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Abstract

In this thesis, we examine rate adaptive forward error correction codes for the mobile
satellite channel. We are especially interested in codes that can be tteratively decoded.
Multilevel coded modulations are considered: partitioning of constellations, coding
principle and iterative decoding are studied. We present design rules for multilevel
coded modulations through the asymptotic coding gain, the minimum Hamming dis-
tance of the code and with information theory arguments. Computer simulations
have been run to confirm the validity of the design rules and to determine the im-
pact of the interleaver size on the performance of a coded modulation scheme. A new
construction for multilevel coded modulation with parallel concatenation is suggested.
Computer simulations have confirmed the efficiency of this new technique.

Product codes are also considered: code construction and iterative decoding al-
gorithms are studied. We focus on the two-dimersional (24,12) Golay product code
and find its performances on AWGN and Rayleigh fading channels through computer
stmulations.

Three rate coding systems for the mobile satellite channel are presented. A per-
Jormance criterion for speech transmission with such systems have been determined.
Adaptive rate techniques can save up to 5.0 dB and 8.8 dB (depending on the ty.e of

environment) in terms of transmitted power.
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Résumé

Dans cette thése, nous étudions les codes correcteurs d’erreurs a tauz adaptatif pour
le canal mobile-satellite. Nous sommes plus particuliérement intéressés par les codes
pourvant étre décodes de maniére itérative.

Nous considérons pour commencer les modulations codées multiniveau: la parti-
tion de 'ensemble des signauz, le principe du codage multiniveau et le décodage itératif
sont €tudiés. Nous donnons des régles de construction des modulations multiniveau
tenant compte du gain de codage asymptotique, de la distance minimale de Hamming
et d” arguments de théorie de l'information. Nous avons simulé par ordinateur les
codes pour confirmer la validité des régles de construction et déterminer 1 ‘impact de
la taille de Uentrelazeur sur leurs performances. Une nouvelle construction de modu-
lation codée avec concaténation paralléle est proposée. Des simulations tnformatiques
confirment Uefficacité de cetle nouvelle technigue.

Nous considérons ensuite les codes produit: nous en étudions la construction et
le décodage itératif. Nous nous intéressons plus particuliérement au produit & deur
dimensions du code de Golay (24,12). Ses performances sont évaluées sur les canaur
gaussien et @ €vanouissement de Rayleigh.

Nous présentons des systémes de codage adaptatif ¢ trois tauz destinés au canal
mobile-satellite. Nous avons déterminé un critére de performance pour un tel systéme
adapté & la transmission de parole. Les techniques de tauz adaptatifs présentent un

gain de 5.0 dB d 8.8 dB (suivant I'environement) sur la puissance transmise.
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Chapter 1

Introduction

1.1 Background

Most of the industrialized countries now benefit from efficient terrestrial mobile tele-
phone networks. A cellular network represents an important investment in terms
of equipment. This investment is profitable only in regions where there are enough
users (for instance, in cities, near highways). What about rural zones? In general,
there is not enough traffic to justify a cellular network. Nevertheless, in these regions
the demand for services exists. Other systems for mobile communication have to be
designed. Thanks to satellite mobile links, the problem of network and equipment
cost can be solved: a satellite can cover a very large area (about the size of Europe or
North America with a single geostationary satellite). The cost per unit surface area
is small.

A single satellite may not have enough capacity for all the users of an entire
continent, even though the area covered is about this size. The constraint is on the
total number of users per satellite. This link turns out to be more efficient for low
density users on a very large area that can go up to the size of one continent. This
may be appropriate for desert type regions where it is not practical to install a wired
network.

Mobile satellite communication systems can be divided into three generations [1].



The first generation is characterized by global beam features and rather large user
terminals, although these terminals are transportable in principle. The second gen-
eration is characterized by multiple beams mobile satellite syvstems serving typically
lap top terminals (the second generation systems have been in service since 1994). A
good example of second generation system is the system developed under the MSAT
(Mobile SATellite) program led by CRC (Communication Research Centre) in co-
operation with NASA in the United States (see [23]). MSAT services have become
operational in the last quarter of 1995. MSAT now provides wide-arca voice, data
and fax services to land, marine and aeronautical mobile users 'a.n_\'where in North

America. The services offered consist of the following five types of narrow band

communications services:
e Telephone calls
¢ Group voice calls
e Fax calls
e Circuit-switched data calls

¢ Packet switched data calls.

The third generation systems, which are expected to be operational at the begin-
ning of the twenty first century, will be cellular-like systems using non-geostationary
satellites and very large number of small beams. For the third generation, mobile
satellite communications will be embedded in a universal concept for mobile com-
munications capable of satisfying the need for mobile communication for medium to
high traffic densities (using the cellular network) and low traffic density (using mo-
bile satellite link). Large constellation of non-geostationary low earth orbit satelljtes
(LEOS) is very likely to be used in the future as opposed to the first and second
generation geostationary satellites.

As we will see, the problem is to maintain an acceptable output error probability

in urban environments where the communication link reliability is severely degraded



by signal fading and shadowing. In this work. we attempt to solve this problem by

using rate adaptive forward error correction and iterative decoding techniques.

1.2 Motivation

One of the challenges of mobile satellite communications is the time varving channel
impairments due to rain attenuation (in the case of K/Ka band) or caused by a change
of channel conditions (rural/urban environments in the case of L-band). Reliable
communications are much more difficult to achieve when the direct path signal is
shadowed by buildings or trees: fading appears on the channel and there is a power
loss. Rate adaptive forward error correction is a powerful technique to cope with the
time varying nature of the channel. The idea of this adaptive coding scheme consists
in adapting the data rate to the channel state and at the same time adapt the code
rate to obtain the same number of channel symbols per unit of time. We choose to
use three different data rates (R,%,%): these data rates, for instance, may represent
compressed speech data rates at 9600 bit/s, 4800 bit/s and 2400 bit/s.

However, for practical reasons, it is not desirable to use three different decoders.
A coding problem is to find codes for the three rates that are compatible, i.e., they
can be decoded by the same decoder.

Iterative decoding has a convenient property when using different data rates: as
the data rate decreases, the number of decoding iterations can increase, keeping
the decoding time constant. In this work, we will focus on codes that can be de-
coded iteratively and the corresponding iterative decoding algorithms. We consider
2—dimensi01;al (24,12) extended Golay product code and the large family of multilevel
codes. The first code has the advantage to have a short block size (144 information
bits) and the multilevel codes form a very large family and can be designed easily.

In a rate adaptive transmission system, even before performing any coding, by
dividing the data rates by two while keeping the message energy the same, the link
transmission margin is increased by 3 dB (6 dB for rate £). With coding we are



looking for an extra -5 dB improvement by taking advantage of the extra decoding

time.

1.3 Contributions

This thesis attempts to add new results to the existing literature about channel coding

for mobile satellite communications. These are:

1. Simulation of the 2-dimensional (24,12) extended Golay product code on AWGN

as well as on a Rayleigh fading channel.
2. Modification of multilevel codes by using parallel concatenation.

3. Performance evaluation of rate adaptive forward error correction systems built
with multilevel codes and 2-dimensional (24,12) Golay product code on the

mobile satellite channel.

1.4 Outline of the thesis

Chapter 2 of this thesis presents the channel model used for mobile satellite commu-
nication link. Important channel constraints and communication systems’ limitations
are also described.

Chapter 3 provides a review of multilevel coded modulation construction and
an iterative decoding algorithm. A procedure to select optimum code rates for the
component codes is presented. Three coded modulation schemes with 1, 2 and 4
bits/symbol spectral efficiency are evaluated through Monte-Carlo computer simula-
tions on the AWGN channel. \

Chapter 4 presents a new approach to construct multilevel codes using paral-
lel concatenation. The coded modulation schemes are evaluated through computer
simulations on the AWGN channel.



In Chapter 5 the construction of product codes and an iterative decoding algorithm
are briefly described. The two-dimensional (24.12) extended Golay product code
1s presented and evaluated through computer simulations for AWGN and Rayleigh
fading channels.

Chapter 6 presents an evaluation criierion for rate adaptive forward error correc-
tion systems. This criterion is applied to the three rate adaptive systems which are
built with codes described in the previous chapters.

Conclusions and suggestions for further researches are provided in Chapter T.



Chapter 2

Land mobile satellite transmission

problem description

Considerable research and developement activities aimed at the introduction of land
mobile satellite communication have been undertaken recently by different organiza-
tions all over the world. MSAT of NASA (U.S.), MSAT program of DOC {Canada),
experimental program of Japan, Mobilesat of AUSSAT (Australia) and PRODAT of
ESA (Europe) represent some of the research effort in that direction. For these land

mobile satellite systems, two frequency bands are essentially considered:

e L-band (1-2 GHz):

In this case, the channel behavior is well known and documented, several ex-
periments have been conducted and accurate channel models are available [18],
[19]). There are several experimental satellites working at those frequencies such

as the geostationary satellite MARECS system developed by INMARSAT.

e K/Ka band (20-30 GHz):

Experimental activities have been undertaken i; the last few years in this fre-
quency range. The Advanced Communication Technologies Satellite (ACTS),
for instance operates in this frequency band. However, there are many unre-

solved’ problems and issues, e.g., no reliable channel model is available at the
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present time. It is known that the transmission is affected by rain attenuation:
and that the multipath propagation is almost non existent because of very high
gain directive antennas typically used in the mobile terminal. The channel can

be described as one AWGN with channel outages due to shadowing.

However, for lirk performance evaluation, we need a channel model that we can
rely on: this is the reason why we cannot use the K/Ka band and will use the L-band

channel.

2.1 Land mobile satellite channel model

2.1.1 Two-state model

The communication channel modeled is the land mobile satellite L-band one. In
reference [19], the mobile satellite channel is modeled as a two-state channel. This
channel can be represented as a two-state Markov chain. The probability of the
channel being in a bad state is A (time share of shadowing), corresponding to the
fraction of time that the channel experiences shadowing. It is changing with the type

of environment, e.g., rural or urban environment.

» The good state corresponds to the case when there is a direct path component
between the satellite and the mobile. Here a multipath component may exist
due to multiple reflections on buildings, hills, or other objects. The multipath
component is Rayleigh distributed. Then the resulting channel is Rician. The
parameter ¢ = W is given for different situations, depending
on the elevation angle and the environment (highway, city). Note that, the
architecture of the city can affect the channel, for example depending on the

streets’ size.

® The bad state corresponds to the case when the direct path to the satellite
is obstructed. Then there is only indirect path components. The received
signal envelope is Rayleigh distributed, with a varying short time average power.

-1



The distribution of the short time average power is log-normal with mean g

and variance 6° depending on the channel conditions (elevation angle. type of

environment).

The channel parameters are:

o c— Direct path energy
~ Multipath energy

for the Rice channel.

e p, the mean power level (with the direct path energy as a reference), o its

standard deviation.
e A, the probability to be in the bad state.

The bit error process on the physical link can be described by a digital channel
model. The two-state Gilbert model [8] with suitable parameters closely approximate
the behavior of the land mobile satellite channel.

We want to find the parameters of an “average” mobile satellite channel. We
first divide the problem into two parts: What is the type of environment, highway or
city? These two environments give completely different sets of parameters. Taking an
average on channel parameters has no meaning, this is why we will use the parameters
for Hamburg, where the satellite elevation angle is 21°, an average elevation angle
given that for the MARECS satellite (geostationary 26°W), the elevation in Europe
can vary from 43° in Cadiz to 13° in Stockholm. For simplicity of the analysis, we
only use the transmission parameters of one location. '

Recall that it is very likely that non-geostationary low earth orbit satellites will
be used in third generation systems. The minimum elevation angle achieved by a
constellation of satellites depends on the number of satellites and the orbital altitude.
Curves are given in [20]: for a given minimum elevation angle, the minimum number
of satellites required is plotted as a function of the altitude. For an orbital altitude
of 900 km and a minimum elevation angle of 20°, about 150 satellites are required
to cover the entire surface of the earth. The channel parameters set we use with

elevation angle 21° in Hamburg is also typical for the mobile low earth orbit satellite



channels. More specifically the ~average™ channel model is the one with parameters

measured in Hamburg with the MARECS satellite :

e ¢c=166dB

e A=0.03

on highway environments. For urban propagation conditions those MARECS satellite

parameters become:
e ¢=10.6 dB
¢ p=-123dB, 0 =5.0dB
o A=057

The Doppler frequency of the channel varies from one environment to an other
and depend on the mobile speed. In [19), it is shown that f; = 30 Hz is a minimum
value and f; = 200 Hz a maximum value.

The resulting channel model is realistic: reliable communication is possible on
this channel but difficult to achieve in practice. It would not have been the same
with other parameters: an “easy” channel for which transmission can be done with
traditional techniques or an “impossible” channel that makes reliable communication
cost prohibitively high.

The main difference between the two environments is the time skare of shadowing
A that is much higher in cities (higher density of buildings shadowing the direct
path). We also note that the urban channels lead to worst propagation conditions.
This results in less power in the “bad state” and more multipath power in the “good
state”.

In practice, this model is too complicated to compute the real performance of a
system; the log-normal distribution of the short time average power makes it difficult
to compute BER. It is not practical 1o use a moving short time average power in



computer simulations because it makes simulations prohibitively long (considering the
high complexity of the codes considered in this thesis) to reach reliable probabilities

of error. The probability density functions (pdf) of the momentary received power

are.;

Price(8) = ce™ StV [(2cVF)
1

Pgzp(5]S0) = N exp(—S5/So)
o]

given that the pdf of the short time average power S follows a log-normal distribution:

_ 10 1 [ (10log Sy — p)?
Pv(So) = e e % oP [_ 207

Note that, the power of the direct path component has been normalized to unity.

2.1.2 Three-state model

The problen is the varying short time average power of the multipath component in
the bad state channel. We divide the bad state into two channel substates: average
substate and bad substate. K the mean of the short time power level is i (in dB) and
its standard deviation &, we use two Rayleigh fading channel substates with power
level p + ¢ and p — o, respectively. The two channel substates are equiprobable with
probability 2.

The three-state channel model simplification is equivalent to approximate a Gaus-
sian distribution (g, o) by a discrete equiprobable distribution with two values: p+¢
and pu — 0. It is easy to understand that the simulation is much simpler with this
model: the estimated bit error rate converge much faster toward the actual value.
There is a trade-off between simulation complexity and the model accuracy.

