are obtained.

Trellis coded modulation is introduced as a combined coding and modulation
scheme that improves reliability of the transmission system without increasing the signal
power or required bandwidth. Trellis-coded modulation is different from conventional
coding techniques. It performs coding and modulation together. In other words, the

coding process involves handling of mapping the codeword to a modulated signal as well.

Since Ungerboeck invented TCM in 1976 and had his papers published in the
1980°s [4-6], numerous researches have been working on TCM applications in numerous
areas such as: voice band modems, satellite communications, wireless communications
trials, digital subscriber loop, HDTV (high definition television), broadcast channels,
CATV (community antenna television) and DBS (direct broadcast satellite) in the 1980’s
and 1990’s. Many innovations in TCM technology have been introduced, such as
multidimensional TCM (1984-1985), rotationally invariant TCM with M-PSK (1988),

TCM with built-in time diversity (1988-1990), TCM with Tomlinson pre-coder (1990~



1991), TCM with unequal error protection (1990), multilevel coding with TCM (1992-

1993), and concatenated coding with TCM (1993-present). TCM evolution is depicted in

Figure 1-1.
Ungerboeck
invented TCM
1976
v 4 ¥ N
Rotationally Multidimensional R.O tationally . TCM with Built-in
. Invariant TCM with . . .
Invariant TCM TCM M-PSK Time Diversity
1983 1984-1985 1988-1990
1988
Voiceband Modem Voiceband Modem Satellite Wireless
up to 14.4 Kbps up to 33.4 Kbps Communications Communications
Trials
v A K ¥
. . . Multilevel .
TCM with Tomlinson TCM with Unequal Codin Concatenated Coding
Precoder Error Protection with T CgM with TCM
1990-1991 1990 1992-1993 1993-present
DSL Broadcast Satellite HDTV
HDTV Channels Communications CATV
DBS
DSL

Figure 1-1: TCM evolution and applications
Pragmatic TCM introduced in 1989 by Zehavi and Wolf 8] reduced the
complexity of the TCM encoder/decoder. Pragmatic TCM is employed the same de-facto
standard rate 172 convolutional code and techniques known as “puncturing” to achieve
coded modulation with different rates. This method permits the use of single basic
convolutional encoder/decoder to achieve respectable coding gain which is virtually

equivalent to that of best Ungerboeck approach.



1.2 Motivation and Methodology of the research

Although considerable amount of research works have been conducted on
different aspects of TCM, only a few of them are focused on hardware implementation.
Furthermore, the available implementations are not designed with the regularity and
methodology that System On a Programmable Chip (SOPC) design flow requires. As an
example, an ASIC design TCM codec is implemented by Xiao Hu in 2003 [32]. In Xiao
Hu’s approach, the four dimensional /6-state TCM codec is proposed and implemented.
However, in this thesis we focus on the implementation of a modem with Concatenated
Pragmatic TCM codec based on SOPC design flow. The regularity of Punctured
Pragmatic TCM structure makes it well suited for the SOPC design flow. Furthermore, in
the design flow Intellectual property (IP) cores are used to simplify the design procedure.
This approach can be used as a prototype design flow for implementing any DSP
algorithm.

The Pragmatic TCM is recommended by Digital Video Broadcasting (DVB)
standard as an inner coder of a base-band modem for satellite communication. Digital
Video Broadcasting is a well known telecommunications European standard that founded
in 1993 to establish global standards for digital television and data services. The
specification of the modem is stated at ETSI EN 301 210 [14]. Concatenated code (RS
encoder as an outer code, PTCM as an inner encoder) is used to improve the performance
and reliability of the data transmission. In the thesis, the two-stage Pragmatic TCM codec

is designed and implemented along with the specification given in DVB standard.

A large number of choices are available to implement a Digital Signal Processing

(DSP) system; such as programmable DSP, Filed Programmable Gate array (FPGA) and



Application Specific Integrated Circuit (ASIC). Each of these solutions has its own

strengths and weaknesses.

The programmable DSP is essentially a microprocessor which is designed for
DSP applications. It is an off-the-shelf part that can be programmed with a very high
level language such as C, or perhaps with assembly. Programmable DSPs are very
flexible because they can be programmed again and again. These characteristics permit
fast design iteration and reduce time to market [28]. Programmable DSPs are also well
suited for very complex math-intensive tasks, with conditional processing. However, they
are limited by number of operations which can be done per clock cycle. As an example, a
TMS320c6201 has two multipliers and can perform well up to 200 MHz; hence 400 M

multiplications per seconds can be done by the DSP [27].

On the other hand, FPGA is a programmable device which is configured by
connecting the gates together. Elements such as registers, adders and multipliers as well
as building DSP blocks such as FFT and FIR can be implemented in FPGA. FPGA
vendors have developed several LogiCores which can be used in block diagram level to
implement very efficient DSP tasks. It can also be configured by means of Hardware
Description Language (HDL). Their performance is limited to the number of gates
available and clock rate. FPGA is well suited for parallel processing i.c. multiple
execution units can be built that operate simultaneously. For example, a 1 M gate Virtex
1T device has 40 multipliers and can perform as high as 100 MHz. comparing to the DSP

counterpart, it executes 4000M multiplications in a second.

When the sampling rate of the design is more than a few MHz and extensive

parallel processing is required in the design, FPGA is the best choice. Moreover,



telecommunication systems are usually described by block diagram; translating the block

diagram to FPGA may be simpler than converting it to C code for DSP.

A number of customized Matlab scripts and Simulink libraries is prepared in the
design flow to model the modem and perform system simulation. Floating point
simulation is performed in Simulink platform to verify the telecommunication system.
Afterwards, fixed-point simulation is performed and the simulation results are compared
with floating-point ones. When the fixed-point representation of the system is chosen, the
system is implemented in Xilinx Virtex II FPGA. Xilinx System Generator for DSP is
used to translate fixed-point model to VHDL. Xilinx Synthesis Tool (XST) in Integrated
Software Environment (ISE) package is used to synthesize the HDL model. In addition,
gate level simulation is performed to verify timing and functionality of the post-synthesis

design. Finally, the HDL model is configured in to the target FPGA chip.

1.3 Organization of the thesis

The organization of this thesis is as follows: Chapter 2 introduces fundamentals of
any gommunication systems with a focus on concatenated codes and Pragmatic TCM.
Chapter 3 provides an overview of DVB and demonstrates the structure of the encoder
for the desired specifications. Chapter 4 provides further description on the design flow,
model structure and simulation results. Floating point and Fixed-point simulation results
are presented in this chapter. Chapter 5 provides hardware implementation, details of the
hardware design flow and verification. Finally, the conclusion and future work are

provided in chapter 6.
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The objective of any digital communications system is to provide a cost effective
facility for transmitting information at a specific rate from one end of the system to the
user at the other end; in an acceptable reliability level and quality. Two primary
communication resources for the designer are bandwidth and power. In many
communication systems, one of these resources may be more precious, thus any system
may be classified to either band-limited or power-limited. In band-limited
communication systems, spectrally efficient modulation techniques are employed to save
bandwidth at the expense of power. However in power-limited systems, power efficient
modulation techniques can be used to save power at the expense of bandwidth. In both
cases, Brror Correction Coding (Channel Coding) might be used to have a more reliable
communication medium with the same power by increasing the bandwidth. However,
increase in bandwidth is not desirable and therefore Ungerboeck [4-6] proposed Trellis
coded Modulation (TCM) schemes to improve the performance of the communication
systems without any increase in bandwidth.

In this chapter, non-binary band-limited modulation technique; including pulse-
shaping and matched filter is presented. Fundamentals of Error Correction Coding are

also discussed and finally Trellis Coded Modulation is thoroughly described.
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2.1 QAM Modulation scheme

M-ary non-orthogonal signaling schemes are well known techniques to achieve

bandwidth reduction by sending K bits, at each symbol duration7,. Instead of using

binary numbers, an alphabet with M=2" symbol is employed, hence the data rate with the
same bandwidth can be expressed as:

log, M
R, =KR, = ff; = f—g]—f—bits/s @.1)

Therefore according to the Equation (2.1), and knowing that the required

bandwidth is proportional to the symbol rate (i.e. R,); M-ary signaling increases the bit

rate by a factor of K with the same bandwidth, comparing to binary case. There are
different modulation schemes employing M-ary signaling such as M-ary Quadrature
Amplitude Modulation (QAM), Phase Shift Keying (PSK), and Amplitude Shift Keying

(ASK). In this thesis, the QAM will be

. . . 3 3 T - :
described in details. obio o | ol aoho
QAM can be considered as a logical ? +
extension of PSK and ASK, or simply as a g oo an T+ o ot
» - - é Di J| 1 |20 T SO l::l [ 1.4 I
two-dimensional ASK with two orthogonal £ 7|7 T
N . & .l - A
basis. Figure 2-1 illustrates a I6-ary QAM o LT e e
constellation; each constellation point contains -2 T
4=1og,16 bits. It is more likely to receive T LI N o0
22 ¥ .
-3 -2 -1 a4 1 2 3

in-phase Ampiituds

Figure 2-1: QAM constellation with Gray ceding



adjacent symbols in error, therefore the bit o signal assignments shouid be done such
that adjacent symbols differ in only one bit position (Gray coding). This provides the best
bit error rate (BER). For a rectangular constellation with Gray coding, a Gaussian

channel, and matched filter reception, the probability of bit error is expressed by [1]:
5 N
3log, L\ 2E,

I’ -1 J N,

where L represents the number of amplitude level in one dimension and O(x), called Q-

-
!

5 2L I
 log, L L

(2.2)

function, is defined as:

0(x) = exp(- %—)du 2.3)

.-
7o |

The BER performance of M-QAM scheme with M=4, 16 and 256 is sketched in
Figure 2-2. It is illustrated that performance degrades with the increase of modulation
level. In other words, higher bit rate is achieved by decreasing the performance with the

same transmitted power.

Any digital scheme that transmits K bits in 7, seconds, using bandwidth of W Hz,

operates at a bandwidth efficiency of:

R, log, M _.
=2 bits/s/Hz 24
W wr /s/ 24

Bandwidth efficiency is a factor that shows how the system uses the bandwidth

efficiently; for example, a communication system can achieve a bandwidth efficiency of

4 bits/s/Hz instead of I bits/s/Hz , if it employs 16-QAM modulation scheme instead

of BPSK.
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Figure 2-2: Various QAM BER curves

2.2 Pulse-Shaping and Matched filters

In modern data transmission systems, bits or groups of bits (i.e.. symbols) are
typically transmitted in the form of individual pulses of energy. In the receiver the goal is
to sample the received signal at an optimal point in the pulse interval to maximize the
probability of right decision. This implies that the shape of transmitted pulses be such
that they do not interfere with one another and on the other hand, maximum signal-to-
noise-ratio (SNR) at the optimal sampling point is required. This can be accomplished by
using a pulse-shaping filter in the transmitter and matched-filter in the TECEIVET,

respectively.
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2.2.1 Pulse-shaping filter

In communication systems bandwidth is limited. The more compact the signal
bandwidth is made, the greater the number of users that can simultaneously be served. It
is essential to reduce the required system bandwidth; however there is a limitation to such
bandwidth reduction. Once a system operates at smaller bandwidth, the pulse would
spread in time domain and results in Inter-Symbol-Interference (ISI). Nyquist showed
that at based-band communication, theoretical minimum system bandwidth needed to

detect R, Symbols/s without ISIis R, /2 Hz. This might lead us to an ideal Nyquist filter

with its rectangular-shaped frequency response; however such a filter is not realizable. A
practical filter should be introduced to have zero ISI at each sampling time with the
reasonably small bandwidth. Raised cosine filter is a candidate that meets above

requirements. The raised cosine frequency transfer function can be expressed as:

T os|f|512:;§-
L1 cod (1~ 22])| SV PPLY.
H(f) =47 {Hcos[ 2 (| f] T H f o <|fl< o (2.5)
1
0 1> 5E

where £ is called roll-off factor and takes the value in the range of 0< /£ <1. The

bandwidth occupied by the signal beyond the Nyquist minimum bandwidth (i.e. 5%—) is

called “excess bandwidth” and is usually expressed at the percentage of Nyquist

bandwidth. For example, S of 0.5 or I corresponds to the excess bandwidth of 50

percent or 100 percent, respectively. The raised cosine filter impulse response and

frequency response are plotted in Figure 2-3 for different roll-off factors.

i1



(@ (b)
Figure 2-3: Raised-cosine filter characteristic

(a) System impulse response (b) System transfer function

2.2.2 WMatched filter

A matched filter is a linear filter designed to provide the maximum signal-to-
noise- ratio (SNR) at its output for the given transmitted symbol waveform. It is proved
[1] that such a filter has an impulse response of the mirror image of the message signal
s(t), delayed by the symbol duration 7. The impulse response of a matched filter is

expressed as :

h(ﬁ)z{f{s(ﬂ ~1) 0<1<T, 26

0 elsewhere

where K is constant.
In digital systems, the sampled matched filter is derived by sampling h(t). The

discrete impulse response of sampled matched filter is expressed as:
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B, (n) = {KS(M ) O<n=M 27

0 elsewhere

where M and n are integer.

Both pulse-shaping filter and matched-filter are essential parts of any
communication system. The pulse shaping filter should be designed such that the overall
transfer function of the transmitter and receiver filter, produces zero ISI at optimal
sampling point. Square-root-raised-cosine (SQRC) is turned out to be the solution, by
dividing raised-cosine filter transfer function to two SQRC filters, one in the transmitter
and the other one in the receiver. The product of transmitter and receiver filter transfer
functions being a raised-cosine will provide zero ISI at optimal sampling point in the
receiver. Furthermore, according to the equation (2.6) and the fact that impulse response
of SQRC filter is even symmetric, the second SQRC filter is matched to the transmitted
symbol. In other words, it provides maximum SNR at its output. The impulse response of
SQRC filter is expressed as [2]:

_ (4r1)T,)cos[z(1+ r1/T,)]+ sinlzm(L—r)¢/T,]
B (2T )1 — (4r2/T,)?]

b, () (2.8)

where r (0 < r <1) is roll-off factor and 7, is symbol period.
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2.3 Coding Fundamental

Forward Error Cormrection (FEC) Coding introduces more reliable digital
transmission by increasing the “distance properties” in expense of higher bandwidth. In
other words, the price paid for channel coding is bandwidth because of the extra
redundant bits. This appended redundant bits, increase distance in signal space vector
between each coded vector, i.e. comparing two sequences before and after coding is
applied, the coded sequences have more differing bits than unencoded sequence. The
decoder in the receiver is then able to detect and/or correct a certain number of errors to
retrieve the original data correctly.