This simplified model leads to the three states (or substates) model with the
following channel complex envelopes:

¢ Good state: Rice fading channel: 1+ vUe® x 10~% with probability 1 — A.

o Average state: Rayleigh fading channel: vUe” x 10'%* with probability 4.
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e Bad state: Rayleigh fading channel: VUe’® x 10%%" with probability 4

The multipath component monentary normalized power U is exponentially distributed
with a unity mean. Pe(U) = exp(~{’). The parameter 8 represents the phase of
the multipath component of the signal, uniformly distributed in [0,2x].

The channel parameters for the “average™ three-states channel model are:
¢ Good state: Rice fading channel: ¢ = 16.6 dB with a probability of 0.97.

e Average state: Rayleigh fading channel with average power -1.6 dB with prob-
ability 0.015.

¢ Bad state: Rayleigh fading channel with average power -12.6 dB with probabil-
ity 0.015.

for highway propagation conditions, whereas for a city environment these parameters

change to:
¢ Good state: Rice fading channel: ¢ = 10.6 dB with a probability of 0.43.

® Average state: Rayleigh fading channel with an average power of -7.3 dB with
a probability of 0.285.

¢ Bad state: Rayleigh fading channel with an average power of -17.3 dB with a
probability of 0.285.

2.2 Additional communication channel constraints

2.2.1 Speech transmission

For speech transmission, additional constraints appear. The source coding data rates
that we consider in this research are 9600 bit/s, 4800 bit/s and 2400 bit/s. For
transmissions with 4, 2 and 1 bits per symbol, these rates corresponds to a symbol
duration T = 0.417 ms. Mobile communications propagation delay is at least 240
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ms when the satellite is geostationary. but it can be as low as 60 ms for a non-
geostationary low earth orbit satellite. The maximum delay tolerable for speech
applications is estimated to be approximately 300 ms !. Therefore, a digitized speech
packet contains 60 ms of speech as a maximum with geostationary satellite, but can
contain up to 240 ms of speech for LEOS. The geostationary case will be considered.
since 1t 1s the most difficult one: the code efficiency increases with the block size.
That corresponds to a packet size of 144 information bits for a data rate of 2400 bit/s.
Note that, these figures are not exact since additional bits are used, they contain rate
adaptation information or routing information. This gives a rough estimate of the
minimum packet size. If the block is too large. one may choose to send less than
50 ms of speech within a packet. Due to the high propagation delay, an Automatic
Repeat Request {(ARQ) protocol cannot be used in the system.

For reliable speech transmission, the bit error rate (BER) should be less than
10~3. We will consider the codes performance for this BER.

2.2.2 Data transmission

In the case of data transmission, decoding delay is not as important as in speech trans-
mission. The packets can then contain more information bits and Hybrid ARQ/FEC
protocols can be used if needed: ARQ/FEC error control schemes have been espe-
cially designed for time varying channels in [7]. The interleaving depth can become
larger, long codes being in general more efficient than short codes. This is the reasén
why we prefer to focus on speech transmission, but most of the result can be applied
to the “easier” case of data transmission without any modification. However, in con-
trast to speech transmission, data transmission does require a much lower BER than
10-3. In general, a BER < 10° is considered as an acceptable for data transmission

applications.

!From {28], we know that one-way delays up tu 100 ms are not perceptible by the users, however
delay up to 300 ms are noticable but tolerable in satellite communication.
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2.3 Simulation set-up

The information bits are generated at a rate that varies from 2400 bit/s to 9600 bit/s.
The symbols are transmitted on the channel at a rate that depends on the spectral
efficiency of the coding system, here the rates are: 2400 symbols/s, 4500 symbol/s
and 17200 symbol/s. These rates correspond to the following symbol durations:
T =0.417 ms, T = 0.208 ms and T = 0.052 ms.

With the Doppler frequencies observed between 30 Hz and 200 Hz, the channel is
slow fading: the fading amplitude can be considered constant for a symbol duration.
The minimum normalized Doppler frequencies become f,7° = 0.012, foT = 0.0062
and f;T = 0.0015. In our simulations, f4T = 0.1 and JeT = 0.01 are used.

Pseudo random Encoder
sequence generator
ja
Ae Channel
AWGN —
L
Error Iterative
detector decoder

Figure 2.1: Block diagram of the simulation.

The simulation programs were written ir C language. Figure 2.1 gives the blocks
diagram of the simulation set-up. The information bits are generated by a pseudo
random sequence, the encoder transforms the information bits into channel symbols
that are sent on the channel: the fading amplitude {Ae’) is multiplied and white
noise is added. At the receiving end, we assume perfect channel state information
estimation, i.e., we assume that the the fading amplitude of the channel is known by

the receiver.
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Chapter 3

Multilevel codes

In this chapter, we are looking for coding techniques which can be spectrally efficient.
The advantage of the multilevel codes we have chosen is that an iterative decoding
algorithm is available (see [31]). To the author’s knowledge, such an iterative de-
coding algorithm does not exist for Ungerboeck’s Trellis Coded Modulation! (TCM)
[29], they are therefore not studied in this thesis. The basic idea of multilevel codes
is expressed in papers by Imai [11], Sayegh [27] and Pottie [25]. Note that, standard
TCM becomes a special case of multilevel codes. Figure 3.1 present the TCM en-
coding scheme. We will see in the following that we can construct coded modulation
systematically with arbitrarily large minimum squared distance from the Hamming

distances of component codes.

3.1 Introduction to multilevel codes

3.1.1 Set partitioning

Let S be a 2" symbols signal set. We want to assign n-bits to each symbol in such
a way that the minimnum distance of each stage is increased (or at least be non
decreasing). The minimum distance for stage 1 is 62 = 3;1;% &(z,y).

!In the literature, TCM can also denote any coded modulation built with convolutional codes as -
. . /-://‘-:fﬂ
opposed to BCM (Block Coded Modulation) built with block codes =
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Figure 3.1: Model of TCM coding scheme.

Let us define a partition: let S be a set. (S; ...,8,,) is said to be a partition of &
if:
$=S1U32U...U5m
SinS;=0fori#j

We are particularly interested in partitions that divide the set S into two sets having
the same number of symbols (i.e., 2*~? symbols). We choose the partition (Sp,Sy)
such that

2 __ . .
62 - mln(:l.?lego dz(z! y),zg;neg; dz("’? y))

is maximum (this way, we maximize the minimum squared distance for stage 2). Then
we refine the partition ($p,81): choose 2 partition (So0, Sm1) of Sp and a partition
(510,511} of Sy following the same rules, maximizing the minimum squared distance
for stage 3.

We continue the partitioning process until we get 2" sets, each containing only
one symbol. The single element in S;, ;, ._;_ is identified as S(212z...1,). S(.) is the
function that maps n-bit sequences to symbols in S. We can also identify the symbols

with a number m: $(m) = S(iyi,...1,) with m = Ej:;‘ #;27-2, considering that the
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left bit 1s the least significant bit (which is also the least protected bit). i, is the bit
from level ¢, the minimum squared symbol distance for stage q is:

63 = min (S(Prp2 - -pa). S(rira...ma))
=T, for g

The meaning of &7 is the minimum squared symbol distance given that the bits from
the previous levels are known. One of the properties of this partitioning scheme is

that: § < 82 <... < 62. The {6?} are also called intraset distances.

Set partitioning of the 8PSK constellation

L L J
L ] [ ]
...
/ \
0.0 .0.
L ] L L] o
0.0 .D.
» A\ Y N
OOO 0.0 OQO .oo
L ] L ] -] [+ < Q Q o
OOO G.O .QO ooi
ooo/ \001 ouy Vu loo/ \IOI ll(y \m
OOO °°O 0.0 °°o oo. Ooo .oO ooo
[ - & [~ ] [T - ] o o [« I+ ] [« - ] [« 2 ] [+]
OOO 000 0°O 0.0 OOD .°° 000 °0.
0 3 2 6 1 s 3 ?

Figure 3.2: Set partitioning of the 8PSK constellation.

Figure 3.2 shows how the 8PSK constellation is partitioned in 3 steps and the cor-
responding signal mapping. The increasing minimum squared distances are: 6 =
2 — /2 =0.586, 6 = 2 and 63 = 4. The average symbol energy is E, = 1. This is
only a simple example. The 8PSK constellation is not optimum in the sense that a

better ratio g{- can be achieved with other 8-symbol sets (with 8APK for example).
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Set partitioning of the 8APK constellation
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Figure 3.3: Set partitioning of the 8APK constellation.

Figure 3.3 shows how the 8APK constellation is partitioned in three steps and the
corresponding signal mapping. The minimum squared distances are: §2 = 2, 2=¢
and 8 = 8 with average symbol energy E, = 2.5. Note that, to compare this
partitioning with the one for 8PSK, the average symbol energy should be normalized
to E,=1.

Set partitioning of the 32APK constellation

Figure 3.4 shows the first two steps of the set partitioning for the 32APK constella-
tion. After two successive partitions of the set, we get four 8APK subconstellations.
The partitioning for these 4 subconstellations is done like for a standard SAPK con-
steilation.

The minimum squared distances are: 62 = 2, 62 = 4, 62 = 8, 62 = 16 and 62 = 32,
with an average symbol energy E, = 10.5.

- The 16QAM signal constellation is not considered here because we are interested in
ccoded modulations with 1, 2 and 4 bits/symbols spectral efficiencies, which correspond
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respectively to 4. 8 and 32 symbols” signal sets after adding one parity bit.
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Figure 3.4: Set partitioning of the 32APK constellation.

3.1.2 Coding principle

In this section, we explain how the coding is done for multilevel codes.

——————a{  Coder 1 o e o

Qutput symbols
o

Input bits
—

Coder 2 -

Multiplexer
Mapping

—————3 Coder3 ——m

Figure 3.5: Multilevel encoder with three levels.

We can encode the bits from each level in an independent way, as shown in Fig-
ure 3.5. Suppose we are using block codes: this assumption is general since when
using a convolutional code (of rate r and memory M) to encode K bits, the reset
bits make the convolutional code 2 block code of rate +* = 7ogir- If N is the number
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of symbols sent, then for each level. we need N encoded bits. For stage ¢q. A, infor-
mation bits are encoded in V bits with the code C, of rate r, = 5\‘* and minimum
distance d,. At that point. we have .V n-bit symbols that are mapped in the signal
set. CM = S(C:C;...C,) denotes the set of all possible N-symbol sequences. This
is coded modulation that depends on the signal mapping and the n codes. CM is
defined by the signal set, the signal mapping S(.) (that is determined by the par-
titioning) and by the n codes. Note that, before forming the N n-bit symbols, we
can permute the bits inside the same partitioning level. This type of interleaving is
interesting when using convolutional codes to limit the error propagation from one
stage to the next, as it will be seen in details in Section 3.3.1 with an example.
Here, the modulation is divided into n levels, but it can only be divided into any
number g of levels with ¢ < n. Only ¢ codes are used and levels are grouped such
that code C; for 1 <7 < gis a (L;N, K;) code and bits from level m;_; + 1 to level
m; form a codeword in C;. Here mq = 0, m;=nandm; = 2;:: L;. Now, we can
clearly see that the TCM scheme described in Figure 3.1 is a special case of a two
level multilevel coded modulation scheme, using a recursive convolutional code for

the first stage and uncoded bits for the second stage.

3.1.3 Minimum distance and spectral efficiency.
The minimum Euclidean squared distance d?,;,[C M) of the coded modulation CM is
. = i = mi 2
ninlCM] = min  &(z,y) R doég
The demonstration is as follows:
let SO = (S ..z(*l)),c_1 and @ = (SR t’=))),¢_1 , be two different
symbol sequences in $(C,C:...C,),

42(5(1), 3(2)) = i d’(S(ii"’i&") (k)) S(J(k) (k) _J(k)))
=1
Since S™M) # 5@, we can find the first stage p for which the bits differ,

&k k) - . «k k
A 0B i), 56 jE e ey > &2
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This is the definition of &7 since (" # jl¥ and i{Y) = ji® for ¢ < p. The two

codewords on stage p differ at least on d, bits. and then ¢*(SM), §) > d,§,. Finally,
d. . [CM] > lglqié]ﬂ d;,é;

It is now easy to find in each particular case an example for which the equality holds.

but it cannot be done for general modulation.

The spectral efficiency 7{C M] expressed in terms of bits per symbol:
1 n ) n
7{CM] = TZ K,=Y"r,
e | =1

where r, is the rate of the code C, for stage ¢.

3.2 Multilevel code design

Here, we show how to select the codes in order to achieve a desired performance.
The two parameters to compute are the asymptotic coding gain and the minimum

Hamming distance. This section will also give an idea of the best performances we

can expect from a code.

3.2.1 Asymptotic coding gain on AWGN channel

In Section 3.1.3, we showed how to compute the minimum distance of a coded mod-
ulation scheme, given the symbol set, the partitioning and the n codes. The higher
the minimum squared distance is the better it is. However, we also have to keep in
mind that the spectral efficiency, number of information bits per symbol is fixed (or
is limited to a given range).

A first remark is that we should use codes Cy,C,...C, of decreasing power since
the minimum distance is increasing. The asymptotic coding gain is defined as follows:
for a given coded modulation and uncoded modulation (i.e., reference modulation) of
the same spectral efficiency, the asymptotic coding gain is the ratio of the normalized
minimum squared distances (normalized means that E, = 1 or the squared distance



divided by Ej). The asymptotic coding gain is the coding gain on AWGN channel as
%’: — +oc. We will see in the section on decoding that the objective is to achieve an
effective coding gain as close to the asymptotic coding gain as possible for medium
bit error rates. This is the best coding gain we can expect for % < +oo.

Let us take as an example SPSK modulation with a bloch size N = 100 and the

following codes parameters:

where d; denotes the minimum distance of code C;. The minimum Euclidean distance

is &7, [CM] = min(10 % 0.386,3 x 2,2 x 4) = 5.86. The spectral efficiency is 7[CM] =
1+ B+ 5 = 2 (in bits per symbol). The symbol energy is E, = 1. Then the
information bit energy is Ej = %- = ::; = 0.5. We choose 4PSK as the reference for a
2 bits/symbol spectral efficiency (E, = 1,d2,;, = 2). The asymptotic coding gain is
then:

0
ACG = 11.72

=293 =4.67T dB

3.2.2 Minimum Hamming distance on fading channels

The Hamming distance between two coded symbol sequences z and y is the number of
positions in which the symbols differ, it is denoted §x(z, y). The minimum Hamming
distance of the coded modulation CM is denoted Sy[CM] = . .;%icpM éu(z,y). ‘
We need 2 way to compute this parameter as easily as the minimum squared
distance. For the minimum Hamming distance of the coded modulation CM:
6y[CM] = min d,

159%n

Hereis the proof: Let 5™ and 51 be two different symbol sequencesin S(C,C; ... Ca).
Since S # S®, the information bits differ at least on one stage ¢. Since the encoded



bits for stage ¢ differ at least for d, bits. one obtains
Su[CM] > 12%?“ d,

Equality helds, if we choose p such that d, = min dg and choose 51" and $%) with
<e<r

d, different bits for stage p and the exact same bits for the other stages.

6u(SM, S = d, = min d,

1<q<n

For a fading channel, the minimum Hamming distance has to be maximized to get
a powerful code. This is intuitive if we think about the fading channel as an erasure
channel. During deep fades, the intersymbol squared distance is not relevant since
the signal energy received is almost zero (and thus we can consider the symbol as
erased). Then the higher is the minimum Hamming distance, the more bits needs to
be erased before getting a decoding error.

If we go back to the example given in Section 3.2.1, the minimum Hamming
distance is 64[CM] = min(10,3,2) = 2. The first erased bit causes a high probability
of error, and consequently this coded modulation is very weak against fading.

It is clear that two design parameters are not enough to predict the performances
of the coded modulation on AWGN channel and Rayleigh fading channel. We also
need to consider the path multiplicity of the codes, especially the multiplicity of the
limiting stages (i.e. stages that achieve the minimum squared distance).

We will see in Section 3.4, how information theory can help to select the codes
C1,Cz...Cy. In fact, code design strongly depends on the decoding procedure used.

The most accurate way to find the performance of a code is to simulate it, again, we
need a decoding algorithm.

3.3 Decoding

On an AWGN channel, the problem for choosing a decoding algorithm is to get

an effective coding gain as close to the asymptotic coding gain as possible for a
reasonable BER (e.g- 107 —107%). A trade-off has to be made between the decoding
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complexity and the BER for which the asymptotic coding gain is reached. When
considering decoding, we always look at the optimum procedures: optimum in two
different ways. maximum likelihood sequence estimation (MLSE) (very popular for
convolutional codes thanks to Viterbi algorithm) or maximum a posteriori probability
(MAP) detection. In the case of coded modulations, the complexity of these decoding
strategies are prohibitively high (unless the block size is less than 12 information bits.
in which case coding becomes practically useless). This is why we are looking at sub-
optimal decoding algorithms with reasonable complexity and significant coding gain.
Three decoding algorithms are presented: multistage decoding with hard information,
multistage decoding with reliability information, and iterative multistage decoding

with soft information.

3.3.1 Multistage decoding with hard information

and interleaver

— Decoded
Stage 1 Stage 2 Stage 3 bits
= s 2 20 s
= 3 ~ 2 -
= 2 = 2 S
s H s b4 8
5 = § - 5 [
S = £ - 5
g > 5 S S
8 3 & 3 &

Channel  Symbols

Figure 3.6: Block diagram of a multistage decoder using hard information with a three
level code.

The multistage decoding with hard information procedure is quite simple. First, the
received channel symbols are fed into decoder 1 (for code C;) which estimates the
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transmitted sequence of level 1 information bits. The bits are then reencoded and
delivered to decoder 2. Based on information from decoder 1 and channel outputs,
decoder 2 estimates the transmitted sequence of level 2 information bits. Stages
3. ... are decoded exactly the same way. using the reencoded channel bits from the
previous levels and the channel outputs. Figure 3.6 shows a block diagram of a three
stage hard information multistage decoder.

Often, the codes are convolutional codes and the decoder is a Viterbi decoder.
The Viterbi algorithm creates error bursts in the estimated sequence of channel bits,
and the Viterbi decoder for the next level sees error bursts at the input. This pro-
duces an error propagation effect since the Viterbi decoder is very sensitive to error
bursts (it is especially designed for correcting independent errors). To solve this error
propagation problem, we can use an interleaver that will break the error bursts and
create randomlike errors for the next step decoder. Woerz and Hagenauer showed in
[31] that the interleaver can provide a 0.5 dB improvement over the non-interleaved

code for BER = 1073. They used the following three stages coded modulation scheme
with a SPSK constellation. The three codes are:

*r

i

%, M =3 convolutional code.
e r; =32, M =3 convolutional code (punctured from the first code).
e r3 =3, M =3 convolutional code (punctured from the first code).

M represents the memory length of the convolutional encoder. The spectral efficiency
is § = 2+ 2 + £ = 1.89 bits/symbols. The interleaver size is 64 x 64.

3.3.2 Multistage decoding with reliability information

As opposed to the previous decoding strategy, the information that goes from one
stage to the next ones is not hard in nature (i.e., decision based on a bit), but it is
a reliability information: typically the log-likelihood ratios or the probabilities of the
bits (information or channel bits). We need an algorithm for each stage that provides
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Figure 3.7: Block diagram of a multistage decoder using reliability information with

a three level code.

soft outputs. We can use the maximum a posteriori probability algorithm (MAP)
which is not of high complexity since the decoding is done only stage by stage. Since
we need information on channel bits (as opposed to information bits), we use the
modified MAP algorithm given by Bahl et al. in [2]. Another solution is to use the
SOVA algorithm presented in [10] which is not as complex as t'he MAP algorithm.
Lodge et al. in [2] distinguish between MAP filtering (that outputs the probabilities
of channel bits) and MAP decoding (that outputs the probabilities of information
bits). The decoding algorithm is the following:

e Stage 1: MAP filtering and decoding is done on level 1 bits with the channel
outputs.

e Stage 2: MAP filtering and decoding is done on level 2 bits with the channel
outputs as well as the channel bits probabilities found in stage 1.

e Stage n: And finally MAP decoding is done on level n bits with the channel
outputs and the channel bits probabilities found in all previous stages.

Figure 3.7 show a block diagram of a multistage decoder using reliability information
for a three level code. Appendix A gives a detailed description of the steps followed



by the MAP algorithm. This decoding algorithm does not propagate as much errors
from one stage to the next as the previous one. Thanks to the soft outputs of the
modified MAP algorithm and the soft inputs used by the MAP algorithm on the
next stage. reliability information is used all the way and error propagations are
limited. But in practice. the use of reliability information doesn’t provide large coding
gains over the interleaved code. Considering the example given in Section 3.3.1,
the computer simulations presented in [31] show that the improvement given by the
reliability information over the hard information decoder (both using an interleaver)

is only 0.1 dB for a BER = 10™*. This is therefore not enough to justify the use of

reliability information.

3.3.3 Multistage iterative decoding using reliability

information

We have seen that the reliability information doesn’t provide significant additional
coding gain, but by using soft information in all the stages, we can adapt the previous
algorithm to do iterative decoding and use information from level 2,....n channel
bits to decode level 1 bits. After level n bits are decoded with the previous algorithm,
we can go back to stage 1. If the bit error rates for level ¢ (¢ >2) are low enough
(approximately BER < 10~?) the decoding on level 1 bits can be improved. Symbols
are not equally likely anymore: we have an indication of their reliability based on the
probabilities of channel bits from level ¢ (¢ >2). The decoding of level 1 bits is then
much more powerful than the first one, since soft information propagates through
the stages, decoding of all stages is improved. We can go back again to stage 1 and
perform a third iteration and so on.

One decoding cycle is:
e Stage 1: MAP fiitering is done for level 1 channel bits.

e Stage 2: MAP filtering is done for level 2 channel bits.



e Stage n: And finally MAP filtering is done for level n channel bits.

For the last cycle MAP filtering and decoding is performed: we want to decode the

information bits. The algorithm given in Section 3.3.3 is in fact. a special case of

this algorithm with the number of decoding cycles equal to one. The improvement

provided by the second decoding cycle is significant: 1.3 dB for the example presented

in Section 3.3.1. The following cycles do not improve the performances as much as

the second cycle.

Example of multistage iterative decoding

Here we give an example of a code using SPSK constellation and 1.81 bits per symbol

spectral efficiency.

+ M = 4 convolutional code.

L]
-1
—

I
da o

i

e r; = 2, M = 4 convolutional code (punctured from the first code).

® r3=§, M = 4 convolutional code (punctured from the first code).

= 1.81

The spectral efficiency of the coded modulation is n[CM] = L + 24
bits/symbol.
g r=1/4 M=4 C.C. BLOCK
information bits § INTERLEAVER | Channel Symbols
- r=3/4 M=4 C.C. —
g ON CHANNEL
=
= =8/9 M=4 C.C. BITS

Figure 3.8: Block diagram of the encoder of the r; = ?li' re = %, 3 = g— multilevel

code.

The block is 360 channel symbols long. Interleaving is done as follows: channel
symbols are arranged in an array (18 x 20) where the channel bits are written column
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Stage | bits
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Figure 3.9: Interleaver for three level coded modulation.

by column for level 1 bits, row by row for level 2 bits and in diagonal for level 3 bits.
The encoder is depicted in Figure 3.8: note that the three outputs of the multiplexer
are generated at different rates whereas the output of convolutional encoders are
produced at the same rate. The interleaver is depicted in Figure 3.9 for a three level
code. To understand precisely how the interleaver is implemented, Figure 3.10 shows
the symbols in the interleaver: the 360 symbols are arranged in an array (18 rows
and 20 coluinns).

The coded bits are assigned to symbols as indicated in Figure 3.9: bits are coming

out of the encoder in this order

o Level 1: Sza1, Sa21, S3o, S2s1, S2615 S2a15 S2215 S201, St Si61s Srars Si214 Sio1,

Ss1, Se1s Sary S21, Sty Saa2, Sa2z, Saoz, S22, S262se - -

e Level 2: S‘h st 53, S‘h 35-; Sa, S?,Ss, Sg, Sm, Su, 312, 513, SN, 3157 Sm, 517,
5187 5197 5201 321} 522-, 523, s

o Level 3: Saq1, S322, Sa0s, 5284, Sas5, 3246, S227y S208, S1se, Sivvs 5151, 5132, Sua,

Saqy S7s. Sse, Saz. S8, Sase, Sas0, Saz, Sazz, Sao4, Sossy S2es ...

The way that symbols are read in the array is not important when the channel is
AWGN, but it is very critical for fading channels. When computer simulations are
done for the AWGN channel, then channel interleaving is not specified (this is the
case in this chapter). The bits from the three different levels are interleaved: an error

28



Si ] S § S| S| S| S| S Sic | S1s | S | Siz | Sis | Sis | Seo
Sn | Sz | Sz | Saa | Sas | Sa6 | Ser Ss4 | Sas | Sas | Sar | Sas | Sae | Sio
Sa | Saz | Saz | Saa | Sus | Sae | Sar Sse | Sss | Sse | Ssr | Sss | Sso | Seo
Se1 | Se2 | Ses | Sea | Ses | Ses | Ser Sta | Sts | Se | Sov | Ses | Sve | Swo
Ser | Ss2 | Ses | Ssa | Sss | Ses | Ser Soa | Sos | Ses | Ser | Ses | Ses | Sro0
S101 | S102 | S103 | Si0a | St0s | Si0s | Sier Sua | Sus | Sus | Suz | Sus | Sus | Size
S121 | S122 | S123 | S12a | Stzs | Sazs | Saer S134 | S1as | S13s | Siar | Sras | Srae | Swao
S1a1 | Sraz | Sras | S1aa | Sras | Sue | Sz S1s4 | Siss | Sise | Sisz | Sise | Suse | Sieo
Sie1 | Se2 | Sz | Sr64 | Sies | Sres | Sier Si174 | S1rs | Size | Sarr | Sizs | Saze | Suso
Siar | Sis2 | Sisa | Sisa | Siss | Sres | Srsr S194 | Siss | Sres | Srer | Sres | Ses | oo
S201 | S202 | Sa03 | Sz04 | Sz05 | Saoe | Szor S214 | Szs | Sue | Sarr | Szs | Sas | Szo
San | S22 | S2ea | Szaa | Szas | Szoe | Saor S234 | Szas | Sass | Sasr | Sess | Sese | Saan
S2a1 | Saaz | S2as | S2ea | S2as | Saas | Sz S254 | Sass | Sase | Sost | Sase | Sase | Suso
Sae1 | Sz62 | Saes | Szeq | Sees | Soss | Szer Sara | Sazs | Save | Sarr | Sozs | Szre | Soso
S | Szsz | Sasa | Sesa | Soss | Szss | Sasr S294 | Sz9s | Sz06 | Szer | Sees | Saee | Savo
Sso1 | S30z | Saos | Saoa | Ssos | Ssos | Saor 5314 | Sais | Sme | Sarz | Sms | Smis | Sazo
Ss21 | Sszz | Sazs | Ssz4 | Saos | Swe | Saer S334 | Saas | Saas | Ssar | Sass | Saze | Saeo
Ssa | Saua | Sus | Ssea | Ssas | Suas | Saar Sass | Sass | Ssse | Sast | Suss | Sses. | Soso

FEure 3.10: Interleaver: symbol transmitted.




burst from one stage (this is tle type of errors encountered with convolutional codes)
is distributed into pseudorandom errors.

Results of a computer simulation for the AWGN channel are presented in Fig-
ure 3.11 with 1 and 2 decoding cycles. As can be observed from that figure, the
second cycle improvement is 1 dB for BER = 10~*. The coding gain over 4PSK at
BER = 107" is equal to (8.4 — 4.7) = 3.7 dB. The best Ungerboeck code for SFSK
with a 64 states decoder, which is about of the same decoding complexity. achieves a
coding gain of 8.4 — 5.4 = 3 dB (see [30]). Then with a small bandwidth expansion

(spectral efficiency 1.81 instead of 2), the effective coding gain can be increased by
0.7 dB.

3.4 Rate selection via information theory

As said previously, selecting the best code rate for each level is not easy. Information
theory helps us to find the maximum code rate for a particular channel: this is the
channel capacity. Here we will find the maximum code rate we can use for each level.
This is a complicated subject as we will see through an example. Rate selection for
multilevel codes via information theory was first presented by Kofman et al. in [12]
where the example of 8PSK modulation is treated. In this Section, similar results
on 8APK and 32APK are presented. We skipped the 16QAM again, because we are
interested in coded modulation with 1, 2 and 4 bits/symbol spectral efficiency that
are built with 4,8 and 32 symbols signal sets.