For a system with a fixed power the only practical option to increase the
performance is to encode transmitted bits in the transmitter. In the receiver, according to
the coding scheme, the decoder would be able to detect and correct specific number of

bits in error. Another practical motivation for the use of coding is to reduce the required

E, /N, for a fixed bit error rate. This reduction inE, /N, may, in turn, be exploited to

reduce the required transmitted power and reduce the hardware cost.[3]
There are many different error-correcting codes that can be used. These codes

have been classified into block codes and convolutional codes.

2.3.1 Block codes (RS code)

To generate an (n,k) binary block code, the encoder accepts successive blocks of

k-bits data; for each block, it adds n-k bits to the information bits and produces an n-bit

(n>k) codeword. In other words, a block encoder produces bits at a rate of R, = %Rb;

14
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. o .. : : K . .
where R, bits/sec is bit rate and the dimensionless ratio r =— (0 <r<1)iscalled the
n

code rate. There are a total number of 2% different possible messages fed to the block
encoder. Corresponding to these 2% different possible messages, there are only 2k
different possible n-bit codewords exist at the encoder output. For clarifying the error
correction and detection capability of a block code, a term minimum distance (i.e. d,;,)
has to be defined; 4 . of a block code is the minimum number of bits which are
different between two codewords in set of all codewords. Thus, in block codes, no error
pattern of d_, —1 or fewer errors can change any received codewords to another one.

Hence, the received sequence is not a valid codeword. When the decoder detects an
invalid received codeword, the error is detected. In other words, the decoder is able to

detect any error patterns of d_;, —land less. Moreover, a block code with minimum

distance d_, is not only able to detect a large number of error patterns, but also

min

guarantees correcting all error patterns of z:t } or fewer errors in each code

d_. —1 d_
word; where [—m?“J denotes the largest integer no greater than —m—‘%-—-.

e

Reed-Solomon codes are an important subclass of non-binary cyclic codes. The
encoder of RS(n k) code, is different from the binary encoder. It operates on multiple bits
rather than individual bits. A r-error correction RS(n,k) code with m-bit per symbols has

the following pararmeters:
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Block length: r=2" -1 symbols

Message size: k symbols (2.9)
Symbol size: m bils
Parity-check size: 2t =n—k symbols {for even value of n- k)

Minimum distance:  d_,, = 2¢f +1symbols

This code is able to correct up to ¢, m-bit symbols in a block of # symbols. Unlike
binary block codes where each bit is corrected individually in codewords, RS decoder
corrects a complete symbol of m-bit in case of symbol error. The symbol error correction
is carried out irrelevant to the number and the position of error patterns in the symbol.
Hence, this gives RS codes a capability of correcting burst of error [1]. For example,
consider (n,k)=(255,239) with m=8 bits per symbol; since 2f = n—k =16, this code, in
the worst case scenario, can correct a burst of error of 57 bits in a block of 255 symbols
of 8-bit long. However, this code can only correct up to 8 random bits in the block of 255
symbols of 8-bit long.

Any block code (in systematic form) can be shortened without affecting the
number of errors that can be corrected within the block length [1]. These shortened codes
are used in systems that shorter code words are required. In terms of RS( 255,239) 1=8,
imagine that 51 of 239 message symbols are a set of all-zero symbols, which are not
actually transmitted and hence are not subjected to any errors. Thus the shortened Reed-
Solomon code i.e. RS(204,188) of that of RS(255,239), with the same ¢ =8 symbol error

correction capability, is obtained.
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2.3.2 Convoluiional codes

A convolutional code is represented as (n,k,]) where parameters n, k, as well as
ratio k/n has the same significance as that of block codes. The integer [ is a parameter
known as constraint length; it represents the number of k-tuple stages in the encoding
shift register. Unlike block codes, convolutional encoders have memory. In other words,
output at each time unit is not only a function of input -tuple but also it is a function of
the previous I-1 input k-tuple. A convolutional code can completely be described by its
encoding function, nevertheless there are several methods used to represent a

convolutional encoder, such as connection representation and trellis diagram.

.

First output

Input

Storage
register

Second Output

Figure 2-4: Connection representation of the Convolutional encoder

In Figure 2-4 the connection representation of a very simple convolutional
encoder with three shift registers is depicted. The encoder works by passing a continuous
stream of input bits through a memory device such as shift register. The register length,
i.e. constraint length, is an important parameter as it provides the distance properties of

the resulting coded sequence. The constrain length of the encoder in Figure 2-4 18 [=3.
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The number of output bits (n) for every input bit is determined by the number of modulo-
2 adders. In this example there are two adders, thus making the code rate k/n equal
to1/2. Bach of modulo-2 adders is connected to specific cells of the shift register. Once
the modulo-2 addition is completed, the output bits are produced. A new bit enters the
shift register; while the content of registers shift one place to the right, then the right most
bit is discarded. Each output bit is not only dependent on the present input bit, but the

past [-7 bits as well.

Binary vector representation of the generator polynomials of this encoder can be
expressed by Gy=(110) and G,=(111); for the first and second output respectively. A
straightforward approach to illustrate an encoder is to show each encoder output with its
octal value, instead of that of binary vector. For example; this encoder can be expressed
as G;=6 and Go=7.

Trellis diagram representation of a convolutional encoder shows output and each
state transition, when a new information bit enters the encoder. Trellis diagram of the
encoder of Figure 2-4 is depicted in Figure 2-5. It illustrates the complete characteristic
of the encoder; i.e. state transition and coded bits can be derived easily by pursuing the
trellis diagram according to the input bit at each unit of time. Trellis diagram is also a

manageable way to illustrate Viterbi Algorithm (VA).
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——% State transition when input is 0

—————— - State transition when input is 1

Figure 2-5: Trellis diagram representation of the Convolutional encoder

Viterbi Algorithm, discovered by Viterbi in 1967, is used at the receiver end to
perform decoding. The advantage of the VA is that it reduces the computational
complexity of the brute-force decoding by taking advantage of the special structure of the
code trellis. Viterbi Algorithm essentially performs maximum likelihood decoding [1].
The algorithm involves calculating a measure of similarity or distance, called metric,
between all possible input sequences. The viterbi chooses the most likely sequence that
has the same pattern as the received sequence. This can be done by measuring metric of
the received sequence and all other sequences at time f, and eliminating all those that
could not possibly be candidates. The early rejection of unlikely path reduces the decoder
complexity [1]. The process is then repeated from bit to bit while the metric of “surviving
path” is accumulated among all possible sequences. Once the trellis grows large enough
(usually five times the constrain length) frace-back begins, by choosing the path with
maximum likelihood metric, or minimum distance metric. A complete tutorial of VA is
given by Viterbi in [7].

The demodulator can also be configured to feed the decoder quantized value of

the received signal, instead of hard value of ‘0’ and ‘1’. These soft values are used by
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decoder to recover the message sequences. This provides the decoder more information
than hard-decision case, therefore it results in performance improvement. For example,
for the Gaussian channel, soft-decision decoding by eight-level of quantization results in
performance improvement of approximately 2 dB in required signal to noise ratio
comparing to hard-decision. In fact, feeding such a 3-bit word instead of single binary
symbol is equivalent to providing the decoder a measure of confidence along with
codeword decision [1]. In other words, “000” is strong indication of “0” and “711” gives

the decoder very high confidence that “I” has been sent.

2.4 Interleaving and Concatenated Codes

A channel is called memory-less channel when it affects transmitted signal with
random independent noise. On the other hand, a channel that has memory is one that
exhibits mutually dependant signal transmission impairments (i.e. the disturbances cause
errors in bursts). In these bursty chanmels interleaving can be used to randomize the
errors.

Interleaving the coded message before transmitting and de-interleaving in the
receiver cause burst of error to be spread out in time and thus to be handled by the
decoder as if they were random error. Two types of interleaver are commonly used,

Block and Convolutional interleaver.

2.4.1 Block interleaving

A block interleaver accepts coded symbols from the encoder, permutes the

symbols and feeds the rearranged symbols to the next block in the transmitter; in the
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receiver the de-interleaver performs the reverse operation. The usual permutation of the
block is accomplished by filling the column of an M-row by N-column (MxN) array with
the encoded sequence, when the array is completely filled; the symbols are fed to the next
block in the transmitter one row at a time. The most important characteristics of such a
block interleaver are [1]:

e Any burst of N continuous channel symbol errors, results in isolated errors that is
separated in the de-interleaver by at least M symbols.

e The interleaver/de-interleaver end-to-end delay is approximately 2MN symbol
times, and the memory requirement is MN symbols for each of interleaver and
de-interleaver.

Interleaver parameters (i.e. number of columns N and that of rows M), are
selected such that interleaving protects transmitted data from the expected burst of error
in the channel. Generally speaking, for ¢ error correction code, N is selected such that its
value exceeds the expected burst length in the channel divided by ¢. The choice of row M
is dependent on the coding scheme used. For block codes, M should be larger than the

codeword length, while for convolutional codes M should exceed the constrain length.

2.4.2 Convelutional interleaving

The structure of Convolutional interleaver that has been proposed by Forney [11]
appears in Figure 2-6. Interleaver consists of N branches of storage registers. Hach
successive bank of registers provides J symbols more storage than the preceding one. As
illustrated, the zeroth register provides no storage while the (N-1)th register delays its

output by (N-1)J symbols. The interleaver works by sequentially passing a symbol of
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coded data to each branch of registers. At each new code symbel, the commutator
switches to the next register and feeds the register a new symbol, while the previous
symbols are shifted one place to the right. After (N-1) registers, the commutator switches
to the zeroth register again. In the receiver, the deinterleaver performs the inverse
operation. Note that input and output commutator for both interleaver and deinterleaver

have to be synchronized.

Commutator
switches .
o (N - 1)J —0

O—{(NV - 2)d -~

|
&

QO
()

From ’ To
encoder Channel 2.7 decoder

O
O

j
3

O—{(N = 2)J —0

O (N-1)J O [ 6
interleaver Deinterleaver

Figure 2-6: Fundamental structure of a Convolutional Interleaver [1]

Performance of a convolutional interleaver is very similar to that of a block
interleaver. The important advantage of the convolutional interleaver over block
interleaver is that the end-to-end delay with convolutional interleaver is equal to
M (N —1)symbols, where M = NJ , and its required memory 18 M (N —1)/2 at both end of
the channel. Therefore, it is a reduction by one-half in the memory size and delay

compared to the block interleaving.
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2.4.3 Concatenated codes

A concatenated code is one that uses two levels of coding, an inner code and outer
code to achieve the desired error performance. The primary reason for using the
concatenated code is to achieve a better performance with an overall low implementation
complexity. Figure 2-7 depicts a general modem block diagram based on concatenated
codes. The inner code is usually configured to correct most of the channel errors and the
outer code is usually a lower rate code, improves the overall performance by correcting
the imminent burst of errors at the output of the inner decoder. An interleaver is required

to randomize burst of errors produced by inner decoder.

Input Outer et Toner -
EEE—
data encoder BRSNS nterleaver f— 4o odulator
Channpel
Decoded
Cuter ‘ . ] Inner B )
data decoder Deinterleaver f@———t ;o Pemodulator

Figure 2-7: General Modem block diagram based on concatenated codes

2.5  Trellis Coded Modulation

In classical Digital Communications System, the functions of modulation and
coding are separated, however Trellis Coded Modulation is a combined modulation and
coding scheme that achieves remarkable coding gain over conventional multi-level

modulation scheme with the same bandwidth efficiency.[4]
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2.5.1 Ungerboek Trellis coded modulation

A Convolutional Code with rate of k/n, by adding n-k redundant bits to the

d free

message is able to correct up to J bits in error, where d,, is minimum free

L
distance of the convolutional code. Hence, coding sacrifices spectral efficiency of the
system to improve the performance. Generally, there exist two possibilities to
compensate for this loss; by either increasing the bandwidth or enlarging the signal set of
the modulation system if the channel is band-limited. Therefore, to maintain the same
spectral efficiency the idea of enlarging the signal set of the modulation is worthy for
band-limited channels. However, when the modulation and Error-Correction are
performed in the independent manner, disappointing results are obtained. As an
illustration, consider four-phase modulation (4-PSK) without coding, and eight-phase
modulation (8-PSK) used with a binary convolutional code of rate 2/3. Note that both

systems transmit two information bits per modulation interval (2 bit/sec/Hz). If the 4-PSK
system operates at an error rate of 107, at the same signal-to-noise ratio the “raw” error

rate at the 8-PSK demodulator exceeds 107, because of the smaller spacing between the
8-PSK signals. Patterns of at least three bit errors must be corrected to reduce the error
rate to that of the uncoded 4-PSK system. A rate 2/3 binary convolutional code with

constraint length K= 6 has the required value of d, . For decoding, a fairly complex 64-

state binary Viterbi decoder is needed. However, after all this effort, error performance
will be equal to that of uncoded 4-PSK.[4]
One problem of former 8-PSK coded-system is hard decision detection prior to

the decoder, which causes irreversible loss of information in the receiver. The remedy for
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this will be soft decision decoding, such that decoder operates directly on unquantized
soft output samples of the channel. Consider samples at the input of the demodulator as

r,=a,+w,, where; r,and a, are samples of received and transmitted signals
respectively, and w, represents samples of AWGN process.

The decision rule of the optimum sequence decoder is to determine sequence {&n}

{output of cascaded decoder and demodulator) with minimum squared Euclidean distance

from {rn }. In other words, decoded sequence is determined among the set C of all coded

signal sequence such that sum of squared errors will be minimum, that is, the sequence of
{a,} which satisfies [4]:

A 12 . 2
r,—a, =Min Z|rn —-a,
{a,C

(2.10)

The Viterbi Algorithm can be used to determine the coded signal sequence closest
to the received quantized signal. However, when optimum sequence decisions are made
directly in terms of Euclidean distance, another problem becomes apparent. Mapping of
binary data to non-binary symbols according to maximized hamming distance, do not
guarantee maximum Euclidean distance as well. This was the motivation for Ungerboek
to propose a rule called “mapping by set partitioning” to achieve maximum desired
Euclidean distance between signal sets. It is based on successive partitioning of the
expanded 27" -ary signal set into subsets with increasing Euclidean distance,

A, <A, <A, <.., between the signal points of these subsets. As an illustrative example

consider the set partitioning of the 8-PSK signal set in Figure 2-8.
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Figure 2-8: Signal set partitioning of 8-PSK [30]
In the first step, the 8-PSK signal set is partitioned into two subsets A, and A
each having four points. The minimum ED of these subsets is A,, which is larger than
that of original 8-PSK. The second step of partitioning divides each of A, and A to two

subsets with two signal points. The minimum ED of the subsets in this level is A,.

Further partitioning of these subsets leads to eight subsets with a single signal point.
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In general, it is not necessary to continue partitioning up to a single signal point ir
each subset, since this leads to the value of A,that exceeds the free ED that one expects

to achieve at a given code complexity.[5]

JD 0 ym me™ (1)
5 A
Stgnal Mapping
: Select Signal
olm) . ) From Subset
1
. » . 4 s
{m-mef}) o ‘(m-ﬂ’i‘#x’) S
apn ; < n \
Convelutional | °
i Encoder , C,(.m) \ Select Subset
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i+ i=( cfDef2)...  (mei))
A

Figure 2-9: General structure of a TCM encoder [30]

A general structure of a TCM encoder is shown in Figure 2-9, in this figure a
block of m information bits enters the encoder. From these m bits, m <m bits are

encoded by a rate /(M +1) binary convolutional encoder into 7 +1 bits, while the

remaining m—m bits are left uncoded. The (7% +1) coded bits are used to select one of

the 2P possible subsets, while the remaining m—~ 7 uncoded bits are used to select

one of the 2™ signal points in this subset.

The number of states in the trellis diagram of a TCM scheme depends on the
number of registers v in the convolutional encoder, i.e. it is equal to2". The greater the v
is, the better encoder can be achieved, with higher code complexity. An extensive
research has been done to find the best convolutional codes with different constraint
length for each TCM scheme.[5] The number of transitions between two states depend on

the number of uncoded bits, i.e. for m = /7 the states are joined by single transition while
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for the case of m>m there exists 2™ parallel transitions between states. These
parallel transitions are associated with 2" signals of the subsets in the lowest layer of
the set partitioning tree. A trellis diagram of a four state encoder for the rate 2/3 8-PSK

TCM is depicted in Figure 2-10.

Figure 2-10: Trellis diagram of the four state 8-PSK TCM scheme [30]

Denoting the minimum ED between parallel transition by A, and the minimum
ED between the non-parallel paths in the TCM encoder by d ,,, (7), the free ED of the

TCM code can be expressed as:

d . = Min[A,,d ., ()] (2.11)

Jfree
At this point it would be useful to summarize the Ungerboeck TCM design rules in three
steps:

1. Parallel transitions, if exist, are associated with the signals in subsets of the lowest

layer of the set partitioning tree. These signals have the minimum ED of Az, .
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The transitions originating from or merging into one state are associated with the
signals in the first step of set partitioning. The ED between these signals is at

leastA,.

3. All signals are used with equal frequency in the trellis diagram.

2.5.2 Pragmatic Trellis-Coded Modulation

Although the TCM scheme proposed by Ungerboek can achieve Asymptotic
Coding Gain (ACG) as much as 6 dB within precisely the same spectral efficiency, it has
major drawbacks as follows [8]:

e Each signal configuration requires different codes, so no single encoder-decoder

could be used for a wide set of parameters e.g. different spectral efficiency of 2,3

and 4 b/s/Hz .

e Implementation of a convolutional decoder with high number of states in its trellis
diagram is not practical. Therefore, encoder with low number of states has to be

used which results in low ED. This affects performance of the trellis code.

These drawbacks were the motivation to develop the Pragmatic TCM (PTCM).
PTCM exploits the same convolutional code for all rates nfn+1 TCM code with
different spectral efficiency. A technigue known as “puncturing” permits use of modified
version of the optimum code for rate 1/2 to produce any rate of n/n+1. The resuitant

punctured code is moderately less efficient than the optimum code for that rate.

Therefore, by using a punctured version of this convolutional code, different TCM
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schemes, with wide set of parameters can be produced. Note that, only one encoder-
decoder is used.

Punctured codes are obtained by periodically deleting a fraction of the symbol
generated by encoder. Thus, this results in higher code rate and higher spectral efficiency
than that of the original code. In the receiver, prior to the decoder, the deleted symbols
are replaced by erasure. These null symbols do not affect the decision rule of the
decoder. Therefore, the same decoder of un-punctured code can be used.[9] puncturing
technique is very attractive not only for simplifying the Viterbi decoder for high-rate
codes but also for implementing a rate-selectable convolutional encoder-Viterbi decoder.

PTCM takes advantage of the de facto standard convolutional code of rate /2

and its punctured version of rate 3/4 and 7/8with Constraint length of K=7. This

convolutional code which is optimum in the sense of maximum free distance (d,,, =10),

can be fully defined by its two generators G, =(/33)and G, = (I7]). This pragmatic
approach to all coding applications permits the use of a single basic encoder and decoder

to achieve respectable coding gains for the bandwidth efficiencies from 1 b/s/Hz to 6
b/s/Hz.

Assume that we desire a rate (n—1)/n pragmatic trellis coded modulation for a
signal constellation of 27 points. The (n—1)binary vectors, C,,C,,...,C,; 18 encoded to
binary n-bit vector, D;,D,,...D,,,D, according to the rule; D, =C, for i=1 to
(n-2)and(D,_,,D,)=(B,,B,), where the B, and B,are two outputs of the rate /2
convolutional encoder corresponding toC,  [10]. This general pragmatic encoder has

been shown in Figure 2-11.
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Figure 2-11: General structure of PTCM encoder

Figure 2-12 illustrates the pragmatic coded modulation system for M=4, 8 and 16-
PSK. In this general encoder, the two encoded bits select one of the four phases
according to the following Gray coding [8]:

060 —- O rad.
01 - 7#/2"" rad.
11 — 27/2"" rad.

10 — 37/2"" rad.
The remaining (uncoded) n-2 bits select a subset lexicographically, i.e. the binary vector
whose decimal equivalent is j; where (0< j < 272 ~1) selects the (j+1)st sector. This

mapping provides the maximum possible Euclidean distance between uncoded bits within
different subsets with the same coded bits, while the coded bits of adjacent signal points
differ in only one bit. A generalized M-ary PSK mapper, is illustrated in this section,
since it is easier to follow. A I6-QAM mapper for Pragmatic TCM will be explained

thoroughly in the next chapter.
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Figure 2-12: Pragmatic encoder/modulator of QPSK, 8-PSK and 16-PSK [8]
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Digital Video Broadcasting (DVB) is a well known telecommunications Buropean
standard that has been established by the joint technical committee broadcast of the
European Broadcasting Union (EBU), Comité Européen de Normalisation
ELECtrotechnique (CENELEC) and the European Telecommunications Standards
Tnstitute (ETSI). This joint group of industry, operators and broadcasters provided the
necessary information on all relevant technical matters, as well.

In this chapter, based on ETSI EN 301-210 [14], the Framing structure, channel
coding and modulation scheme of the implemented modem is explained in Figure 3-1.
The system is presented as a functional block of equipment performing the adaptation of
the base-band TV signal, from the output of the MPEG-2 transport multiplexer to the
satellite channel characteristics. This standard, proposes variety of modulation schemes,
however in this thesis /6-QAM scheme is implemented. Concatenation of pragmatic
trellis coded modulation (PTCM) with shortened RS code provides the modem a

capability to perform in quasi-linear satellite channels.

Convolutional GPSK fo the RF
Coders Pragramme Transport ' $PSK {optional) Seteilite
- n RS {204,188} type 18QAM [optional) a =035 Channsl
- (see note}
[ hudi : MUX Bit )
- Adaptation Outer Intsr- ) Baseband Quadrature
4 | inner Mapping
i % & | | Coder leaver o i -
i g Energy 1 ou=1y [ Coder [ Into Shaping Modulater
Dispersal Consteliation
B
e
R el
According to EM 300 421 According to EN 300 421 for QPSK

MPEG-2 Source Coding and

Multiplexing Satellite Channel Adapter

Figure 3-1: Functional block diagram of the System [14]
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The following characteristics of the modem will be defined in this chapter based
on DVB standard:
e Reed-Solomon code (outer code)
e Convolutional interleaving
e Pragmatic TCM (inner code)

e  Squared root raised cosine pulse-shaping filters with roll-off factor & =0.35

3.1 Reed-Solomon code

Reed-Solomon RS(204,188, t = 8) shortened code is used as an outer code in the
modem as shown in Figure 3-2. A block of 188 bytes (message symbols) is fed to the RS
encoder. Then, the encoder generates a codeword of 204 bytes. The message and
codeword are depicted in Figure 3-3. The message contains 187 byte of information data
appended by a sync byte. Note that, Reed-Solomon coding is also applied to the sync

byte which is either non-inverted (i.e. 47THEX) or inverted (i.e.B 8HEX).

Packetizing & Pulse shaping
Energy - RS encoder - Interleaver 2 TCW encoder 2 filter & B

Dispersal Modulation

|

Figure 3-2: A simple block diagram of the transmitter

The proposed RS code has the following code generator and field generator polynomial:
g(x) = (x+ A x+ ADx+ A (x+ A7) where 4 =02 HEX

p)=x+x"+x7+x* +1
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Shortened Reed-Solomon code i.e. RS(204,188),  as it was explained in chapter
two, is implemented by adding 51 bytes of zero to the message bytes of RS(255,239)

encoder. Then, when encoding procedure is done, these null bytes are discarded.

Sync byte 187 B

(@
204 bytes
% >
Sync byte 187 Bytes Redundancy
(b)

Figure 3-3: Message symbol and codeword of RS code

(a) MPEG-2 message block (b) error protected codeword block

3.2 Convolutional interleaving

The concept of convolutional interleaver was explained in the sub-section 2.4.2 of
the thesis. For the recommended RS(204,188) encoder, a convolutional interleaver with
depth I =12, and memory block of M =12 symbols is used to interleave the
entire N =12*% 17 =204 codeword. The interleaver is composed of I = JZ2branches,
cyclically connected to the input byte stream by the input switch. Each branch consists of

a First-In, First-Out (FIFO) shift register, with depth Mj cells, where
M =17 =N/I,N =204 (error protected frame length), / = 2 (interleaving depth) and j

is the branch index. Bach cell of the FIFO contains 7 byte of information, and the input
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and output switches are synchronized. The recommended interleaver is shown in Figure

3-4.
Syne word rouls :
Sy word roue o # @
;{ﬁ 1 ¥ téH' l{;,: ) firtt] | H
: Hw:eﬁg :
1 byis pe . i ;_'—_—_'*“T\"K
posiion 1 pyle pas : 2
.@f ¢ position | ¥ ' 72 A
- g g Yool
P j' e 7Ts2] ®
N 10 === 10
11 o fos — 17=0d
! = 77 $1= i1 a4 1=kt
tEEeh] }—m 7
H / ! L"—I—J L!‘.’I_L “
|F!FQ Shift regis{er]
{nterieaver 1=12 De-interigaver =12

Figure 3-4: Conceptual diagram of the convelutional interleaver and de-interleaver

[29]
3.3 Inner coding Pragmatic TCM

The recommended inner coding scheme is PTCM with different rates and
modulation schemes, which is explained thoroughly in the subsection 2.5.2 of the thesis.