3.4.1 Rate selection for 8 APK

Consider the example of the partition of SAPK of Section 3.1.1. The channel has
a discrete input (8 level) and a continuous output (due to additive gaussian noise).
By, By, B3 ave the three bits associated witk a symbol: this is the input of the channel.
The output is Y = $(B, B B3) + Z (Z is complex gaussian noise of variance E[|Z[*] =
262). Syms = S(B1B2By) is the transmitted symbol. The average mutual information
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Figure 3.11: Multilevel codery =3, ro=2 andr3 = 8 for 1 and 2 decoding cycles
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[5] that goes through the channel can be written as:
I(Y; Syms) = I(By, Ba. By Y) = I(By:Y) + I(Bx: Y|By) + [(Bs: Y'|By. Ba)

since we are doing multilevel decoding. this decomposition has a meaning: 7(B;:Y)
is the amount of information on B, provided by ¥. I(Ba.:Y|B;) is the amount of
information on B; provided by Y assuming B, is known (this is exactly what we
are doing in multistage decoding, if we neglect error propagation). We can write the

conditional probability density functions as follows:

Fizlby=1)= 57— Z P(Syms = S(#)|by = 1) exp [-I:;j(jl]
= i=0, i odd -
T ~— Q)2
Fel=0 =g 3 P(Sm=SGllh=0)exp [—'9#]
i=0, 1 even -

F(z) is the marginal probability density function:

|= = S(@E)2
F) = g Yo peep [—.,a-.fl]

=0

Where p; = P(Syms = S(i)). C, is the contribution of the first symbol bit to the
channel capacity in bit per symbol (if the base of the logarithm is 2).

Flzlby =1
—ma.x.[.m j_w lglP(h.=I)F(:|bl=l)log[ (1!,’?) )]d.

For other reason (such as signal spectral properties), we assume equiprobable input
symbols, in this case p; = § and P(by =) = 3, P(Syms = S(i)jby = I) = L. Then
we don’t compute the capacity C, as such but the average mutual information for a
given set of probabilities {p;}. There is no more maximization to be done since the
parameters p; = ; are fixed. We can now compute the average mutual information
I(B;Y). Since the analytical results for this type of integral are unknown, numerical
integra.l results must be computed.

1 - Flzlby =1
I(BI;Y)=,§1§ :’ ﬁ: Flz]by = 1) log [ (zI!fE‘) )]dz
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Finally for symmetry reasons that are verified in SAPK, I{B,:Y) can be simplified

1Biy)= [ j F(=[by = 0) log [ }f’(‘) )]d:

For I(B; Y'|By) and I(Ba;Y|By, By), the same type of integral must be numeri-

to

cally evaluated. The same simplifying procedures lead to:
F(z]b; =0,b, = 0)] d=

1B¥iB) = [ [T Flet = 0.5, = 0)log

F(elo = 0)
HBsY1B,B) = [ [ Fllh = 0.6 = 05 = 0)1eg | EEpm D S0 S O],

The results of the numerical integration for %; from 0 to 15 dB are plotted in
Figure 3.12. We know that

1(Y; Syms) = I(By, B2, B3 Y) = I(By; Y) + I(By; Y|By) + I(Bs; Y| By, By)

The curves can be used as follows: for a given spectral efficiency 7, we find the
minimum %;- required for an error free transmission with I(Y; Syms) and find the
corresponding rate for level 1,2 and 3 with the rules suggested in [12]. The code rates
arery = I(By;Y),r2 = I(By Y|By), r3 = I(Bs; Y| By, By) for this particular Z=. Note
that, as expected: I(By;Y) < I(By; Y|By) < I(Bs; Y| B, Bz), as we go further in the
partition chain, the contribution to channel capacity increases and tke component
codes need to be less powerful. As an example, we want to compute the code rates
for a n = 2 coded modulation scheme: —=- = 5.33 dB is the minimum signal-to-noise
ratio required for an error free transmission and then r; = 0.364, r; = 0.676 and
r3 = 0.961. These values do not depend on any target BER. Since the code rates
are always a fraction of integer, we try to approximate these numbers by r = &,
r2 = % and r3 = 12, This type of computation can be done for any signal set and any
partition. For instance, this is done in {12] for SPSK. In fact, the derivations are the
same for any 2" partitioned signal set, numerical integrations can be done for any of

them, it is only a problem of computing power.
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3.4.2 Rate selection for 32 APK

The same computations have been done for the 32 APK signal set (this constellation

has been partitioned in section 3.1.1). The computations have simplified as for SAPK.

_ oo L F(zlp=0)]
I(B],.Y) = ,,’_ (...Ib] = 0) IOg [_—F(:) ] d:
with
- — sY|2
Felb=0)=5 3PSy =S()ib = Oesp [-Ear)
"% =0, 1 even =

I(BzY|B1) I(B3;Y|By, By) 1(Bs;Y|By, By, Bs) and I(Bs;Y|B,, B, Bs, B;) can be
simplified and computed exactly the same way, this leads to the graph given in Fig-
ure 3.13.

1 & [z = SE)P
Fe) = gm Xl pexp [__:)"a.z_

The graph can be interpreted as follows: we want to compute the code rates to
design a coded modula.tion with # = 4 spectral efficiency. J(By, B;, Bs, By, Bs; Y) =
is achieved for —'- = 12.7561 dB. This is the minimum —'- required to transmit 4
bits/symbol (correspondmg toa ﬁ: = 6.736 dB). Note that, the loss, in terms of £= No
due to the use of 32-ary modulation, is only 1 dB: the capacity of the AWGN channel
in bit/symbol is: C = log,(1 + £). The capacity of 4 bits/symbols is achieved for
M =2'-1=15=11.761 dB.

The rates that can be derived on the graph with linear approximation are rn=
0.331, r; = 0.703, r3 = 0.966, ry = 0.999 and s = 1. These rates can be approx-
imated by ratio of integerby ry = }, ;= 3, r3 = Borg=1rs=1 Then no
coding is needed for the last two stages: the optimum mapping is not ‘he one derived
previously anymore, Gray coding provides the best mapping but it doesn’t change
the performance significantly. This signal set with the partitioning presented shoﬁld
provide good results.
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for 82APK constellation.




3.5 Simulations on additive white Gaussian noise

channel

The additive white Gaussian noise ~hannel (AWGN) is used as a reference to compare
BER performances from one co. . modulation scheme to another.

In this section, we give simulation results for three coded modulations with spec-
tral efficiencies 1, 2 and 4 bits/symbol. These numbers correspond to a first given
data rate and two other rates multiplied by 2 and 4 (they are closely related to the

problem).

3.5.1 Coded modulation with one information bit per sym-
bol

The signal set under consideration is the 4PSK constellation. The codes parameters

are the following:

e ry =1 M =5 convolutional code. dy = 13.

or;= % M =35 convolutional code, punctured from the first code. d, = 6.

The minimum squared distance is d2,;,,[CM;] = min(13 x 2,6 x 4) = 24, and E; =
1. The uncoded reference modulation is BPSK (Binary Phase Shift Keying). The
asymptotic coding gain compared to BPSK is ACG[CM;] = 2 = 6 = 7.78 dB. The
minimum Hamming distance is 4[C M;) = min(13,6) = 6, and the spectral efficiency
is g{CMy] =  + 2 =1 bit/symbol.

Figure 3.14 shows results of computer simulations for coded modulation with 1
and 2 decoding iterations. The effective coding gain over standard BF3K for BER
between 10~ and 10~ are 3.7 dB and 4 dB respectively, which is significantly less
than the asymptotic coding gain. How does the system work compared to the more
classical system: 4PSK-with Gray coding and r = 1 convolutional code? In the
second case, BER = 10-3 is achieved for_ % =3.3dBfor M =5 and f—f,: =3 dB for
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Figure 3.14: Performance of QPSK constellation with vy = }, r, = 2 multilevel code
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M = 6 with soft decision Viterbi decoding. In this case. the advantage of multistage
codes is not clear considering the decoding complexity. The gain provided by second
iteration is only about 0.3 dB which is not much compared to the 1 dB gain that
the second decoding iteration can sometimes provide. The “poor™ performance of the
multilevel coded modulation is due to high path multiplicity that have strong effect
for such high BER. The advantage of a larger minimum distance will be clear for

small BERs we cannot easily reach with computer simulations.

3.5.2 Coded modulation with two information bits per sym-
bol

The signal set is the SAPK constellation presented and partitioned in Section 3.1.1.

The code parameters are the following:
e r; =3 M =5 convolutional code with d; = 13.
e = § M =35 convolutional code, punctured from the Frst code with d; =6.
¢ r3 = % M =5 convolutional code, punctured from the first code with dy=3.

The minimum squared distance is d2,; [CM,] = min(13x 2,6 x 4,3 x 8) = 24. The
spectral efficiency is 7[CMz] = 1 + 2 + £ = 1.9 bit/symbol. The bit energy is Ey =
i3 = 1.316. The asymptotic coding gain compared to 4PSK is ACG[C M= 35— =
4.56 = 6.59 dB. The minimum Hamming distance is §y[CM,] = min(13,6,3) =
3. The results of computer simulations are plotted in Figure 3.15 for the coded
modulations with 1 and 2 decoding iterations. The effective coding gains at BER =
10~* are 3.5 dB and 4.1 dB, which is good for medium BER.

We can test the effect of the interleaver size and use a bigger interleaver even
though we know that this will require many information bits per block. Simulation
results are plotted in Figure 3.16 for 2 decoding iterations with an interleaver of size
£800 Mult.ipl_ying the intetleaver size by a factor five gave 2 0.5 dB gain at 10—.

This bit error rate is achieved for %:- = 4.5 dB, that provided a 4 dB coding gain, only
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2.6 dB under the asymptotic coding gain. This simulation shows the importance of
the interleaver as a parameter of the code. The small size of the 360 channel symbol
interleaver limits the performance of the multilevel coded modulation for medium to

high bit error rates.

3.5.3 Coded modulation with four information bits per sym-
bol

The signal set is the 32APK constellation presented and partitioned in Section 3.1.1.
e r; = M =5 convolutional code with d; = 13.
® r; = M =5 convolutional code, punctured from the first code with dy = 4.
¢ r3 = 3% M =5 convolutional code, punctured from the first code with ds = 3.
¢ ry = 11 M =5 convolutional code, punctured from the first code with d; = 3.
ers=1ds=1.

The minimum squared distance is d7,;,[C Ms] = min(13x2,4x4,3x8,3x16,1x32) =
16. The spectral efficiency is p[CMz] = 3 + 3+ &+ 5 +1 = 3.9 bits/symbol. The bit
energy Ey = 22 = 2.692. The uncoded reference modulation is 16QAM that gives
a spectral efficiency 4 bits/symbol (with E, = 1.25 and 2, = 1). The asymptotic
coding gain compared to 16QAM is ACG[CMs] = 18XL35 — 7 499 = §.7] dB.

A BER = 107 is achieved for % = 0.3 dB and 8.6 dB for one and two decod-
ing cycles, respectively. With 16QAM, 2 BER=10"* is achieved for £ = 13.6 dB.
The coding gains are then 4.3 dB and 5 dB. Even tough only 50% and 57% of the
asymptotic coding gain is achieved at 107, these coding gains are significant. The
second iteration gives a 0.7 dB gain, which is more than for modulations CM;; and
C'Ml; with smaller spectral efficiency and same interleaver size. We note that as the
spectral efficiency increases, the multilevel coded modulation becomes more powerful.
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3.6 Conclusions

In this chapter, we have presented the multilevel codes: partitioning of the signal set.
coding principle, interleaving and three decoding algorithms. Design rules have been
given, based on minimum squared Euclidean distance, minimum Hamming distance
and information theory arguments. Coded modulations with 1, 2 and 4 bits /symbol
spectral efficiencies have been evaluated through computer simulations, the coding

gains for BER = 1072 are 4.0 dB, 4.1 dB and 5.0 dB, respectively.



Chapter 4

Modified multilevel coded

modulation

In this chapter, a new approach to construct multilevel coded modulation is presented.
With this coded modulation scheme spectral efficiency is decreased by a small amount
(less than 0.25 information bit per symbol). Parallel concatenation is used; this
concept was first presented by Berrou et al. in their now famous paper [4] on turbo
codes. Since then, turbo codes and parallel concatenation have been widely studied. -

approach Shannon’s theoretical limit.

Input bits

Coder1 ——

Output bits

Interleaver |— Coder 2 ——

Figure 4.1: Rate r =  turbo encoder, coders 1 and 2 are RSC with rate 1.

Parallel concatenation is done as follows: the same information bits are encoded
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two or three times (using different encoder or the same) after interleaving. With
turbo codes. a2 Recursive Systematic Convolutional {RSC) encoder® is used. The use
of a2 RSC encoder has been justified by Battail in [3]: a finite weight input sequence
produces an infinite weight output sequence and parallel concatenation makes very
unlikely that an infinite weight input sequence will produce a finite weight output
sequence.

Figure 4.1 presents a r = 3 turbo encoder where encoders 1 and 2 are RSC
encoders with a code rate 1. By puncturing the output ¢f encoders 1 and 2, we
can achieve any desired code rate between 1 and 4 as is shown in Figure 4.2. The
decoding algorithm is presented in [4]. A modified Bahl algorithm is used to compute
the information bit probabilities. Iterative decoding can be done to improve the
performance dramatically: for instance, a rate  code built with two identical RSC of
memory M= 4 followed by standard Gray mapping on QPSK signal set presented in
[4] achieves BER= 10~* for ,%::0.7 dB with 18 decoding cycles. This is only 0.7 dB
away from the Shannon limit or 8.9 4B coding gain in AWGN.

Input bits

Coder 1 Puncturing +—

Output bits

L—d Interleaver Coder 2 Puncturing |—

Figure 4.2: Rate r turbo encoder (1 > r > 1).

4.1 Description of the modified multilevel codes

The encoder for a standard multilevel code using a three level coded modulation is
depicted in Figure 4.3. Parallel concatenation is applied to modify the block diagram

We use the words coder and encoder as synonimus



of the encoder. Some of the bits which enter encoder 2 also enter encoder 1. The
inputs to encoder 1 and 2 are not exactly the same since. as we have seen previously.
the code rates are not the same (as seen in the previous chapter the rates satisfy the
condition r; < r2). Then the three level coded modulation depicted in Figure 4.3
(where the code rates are ry, r2 and r3 with r; < 72 < r3 £ 1) can be modified to the
one depicted in Figure 4.4. The mapping is done with set partitioning as explained

in Section 3.1.1.

————» Coder 1

Qutput symbols
————

Input bits
——e

Coder2  p—»

Muliplexer
Mapping

b4 Coder 3

Figure 4.3: Standard multilevel encoder with 8PSK.

In Figure 4.4, the bits which enter encoder 2 are purctured and interleaved before
entering encoder 1. Again, the 8PSK signal mapping used is the one obtained with set
partitioning as presented in Section 3.2. In this case, levels 1 and 2 are in parallel, but
modifications can be done for any partitioned signal set with any number of stages
in parallel. Note that in our example, only the first two stages were concatenated
in parallel, but this could have been done with the three stages in parallel, but this
might not be interesting from the spectral efficiency point of view. In this example,
the spectral efficiency is ;, = ry +r2+r3 for the standarg ‘procedure, 7; = ro+r3 and
ns = 3 for the two types of modifications. This means that, when the three levels
are in parallel, the spectral efficiency is less than 1 bit/symbol.

With partitioﬁing and “sufficient” interleaving (i.e. interleaver depth large enough),
bit errors from each stage are assumed to be independent. If independence is closely
approximated, the idea of parallel concé@ena.tion should be very efficient (as in turbo
codes). The following example provides insight into the different code design aspects.
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[ Puncturing Interleaver Hﬂ__)_x-
Input bits 1
—_

Output symbols
e—

Mapping

Multiplexer

Figure 4.4: Modified multilevel encoder
Example:

In this example, modulation used is 8PSK partitioned as described previously.

1. Cy: 1y = $ M=4 convolutional code. d; = 19.

(R

. Ca2: 72 = § M=4 convolutional code (punctured from C;). d2 = 3.
3. Cs: r3 = § M=4 convolutional code (punctured from C;). ds = 2.

Recall that M is the memory length and d; is the free distance of the convolutional
code. All these codes are taken from [9] where powerful punctured codes are listed.
The spectral efficiency is: 3[C] = § +

then: E, = 1—?63 = (.592.

= 1.69 bits/symbol. The energy per bit is

ol

4.1.1 Evaluation of the asymptotic coding gain

In this section, we show how the asymptotic coding gain evaluation is done using the
previous eﬁcample: the same procedure can be used for any parallel concatenation. The
evaluation of the minimum squared euclidean distance of the code is done in two ways.
For the first approach, we ignore that a parallel concatenation is done and find the
minimum distance of the coded modulation as d%,;,, (1) = min{0.586 x19,2x 3,4 x2) =
6. This is a very pessimistic evaluation, since we ignored that bits from stage 1 are
repeated in stage 2. The second approach considers the known bits from stage 1 that
are inserted in the stage 2 information bits. Inserting known bits at the input of a

convolutional encoder doesn’t change anything in the nature of the code: it is still a
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convolutional code but not a linear code anymore since “ones™ may be inserted. We
want to evaluate the minimum distanc:. of this hybrid convoluticnal code; this is not
a straightforward task since the convolutional encoder depends on the information
bits that were already encoded in the previous stage (i.e.. the known bits). The rate

of this hybrid encoderis r=r, —r; = 1 = s=12

ay

-

~ .

Figure 4.5: Rate 1 M= convolutional encoder

The known irserted bits increase the minimum disiance if they are “re'fula.ny
inserted between the bits. In the worst case, the minjmum distance doesn’t change
and is equal to 3. We analyze in detail the rate 3 g convolutional encoder to find its free
distance. The code is built from the rate 1, M = 4 and maximum d free, cOnvolutional
. code presented in Figure 4.5. The puncturing pattern is 4 bits long ari penodxcally
repeated. Figure 4.6 describes the puncturing pattern, where a zero nieans that the
output is deleied, a one means that the output is not deleted. The pun‘ci.uring p;'«it'tem
is interpreted as follows: at time ¢ = 1, the two bits coming out of the encoder are
kept; at *me ¢ = 2, the first bit is deleted, the second is kept; at time ¢ = 3, the first
bit is kep; the second s deleted; at time ¢ = 4, the first bit is delo‘:d the second one
is kept. Therefore, four information bits ate coming mto ‘the enooder *1 ve encoded
bits are going out;: resulting ir a rate 3 convolutional encoder. '

Let us assume z'}) = :z:m R\_...zg-) and 2 = 2723z be two input se-

o
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Figure 4.6: Puncturing pattern for the rate 3 convolutional code.

quences with the same inserted bits from level 1. The output of the encoder are
y =gy gl = L(zW) and y@ = 3PP @ = L(z') (where L(.) is the

linear transformation of the coder). The Hamming distance between y'*) and y* is
su(y™M,y®) = WM e y®) = WL @ L(z®)) = W(L(z™M @ )

where W(.) is the Hamming weight of a sequence and & is the addition in GF[2]

(Galois field with two elements). It results that, the free distance of the rate 3

convolutional code is
dfree = min{W(L(z)) wiere z is a K bit sequence with zeros inserted}

The level 1 bits are inserted one every four bits, but the punctured code is not
time invariant (because the puncturing is only periodic). To compute dy,.., we need
to know where level 1 bits will be inserted. There are four possibilities since the
puncturing pattern is four bits long. By computer search, we find that in two cases,
the free distance equals three. For the two other cases, the free distance is four. By
inserting the bits at the right location, we improve the minimum free distance for
stage 2. This leads to a minimum squared Euclidean distance d?,; (2) = min(0.586 x
19,2 x 4,4 x 2} = 8. The corresponding asymptotic coding gains over 4PSK uncoded
modulation are:

ACG) = ggo5g = 2.53 = 4.04 dB and ACG; = 55— = 3.38 = 5.29 dB.

As stated before, ACG, provides a pessimistic estimation of the c_c:;ing gain,
whereas ACG. gives a more realistic coding gain estimate. A 5.29 dB coding gain
is very good for a spectral efficiency of 1.69 bit/symbol if it can be reached for a
medium BER. We will later simulate the codes to find the actual coding gain values
and the influence of the interleaving depth. But before doing any simulation, we need
a decoding algorithm.



4.1.2 Decoding algorithun for the modified multilevel codes

The decoding algorithm prasented in this section is 2 modification of the one for

standard multilevel coded modulation. The algorithm is given for the previous mul-

tilevel code example which uses three stages, the first two being in parallel. The first

decoding cycle is:

1.

(&)

MAP filtering and decoding is done for the first stage bits: the outputs are

probabilities on channel and information bits of the first stage.

. Channel bits probabilities are computed for the second stage.

MAP filtering and decoding is done for the second stage bits with a modification:
the a priori probabilities of the bits that were already decoded in the first stage
are modified. This way, the probabilities on information bits from the first stage
are used: the outputs are probabilities on channel and information bits of the

second stage.

. Channel bits probabilit,2s are computed for the third stage.

MAP filtering is done for the third stage: the outputs are probabilities on
channel bits only.

For the next cycles, a priori probabilitics are used for the first decoding stage.

For the last stage, MAP decoding is done at the third stage (because probabilities

on information bits are needed). The cycles can be iterated as many times as we

required, the performance should then improve as the number of cycles increases.

This algorithm can be extended to decode any multilevel coded modulation with

parallel concatenation. The computer simulations presented in the next section will
show how this decoding algorithm performs.

51



4.2 Computer simulations of modified multilevel

coded modulation

In this section. computer s'mulations are presented for the multilevel code example
that was presented in section 1 | There are two interleaver depths: a small interleaver
depth that is matched with the small block size. and a much larger one to see how

the BER performance depends on the interleaver size.

4.2.1 Simulation with interleaver size of 360 channel sym-
bu:s

For the computer simulations done, the following graphs show the bit error rate versus
% for each stage of the code and the cver all BER. Figure 4.7 shows the simulation
results for an interleaver size of 360 bits and for a single decoding cycle. The BER
curves for the three stages are not converging, at % = 5 dB, they are within a factor
range of 3.3: P = 6.8 x 107, P = 2.7 x 1072 and Py = 5.1 x 10~*. The best
stage is stage 3. the worst is stage 2. The good performance of stage 1 didn’t really
improved the results for the second stage. -

Figure 4.8 shows simulation results for interleaver size 360 channe! symbols and
two decoding cycles. The curves for the three stages are still not converging; at
‘%:- = 5 dB, they are in a factor range of 8.0, but now stag> ! provides the best
results: it has been improved by chanrel bit probabilities coming from the other
siages. Howiver, stage 2 is still the limiting stage. For some reason, the second cycle
didn’t improve stage 2 performances as much as for the other stages. The problem is
that the second decoding cycle increases the factor between the bit error rate of the
different stages.

Cencerning the “pure” performaunces, 2 BER=10"3 is achieved at 5.2 dB and 4.7
dB sfgna.l—to—noise ratio for one and two decoding cycles, respectively. This is not
efficient considering the si:ectra.l efficiency 7 = 1.69. The improvement provided by
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Figure 4.7: BER performance of the three level modified code with an interleaver size
of 360 symbols and a single decoding cycle in an AWGN channel.
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Figure 4.8: BER performance of the three level modified code with an interleaver size
of 360 symbols and 2 decoding cycles in an AWGN channel.
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the second decoding cycle is significant: 0.5 dB.

4.2.2 Simulation with an interleaver size of 3240 channel

symbols

For an interleaver size of 3240 channel symbols, results are plotted in Figures 4.9
and 4.10 for one and two decoding cycles. The same bit error rate versus %‘- curves
are plotted for each stage of the code.

With ouiy one decoding cycle, the improvement due to extra interleaving depth
is not clear: the interleaver additional coding gain at BER = 10-3 is only 0.2 dB
and the BER curves are within a 20.8 factor range, which is not acceptable: the code
rates are not “balanced”. Stage 1 is still the best one and stage 2 is the worst.

The performances are dramatically improved by the second decoding cycle: a
BER = 1073 is achieved for ﬁg- = 3.6 dB, which is considered a good performance
with a spectral efficiency 7 = 1.69. The gain provided by the second cycle is 1.4 dB.
The BER from the different stages are now very close: they are in a factor range of
1.65 which is very small. Having similar BER values for every stage is a good thing
since it shows that the codes are “balanced”, no stage really limits the performance
of the system. This also shows that a larger interleaver can closely approximate
independence Between the three stages.

This example shows how efficient the modified multilevel coded modulation could
be and under what type of conditions they are efficient: an interleaver of size 3240
channel symbols, or more, for convolutional codes with memory M = 4. We have
seen that under this condition the second decoding cycle can provide significant extra

_coding gain. It is clear that with larger memory, we need a larger interleaver.

4.3 Interleaver size

In this Section, we describe a method to choose the size of the interleaver for a
‘modified multilevel coded modulation (the results also apply partly to non-modified
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Figure 4.9: BER performance of the three level modified code with an interleaver size
3240 and 1 decoding cycle in an AWGN channel.
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Figure 4.10: BER performance of the three level modified code with an interleaver size
3240 and 2 decoding cycles in an AWGN channel.
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multilevel coded modulation). We use a three level coded modulation scheme as in the
previous example, but the same procedure also apply with more levels. There are two
interleavers: one for the information bits before entering encoder 1 (see Figure 4.4)
and the other one for channel bits and channels symbols. Their sizes are related since

the number of channel symbols vary with the number of information bits in stage 2.

4.3.1 Channel bits interleaver

The channel interleaver has two purposes:

1. Make the levels as uncorrelated as possible. The errors at the output of a
convolutional decoder occur in bursts. A burst of errors has to be split into

pseudorandom errors for the next stage decoders because convolutional codes

are designed to cope with random errors.

£

For channels with memory, we want to eliminate any error bursts which may

occur at the input of any decoder for the same reason as above.

The length of an error event produced by a convolutional decoder is less than
six times the memory length of the code 6M (longer error events are very unlikely,
so they can be neglected). We use six times the memory length, because punctured
codes present long error events at the output of the decoder (see [9]). This is the
length in terms of information bits. In terms of channel bits, the length of the error
event depend on the code rate; it is less than 84 where r is the code rate.

For multilevel codes, where r; < 7, << ra (r.- is the rate of Cj, the level i code),
the longest error event we will consider is 84 ]ong for the first level, and GM long for
the second level. The interleaver must be such that any 2% bits sequences (on the
first level), and % {on the second level) must have one symbol (or less) in common.
For block interleaver, this corresponds to a block of about S48 bits. If we look back
at the example used for computer simulation, a good interleaver size would be about:
6 x4 x 5x6 x 4 x 2 = 3600 channel symbols. We used 360 as the interleaving degree
which is clearly not enough and 3240, which is of sufficient size.



Now, we consider the size of the interleaver considering a channel with memory.
We need to split bursts of unreliable bits. If £,7 is the normalized Doppler frequency.
the memory length of the channel is about I%T symbols. This means that any sequence
of f%? symbols and any sequence of % bits of level 1 bits must have at most one bit
in common. For a block interleaver, this corresponds to a block of deT% or more.
For the coded modulation given in the example with a Rayleigh fading channel with
faT' = 0.1, the required interleaver size is 10 x 6 x 4 x 5 = 1200. The discussion on

the channel bits interleavers applies to non-modified multilevel coded modulation.

4.3.2 Information bit interleaver

Note that, this interleaver is specific to modified multilevel coded modulation. The
size of the information bits interleaver is expressed in terms of level 2 information
bits since level 1 bits are chosen in level 2 bits. Level 1 information bit separated
by 6M, or less, must be separated in level 2 by at least 6M bits. That makes the
block size at least (6M)° level 2 bits long. In terms of channel bits (to be compared
with channel bits interleavers) this translates into %ﬁ channel bits or more. For
the previous example, the interleaver size is 576 level 2 bits or 720 channel symbols.
The 360 channel symbols interleaver is just too small, and the 3240 channel symbols
interleaver is easily sufficient.

4.4 Conclusions

In this chapter, we have seen a new method to construct multilevel coded modulation
with parallel concatenation. An iterative decoding algorithm and asymptotic coding
 gain evaluation procedure have been given. Computer ﬁmu]ations have been carried
out, the results are disappointing with a small interleaver and encouraging for a large

one.
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Chapter 5

2-dimensional Golay product code

The multilevel codes (modified or not) all have the same drawback; with the block
size we want to use (between 150 and 600 information bits per block depending on
the data rate used), there are not enough bits in the interleaver. We can’t obtain a
sufficient interleaving depth to achieve high coding gains for medium BER (1.e. 1073
to 1074 range). We have seen that the penalty due to small interleaver depths is
about 1 to 1.5 dB, which is very significant.