A general block diagram of this PTCM is illustrated in Figure 3-5.

non-gncoded branch Symbol Sequancer
NE over [ symbols / U |
P ra e |
- X bit mapping
PP Convelutional ‘ to
Ps H encod Punciuring 4
P77 feocer 7 onsteliation
g ‘* G
bytes from Y
interleaver ~ encoded %r&nﬁs P 1 or 2 coded bits
) ner symbol
PiP= parglishto-paralis) rate Kn convolutional cods

PiS= paraliel-to-serial

Figure 3-5: inner PTCM principle [14]

In general, PTCM requires two branches of encoded bits and unencoded bits in

order to map bit streams to the selected constellation. With the aid of puncturing,
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different high rate PTCMs can be produced with moderately acceptable performance foss

but higher spectral efficiency. The proposed convolutional encoder is the best rate

=1/2 convolutional encoder. This 64-state convolutional encoder is totally described
with its two generator polynomials ie. G, =(133)andG, =(171) which has a free

distance of d,, =10 prior to puncturing.

input |l Dutpul
MODE LAST FIRST
QPSK Al Al AZ A3 Ad A5 AB AT = E1
8PSK - 2/3 BO B1 B2 B3 B4 B85 B& B7 = NE1
AS Al A2 A3 Ad AB A AT = E1
G3 G7 F3 F7 03 D7 B3 87 = NE4
32 G6 F2 F8 o2 Ds B2 BS = NE3
8R8K - 5/6 Gt G& Fi F5 01 D5 B1 B5 =3 NEZ
GO G4 FO F4 Do D4 BO B84 = NET
Al Al AZ A3 Ad AS AB AT = E1
F5 F7 B1 B7 =5 NEEG
F4 FB8 BO BE = NES
F3 B3 D7 B85 = NE4
BPSK-8/9 F2 D2 D& B4 = NE3
F1 D1 D5 B3 = NE2
FO Do D4 B2 = NE1
At A3 AS A7 = E2
Al A2 A4 AS = E1
D1 D3 (523 D7 Bt B3 BE B7 = NE2
16QAM - 3/4 Do D2 04 2] B0 B2 B4 BE = NE1
AD At AZ A3 Ad AB AE AT = E1
L3 Ly G3 G7 D3 o7 B3 BY = NE4
L2 L& G2 G6 D2 06 B2 BE =5 NE3
L1 LE &1 G5 D1 D5 B1 85 = NE2
16QAM - 7/8 LG L4 GO G4 g D4 BO B4 = NE1
H2 HE5 FO F3 F& A1 A4 AT = E3
i H4 H7 F2 F5 AD A3 AB = E2
HO M3 He Fi F4 F7 A2 AB =5 E1

Table 3-1: parallel-to-parallel conversion [14]

Byte parallel streams in the output of the convolutional interleaver enter the
Parallel-to-parallel (P/P) block, as it is illustrated in Figure 3-5. The P/P block splits the
input bits into two branches depending on the selected modulationfinner coding mode.
The order of pérallci-to—parailel converters is selected to reduce, on average, the byte

error-rate at the input of Reed-Solomon decoder, i.e. high concentration of bit-errors in
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bytes. Therefore, the bit-error-rate (BER) after RS correction is improved. Parallel-to-
parallel converter is also synchronized such that MPEG sync-bytes, in the normal form
(4THEX) or bit-wise inverted form (BSHEX), appear in the first byte (A) shown in Table
3.1, When an MPEG sync byte (47HEX) is transmitted, A is coded as follows:
A = [01000111]. The signal NE of the non-encoded branch generates a sequence of
signals U, through the Symbol Sequencer, each to be transmitted in 2 modulated symbol.
These bits generate parallel transitions in the trellis diagram of the encoder, and are only
protected by large Euclidean distance in the signal space. The signal E in the encoded
branch is processed by the punctured convolutional encoder according to the puncture
code definition of Table 3-2. These bits generate, through the Symbol Sequencer, a
sequence of signals C, each to be transmitted in a modulated symbol. It is worthwhile to

mention that NE, E, U and C are set of parallel bits which are sent out at unit of time.

Original code Code rates
12 213 34 5/6 718
G G2 P diree P deree P diree P diree 2 diree
K 43 ¥}
Xt x40 KiDt X 10101 X 100G101
7 17%cr | 1330er | Yo 3t ¥oit & ¥:.110 & ¥: 11410 4 Y:41131010 3
=Xy =X1 Y3 Y3 =X1 Yo f=X1 Y2 ¥4 i=X1Y2¥4 Y5
C=Y1 Q=4 X3Y4 Q=Y1 %3 Q=Y X3 X5 Q=Y1Y3Xs X7

NOTE: 1 = transmitled bit
{ = non iransmitted it

Table 3-2: ]

ancture code definition [29]
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MODE LAST EiRST Cutput
BYMEBOL SYMBEOL

GPSK - 1/2 Y1 =5 2
b = 2
LPSK - 203 Y4 x3 Y1 = C2
Y3 Y2 X1 = 1
QPSK - 34 A3 he! = [992]
Y2 x4 = cH
QPSK - 5% X8 X3 Y1 =3 oy
Vi Y2 x1 = C1
QESK- 78 R7 X8 Y3 ¥ =% c2
Yé Y4 Y2 3 = 1
NE1 = U1
EPSK - 2/3 Y1 = c2
X1 = C1
NEZ NE4 = Uz
8P3K - 5/6 ME1 NE3Z = U1
¥ X = C1
NEZ MNE4 MES = Uz
8PSK - 8/9 NE1 NE3 NES = 1
Y2 Y1 X1 = C1
NE2 = U2
18QAM - 3/4 NE1 = U
Y1 = c2
X1 = [oF!
NEZ NE4 = Uz
180QAM - 7/8 NE1 NE3 = H
X3 Y1 = c2
Y2 X1 = C1

Table 3-3: Puncturing and symboel sequencer definitions [14]

According to Table 3-1 and Table 3-3 there are different modulation schemes and
bit mapping available for both M-PSK and M-QAM modulations. Bit mapping into
constellation is carried out by associating & =log! input bits, i.e. U, C in Figure 3-5
with corresponding vector in the Hilbert signal space belonging to the chosen
constellation. Possible constellations are 8-PSK (k = 3 bit) and 16-QAM (k = 4 bit).
Optimum mapping into constellation for coded and uncoded bits is different in the case of
1 coded bit per symbol (CBPS) or 2 CBPS schemes. The Cartesian representation of each

vector will be indicated by I, Q, i.e. the in-phase and quadrature components. Since we
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are interested in 16-QAM constellation, only 7 =3/4 and r =7/8 code rate are explained

in detail:
D=t syl
& Firsl ] Symbot
Lof-grcoded Hranch sequencer
D.EA & uz
=ty NEZ oo o
PP NE? v bit mapping Lo
il Rate 172 0 16QAM |
Convolutions 131 | consteliation (
E1 Encoder
ancoded branch X [ I
PiP=parstel-to-parallel
(2 coded bits per syimbol)

Figure 3-6: Inner coding principle of rate 3/4 non-punctured code [14]

According to the Figure 3-6, three bytes ie. A, B and D from output of
convolutional interleaver are fed to the P/P block. Note that A is the first byte fed to the
P/P converter and D is the last one. NE; (i=1,2) branches are directly connected to the
symbol sequencer, however E; is fed to the convolutional encoder to produce two
encoded bits i.e. X, ¥. Symbol sequencer arranges four bits required for /6-QAM mapper
along with Table 3-3. Finally, two coded and uncoded bits are mapped to constellation in
compliance with Figure 3-7. The proposed mapping not only achieves the maximum
Fuclidean distance between uncoded bits, (parallel transition in the code trellis) but also
allows a simple implementation approach i.e. both I and Q are mapped with the same

method.
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3 3
Ui=1 Ut=0 ! uz=1 G
Ot =1 O =0 272=1
1
@ &
1 3

Figure 3-7: Bit mapping to the 16-QAM constellation for both rates
3/4 & 7/8 [14]

Punctured trellis encoder of rate v =7/8 is illustrated in Figure 3-8. Seven bytes

ie. ABDF.GH and L from the output of convolutional interleaver are fed to the P/P
converter. Output branches of the converter are associated with parallel inputs according
to Table 3-1. Uncoded bits i.e. NE; (i=1,2,3,4) are directly connected to the symbol
sequencer, but the three encoded branches i.e. Efi=1,2,3) are fed to a parallel to serial
converter followed by convolutional encoder producing two encoded-bit i.e. X, ¥ at unit
of time. Timing table of the P/S converter and its coded-bits output is illustrated 1n
Figure 3-9. At the output of the convolutional encoder two bits out of each block of six

bits, are deleted in compliance with punctured matrix defined in Table 3-2. This makes a

41



punctured convolutional encoder of rater = 3/4. Symbol sequencer arranges four bits

required for the 16-QAM mapper along with Table 3-3. Finally, coded bits and uncoded

bits are mapped to constellation of two separated symbol according to Figure 3-7.

A first Syimbo
e D=2 symbols
LHGFDEA o SEQUBNCET
NE4 A Uz
NES i oz |1stsymbol :——
T bit mapping
PO
NE2 YT o ieoam |9
PP \ 1| consieliation
P7 NE'1 W
] v o
£3 R Rate 12
S ™ Convoluional Puncturing Uz | Zndsymbol |
E2 Encoder - bit mapping |4
E \ X to 160AM |0
N\ 4 Ut iconstellation |
/5= paraliel-to-serial E-serial  rate 3/4 convolutional code s

PiP= paraliel-to-paraiiet

encoded branch

Figure 3-8: Inner coding principle of rate 7/8 punctured code [14]

E-inputs

E-serial

4
X

E1

Y3

X3

L1

fivst

fast

Figure 3-9: Timing table of the P/S converter and conveolutional encoder [14]

3.4 Squared root raised cosine pulse-shaping

Prior to modulation, I and Q signals, mathematically represented by a succession

of Dirac delta functions, multiplied by the amplitudes I and O, spaced by the symbol
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duration 7, =1/R, , is filtered by a square root raised cosine filter to have no IS1 in the

8

receiver. The roll-off factor of this SQRC filter is & = 0.35.
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R
where; f = —;—7 = ——2°— is the Nyquist sampling frequency and ¢ is the roll-off factor.
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ter four

dem Design and Simulation

In order to design and implement the system, a model based on mathematical
requirements of the system should be proposed. The proposed system based on the
standard should be verified by means of computer simulations. If necessary, the design
should be modified and reevaluated to meet desired characteristics. Eventually designer
should take into account number of implementation issues such as timing analysis and
hardware cost of the design.

In this chapter, modem design flow is proposed, block diagrams of the design are
illustrated thoroughly and finally both floating-point and fixed-point simulation results of

the system are depicted.

4.1 Implementation design flow

The design flow for this project is illustrated in Figure 4-1. As shown, design flow
is divided to four steps. At the first step floating point modeling and simulation is
performed using Matlab Simulink. A modcl is designed based on the mathematical basis
expressed in earlier chapters. The system consists of basic logical/mathematical
components as well as complex blocks which are available as part of Simulink Blocksets

library. When the design is completed, it is simulated to obtain the BER curve. As it 1s

mentioned earlier, Bit Error Rate versus bit energy to noise spectral density (E,/N, )

curve is an important measurement of the performance of any communication system.
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Therefore, the simulation and theoretical curves are compared to ensure the feasibility of

the design. Design must be modified if the system simulations are not desirable.

Floating-point modeling and simulation

|

Fixed-point modeling and simulation

Iy

Hardware modeling, simulation and generating
VHDL code

|

Synthesizing the design and performing gate level
simulation

Figure 4-1: Implementation design flow

As depicted in Figure 4-1, second step is fixed-point simulation. At this point, it is
worth explaining the concept of fixed-point and floating-point numbers. IEEE 754-1985
standard [31] is the most common floating-point representation of real numbers used in

computer software/hardware architecture. According to the standard, floating-point

45



numbers are shown either by 32 bits (single precision) or 64 bits (double precision}
depending on the desired precision. Fixed-point representation on the other hand,
employs a sliding-window with a fixed radix-point to show real numbers. This allows a
simple representation of real number by scarifying accuracy. In other word, fixed-point
representation of a real number compromises arithmetic precision for hardware
simplicity. The higher the number of bits are chosen, the more complicated the hardware
is, which results in more accurate representation of the model. Hence, numbers of
significant fixed-point simulations are performed to determine the minimum number of
bits required to maintain the same performance as of floating point design.

When the reliability of the fixed-point design is proved, by knowing the number
of assigned bits, it is time to generate Register Transfer Level (RTL) module. We took
advantage of an intermediate tool i.e. System Generator for DSP. One of the key features
of this tool is the ability to generate RTL module of the corresponding System Genarator
model. System Generator is part of Xilinx Xtreme DSP solution which combines state-of-
the-art FPGAs, design tools and intellectual property cores. It is also possible to import
HDL modules directly into Simulink-based design and co-simulate them using
ModelSim. After modeling, and simulating the RTL design the final step is to synthesize
and place &route the design.

Last step of the design flow is synthesis. In this project, we performed bottom-up
synthesis flow. In other words, each block is synthesized separately and imported as a
black-box into an upper-level design. The level of hierarchy is maintained up to top-level
design. For each block, a designated test bench is written and the module is simulated

after synthesis i.e. gate level simulation. Eventually, top level design is mapped to the
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target FPGA chip. This task is called place&route and the final report generated by the
tools gives us the exact timing report and hardware cost. If this final report does not meet
the constraints, the design should be changed and RTL module should be re-generated

with a new design criteria.
4.2 Multi-rate Pragmatic TCM Decoder structure

General block diagram of PTCM decoder for two different rates is depicted in
Figure 4-2. It is worth mentioning that structure of the encoder is thoroughly expressed in
section 3.3 of this thesis. However, standard does not specify the decoder structure.
Therefore, the decoder is developed based on one of the available Pragmatic TCM
structures given by Zehavi and Wolf approach [8].

Tt is well known that with puncturing a de facto rate I/2 convolutional code,
encoder with different rates can be achieved. These different rates can be decoded with

the same viterbi decoder as of ratel/2. This is illustrated for two different rates of

punctured and non-punctured 3/4 and7/8, respectively.

Each symbol in PTCM encoder consists of some coded-bits and uncoded-bits.
Probability of detecting un-coded and coded bits is different in the decoder [8]. This
difference could be exploited in some applications where some bits are more important
than other bits. In other words, it is proved that the probability of incorrectly decoding
coded-bit becomes insignificant comparing to un-coded bits. Thus the overall probability
of error reduces to the probability of outboard decision error [201,I21]. The outboard
decision logic detects the most likely un-coded bit based on received symbol vectors
along with the companion re-encoded bits. A computer simulation is carried out for both

rates. The simulation results are depicted for rate 3/4 in Figure 4-3. In this figure, BER of
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the uncoded bits tends to the expected bit error rate at higher SNR. In other words, BER
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Figure 4-2: Decoder structure of PTCM (a) rate 3/4 (b) rate 7/8

of uncoded bits is reduced to the probability of an incorrect outboard decision provided
that the estimated coded bits are correct. Note that In Figure 4-2, PTCM is fed by two
components of the Cartesian signal space i.e. In-phase and quadrature. They represent
real and imaginary part of signal vector, respectively. Since both I and O have the same

mapping, in the decoder both branches have the same structure. Received signals fed to

48



the decoder, passes through soft decision logic block. Since viterbi decoder requires soft
decision input to be quantized, a reasonable approach is to quantize the signal set space to
different levels and assign a soft decision weight to each point. Both 7 and O components
are mapped to nearest soft decision level. Decoder will perform well as long as the soft
decision inputs are reasonably accurate indication of the coded bit likelihoods. Computer
simulation proved that a 3-bit soft decision with 8-level of quantization is accurate

enough [1]. Soft decision for 8-level quantization is depicted in Figure 4-4.