This is the reason why we are now looking a:t powerful codes or coded modulations
that work on a small number of symbols. We would like to avoid the use of an
interleaver, if possible. In [17], product codes are presented with an iterative decoding
algorithm. We are especially interested in codes that can be iteratively decoded.
Product codes with a large minimum distance can be constructed.

The main difference here is that we will use QPSK; this implies that the spec-
tral efficiency will be smaller than for coded modulation. But one can think about
techniques with higher spectral efficiency using product codes. Product codes can be
component codes in coded modulation®.

In this chapter, we consider the 2-dimensional (24,12) extended Golay product
code with iterative decoding. This powerful code has been suggested by Lodge et al.
in [17] for iterative decoding. The (24,12) extended Golay code is a rate } code, thet;‘,\

1This is called product coded modulation (see [26]).



the 2-dimensional product code is a rate 3 code.

5.1 The (24,12) extended Golay code

This section is a short review of the (24.12) extended Golay code. The generator

matrix of the code in a systematic form is:
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We note that the code is auto-orthogonal, i.e. the generator matrix is also the
parity check matrix. First, we have to define the orthogonality uf N-tuples in GF[2]:

two N-tuples (a;)i= and (5;)i=V are orthogonal if

i=1

N

> a:b; =0 in GF[2] _

i=1 “-
A parity check matrix generates the vector space orthogonal to the code. We check
that each row of the matrix G is orthogonal to every row (including itself). Since the
code is (24,12), every parity check matrix is a 12 x 24 matrix. Then G is a parity
check matrix for the code.

The minimum distance of the (24,12) extended Golay code is 8, this is a classical

~ result proved in [24]. Note that, the (24,12) extended Golay code is not cyclic, then
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there is no advantage to use a polynomial representation for that code. The code is
an extension of the {23.12) Golay code which is cyclic {the code is extended by adding
extra parity bits such that each codeword contains an even number of “ones™).

For the MAP algorithm, we will modify the parity check matrix by doing lincar
combination of the rows to obtain zeros in upper right corner and lower left corner
(we know that the resulting matrix is also « parity check matrix for the code).

The parity check matrix, we will use for decoding is:

11111001001 01000000O00CGO0GO00
0111110010601 01060006000°0T¢00
0011111001001 061000000000O0
00011111091001!10100000G0600
000061111100100101:t10000000

g—|0000011111001001010000°¢00
0000001111100 00106100000
000000011111 00100101!0000
0000000011111 00100101000
0000060060011 1110010010100
0000000O0CO0O0T1 1111001001010
(0000000000010101110001711)]

This parity check matrix clearly shows the number of states in trellis at each instant:

e For 1 <t < K, the number of states is N, = 2¢.
e For A <t < N, the number of states is N, = 2¥=¢,

This is the easiest form for carrying computer simulations, since it minimize the
number of states in the tfellis at each instant. The states are listed easily at each
instant. The matrix H is in a trellis-oriented form (see {14]); this means that all
the codewords (recall that this is a parity check matrix and a generator matrix at

the same time) start in a different position and end in a different position. These

codewords are called “atomic” codewords.
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5.2 Short review of product codes

5.2.1 Construction of 2-dimensional product codes

Let Cy and C; be respectively an (N A7.d;) and ( N2.K5.ds) binary block code. where
N, represents the biock length. A is the number of information bits per block and d;
is the minimum distance. Again. when we speak about a block code, it can also be a
corvolutional code with reset bits at the end and be considered as a block code. The
product code Cy x Cs is a (NVyNo K R2.d1d,) binary block code formed as follows: a
message of KA’ bits is arranged in an array of K, rows and K; columns. The K,
rows of K bits are encoded in A’} Na-bits codewords in C2. Then the N, columns of

K, bits are encoded in N, codewords in C;.

Codewords in 02 N2z
K:

4
<

Ky Information Bits

codewords In C1

Figure 5.1: 2-dimensional product code with systematic codes.

The result is clearly a (N, N, K K3) code, and its minimum distance is proved
to be did; in [15]. The C, x C, code is linear and systematic if both C, and C»
are linear and systematic. A systematic 2-dimensional product code is depicted in
Figure 5.1. The construction of an n-dimensional product code (n > 2) is a straight

forward extension of the same procedure.

- 5.2.2 Iterative decoding for product codes

The code can be viewed as a general (N N2, K K>) block code and decoded with
a maximum likelihood decoder. The complexity of this decoding strategy is p.o-



hibitively high.

For low complexity decoding. it is natural to decode each column (and then cach
row) with a lower complexity decoder. Since we want to perform several iterations. we
need a soft in/soft out algorithm which provides information on channel bits {not only
on information bits). We use the modified Maximum A Posteriori (MAP) algorithm
invented by Bahi et al. given in [2]: modified in the sense that the output is not the
set of probabilities on information bits, but on the channel bits.

Any linear block code can be decoded with the Bahl algorithm since we can
find a trellis associated with the code constructed with the parity check matrix {see
Appendix B). For convolutional codes that arc used as block codes, we use the usual
trellis associated with convolutional codes.

The MAP filtering is first done on each column and then on each row: this corre-
sponds to a single decoding cycle. For the last decoding cycle, we use MAP filtering

on columns but MAP decoding on rows (since there is no more iteration to be done).

5.3 Decoding complexity of the 2-dimensional Go-
lay product code

The multirate system uses three information rates: R, % and £ (number of bits per
second), while the transmission rate (number of channel symbol per sccond) is kept
constant. A packet corresponds to the same number of channel symbols (it doesn’t
depend on the information rate), while the number of information bits varies. We
have the same amount of time to decode less bits, we can perform more iterations and
keep the overall decoding time of a packet constant (without increasing the complexity
of the decoder).

Since for rates -’;— and -‘E‘-, there are less information bits, we can use more decoding
cycles while keeping the overall decoding time the same: we use 1, 2 and 4 decoding
cvcles for rates R, % and -?, respectively. The complexity of the Bahl algorithm is
essentially twice the complexity of the Viterbi algorithm (a forward and a backward



recursion). Here, in the case of the {24,12) extended Golay code. the maximum
number of states is 2! = 4098, but the average number of states per information bit
is:

1+2+...+2 42124204 1241 224201 3212_9 w0 1
12 B 12 T 6

That makes the code very complex to decode, but we know from Kschischang [13] that
using parallel processing, we can speed up the decoding by a factor up to 43, which
makes its implementation practical. The decoding time per bit becomes comparable
to the time required for the convolutional code with M = 6. Concerning the decoding

of the Golay code, one cycle corresponds to a convolutional code with M = 7.

5.4 Computer simulations of the 2-dimensional

Golay product code for AWGN channel

Computer simulations are done with 1, 2 and 4 decoding cycles, corresponding to the
decoding time available for the three different data rates.

The bit error rate for each of the three code rates are given in Fig. 5.2. These are
not the best codes in terms of spectral efficiency and computational complexity, but
they can provide coding gains of 5.6 dB, 5.3 dB and 4.3 dB for BER values between
102 and 104, depend.ing on the number of decoding cycles. These are high coding
gains for medium BER. The decoding algorithm used is not optimum, but achieves
good performance and can be improved with more decoding power.

Note that, as in most iterative decoding systems, the second decoding iteration
gives the best improvement: 1 dB, which is significant. The third and fourth iterations

only provide an additional 0.2 dB improvement.
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5.5 2-dimensional Golay product code on Rayleigh
fading channel

Before doing simulations for the Rayleigh fading channel, we have to know exactly
what is the number of bits in a block because interleavering must be done to cope
with fading. A three rate coding system will be designed with the 2-dimensional
Golay product code.

5.5.1 Block size

The basic block size is determined by the code used: 12 x 12 = 144 information bits.
® Low rate £ : 144 information bits (1 basic block).
® Medium rate £ : 144 x 2 = 288 information bits (2 basic blocks).
e High rate R : 144 x 4 = 576 information bits {4 basic blocks).

Since the code rate is ;, every encoded block is 2304, 1152 or 576 bits depending on
the information rate used. The modulation is QPSK: 1152 symbols are sent for rate
R. We choose to send the exact same number of symbols for the rates £ and £ by
repeating the bits 2 or 4 times using an interleaver. This method can be seen as time
diversity or as concatenation of a (4,1,4) or a {2,1,2) repetition code. This is one of

the most efficient ways to combat fading.

5.5.2 Interleaving
e High rate R :

The bits are read row by row in each of the 4 blocks. In the stream of bits sent
through the channel, bit 1 is coming from block 1, bit 2 is coming from block
2, bit 3 is coming from block 3, bit 4 is coming from block 4, bit 5 is coming
from biock 1, bit 6 is coming from block 2, ...and so on (see Figure 5.3).
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Figure 5.3: Interleaver for rate R code.

s Medium rate % :

Each channel bit is sent twice: this can be seen as diversity or a (2,1) repetition
code concatenated with the 2-dimensional product code. The interleaving is
more complicated: instead of sending the bits from blocks 3 and 4, bits from
blocks 1 and 2 are sent a second time, but now they are rear column by column

instead of row by row. This type of interleaving with diversity should be efficient
against fading.

e Low rate % :

Each channel bit is sent four times. The bits are read row by row, column by
column, and in diagonal (in both directions). This type of interleaving should

be more efficient against fading than the previous one.

\.e now take an example to show how the interleaver works. Figures 5.4 and 5.5 show
how block 1 bits (from A, to A4ze) and 2 bits (from B, to Byze) are arranged in the
24 x 24 array. Block 3 bits (C’s) and 4 bits {D’s) are arranged exactly the same way.

Here, are the transmitted bits for each code rate:
* High rate: A, B,C,D, 112BCaoDs . .. Ay76B476Care Dye.
o Medium rate: 4,B,A1 814282425855 ... AgzeByre Ayz6 Byze-

o Low rate: AjA1A1AusaA2A2sA2A00. - - AsreAsrsAurs Azs.



Aps Apo A Asse ... Agso Agsi Agse
Agss Agss Aess Ause ... Agzg Ags Agss

Figure 5.4: Block 1: bit Ay to Ay

B, B3y By ... By Bx By
By By Bxr B ... Bg By By

Buao Bygo Ben Bgz -.. Biso Busi Buse
Bys Byss Bass Biss ... Bys Bags By

Figure 5.5: Block 2: bit B, to By
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5.5.3 Simulations results for the Rayleigh fading channel

The channel under consideration is a frequency non-sclective slow fading channel,
we assume perfect phase recovery and perfect channel state information (CSI). Since
we are working on relatively small blocks. the Doppler frequency is an important
parameter of the channel. Simulations were done for 2 typical normalized Doppler
frequencies: fuT = 0.1 and f;T = 0.01.

Figures 5.6 and 5.7 show the curves of the BER vs. % for the different rates and
normalized Doppler frequencies. A BER = 10~ is achieved for £ as low as 3.9 dB
with the low rate code and normalized Doppler frequency fyT = 0.1. For the two
other codes, a BER = 10~ is achieved for %ﬁ- = 4.7 dB (medium rate) and 7 dB (high
rate). These results are very good considering that we are working on small blocks
of 144, 288 and 576 information bits.

The results for foT = 0.01 are not as good as those for f;T = 0.1. A BER = 10-3
is achieved for 1%:- = 5 dB, 6.2 dB, 8.5 dB, depending on the data rate. When the
Doppler frequency is increased by a factor 10, the performances are getting worse by
roughly 1.5 dB. This indicates that we can have more gain by using a higher inter-
leaving depth which requires longer blocks to be transmitted. With longer blocks, the
encoding/decoding scheme introduces higher systematic delay, which is not tolerable

for some applications such as speech transmission.

5.6 Conclusions

In this chapter, product codes have been reviewed: construction and iterative de-
coding. Computer simulations have been performed for the two-dimensional product
code on the AWGN channel where the performances are considered as average; and
on the Rayleigh fading channel for which the results are impressive: BER = 10™3 is
achived for 1%& as low as 3.9 dB.
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Figure 5.7: Simulation results of the 2-dimensional Golay product code on Rayleigh
fading channel with f;T = 0.01.
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Chapter 6

Performance evaluation of rate
adaptive systems for mobile

satellite channels

6.1 Performance evaluation procedure for rate adap-

tive systems

For the comparison of the rate adaptive codes, we need to find a criterion (or several
criteria) that indicates which system performs the best on a given channel. We refer
back to the channel described in Chapter 2 and consider the three state channel model.
To evaluate the performance of a coding system, we simulate it for the three states
of the mobile satellite channel presented in Section 2.1.2. To simplify the problem,
we assume that when the channel is in a bad state, low data rate is automatically
selected, and for average and good channel states, medium and high data rates are
used. Performances are eva.luated usg a cost fung:t.ion. Note that, the concept of
quality or reliability, is very important: the idea of adaptive rate is justified by quality
argument; it is “better” to send the maximum number of information bits instead
of designing the system based on the worst channel state. A performance evaluation

can be used to justify the use of a rate adaptive system over a non rate adaptive one.



We already noticed a high dispersion in the values of the various channel param-
eters depending on the type of environment and elevation angle (see Section 2.1.1).
For example. in the literature (e.g. [19]) the Rice fading parameter vary from 5 dB
to 17 dB. whereas the attenuation in average and bad states goes from 3 dB to 10 dB
(average state) and 12 dB to 18 dB (bad state). Due to the high dispersion of channel
parameters {depending on the elevation angle. environment. and cven on rain atien-
uation in the case of K/Ka band) it is very likely that a power adaptive system has

to be built.

6.1.1 Adaptive power control

The adaptive power control does not intend to track the fast variations of the channel
due to multipath fading, but instead the slow varying shadowing losses due to blockage
by buildings or hills which are assumed identical on the uplink and the downlink.
Adaptive power control is usually studied on the uplink or reverse link, traditionally
the weaker of the two transmission links. Open loop power adaptation has to be
considered since even for a non-geostationary low earth orbit satellite (LEOS); the
round trip delay is between 10 ms and 60 ms depending on the elevation angle.
Power adaptation is done based on the estimation of the received signal power on the
down link (or with a pilot tone) by averaging out the fast fading fluctuations on the
downlink. In the case of non-geostationary satellites, the power adaptation is also
necessary to compensate the path loss that vary with the distance between the mobile
and the satellite.

Perfect channel state detection is achieved where the channel state is slowly vary-
ing compared to the packet duration. A packet corresponds to a speech spurt of
duration up to 60 ms (see Section 2.2.1), compared to the smallest mean state du-
ration for the “average” figures we used (see [19]) which is equal to 15 meters in the
bad state on the highway. These 15 m correspond to a duration of 750 ms at a speed
of 20 m/s. Then perfect channel state detection can be assumed; it is true for every

channel that was measured in [19] since the smallest mean state duration corresponds
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to ¥ m which translates into 100 ms at a speed of 20 m/s.

We are aware of the fact that perfect power adaptation cannot be achieved (see [21]).
A drawback of tli simplified three state channel model is that it ignores the slow vary-
ing short time average of the received signal power which has to be tracked by the
adaptive power control. Monk and Milstein have shown in [21] that the power control
error (PCE) has a log-normal distribution with a 0 dB mean and standard deviation
of 1 dB for unshadowed users and 2 to 4 dB for shadowed users, depending on the
degree of shadowing. For shadowed users, a power margin has to be considered to
cope with the large PCE. It has been suggested in [21] that shadowed user power is
overcompensated by 3 dB for light shadowing (which corresponds to 2 dB standard
deviation of the PCE) and by 6 dB for heavy shadowing (which correspond to 4 dB
standard deviation of the PCE). In average and bad chanrel states. shadowing is
present. As a result, 3 dB and 6 dB power margins are provided for average and bad
channel states, respectively.

Note that, the problem of power adaptation is also closely related to the capacity of
the system in terms of number of users when code division multiple access! (CDMA)
is used: when we consider the performance of one user, the other users signal become
interference. Overcompensated power of shadowed users increases the interference
level and decreases the capacity of the system. This issue is only pointed out, it is
not studied here. This is very similar to the near-far problem which is well known in

cellular network.

6.1.2 Evaluation of the cost function

Since a BER = 10~ or less is achieved in any case because of adaptive power, we will

look at the cost in terms of power: we compute the minimum -!%:- needed to achieve

"The choice between TDMA and CDMA has not been done yet for the third generation systems
(see [2]).



a2 BER=10"" in each state. The cost is related to the average £2 required®. But we

need to consider that the code rate is varying. this is the reason why we first compute
the average symbol energy (‘5\“.;)Mﬂ_ugc with E, = nE;. E; is used because the number

of symbols sent does not depend on the code rate, whereas the number of information

bits does depend on the code rate used. Then we normalize it to find the (_—%)

uverage

E. E. E o . _ 10-3 .
(% high® () and (32),  are the ratios needed to achieve BER = 10-2 on

medium

the corresponding channel, while taking into account the 0. 3 and 6 dB power control

error margins for high, medium and low bit rates, respectively.

(é) = P(good) x (é) + P(average) x (i’) + P(bad) x (E_’)
<0 average ‘NO high NO medium No Jow

(£
No average

quality does not depend on the coding system, but only on the channel conditions.

is the figure we will use to compare the three rate coding systems. The

More precisely, it depends on the probabilities to be in each state, since low rate is
used when the channel is in a bad state, medium and high dat.: rates are used when
the channel is in an average and good states, respectively. The higher is the data
rate, the better is the quality.

If we want to compare the rate adaptive system to a single rate system, we have to
compute (% average with new (%)low’ (-g;—)

E . :
=k
o and ( Mo Inigh” When using a single

data rate (% increases, unless we are using medium or low data rates, in this

average

case the quality decreases.
Note that, an overall bit error is not an interesting figure since the requirement is
to achieve BER = 102 in each channel state. Having a state with a BER > 103 is

not acceptable, since it is equivalent to a cut link.

6.2 Presentation of three rate adaptive systems

The rate adaptive codes have to be precisely defined before being evaluated because
the mobile satellite channel is a fading channel in each of the three states. On fading

*Note that the cost is also linked to the maximum E, that is decrcased when using an adaptive
rate system. It will be neglected here.
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channels. interleaving is fundamental to cope with bursts of errors. lu this section.
the codes are carefully described: packet size in terms of the number of information

bits, number of channel symbols, interleaving between stages for multilevel codes and

symbol interleaving.

6.2.1 Coding system using multilevel codes: first system

When using multilevel codes, we consider the codes described in Section 3.5. We
need to be more precise on the description of the codes. N = 360 channel symbols
are sent in the three cases. In convolutional codes, when the resct bits to end up in

the zero state are considered. the actual number of information bits and the spectral

efficiency slightly decrease.

Coded modulation scheme 1

This coded modulation is denoted by C M;.

o Stage 1: ry = :‘—;, M =5 convolutional code. The number of information bits is:

Ky=rN—M=360x3}-5=115.

e Stage 2: 7, = 3, M =5 convolutional code. The number of information bits is:
Ky =1r,N — M =360 x 2 — 5 =265.
e Stage 3: 13 = &, M = 5 convolutional code. The number of information bits
ist Ka =rsN — M =360 x 5 —5=319.
o Stage 4: ry = -{-;—, M = 5 convolutional code. The number of information bits
0

is: Ky =rsN — M =360 x 33 — 5=325.
e Stage 5: rs = 1 uncoded bits. The number of information bits is: K5 = 360.

Then K; + Ko+ K3+ Ky + K5 = 115 + 265 + 319 + 325 + 360 = 1384 information
bits are sent. A block interleaver is used: bits from stage 1 are written column by

column, bits from stage 2 are written row by row, bits from stage 3 are written in
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diagonal, bits from stage 1 are written in diagonal (second diagonal). The way bits
from stage 5 are written is not relevant since they are uncoded. Symbols are read
column by column hefore being sent over the channel such that an error burst can
be distributed among the channel bits. We chose to read the symbols the same way
stage 1 bits were written, because they are strongly protected against fading due to
the high minimum distance of the code ;.

We use Figure 6.1 to explain how the interleaver works:

o Stage | bits are written on S, Sy, S.;l, Se1s Ss815 S101- ..

¢ Stage 2 bits are written on Sy, S;, S, Sy, Ss, Se. ..

o Stage 3 bits are written on Saq1, S322, Saa3, Sass, Szes, S2a6, Soor ..
¢ Stage 4 bits are written on Sy, Sz, Sis, Ses, Sss, Sice. ..

¢ Symbols are written as follows: S, S21, Sa1, Se1, Ss1, Sio1. -

St | S| Sa | Sal..i]| S| Sis| Sis | Sao
Sa | Sz2 | Sas | Saa | .. | Sar | Sas | Sas | Suo
Sa1 | Saz | Saa | Saa |-.. | Ssr | Sss | Sso | Seo
Se1 | Sez | Ses | Sea |--- | Sr7 | St | Sro | Sso
Ss1 | Ss2 | Ssa | Saa |... | Sor | Ses | Soe | Si00

S281 8282 3'283 5284 R 5‘297 5298 S299 S300

530]' 3302 8303 S304 e 5317 3318 3319 5320

San | Sazz | Saza | Saza | ... | Saar | Sass | Sase | Saa

Soar | Saa2 | Saaa | Saaa | -.- | Sasr | Sass | Sase | Saso

Figure 6.1: Interleaver: symbol transmitted.
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Coded modulacion scheme 2

This coded modulation will be denoted by (7 M,..

e Stage l: ry = %, A = 5 convolutional code. The number of information bits is:

Ki=rniN=M=360x1-5=115.

[

e Stage 2: rp, = 3. M =5 convolutional code. The number of information bits is:

Ry =7eN — M =360 x § -5 -:235.

o Stage 3: r3 = %, M =5 convolutional code. The number of information bits

is: 11'3 = 1‘3.N — M = 360 % T% -5 =319.

Then R 4+ K, + R3 = 115 + 235 + 319 = 669 information bits are sent. A block
interleaver is used: bits from stzge | are written column by column, bits from stage
2 are written row by row, bits from stage 3 are written in diagonal and symbols are
read in diagonal (second diagonal) before heing sent over the channel such that an

error burst can be distributed among the channel bits.

We use Figure 6.1 again to explain how the interleaver works:

¢ Stage 1 bits are written on Sy, S, Sa1, Se1, Sst1, Sio- -

¢ Stage 2 bits are written on 5,, S2, S3, S4, Ss, Se...

o Stage 3 bits are written on Saqy. S22, Sa03, S284, S265, S248, S227 - .-

¢ Symbols are written in the interleaver as follows: Sy, Sz2, Sia, Ses, Sss, Sive. - -

Coded modulation scheme 3
This coded modulation is denoted by CM;s.

e Stage 1: r; = 3, M =5 convolutional code. The number of information bits is:

1
3
K1=T°1N M= 360)(-3'—5:115

e Stage 2: r; = % A{ =5 convolutional code. The namber of information bits is:
Kz-'TQN M= 360)(%—5'—'235
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Then Ky + K3 = 115 + 235 = 350 information bits are sent. Channel svmbols have
to be interleaved because they are sent over fading channels. A block interleaver is
used: bits from stage 1 are written column by column. bits from stage 2 are written
row by row and symbols are read in diagonal before being sent over the channel such
that an error burst can be distributed among the channel bits.

We use again Figure 6.1 to explain how the interleaver works:
L Stage 1 bits are written on Sl, 521, S.n, SGI» 531, 5101. .-
e Stage 2 bits are written on Sy, S5, Sy, Sy, S5, Se. ..

e Symbols are written in the interleaver as follows: 5), S2, S43, Seu, Sgs, Sios. . -

6.2.2 Coding system using the 2-dimensional Golay prod-

uct code: second system

This is exactly the system previously described in Section 5.5. The spectral efficiencies
of these codes are: 1, { and } bits/symbol. The codes are denoted by CMs,,, C My,
and CMaa, respectively. The weakness of this system is the very low spectral efficiency

compared to the spectral efficiency of the coded modulation schemes.

6.2.3 Coding system using Golay code and 2-dimensional

Golay product code: third system

We know how powerful the 2-dimensional Golay product code can be. The system is

designed using this code without time diversity for the low rate code.

e The high rate uses uncoded QPSK with 288 channel symbols and 576 informa-
tion bits, denoted CMs;,.

¢ The medium rate code uses Golay code followed by an interleaver to combat

fading. 24 codewords are used and mapped on 288 QPSK channel symboals,
denoted C Ma,. '
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o The low rate code uses 2-dimensional Golay product code interleaved. denoted

C Mas.
We need also to specify the two interleavers:

¢ The medium rate interleaver is a block interleaver: the 24 bit codewords are
written in a 24 x 24 block row by row and the bits are read column by col-
umn before being mapped to a QPSK symbol. Two bits which form the same

codeword are 24 bits away, which makes them 12 channel symbols away.

e The high rate interleaver is as follows: The codeword is already written in a

24 x 24 array, bits are read in diagonal before being sent on the channel.

The spectral efficiencies are 2, 1 and % bits/symbols.

6.3 Performance evaluation of the systems

In this section, simulation results are presented for the codes described in previous
section. Rice fading channel with ¢ = 10.6 dB and 16.6 dB correspond to the good
state channel in an urban environment and on highway environment, for the high
rate code. Rayleigh fading channel for medium and low rate code corresponds to the
average and bad state channels, corrections with the attenuation and power control

error will be done afterward.

6.3.1 First system

C My, is evaluated on the Rice fading channel through computer simulations, Fig-
ure 6.2 shows the results for ¢ = 10.6 dB and ¢ = 16.6 dB. These results are very
similar and do not depend much on the normalized Doppler frequency and the Rice
factor c. A BER = 1073 is achieved for %g- = 8.8 dB for ¢ = 10.6 dB, and -,%:- = 8.7dB
for ¢ = 16.6 dB.

As a general rule, normalized Doppler frequency does .not strongly ‘affect the per-

formance on Rice fading channel with high Rice factor (¢ = 10 dB). In this case, the
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direct path component is at least 10 dB above the multipath component. Fading with
zero crossing is nonexistent and deep fades are very unlikely to happen. Therefore
the symbols are never considered “crased™ and no error bursts occur whatever is the
normalized Doppler frequency. Usually on Rayleigh channels the length of the error
bursts increases as the normalized Doppler frequency decreases. Then the perfor-
mance on Rice fading channel with high Rice factor does not depend much on the
normalized Doppler frequency as opposed to the Rayleigh fading channel.

C'Myz and C M3 are simulated on the Rayleigh fading channel, Figure 6.3 shows
the simulation results. CMia is very efficient in Rayleigh fading channel: it can
achieve 2 BER = 10~2 with % = 6.6 dB or 7 dB (with fy7 = 0.1 and f,T = 0.01,
respectively). This is due to the large minimum Hamming distance of the coded
modulation: éy[CM3] = 6. It is very surprising that the performances are better for
JaT' = 0.01 than for f4T = 0.1 in the range of interest (i.e., for a BER > 16-1). For
a BER < 1074, as expected, the slower channel (f,;T = 0.01) is worse.

C Mz is vasy efficient when fuT = 0.1, 2 BER = 102 is achieved for £ = 5.2 dB.
This is very good compared to 11 dB achieved by the coded modulation given in [22]
or to 10 dB achieved in [32], both for 2 bits/symbol spectral efficiency on the Rayleigh
fading channel. But for f;T = 0.01, the performance deteriorates dramatically: by
4.5 dB for a BER = 1073, This demonstrates that the interleaving depth is not
sufficient for a minimum Hamming distance as small as §5[CM;z] = 3 when the
fading process is slow. There are two solutions to improve the performance: either

using a larger interleaver or selecting a stronger code for the last level bits.

6.3.2 Second system

CM" is simulated on Rice fading channels, Figure 6.4 shows the results for ¢ =
10.6 dB and ¢ = 16.6 dB and fyT = 0.1 and f;T = 0.01. Note that, the effect
of Doppler frequency does not have a strong effect on the performances: less than
0.1 dB is lost for BER < 102 when f;T = 0.01. This was predictable since the

channel fades are not very deep: most of the energy is coming from the direct path
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Figure 6.2: C My (3.9 bit/symbol and 32APK modulation) simulated on Rice fading
channel with ¢ = 10.6 dB or ¢ = 16.6 dB, f4T = 0.01 or f;T =0.1.
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Figure 6.3: C Mz (1.9 bit/symbol and 8APK constellation) and C My (1.0 bit/symbol

and QPSK constellation) simulated on Rayleigh fading channel with faT = 0.01 or
T =0.1. ‘
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component. For ¢ = 10.6 dB. the BER = 107 for %ﬁ = 3.3 to 3.1 dB depending
on the normalized Doppler frequency. For ¢ = 16.6 dB. a BER=10"" is achicved for
—% = 3.2 to 3.3 dB depending on the normalized Doppler frequency. Note that, the
results are even better than those on the AWGN by 0.1 dB. such a result has already
been observed in low signal to noise conditions for high Rice factor in [16].