HH

b kb

BER

[Nl
tH

Figure 4-3: Simulation results of rate 3/4 PTCM

Soft decision weights are fed to the viterbi decoder. This vields to E (encoded bit),
as it is shown in the Figure 4-2. Output of the viterbi decoder is re-encoded to generate

estimated coded bits. This estimated coded bits together with signal space information, 18
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used to estimate the uncoded bits, on a symbol-by-symbol basis. This is the function of

outboard decision logic.

Figure 4-4: Soft decision assignments

Outboard decision logic requires coded sequence as imput to set the correct
threshold. Depending on the coded sequence there are two threshold levels to be chosen.
They are depicted in Figure 4-5. When the threshold level is assigned, a threshold
decision is needed to identify the most likely uncoded-bit for each symbol. For example,
if viterbi decoder determines coded bit as C=0 and the signal vector is ‘1.6’ in Figure 4-5,

then outboard determines the most likely uncoded-bit as U=0.

Threshold level for C;  Threshold level for Gy
R 4 5

o
&
&
@

Figure 4-5: OQutboard decision logic threshold levels
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4.3 Digital filters

Digital filters are categorized into two classes known as finite-length impulse
response (FIR) and infinite-length impulse response (IIR). Advantage of FIR filters over
TIR filters is that they are stable and can be designed to have linear phase. It makes FIR
filters attractive for digital communication applications where non-linear phase distortion
is not tolerated [16]. Therefore, two required digital filters, pulse-shaping and matched
filters, are realized as an FIR filter. FIR digital filters can be designed easily, by knowing
the filter specifications. Then, it is implemented using adder, multiplier and registers.

FIR filter design and implementation techniques are explained in this section, and
then ployphase implementation technique is presented as a practical approach in our

design.

4.3.1 SQRC filter design and implementation techniques

There are two considerations to design the required digital filters, pulse-shaping
and matched filters i.e. sample rate and time span of the filter impulse response [15].
These two factors govern number of filter coefficients and thus filter order. For example,
if time span of the SQRC sets to be S=7 symbols and it up-samples the signal by a factor
of L=4, then the resultant filter order is N=28. Obviously, trade-off exists between
number of taps (filter order plus one) and filter impulse response. More over-sampling
yields a more accurate frequency response. However, more filter coefficients are required
for the given time span. A general block diagram of pulse-shaping and matched filter is
depicted in Figure 4-6. Note that symbols prior to pulse-shaping filter are required to be

up-sampled by factor of two or preferably more [15]. In other words, pulse shaping filter
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works as an interpolator filter. On the other hand, matched filter followed by a

downsampler i.e. matched filter works as a decimator filter.

input I Y output
—_— L —> FIR Filter I

(a) Pulse shaping filter

input ¢ output
—p] FIR Filter L

(b) Matched filter
Figure 4-6: A general block diagram of (a) pulse-shaping and (b) match filter

Knowing these facts, design and implementation of an SQRC can be summarized in the

following steps:

e Find impulse response of the required SQRC (i.e. with appropriate roll-off factor).
This can by done, by using Equation (2.8) or many digital filter design tools available
such as Matlab.

s Choose sampling rate and time span of the filter impulse response found in the first
step. This can be done by the aid of computer simulations i.e. compare the simulation
results of the system with theoretical system performance.

e Repeat the previous step with different parameters until it meets system requirements.

The designated SQRC filter with given roll-off factor (i.e. &= 0.35) is simulated
with different parameters. The simulation results are then compared with theoretical BER
of 16-QAM modulation scheme. After extensive simulation, up-sampling rate and

symbol span time are chosen to be four and seven respectively. It provides an accurate
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spectral shape of the required filter. The BER curve versus £, /N, with up-sampling L=4
is depicted for different span time in Figure 4-7. It is illustrated that for selected sample
time, the performance is acceptable for symbol span §=7 and by increasing symbol span
to 9 no performance improvement is achieved. The same simulation is done for up-
sampling rate L=5 and 6, with different symbol span times. Comparing all simulation
results, the best performance with optimum hardware implementation complexity
(number of coefficients) turns out to be L=4 and S=7. The filter coefficients are depicted

in Table 4-1.

—Labuy
-t H

Ly

[ !
| i
L { L
8 7 3 8 0 i1 12 13 14

Figure 4-7: Simulation result of SQRC filters with Z=4 and different span time
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N 0 1/-1 212 3/-3 4i-4 54-5 6/-6 -7
Hin] | 0.5478 | 0.4786 | 0.03039 | 0.1034 | -0.0423 | -0.0943 | -0.0676 | -0.0110
N 8/-8 9/-9 10/-10 | 11711 | 12/-12 | 13/-13 | 14/-14
Hfn] | 0.0286 | 0.0327 | 0.0128 | -0.0074 | -0.0127 | -0.0048 | 0.0048

Table 4-1: SQRC filters coefficients

As shown in Table 4-1 all coefficients of the filters have floating point value.

Practically, FIR filter is rarely realized with floating point representation of its

coefficients. In other words, particular number of bits (fixed-point design) is chosen to

represent filter coefficients. The fixed-point simulation results are presented at the end of

this chapter.

There exist different structures to realize an FIR filter such as Direct Form, Linear

Phase and polyphase realization. Direct Form or Transversal Structure is one of the

simplest structures depicted in Figure 4-8. This is in fact realization of Convolution

operation. In other words, filtering by using simple operations (mutiply/add/delay) is

x{n]}

#i0]

7 x{n—l]w 71 xn—121 - x[n-3] . 7t xn—4]
_ v X K
A} h[ZjV H3] hi41
X yin]
E “’d‘/ = P

Figure 4-8: Direct form FIR structure [17]

realization of convolution of sampled input signal (x[n]) with sampled impulse response

of the filter (#[x]). It can be shown by Equation (4.1):
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i)=Y Hkldn k] @.1)
[

where for the given filter with N=4 yields:

yin] = B0Ix{n] + Alllx[n — 1+ A 2]x(n — 2] + A3 Jx[n - 3]+ Adlxn—-4]
An N* order FIR implemented in Direct Form requires N+ multipliers and N two-input
adders [17].

4.3.2 Polyphase realization of pulse-shaping filter

In the transmitter prior to pulse-shaping filter, symbols are up-sampled by factor
of L thus only every L sample entered to the filter is non-zero. This is depicted in Figure
4-6. This implementation has major drawbacks as follows:

e FIR filter followed by up-sampling has to operate at clock rate of L times faster
than that of input data stream.
e Filter coefficients are multiplied by L-1 zeros stuffed by the up-sampler. It results
in extra unnecessary computation load.
Polyphase decomposition is remedy to these drawbacks. In this approach, the operation
of filtering and up-sampling is interchanged, then filter is decomposed into L parallel
filters each followed by an up-sampler. Finally each decomposed branch is followed by
chain of delay element prior to addition. A block diagram of the Polyphase structure is
depicted in Figure 4-9.

Consider an arbitrary FIR filer with impulse response hfnj, sub-filter
decomposition of this filter can be shown as:

E [nl=hnL+k]; 0<k<sL-1 (4.2)

Therefore, #/n] can easily be reconstructed from Equation (4.2
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Figure 4-9: Polyphase decomposition of interpolator filter

For example, in this thesis pulse-shaping filter is designed with L=4, thus it is

decomposed of four sub-filters with filter coefficients as follows:

E,[nl=Hj1: =04,812,1620,24,28

E,[n]=Hj1; =1,591317,21,2529 (4.4)
E,ln]=Hj1; =2,6,10,14,1822,26

E,Inl=h[j1; §=371115192327

To illustrate the advantage of polyphase structure, consider an FIR filter of length

N where input symbols are clocked at rate of I Symb/Sec. Transversal structure requires

NL multiplications and (NL-1) additions per second. On the other hand, Figure 4-9



requires L{N/L) multiplications and L{(N/L-1) additions per second. Therefore,
polyphase structure results in computation efficiency by rearranging the operations so

that the filtering is done at low sampling rate.

4.3.3 Polyphase realization of matched filter

Another important application of Polyphase structure is implementation of a filter
whose output is followed by downsampling. In Figure 4-6 matched filter computes output
samples but only one of each L samples is retained. Intuitively, an efficient
implementation is expected to exist which does not compute the samples that are thrown
away [18]. This kind of structure is polyphase decomposition of the matched filter which

is depicted in Figure 4-10.

Al | L Eol@)
po
. #L > E(2)
P
. + [ —— EQ@

........ . *L s E,,(2)

Figure 4-10: Polyphase implementation of decimation filters
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Like pulse-shaping filter, the FIR filter is decomposed of L sub-filters shown in
Equation (4.2). By interchanging downsampling and filtering operation sub-filters
operate only on output data of downsampler. To illustrate the advantage of Polyphase
structure, consider an FIR filter of length N where input symbols are clocked at rate of

I Symb/Sec. Transversal structure requires N multiplications and (N-I) additions per
second. On the other hand, polyphase structure requires (N/L) multiplications and

(N/L-1)(L-1) additions per second.

4.4 Simulation result of the modem

In order to verify performance of the design, it should be simulated. One of the
factors that illustrate performance of a communication system is BER curve

versus E, /N, . The simulation results are compared with the performance required by the

standard. A general block diagram used for simulation is depicted in Figure 4-11. A
sequence of random binary numbers is fed to the modem. At output of the transmitter i.e.
pulse shaping filter, both I and Q components of the transmitted signal are added with
AWGN. Tt simulates our memory-less noisy channel. At the receiver, this noisy received
signal is fed to the matched filter. Finally, at output of the RS decoder, decoded bit
sequence is compared in a bit-by-bit basis to the originally generated random binary
sequence. Note that received bit sequence has certain amount of delay with respect to the
transmitted bit. Task of error calculator block is to count number of uncorrected bits (V,)
and eventually calculate probability of bit in error (P). Py is determined as soon as N,

reaches a certain threshold. The larger this threshold is chosen, the more accurate the
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simulation result will be, which requires longer simulation time. Probability of the
uncorrected bits is given by Equation (4.5):

N,
P = — - (4.5)
Total bit transmitted

Modem is simulated with different power of noise in Simulink environment to

obtain performance curve.

Random Pulse shaping

filter

binary ~2» RS encoder ——| Interleaver 2+ TCM encoder 2>
Generator ‘

Error - D
calculator
RS decoder & deinterleaver TCM decoder Matched filter <&

{

Figure 4-11: Block diagram of the Modem

In Table 4-2, IF-Loop performance of the modems for two different rates is
depicted based on DVB. It is shown that when modem functions at certain BER, required

E, /N, should not exceed the value that is given in Table 4-2. In this table, Spectral

Efficiency can be calculated by Equation (4.6):
. 188 .
Spec.Efficiency = 204 * innner code rate * log ,(M) (4.6)

where M is number of different symbols in M-ary signaling. In our implementation it is

equal to 6.



Modem Required E, /N, for

Inner Code Rate Spectral Efficiency Implementation BER = 2 %10~ before

(bit/symbol) Margin (dB) RS, QFF after (dB)
3/ 276 L5 20
i 5 o 10.7

Table 4-2: Performance of the modem with different rates [14]

Error performance curve of the PTCM modem with two different rates is depicted
in Figure 4-12. In this figure, simulation results are compared with the expected value
given by Table 4-2. Noting that in Table 4-2 required E, /N, is given for the useful-
bandwidth (R, ). In other words, the noise bandwidth increase and modem
implementation margin should be considered ie. required E, /N, is decreased
by10log(188/204) =0.36dB due to RS outer encoder. Also modem implementation
margin has to be taken into account. Modem implementation margins which increase
with spectral efficiency, are adopted to confront higher sensitivity associated with two
schemes [14]. For example, for a modem performing at rate of 3/4, required E,/N, in
order to have the acceptable performance should not exceed 9-.036-1.5=7.14 dB. It is

depicted for both rates at Figure 4-12.
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Figure 4-12: Comparison of the error performance curves with expected values

When the functionality of the PTCM encoder and decoder is verified, it is time to
authenticate the performance of the complete design. System with concatenated RS code
and PTCM is simulated for both rates. It is depicted in Figure 4-13. In Figure 4-13-a,
performance curve of the modem with PTCM rate 3/4 as an inner code, and
convolutional interleaver and RS encoder as an outer code is illustrated. Fixed-point
simulation is also performed for two precision i.e. 8-bit and 12-bit. It comes out that /2-

bit Fixed-point model is accurate enough. The same simulation is carried out for PTCM

of rate 7/8 , as an inner code. The performance curve is sketched in Figure 4-13-b.
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5 Implementation of the Modem

When fixed-point model of the system is determined i.e. fixed-point simulation
result is obtained, modem can be implemented into hardware. Field programmable gate
array (FPGA) is selected as a practical solution. FPGA is a custom chip that allows a very
specific implementation of a digital circuitry to be implemented. FPGA chips are
programmed with a binary bit file that thoroughly describes the feature of digital

circuitry. This bit file is generated by a synthesis tool after place&route.

The Xilinx Virtex-II family is platform FPGA developed for high performance
designs that are based on IP cores and customized modules. The leading-edge
0.12uml0.15um CMOS 8-layer metal process which is optimized for high speed and low
power is used for VLSI implementation of Virtex-II family. As shown in Figure 5-1, the
Virtex-II architecture is comprised of Input/Output Block (IOBs) and internal
Configurable Logic. Programmable IOBs provide interface between Configurable Logic
Blocks (CLB) and package pins. The internal configurable logic includes four major

elements: CLB blocks, Block SelectedRam, Multiplier blocks and DCM blocks [33].

In this chapter, Digital Clock Manager (DCM) is demonstrated as an embedded
component of Xilinx Virtex I Xilinx System Generator is introduced as a practical tool
which is employed to generate and simulate HDL model of the design. Modem
implementation methodology, hardware design flow and data synchronization is also

proposed. Finally, timing and area report of the synthesis tool is tabulated.
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Figure 5-1: Virtex-II architecture overview [33]

5.1 Digital Clock Manager in Virtex-II FPGA

Virtex-II devices have 16 clock input pins. Each input pad should either drive
Global Clock Multiplexer Buffers (BUFGMUX) or Digital Clock Manager (DCM). It is
depicted in Figure 5-2. Input clock pin cannot directly drive any logic in the device.
BUFGMUXs are used to distribute low-skewed clock to synchronous logic elements in
the device. As it is shown in Figure 5-3, global clock multiplexer buffers have two input
clocks i.e. 10 and I1, output clock (O) and select input (S). The select input chooses

between the input clocks without generating glitches.
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Clock Distribution

Clock Distribution

Figure 5-2: Virtex-II clock distribution configuration [22]

Two input clocks of BUFGMUX can be connected to any asynchronous or
synchronous clocks. Multiplexer selects I0 when S is low and Il is distributed to its

output when S is high.

Figure 5-3: Virtex-II BUFGMU
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DCM is a fully digital embedded component of Virtex-II devices that offers wide
range of clock management features such as:

e Clock De-skew: DCM generates new system clocks which are phase-aligned with
the input global clock.

o Frequency Synthesis: DCM can synthesize wide range of the output clock
frequency ie. a very flexible output clock frequency by multiplication and
division of input global clock.

e Phase Shifting: DCM provides a very dynamic phase shift control.

e EMI Reduction: DCM provides FElectromagnetic Interface reduction by
broadening the output clock spectrum.

In this thesis, the first two features of the DCM are used in order to distribute
fequired clock frequency to each component of the design. A Block diagram of the input

and output ports of the DCM is illustrated in Figure 5-4.

——> CLKIN CLKO
i CLKFB CLK90
CLK180 |
CLK270 |
CLK2X |
~~~~~~~ RST CLK2X180 r
--------- »| DSSEN CLKDV
PSINCDEC CLKFX |
PSEN CLKFX180
PSCLK
LOCKED |
STATUS[7:0]
> Clock signal PSDONE |
- Control signal

Figure 5-4: input and output ports of the DCM
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Virtex-II device has up to 16 embedded DCM depending on the size of the chip.
Up to four DCM clock outputs can drive global clock multiplexer buffers,
simultaneously. As shown in Figure 5-4, the DCM has three control signals such as: RST,
LOCKED and STATUS. RST is an active high reset input. This input signal is
asynchronous and it should be held high 2ns. It takes approximately 120ns for the DCM
to achieve lock after a reset. In other words, when the output clock signals of the DCM
become stable, LOCKED control signal becomes high.

DCM not only provides a de-skewed output clock, but also provides output clocks
with different frequency. CLK2X output provides twice as high as input clock frequency
in its CLK2X output. The clock divide output (CLKDV) of the DCM, also provides a
lower version frequency of the input clock. The list of valid divider is given in the data
sheet. These features are automatically set the duty cycle of the output clock to 50/50 if it
is applicable [22].

One of the interesting capabilities of the DCM is frequency synthesis. CLKFX
output provides any function of input clock frequency described by M/D; where M is
multiplication factor and D is division factor. M and D can each range from I to 4096.
However, M and D should be chosen such that for the certain input frequency, output
frequency of the sensitizer will be in the range given in the data sheet. Output signal of
the CLKFX also automatically has 50/50 duty cycle. As an example, consider input
frequency = 55 MHZ, M=333 and D=]00. Note that M and D do not have common
factors. The output frequency is 55% 333/100=183.15 MHZ, which is in the functional
frequency range of the DCM given by Xilinx Virtex-II data sheet. However, both

55 MHZ *333= 18.315 GHZ and 55 MHZ/100=550 KHZ are far outside the practical
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frequency range. A complete functionality, configuration and pin description of the DCM

is given at Xilinx Virtex-II data sheet [22].

52 System level design using System Generator

System Generator is a tool that extends Simulink capabilities (o facilitate
hardware design and accelerate system simulation. A model designed in the System
Generator is translated to HDL by just pushing a button. The designated model can also
be simulated in System Generator platform much faster than any hardware simulator.
System Generator models are bit-true cycle-true i.e. each fixed-point value in System
Generator design translates to the same Standard Logic Vector (Stdlogicvector) value in
hardware. This means System Generator is bit-true. Moreover, note that System
Generator models are discrete thus signals are sampled with an associated sample period.
When the design is translated to hardware, its clock period is guaranteed to be multiple of
the System Generator sample period. This means that System Generator is cycle-true.
Therefore, system designer can determine the behavioral of the hardware and make any
necessary changes before generating the hardware.

Timing and clock management is an essential part of any design process,
therefore System Generator clock managements is explained thoroughly in the following
section. A novel methodology that improves the speed of the top level design is also

proposed.
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5.3 Timing and clock managements in System Generator

It is important to understand how System Generator manages timing and clock
distribution. Time management becomes more significant when the design is multi-rate
i.e. somewhere in the design components such as up/down sampler, serial to parallel and
parallel to serial converters are used. In our design, due to the special structure of the
Pragmatic TCM encoder/decoder and pulse shaping/matched filters, the design s roulti-
rate. Simulink platform manages clock distribution automatically in the simulation. Since
“Simulink sample period” is associated with “hardware clock period”, when HDL model
is generated by System Generator, different clock frequencies are required. In order to
reduce clock-skew and use one system clock (SYS_CLK), System Generator associates
input clocks (CLK) of each component with companion clock enable (CE). In other
words, the design is driven by single system clock and different clock enable signals that
provides different clock frequencies required for the design. Note that the period of CE
signal is integer multiple of system clock. For example, consider a design that requires

three different rate of 1/2, 1/3 and 1/4 of SYS_CLK . The designated CE signals are

CE2, CE3 and CE4 which are depicted in Figure 5-5. Although System Generator
generates CLK signals required for the design, optimum CLK designation can be
achieved manually. The manual CLK distribution increases clock frequency up to 2

times in our implementation.
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Figure 5-5: CE signals associated with three different rates of 1/2, 1/3 and 1/4 [23]

A general block diagram of the proposed clock management is shown in Figure
5-6. The idea is based on the System Generator approach with some modifications. In the
System Generator based design there is only one DCM that distributes required low-skew
ed clock signals. An HDL model generated by the tool is also driven just by CLKO output
of the DCM. Thus the clock synthesis capability of the DCM component is remained
unused. Although Virtex-II family has up to 76 DCMs, the tool cannot take advantage of
all DCM components available in the chip to achieve optimum clock distribution. These
drawbacks restrict multi-rate designs more where a very low clock frequency is chosen
by the tool to drive top level design. In other words, input clock is divided by the greater
common divisor of all different clock rates required in the design. Therefore, the more
different rates the design has, the less frequency is assigned to the top-level deign. In this
thesis, clock management is performed manually. Clock distribution is divided to three
levels of hierarchy such as:  Design, <Design> CLK_Wrapper and
<Desgin>_DCM_Wrapper as shown in Figure 5-6. In this figure, for simplicity one
module on each level is illustrated. However, in our design, the top level design consists
of number of blocks such as Pragmatic encoder/decoder, pulse shaping and matched
filters eic. and depending on the design structure; one or two DCMs are used. As it is

illustrated in Figure 5-6, task of CLK_driver is significant. It provides the required CE
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signals associated with the input SYS_CLK to construct large range of clock frequency
required in the design. The input clock with the companion CE signals provide all clock
frequency that the design required in designated level of hierarchy. It is worth mentioning
that the CLK_driver blocks conmsist of simple counter that divide input clock and
construct required CE signals. For example, in Figure 5-7 block diagram of the

CLK_driver of Pragmatic TCM encoder of rate 3/4is depicted. Three CE signals are

constructed such that their clock frequency is1/3, 1/8 and 1/24 of the SYS_CLK.

<Design>_DCM_Wrapper

<Design>_CLK_Wrapper

1 SYS,CE

L 8Y3.0k,,
GLKt
CE1
CLKO SYS_CLK1 | T
CLK & CLK_2X CLK driver | 77777777 Design
DCM | CLEDY,,. Cikn
RST > | owex,, =
LoCK >

Figure 5-6: General block diagram of system clock distribution using DCM

The input clock signal of the CLK_driver block is provided by DCM. Digital
clock manager provides different low-skewed synchronized clock signals. In the
proposed approach, we can take advantage of all outputs of the DCM if necessary. It is
also possible to employ as many DCMs as available in the target FPGA chip. In this
thesis up to two DCMs are exploited to achieve the highest clock frequency possible.
Since in this project two different Pragmatic Codes are implemented, clock distribution

of the top level designs is explained separately in the following subsection.
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sysclk clk J{ clk_24>
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Figure 5-7: CLK_driver block diagram of Pragmatic TCM encoder rate 3/4

5.3.1 Clock distribution of top level design with rate 3/4 PTCM

RTL Schematic of the top level design with rate 3/4 Pragmatic TCM is depicted
in Figure 5-8. As mentioned earlier, top level design consists of eight black boxes such as
RS encoder/decoder, convolutional interleaver/de-interleaver, Pragmatic TCM
encoder/decoder and pulse shaping/matched filters. The functionality of each black box is
verified in the lower level of hierarchy. The time constrain is also verified by performing
place&route and gate level simulation. Therefore the maximum input clock frequency of
each block is determined. It is also essential to understand that the throughput of different
blocks is not the same. In other words, due to block structure, the block input rate might
be different from that of output. Therefore, the adjacent block should perform at a

different rate. In order to perform the clock distribution manually, the structure of each
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black box should be well known and all CE signals should be considered. Note that the
combination of each CLK with its CE constructs the genuine clock signal that the inner
entity is driven. The maximum input clock that each component can be driven is
tabulated in Table 5-1. The table is determined by Xilinx Synthesis Tool (XST) and all
frequencies are from the post-place&route timing report. By knowing the maximum
frequency of each building block, time constraint of the top level can be determined.
Based on Table 5-1 and the inner structure of each block, clock distribution is performed
as illustrated in Figure 5-8. Due to the fact that, the top level consists of up-samplers and
parallel to serial converter, bottle neck of the design cannot be identified just by Table
5-1. In other words, Table (5.1) provides enough information for each sub-block when it
functions individually. However, the aim is to design the modem such that it transmits

and receives real time date at as high bit rate as possible.

Component Minimum Period Maximum Frequency
RS encoder 5.646 ns 177.116 MHz
RS decoder 9.410 ns 106.269 MHz
Interleaver 4.935 ns 202.634 MHz
De-interleaver 4.196 ns 238.322 MHz
Pragmatic TCM encoder 5.397 ns 185.288 MHz
Pragmatic TCM decoder 9.810 ns 101.936 MHz
Pulse shaping filter 8.554 ns 116.904 MHz
Matched filter 5.610 ns 178.253 MHz

Table 5-1: Timing report of the Modem with rate 3/4

By knowing the function of CLK_driver, it is time to elaborate on Figure 5-6 in
our design. There are two components that increase the rate in the transmitter i.e. byte to
bit converter in the Pragmatic TCM encoder and up-sampler in the pulse shaping filters.

Thus the pulse shaping filters function with the highest bit rate i.e. it should be driven




with the highest clock. One simple approach is to drive the design with three different
clocks as X, 8X and 32X, where X is the input clock and drive two first blocks with 7X,
Pragmatic TCM with 8X and pulse shaping filters with 32X. There are two drawbacks for
this approach; first each DCM has only one CLKFX that can provide any rational
multiple of its input clock. Thus, two DCMs are required to provide two multiples of
SYS_CLK. Besides, Virtex-II FPGA cannot support 32X of the maximum applicable
clock of the RS encoder. Another approach is to drive pulse shaping filters with the
highest possible frequency and with aid of CLK_driver blocks, drive other blocks with
lower clock. This is practical but since CLK_driver itself has time constraint the modem

perfumes at low bit rate. In other words, RS encoder is clocked with as low as ]/ 32X;

where X is the maximum functional clock frequency of the pulse-shaping filters. A
practical trade off is to drive RS encoder, interleaver and Pragmatic TCM with /X Hz and
pulse shaping filter with 4X Hz. Inside the <design>_CLK_Wrapper, CLK_driver should
be designed such that it provides required CE signals to different sub-blocks within the
block. The clock distribution is depicted in Figure 5-9. It is shown that pulse shaping
filters are driven with frequency four times as much as other blocks. Input and output rate
of each block is also shown bellow each block. In other words, CLK_driver divides /X
frequency and provides 1/8 of its input frequency to the first three blocks. Since the pulse
shaping filter is driven by 4X clock, in order to have a consistent flow in the transmitter,
input clock is divided by 12 instead of 3. In other words, 4X clock of the pulse shaping
filters is compensated by dividing the input frequency by /2. This not only ensures

consistent bit flow but also provides higher frequency that up-samplers require in the
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Since in the receiver, the decoder has the same clock structure as its encoder, the
clock distribution should be performed similarly. In other words, matched filter is driven

by 4X and Pragmatic TCM decoder, de-interleaver and RS decoder are driven by /X Hz.

o RS encoder ~p Interleaver -  Pragmatic TCM w- Pulse shaping filters p——i>

1/8 118 18 s 18, T8 13 13 3y T4 413

L e I

Clock Signals

Figure 5-9: Clock distribution of the modem with Pragmatic TCM of rate 3/4

5.3.2 Clock distribution of top level design with rate 7/8 PTCM

RTL schematic of the top level design with rate 7/8 Pragmatic TCM is depicted in
Figure 5-10. Each component is verified by means of behavioral simulation. When the
functionality of each block is verified, gate level simulation is performed with the same
arbitrary test bench. The time constrain is also verified by performing place&route and
gate level simulation. Maximum input clock frequency that each component can be
driven is tabulated in Table 5-2. The table is determined by Xilinx Synthesis Tool (XST)
and all frequencies are from the post-place&route timing report of the tool. A similar
approach to rate 3/4 is exploited to distribute clock signals manually. However,
Pragmatic TCM encoder/decoder has different structure than that of rate 3/4. As shown in

Table 5-2, two DCMs are used to achieve the highest throughput in the modem.
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Component Minimum Period Maximum Frequency
RS encoder 5.646 ns 177.116 MHz
RS decoder 9.671 ns 103.401 MHz
Interleaver 4.649 ns 215.100 MHz
De-interleaver 4,196 ns 238.322 MHz
Pragmatic TCM encoder 7.748 ns 129,065 MHz
Pragmatic TCM decoder 9.185 ns 108.973 MHz
Pulse shaping filter 7.860 ns 127.226 MHz
Matched filter 6.595 ns 151.630 MHz

Table 5-2: Timing report of the Modem with rate 7/8

In top level design, there are two components that increase the rate in the
transmitter i.e. Pragmatic TCM encoder and pulse-shaping filters. Thus the pulse-shaping
filters, which function with the highest bit rate, should be driven with the highest clock.
In other words, in transmitter data rate is increased in the Pragmatic TCM encoder by 3
and 8. The designated up-samplers in the pulse-shaping filters structure also increase the
sampling rate by factor of 4. Therefore, pulse-shaping filter should be driven by a clock
96 times faster than RS encoder. A Comprehensive block diagram of the clock
distribution of the modem is depicted in Figure 5-11. As shown, first two blocks in the
transmitter are driven by IX Hz, however Pragmatic TCM and pulse shaping filters are
driven by 3X Hz and 4X Hz, respectively. Note that, inside the <design>_CLK_Wrapper,
CLK_driver is designed such that it provides required CE signals to different sub-blocks
within the block. It is shown that pulse-shaping filters are driven with frequency four
times as much as SYS_CLK and Pragmatic TCM encoder is driven with that of three
times as much as SYS_CLK. Input and output rate of each block is also shown bellow
each block. In other words, CLK_driver divides IX frequency and provides I/8 of its

input frequency to the firsttwo blocks. However, Pragmatic TCM is driven by 3X Hz.
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Therefore, CLK_driver at input of the block divides input clock frequency by 24 instead
of 8. This guarantees a consistent flow of data in the encoder. Note that Pragmatic TCM

encoder has a multi-rate structure i.e. output rate of the encoder is increased by &/7.

R RS encoder B Interieaver &> Pragmatic TCM v Pulse shaping filters i
A M 17 13 s L) Ta
178 g 18 78 118 = 177 77 ﬂ 417
[
X iX 1/24%3% 1/28“4)(
Clock Signals

Figure 5-11: Clock distribution of the modem with Pragmatic TCM of rate 7/8

Likewise, pulse-shaping filters are driven by 4X clock, thus the input clock
frequency is divided by 28 instead of 7. In other words, 4X clock of the pulse shaping
filters is compensated by dividing the input frequency by 28. This not only ensures
consistent bit flow but also provides higher frequency that up-samplers require in the
pulse shaping filters.

In the receiver, the decoder has the same clock structure as the encoder; therefore
the clock distribution should be performed similarly. In other words, matched filter is
driven by 4X Hz, Pragmatic TCM decoder by 3X Hz and de-interleaver and RS decoder

are driven by /X Herz.



5.4 Hardware design flow using System Generator

It is mentioned earlier that the proposed modem is implemented based on bottom-
up design methodology. Each leaf component is either imported from System Generator
library or the VHDL code is written manually. If the VHDL code of the component 18
written manually, the functionality and timing of the component is verified before it is
imported in the block. The functionality and timing of the component is verified by gate
level simulation. Note that gate level simulation is performed after synthesis. After each
component is verified individually, it is imported in System Generator platform as a black
box. In the higher level of hierarchy, each block of the modem is implemented either
based on the imported black boxes or other components available in the System
Generator library. When the block is implemented, it is simulated in Simulink platform.
Note that HDL model is co-simulated with ModelSim. ModelSim is one of the popular
HDL simulators. Thus the behavior of the implemented block can be compared with its
Simulink counterpart. Note that simulation resuits in System Generator do not give us
any timing information. Eventually, the VHDL model of the block is generated by means
of System Generator. The tool translates the model to VHDL by using Xilinx LogiCORE
or the synthesizable VHDL codes which are imported as black boxes. The Generated
VHDL model is synthesized and gate level simulation is performed. The timing report of
the synthesis tool after place&route gives us final timing information of the circuitry.

This methodology is used to construct each building block in our design.
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5.5 Data synchronization

At this point it is necessary to introduce data synchronization in the design. The
aim of data synchronization is to develop a simple approach such that the performance
and functionality of each block remains consistent regardless of the presence of other
blocks. In other words, the performance of the component should be consistent regardless
of its position in the design.

In order to achieve the best timing result, the design is pipelined to the greatest
extent possible. Parallel processing is also exploited to get better results. Therefore, each
component produces latency in the data flow. Data manipulation in the modem is
dependent to the latency of the real time data. For example, consider a serial to parallel
converter in the Pragmatic TCM encoder. The output of the converter is different
depending on the latency that the preceding components produce in the data flow. In
other words, the converter should realize the validity of its input bits and start conversion
while the data is valid. This simple example illustrates the significance of data
synchronization in the design. The synchronization is performed by two control signals
i.e. valid input (Vin) and valid output (Vout). Vin is an active high signal f.e. only data at
the input ports of each component is considered valid when the Vin is asserted high. Each
block also provides a valid output data port. Vout is high when the data at output port of
the component is valid. A gate level simulation result of parallel to parallel converter of
the TCM encoder is illustrated in Figure 5-12. Note that the component starts capturing
input bytes when Vin is asserted high and when output data is ready at Es and NEs ports,

Vout goes high. Note that Vin and Vout signals are synchronized with clock signal. It is
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illustrated that Vout signal provides enough information about latency of the block, and

with aid of Vin, data synchronization can be achieved easily.
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Figure 5-12: Simulation result of P'/P converter

In our implementation, each component is equipped with Vin and Vout control
ports. Thus, data synchronization is performed from the lowest level of hierarchy to the
top level. In other words, when each block is constructed in top level design, simply each
component should be cascaded and the data synchronization is performed automatically

with the aid of Vout and Vin signals.

5.6 Pragmatic TCM encoder

Pragmatic TCM encoder is implemented based on the specifications stated in
previous chapters. Depending on the coding rate, either punctured or non-punctured
encoder is exploited in the design. The encoder can be divided to number of building
blocks as it is illustrated in Figure 3-5. To elaborate on the general block diagram, The
RTL schematic of Pragmatic TCM encoder of rate 7/8 is shown in Figure 5-13.

The first block is parallel to parallel converter. VHDL code of this block is

written and the block is constructed manually. This block performs two tasks:



e Performs byte to bit conversion based on Table 3-1.Required Es and NEs bits are
provided by parallel to parallel converter and are fed to the following blocks in
the encoder.

e Performs block synchronization. Block synchronization is performed by means of

Vin control signal.
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Figure 5-13: RTL schematic of the Pragmatic TCM encoder rate 7/8

Convolutional encoder is imported from System Generator library. In order to
puncture output of convolutional encoder, a serial to parallel (S/P) is used in the
puncturing block. One bit out of each three bits word of data is erased based on Table
3-2. Eventually, “bit mapping to constellation” is performed based on look up table for
inphase and quadrature individually. Depending on the Pragmatic encoder rate, two to
four look up tables are employed. Note that the output of the mapper is /2-bit signed
fixed point with fraction point in bit 77 and the most significant bit is sign bit. The fixed
point (12,711} representation of constellation point of the [6-QAM is tabulated in Table

5-3. Note that in order to normalize symbol energy each constellation point is divided

by\/ja.
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Constellation point MNormalized Decimal Fixed point (12,11)
representation representation
3 0.94868329805051 “011110010110”
1 0.31622776601684 “001010000111”
-1 -0.31622776601684 “110101111001”
-3 -0.94868329805051 “100001101010”

Table 5-3: Binary fixed point representation of 16 QAM constellation point

Top level schematic of Pragmatic TCM encoder is depicted in Figure 5-14. Since
Pragmatic TCM encoder/decoder blocks for different rate are driven with different clock,
the latency of the blocks are expressed based on TCM input clock. Note that input clock
of Pragmatic TCM encoder of rate 3/4 is SYS_CLK and that of rate 7/8 is three times of
SYS_CLXK (3X). Vout of the encoder block of rate 3/4 goes high 34 SYS_CLKs after Vin

of the block is asserted high for the first time. On the other hand, the Pragmatic TCM

encoder block of rate 7/8 produces a latency of 241 cycles of its input clocks.

Din<7-0>

1-
Vin Q_2<11-0>

Vout

T 1<ii-0>

I 2<11-0>
Q_1<11-0>

(&)

Figure 5-14: Top level schematic of Pragmatic TCM encoder (a) rate 7/8 (b) rate 3/4
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8.7 Pragmatic TCM decoder

A general block diagram of Pragmatic TCM decoder is proposed in Figure 4-2.
To elaborate on the figure, RTL schematic of the Pragmatic TCM encoder is shown in
Figure 5-15. Despite the coding rate, HDL model of soft decision and outboard decision
logic are prepared manually in the decoder. Soft decision logic is designed based on soft
decision assignments illustrated in Figure 4-5. In the encoder, “bit mapping to
constellation” is performed such that both inphase and quadrature components have the
same mapping for coded-bit. Therefore, the same soft decision block is employed for
both components of the received symbols. Twenty one soft decision points are chosen to
determine a 3-bit soft decision weight for each coded-bit. Note that inphase and
quadrature components are 72-bit signed fixed point with 9 bits fraction i.e. Sfix(12,9),
therefore; twenty one 12-bit comparators are exploited to determine the most likely soft
decision weight. It takes 3 CLK cycles for the soft decision to determine each soft
decision weight. In other words, soft decision block adds 3 CLK cycles of latency to data
flow in the design. Then, depending on the structure of the decoder these soft decision
weights are fed to viterbi decoder either directly or through insert zero block (de-
puncturing). Viterbi decoder decodes coded bits of each symbol. The Viterbi decoder
generates latency in the data flow according to its configuration. One of the factors that
affect the latency is trace back length of the decoder. Since punctured code bits are more
valnerable to error, longer trace back length is chosen for the same decoder. Hence,
decoder with rate 7/8 generates more latency than that of rate 3/4. Xilinx LogiCore is
exploited to implement the viterbi decoder [34] and convolutional encoder [35] in the

structure of Pragmatic TCM decoder.

85



L - it |
i ol g . . Py
IQ; Q1 St ,t CH——®iC Esh—
g 12 tk E: Ers
Q2 2 v
Q.2 1:: gz—; —# Clk Vout|
Cle vout vin  VoulS Ce7
iCe_21 o e Vin
Vin S-puncturing Viterbi decoder
Soft decision [———a{Bs |
3 FMNES Dout 2
| Cik
{ rTW
{ Din Ce 7 Vout P
2 Clk X wC1L C wIC e Ce 21
L pdCe_7 Y #1C2 ey 3 NE e 24
Vin Voud Cik LaiQ_1 2 ;@_168
" Convolutional encoder Ce.7 Ll 2 2| Vin
@ lutional encods - —
onvolutional encoder v vomt <y =
Clk e Ced Puncturing | 2Clk
Vin Ce_21 V;?—” Vou
Ce_24 i in
te w1 Ce Cee;68 "Ouiboard
Cik driver

Figure 5-15: RTL schematic of the Pragmatic TCM decoder rate 7/8

The VHDL code of the outboard decision logic is prepared base on threshold
levels that are illustrated in Figure 4-5. Like soft decision, special mapping which is
employed in the encoder lets us to use the same outboard decision block to detect
uncoded bit in both inphase and quadrature. The outboard decision block is required two
pieces of information to estimate the uncoded bit; either projection of the received signal
vector on Cartesian axis and the companion estimated coded-bit. Qutboard decision logic
estimates the most likely uncoded-bit in the designated symbol. The hardware is
implemented with two I2-bit comparators, a multiplexer and number of flip flops.
Outboard decision block needs 3 CLK cycle to determine first uncoded-bit. In other
words, the latency of the block is 3 CLK cycle.

Finally, a parallel to parallel block is required to descramble Es and NEs input
data and prepare output bytes based on Table 3-1. The HDL model of this bock is also
written and imported as a black box in the Pragmatic TCM decoder. For rate 7/8, since
the Es and NEs bit have different rates i.e. due to down sampling in the data flow, the

NEs is fed to the parallel to parallel block with lower rate. In other words, Bs bits clocked
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3 times faster than NEs bits. Note that 56 bits of the parallel to parallel converter consist
of 32 bits NEs and 24 bits Es which are buffered. Afterwards, 7 bytes of descrambled
data is appeared at output of the block at rising edge of output clock. It completely shows
that the design is multi-rate.

Top level schematic of Pragmatic TCM encoder is depicted in Figure 5-16.The
Pragmatic TCM decoder of rate 3/4 requires 664 SYS_CLKs to completely decode input
symbols and produce the first output byte. In other words, the latency of the Pragmatic
decoder is 664 cycles of SYS_CLK for coding rate of 3/4. On the other hand, Pragmatic

TCM decoder of rate 7/8 produces a latency of 3097 cycles of its input clocks.

et | 11 1-0>
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el | 2<11-0>
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e V1Y
el Cll —Clk
Ce Vout 3 Ce Vout
(a) (b)

Figure 5-16: Top level schematic of Pragmatic TCM decoder (a) rate 7/8 (b) rate 3/4

58 RS encoder and decoder

In this project HDL model of both RS encoder and decoder are imported from
Xilinx logiCore. In other words, System Generator exploits Xilinx LogiCore [12] to

generate the HDL model. The particular encoder chosen based on DVB is the shortened

87



RS (204,188). Top level schematic of the RS encoder and decoder are depicted in Figure
5.16. In the transmitter, RS encoder has a latency of 5 clocks. Hence, Vout of the RS
encoder is high after 40 SYS_CLKs. Note that in our design, regardless of the inner

coding rate, RS encoder core is driven by 1/8 of SYS_CLKSs rate.

Dout<7-0> Dout<7-0>|
Din<7-0> Din<7-0>
Vout Vin Vout e
i) Ik el Clk
=) Ce rfd - B Ce infokm——p
(a) (b)

Figure 5-17: Top Level schematic (a) RS encoder (b) RS decoder

Tt is essential to understand the core functionality. RS encoder block, is fed by /88
consecutive bytes of data and produces output code words of length 204 bytes. Thus
frame of 188 bytes is followed by I6 parity bytes at the output of the encoder. Hence, the
core is not ready to receive input bytes for 16 consecutive clock cycles while producing
parity bytes. An rfd pin shows the status of the core i.e. when rfd pin is equal to ‘I’, the
encoder is accepting and producing information symbols, and when it is 0’ the encoder
is producing the parity symbols. In our design, rdf goes low 1464 CLK_SYSs after Vout
is high for the first time. rfd remains low for 728 CLK_SYSs before it goes high again.
Note that rfd is a periodic signal i.e. it is high for 188 clock cycles, when the encoder is

accepting and producing the symbols and it is low when the encoder is producing the
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parity symbols. Timing of the control signals of RS encoder is depicted in Figure 5-17.

Note that in the figure core clock is chosen as time scale instead of SYS_CLK.

On the other hand, RS decoder is fed by successive symbols of a coded frame. A
frame of 204 symbols is fed to RS decoder. It takes the decoder block 1904 SYS_CLK to
decode the first frame and produce the first symbol at its output. As shown in Figure
5-16, like RS encoder, the status of the decoder is also depicted by a status pin i.e. info.
The info pin is high when the decoder is producing the decoded symbols and it is low
when the decoder is producing random symbols. Note that the decoder is fed by a frame
of 204 bytes which consists of 788 bytes of message symbol and /6 byes of parity.
Therefore, the info pin is high for 1504 SYS_CLK and then it goes low for 128
SYS_CLK. Note that the info signal is a periodic signal. The control signals of the RS

decoder are sketched in Figure 5-17.
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Figure 5-18: Control singnals of (a) RS encoder (b) RS decoder
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£9 Interfeaver and De-interleaver

In this project HDL model of both Interleaver and De-interleaver are imported
from Xilinx LogiCore. In other words, System Generator exploits Xilinx LogiCore to
generate the HDL model of the designated blocks. The structure of Forney convolutional
interleaver is shown in Figure 2-6. The core operates as a delay line shift registers [24].
Input symbols are presented to the input commutator from Din. Output interleaved
symbols are extracted from the output commutator to Dout. Both commutator arms are
synchronized i.e. both commutators start from the top branch. Note that in Figure 2-6,
although first branch appears to be zero-delay connection, because of the core structure
there is a delay between Din and Dout. Top level schematic of Interleaver and De-

interleaver is depicted in Figure 5-18.

e Din<7-0> e Din<7-0>
Dout<7-0> > Dout<7 0> el

A ! V11

- Clk

Vout Vout

@ (b)
Figure 5-19: Top level schematic of (a) Interleaver (b) De-interleaver

Both Interleaver and De-interleaver have the same latency. In other words, both
blocks produce 48 SYS_CLK delay i.e. Vout status signal of both blocks goes high after

48 SYS_CLK when Vin is asserted high for the first time.
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5.10 Pulse-shaping and matched filters

The value of the coefficients and number of filter taps are evaluated in the
previous chapters. The polyphase implementation of up-sampling filter (pulse-shaping
filer) and down-sampling filter (matched filter) are also stated in chapter 4. The pulse-
shaping and matched filers are implemented based on the polyphase structure illustrated
in Figure 4-9 and Figure 4-10, respectively. As shown in Figure 5-20, inphase and
quadrature component of each symbol are filtered individually and the same polyphase
filter is used for both components. Depending on the coding rate, the pulse-shaping and
matched filters consist of two or four parallel polyphase filters. In other words, according

to the coding rate of the encoder one or two symbols are fed to the filter blocks.

L1—#4 {1 1 A 11
_1—~ Polyphase filter ~ |—
ya vd
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Ce_28 ]
| Vin Vout St Q_2
el Q1
P11 2
Clk B Clk Ce 71
Ce_28}- {02
Ce Bl Ce
Vin Clk driver B-Vout

Figure 5-20: RTL schematic of pulse-shaping and matched filters for rate 7/8

Although the filters for both coding rate is implemented based on the same sub-
filters with the same specifications, each one requires different number of SYS_CLK to
produce the first output. In other words, the latency of the blocks is different with respect
to SYS_CLK. This is due to the fact that the sub-filter of each block is driven with

different internal clocks which are extracted from CE signals. Pulse shaping filters of
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either rate 3/4 or 7/8 produces latency of 54 and 118 filter clock cycles, respectively.
Likewise, matched filters in the receiver produce latency of 203 and 475 filter clock
cycles for rate 3/4 and 7/8, respectively. In other words, it takes 203 and 475 filter clock
cycles for Vout to go high when Vin is asserted high for the first time. Top level

schematic of the pulse shaping and matched filters are depicted in Figure 5-21.
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Figure 5-21: Top level schematic of pulse shaping and matched filters

(a) rate 7/8 (b) rate 3/4

5.11 Modem Verification

The next step in the implementation flow is to simulate the top level design and
verify the circuitry. The behavioral simulation is carried out in System Generator
platform. Top level design of the modem is imported individually as a transmitter and
receiver black boxes in the tool. The model is simulated with presence of AWGN channel
and a bit error rate versus noise power curve is obtained. Since the simulation is
performed with ModelSim and Simulink, the simulation takes longer time than a pure
Simulink model. Hence, the simulation is performed up to BER of 107 When the

behavioral simulation of the circuitry is obtained, it is compared with the fixed-point
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simulation results of the model. Afterwards, post-place&route simulation is performed to
verify the final circuitry. A test bench is written manually and the simulation is
performed with ModelSim.

In the following subsection behavioral simulation result of the modem for both
rates are shown. Post-place&route simulation process is also briefly expressed. Finally,

the timing and area report of the circuitry is stated.

5.11.1 Simulation of the modem in System Generator platform

Top level design is imported in a System Generator platform as two black boxes
i.e. Transmitter and receiver. A mixed model is designed to verify the functionality of the
modem. In other words, AWGN channel, Random binary number generator and Error
rate calculator are imported from Simulink library. After the model is implemented, it is
simulated with different power of noise to obtain probability of uncorrected bits versus
noise power. The simulation result of the modem with both rates is depicted in Figure
5-22. In the figure, 12-bit Fixed-point simulation is also sketched for comparison. As

shown, the HDL model and fixed point have the same performance.
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5.11.2 Simuiation of the modem in the Xilinx ISE with ModelSim

Although the simulation results which are obtained in System Generator platform
verify the design functionality, it does not guarantee post synthesis characteristic of the
modem. Post-place&route simulation is performed to verify the functionality of the
design before it is downloaded in the target FPGA chip. The target FPGA chip is
XC2V4000. In order to simulate the post-place&route design, a test bench is prepared for
the designated top level model. In the test bench the “uniform” procedure of math_real
package in [EEE library is used to generate random bytes. This procedure generaies
successive values between 0.0 and 1.0 [25]. These randomly generated real numbers are
converted to natural numbers between 0.0 and 2° — 1. Finally, these natural numbers are
converted to std_logic_vector. These random test vectors are fed to the transmitter input.
In the receiver, the output of the receiver is compared to the generated bytes. If “Error” is
detected, severity message will be reported.

In order to verify the modem, 100,000 successive random bytes are generated to
verify the modem functionality. The simulation results confirm the modem functionality.
When the modem is completely verified, the top level design is ready to download to the

targeted FPGA chip with Xilinx ISE.

5,11.3 Timing and area report of the circuitry

The area report of the Xilinx ISE shows number of used components in the target
FPGA chip. The Xilinx XC2V4000 is chosen as the target FPGA chip. The selected chip
approximately comprises of 4 million equivalent gates. The area report of the Xilinx ISE

is tabulated in Table 5-4. In the table, area report of the modem with both rates is
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illustrated. Since the RS encoder/decoder and interleaver/de-interieaver blocks for both
rates have the same structure, the same report is given by the tool. As shown in Table 3-4,
depending on the coding rate of the modem, it uses 914,882 and 1,251,296 equivalent
gates of the target FPGA chip for rate 34 and 7/8 respectively. Therefore, the
implemented modem approximately uses 30% of the available resources of the target

FPGA chip.

Synthesis tool also provides maximum delay of the critical path. Note that,
maximum achievable baud rate of the modem is restricted to the maximum applicable
clock frequency of the modem. On the other hand, according to the design methodology,
low de-skewed clock signal is distributed by DCM. Depending on the operating mode of
the DCM and the speed grade of the FPGA target chip, input and output frequency range
of the DCM is bounded [22]. Hence, the minimum achievable baud rate of the modem is

bounded by the DCM minimum applicable clock frequency.

According to Table 5-1 and Table 5-2 bottle neck of the design is pulse-shaping
and matched filers. Note that both filters are driven by 4X of the SYS_CLK frequency.
Hence, SYS_CLK is selected to be 27.778 MHz (36ns). The necessary timing constraints
are set along with the selected system clock frequency. Then, the modem is synthesized
and configured to the target FPGA chip. Post-place&route timing report of the synthesis
tools ensure that all ﬁmiﬂg constraints are met. Therefore, the maximum achievable bit
rate is 27.778 Mbit/s. It shows 12 times speed improvement with the proposed clock

distribution.
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Block Total Gates
RS encoder 3,381
RS decoder 150,115
Interleaver 73,281
De-interleaver 73,281
PTCM encoder 3/4 133,323
PTCM decoder 3/4 334,815
PTCM encoder 7/8 267,549
PTCM decoder 7/8 351,980
Pulse shaping 3/4 78,535
Matched filters 3/4 63,867
Pulse shaping 7/8 156,839
Matched filters 7/8 127,359
Total Modem 3/4 914,882
Total Modem 7/8 1,251,296

Table 5-4: Final area report of the synthesis tool

Bit rate of 8.448 Mbit/s is recommended by DVB standard for data transmission
with audio signal (MPEG 1 Layer 2, 48KHz stereo) along with video signal (25 frame of
720x576 pixels or 30 frame of 720x480 pixels). The post-synthesis timing report of the

modem demonstrates that the modem meets the desired bit rate which is required by the

standard.
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6 Conclusion

In recent years, the underlying FPGA technology has advanced rapidly. As a
result, new opportunities such as Systema On a Programmable Chip (SOPC) are emerging.
SOPC design flow provides rapid prototyping of complex algorithms in a programmable
chip such as FPGA. This methodology also enables system-level to FPGA design flow
and hardware/software co-design and co-verification. Additionally, FPGA design
technology reduces time-to-market by bringing the concept to implementation in a very

short time.

In this thesis, we model a base-band modem, specified by DVB standard, at the
system level. After the fixed-point model is verified, it is translated to lower level of
abstraction in Hardware Description Language (HDL). The modem consists of Reed
Solomon code, Convolutional Interleaving, Pragmatic Trellis Coded Modulation
(PTCM), and Pulse- shaping filters. Once the HDL model is verified, it is implemented in
the target FPGA chip. The design flow can be utilized to design, verify and implement
any digital communication and DSP algorithm, resulting in accelerated hardware

verification and implementation.

The design flow starts with system level modeling of a modem parameterized
with DVB standard. A floating-point model of the system is modeled, and simulated in
Simulink platform. Comparing the simulation results with the desired performance
specified by the standard, the functionality of the modem is verified. Subsequently, the

model is converted to fixed-point. The required number of bits to achieve adequate
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precision of each building block is evaluated by performing fixed-point simulation. The
fixed-point representation of the model compromises performance for hardware
simplicity.

In order to translate the system-level design to HDL netlist, the fixed-point model
is re-designed with Xilinx System Generator blocksets. The HDL model is either
instantiated from IP blocks of Xilinx LogiCore libraries or generated from a customized
synthesizable library. Customized VHDL code of the synthesizable library is verified by
post-synthesis simulation before it is imported as a black box into System Generator.
ModelSim is exploited to co-simulate each System Generator building block in Simulink
platform, verifying block functionality before its HDL netlist is generated. Finally, the
complete modem is co-simulated and BER curves are compared with that of the fixed-
point model.

To increase the throughput of the modem, a novel clock distribution is proposed.
Digital Clock Manager (DCM), an embedded component of Xilinx Virtex II FPGA, is
employed to distribute the de-skewed clock signal in the top level design. Random test
vectors are generated by a customized test bench and post-place&route simulation is
performed to verify the synthesized design. Finally, the design is configured to Xilinx
FPGA Xc2V4000. The Place&route timing report confirms that the design meets the
timing constraints. The implemented modem is able to transmit/receive digital video and
audio signals up to 27.778 Mbit/s which is adequate for High Definition TV (HDTV)
based on DVB standard. The implemented modem approximately uses 30% of the

available equivalent gates of the designated target FPGA chip.

99



Addressing future work, unused available resources in the FPGA chip can be
employed to complete the base-band system specified by DVB standard. Additional
blocks perform MPEG-2 source coding, audio and video muliiplexing and randomization
for energy dispersal. Clock recovery and frame synchronization can also be added to
complete the base-band modem. In addition, implementing the system in newer FPGA
technology such as Virtex-4 with updated IP cores significantly increases the maximum

input clock. As a result, the throughput of the modem will be enhanced.
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