Figure 6.5 shows simulation results for C 2 and My on the Rayleigh fading
channel that were already presented in Section 5.5. the BER = 10~ at % =3.9dB
and 5 dB for CMe for fuT = 0.1 and f,T = 0.01. respectively. For CMaa. a
BFR = 1073 is achieved for ;‘% = 4.7 dB and 6.2 dB depending on the normalized

Doppler frequency.

6.3.3 Third system

C M3y, is simulated on the Rice fading channel with ¢ = 10.6 dB and ¢ = 16.6 dB.
Figure 6.6 shows the results of the computer simulations. The Doppler [requency
does not affect the bit error probability since the bits are uncoded. The Rice facto: ¢
strongly affects the bit error probability: the BER = 1073 when % = 114 dB for
¢ =10.6 dB and £* = 7.6 dB for ¢ = 16.6 dB.

Figure 6.7 presents simulation results for C Ma; and C Ma; on the Rayleigh fading
channel with fzT = 0.1 and f4T = 0.01. Here, the results are very sensitive to the
Doppler frequency: it shows that a larger interleaver could improve the performance.
For C Ms;, a BER = 1072 is achieved for -ﬁﬁ- = 9.7 dB and 12 dB depending on the
normalized Doppler frequency. For CMj;3, BER = 1072 at ‘% = 6.1 dB and 7.9 dB
depending on the normalized Doppler frequency. These are not bad results when we
consider that the low decbding complexity of the codes: thereisonly 1.5 dB and 1.0 dB
difference between C M3z and C M, (both with spectral efficiency of 1 bit/symbol).
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Figure 6.4: CMy (0.5 bit/symbol and QPSK constellation) simulated on Rice fading
channel with c = 10.6 dB or ¢ = 16.6 dB, f,;T = 0.01 or faT =0.1.
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Figﬁre 6.5: CMy (0.25 bit/symbol and QPSK conslellation) and CMy (0.125
bit/symbol and QPSK constellation) simulated on Rayleigh fading channel with f4T =
0.01 or f4T =0.1.
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F igure 6.6: C Mz, (2 bit/symbol uncoded QPSK conslellation) simulated on Rice fad-
ing channel with ¢ = 10.6 dB or ¢ = 16.6 dB. |
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Figure 6.7: C M3 (1.0 bit/symbol and QPSK constellation) and C Mas (0.5 bit /symbol
and QPSK constellation) simulated on Rayleigh fading channel with [T = 0.1 and
faT =0.01.
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6.3.4 Computation of the cost function for each system

Table 6.1 presents the % ratio needed to achieve a BER of 1072 for each channel

state, normalized Doppler frequency and coding systeni.

Table 6.1: Recapitulation of the simulation results: ‘%ﬁ- (in dB) needed lo achieve a

BER = 1073,

Coded Modulation CM., CM., CM.z
Channel Rice fading Rayleigh fading
c=10.6dB | c=16.6 dB
faT 0114001 |01] 0.01 [0.1]0.01]0.1](0.01

First system 8§88 | 88 |87} 87 |82|127(6.7] 6.6

Second system 33 | 34 |32 33 [47]62(39] 5.0

Third system 114 | 114 (76 76 [9T7|120(6.2| 7.9

Recall that the spectral efficiencies of first, second and third systems are (4,2,1),
(3:3,3) and (2,1,3) bits/symbol, respectively. The performances should improve as
the spectral efficiency decreases. Results of coded modulation CM)a (1 bit/symbol)
on the Rayleigh fading channel is very impressive: the results are better than C Mz,
(3 bit/symbol) and only 1.9 dB or 0.5 dB (depending on f;T) away form C M, (3
bit/symbol).

Note that, the performance of the third system are about the same as the one
as the first in spite of a lower spectral efficiency. It can be explained by a reduced
complexity and small interleaver size (288 instead of 360 channel symbols) that affect
the efficiency of the system.

Then we can put the results of Table 6.1 in terms of the required 1%;- and take into
account the power margins to cope with power control error (0, 3 and 6 dB). This
giveé Table 6.2 where the losses due to Rayleigh fading are not taken into account
yet (Table 6.2 can’t be used directly to compare the performances of the codes since

' E, depends on the spectral efficiency).
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Table 6.2: Recapituiation of the simuiation results: % (in dB) needed to achicre a

BER = 1072 with power control error overcompensation.

Coded Modulation CM., CAM., C M.y
Channel Rice fading Rayleigh fading
¢=10.6dB | c=16.6 dB
faT 0.1 { 001 { 0.1 | 6.01 | 0.1 |[0.01] 0.1 |0.01
First system 1471 14.7 | 14.6 | 14.6 | 14.0 | 185 | 12.7 | 12.6
Second system 03§ 04 02| 063 | 17[32]09]{20
Third system 144} 14.4 [10.6 [ 10.6 | 12.7}15.0} 9.1 | 10.9

We compute the (%;—)cmage for the two typical channels: highway environment or
urban environment and the two different normalized Doppler frequencies. We should
keep in mind that we have to consider the attenuation due to fading for the average
and bad states (see Section 2.1.2).

The results for the highway environment are:

1. Highway environment, fT = 0.1 with the first system:
(Ee =15.3 dB. () = 9.5 dB.

Ny average average

2. Highway environment, f4T = 0.01 with the first system:
Ee) =15.4 dB. (5t =9.6 dB.

auerage average

3. Highway environment, f4T = 0.1 with the second system:

("E"I' = 1.4 dB. (% avemgc= 44 dB.

No /average

4. Highway environment, f3T = 0.01 with the second system:
E —_ E —
(& = 1.8 dB. (# sverage™ 4.8 dB.

No average
5. Highway environnient, faT = 0.1 with the third system:
E — E _
(R;') = 10.2 dB. (ﬁf,‘ average™ 11.4 dB.

average
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6. Highway environment, f;T = 0.01 with the third system:

£)  =106dB. (& = 11.8 dB.

No’average No )rwcrugc

The results with a city (i.e. urban) environment are:

1.

We could expect the performances to get better as the spectral efficiency decreases,
but system1 is better than system 3 even though its spectral efficiency is higher. In
highway environment, system 1 is 1.9 dB and 2.2 dB better than system 3 (depending

on the normalized Doppler frequency). In city environments (severe fading channel),

high spectnal efficiency system becomes very attractive. In bighway conditions, the
Doppler frequency does not have a strong effect on the required energy: the second
and third systems present the biggest performance deterioration, only 0.4 dB. It can
be explained since the good state is “dominant” (that is much more probable than

the other states) and in Rice fading channel with a Rice factor ¢ > 10 dB, the effect

City environment, f4T = 0.1 with the first system:
(£- = 25.1dB. (& = 19.2 dB.

N auerage No average

City environment, fuT = 0.01 with the first system:
(Ee = 26.0 dB. (-f'\i,i = 20.1 dB.

Np average 0 "average

City environment, fyT = 0.1 with the second system:

=13.4 dB. (£ = 16.4 dB.

(%)
average 0 “average

No

. City environment, f3T = 0.01 with the second system:

(B, =145dB. (& = 17.5 dB.

No /average No /qverage

City environment, f;T = 0.1 with the third system:
(£ = 22.0 dB. (£ = 21.9 dB.

No /average No /average

City environment, f;T" = 0.01 with the third system:
(& = 23.8 dB. (& = 23.7 dB.

No ’ayerage No “querage

the difference between systems 1 and 3 increases: 2.7 dB and 3.6 dB. Then the

of the Doppler frequency is almost negligible: this can be seen in Table 6.1 or in
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Figures 6.2, 6.4 and 6.6. On the contrary, in a city environment. the performances
strongly depend on Doppler frequency. The penalties are 0.9 dB. 1.1 dB and 1.8 dB
depending on the system used.

The advantage of using a multirate will become clear here. For a single rate
error control coding system using C Mo, (with information rate R) in each channel
state, for fgT = 0.1 with a highway environment, (-‘%,;- average™ 6.4 dB compared to
the 1.4 dB when using an adaptive rate system: adaptive rate here saves 5.0 dB
of power and does affect the quality of the transmission only 3% of the time. In a
city environment, a single rate error control coding system using C Mo, as the unique
code and information rate R, using C My, in each channel state: (%l;—)mm_we =222dB
instead of 13.4 dB for the rate adaptive system. The gain is very large: 8.8 dB, but the
quality is lower 57% of the time, this is the price to pay for this 8.8 dB improvement.
As usual, the best improvement is achieved on the most severc channel.

What is the advantage of iterative decoding? Does a multirate system without
iterative decoding perform as well as the system presented here? We have simulated
CMj; and C My3 on the Rayleigh fading channel with f,T = 0.1 and only 1 decoding
iteration, the -!%;- required to achieve a BER = 10~ are 3.7 and 2.9 dB, respectively.

Then we can compute (%;- sverage tor the non-iterative system. In city environment,

(Ex = 2.0 dB (/;T = 0.1 in

No /average

both cases). This means that the improvement is 1.8 dB and 0.6 dB. This is not

— 1 1 . i E
= 152 dB, in highway environment, (f)

as spectacular as the multirate improvement, but significant since this gain due to
iterative codes is “free”, in other words, it does not make the decoding longer or more

complex. Again the largest improvement is achieved on the worst channel.

6.4 Conclusions

In this chapter, we have presented a new method to evaluate the performance of a rate
adaptive coding system on the land mobile satellite channel for speech transmission

application. Three rate adaptive systems, using coding technique presented in the
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previous chapters, have been detailed and evaluated on the land mobile satellite
channel: multilevel codes’ results are very encouraging. It has been shown that the
gain achieved by multirate techniques over single rate techniques can be as high as
5.0 dB with highway channel conditions with practically no quality loss, and 8.3 dB

with urban environment.
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Chapter 7

Conclusion

7.1 Thesis summary

In this thesis, rate adaptive forward error correction techniques for mobile satellite
communications have been studied. We were especially interested in codes that can
be iteratively decoded. In Chapter 2, a model was chosen for the mobile satellite
channel. The channel was divided into three different states with state probabilities
that depend on the environment. It turned out that two cases have to be separated:
when the mobile is in the city or on the highway.

Chapter 3 gave a review of multilevel coded modulation and design rules were
presented using the asymptotic coding, the minimum Hamming distance and infor-
mation theory arguments. Performance results have been obtained through computer
simulations over AWGN with iterative decoding.

In Chapter 4, a new method to construct multilevel coded modulation schemes
using parallel concatenation and its iterative decoding algorithm were proposed. The
asymptutic coding gain of the new coded modulation was computed and simulations
have been performed for the AWGN channel case. |

The two-dimensional {24,12) Golay product code was studied in Chapter 5. An
iterative decoding algorithm and simulation results over AWGN and Rayleigh fading

channels were given.
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In Chapter 6, three rate adaptive forward error correction systems were presented.
A performance criterion for such a system has been found for specch transmission
applications. A systematic evaluation of the three systems has been conducted. We
have found that the gain that a rate adaptive system can achieve over a non adaptive
rate system can be up to 5.0 dB in highway environments without significant losses

in quality and 8.8 dB in urban environments.

7.2 Suggestions for further research

As we have seen, multilevel coded modulation techniques are very powerful when the
component codes are carefully chosen. The coded modulation schemes we considered
in this work use convolutional codes: they achieve their best perforraance with large
interleavers. One may ask: what is the effect of the interleaver size on product coded
modulation? Can one construct powerful codes with shorter blocks?

From the practical point of view, the simulation of the adaptive rate systems can
include power control algorithms, rate selection algorithms and use the more accurate
two-state channel. Thanks to this two-state channel model, it could be interesting to
compute the bit error rate distribution and to deduct the availability of service: the
probability that the bit error rate is under a given threshold (here 1073).

As indicated in Chapter 2, the channel model we considered is applicable to the L-
band communication systems. Performance evaluation can be done with a K/Ka band

channel model, as soon as accurate K/Ka band channel model becomes available.
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Appendix A

The Bahl algorithm

The Bahl algorithm can find a posteriori probabilities on information and for channel

bits for any code witu a trellis.

The state at instant ¢ is denoted S,. Let (i7) = t122.. .1, represent the information
bits. The (z](7)) are the channel bits for j = 1...n;, where n; is the number of
channel bits per information bit. (y7(j)) are the complex valued symbols received
by the demodulator for which we know the conditional probability density functions
p(ye(3)|ze(5))-

The decoder needs the following probabilities Pr(S, = m|S,.; = m’), that de-
pend on the trellis structure and the a priori probabilities on information bits. The
probability Pr(S; = m|S,-; = m') = 0 if there is no transition from state m' to
state m in the trellis. When using convolutional code, for which a state transition
corrésponds to an information bit (when bits are fed to the coder one at a time),
Pr(S; = m|S;—y = m') = Pr(i(m' — m)), which is the a priori probability of the
information bit associated with the transition m’ — m. We introduce the a priori
probabilities on information bits through these transition probabilities.

We define the a’s, 8s, 9's, A’s and o’s as follows:
a(m) = p(S: = m, y1)

Bi(m) = P(y:+t|5t =m)

w(m’,m) = p(S, = m, Sy = m)
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A(m) = p(Se = m, y])
om’.m) = p(Seoy = m', 5, = m’, y})

The following equalities hold:

M(m) = ay(m)Bifm) (A1)
o, m) = sl m)Be(m) (A2)
au(m) = 3 aucs(mp(os (A3)
) = X Besa () ens m, ') (A4)

Y:(m',m) is the branch probability,:;. can be computed directly with:
(', m) = jﬁlp(y,u)lmt(j)(m',m)) (4.5)

The trellis starts and ends in state 0 at instant ¢ = 0 and ¢ = 7. As the symbols
are received, the values of the v's can be computed. A forward recursion algorithm
computes the a parameters using equation A.3 with initial values: ap(0) = 1 and
ao(m) = 0 for m # 0. Then, a backward recursion algorithm computes the 8 param-
eter using equation A.4 with these initial values: 8,(0) = 1 and 8,(m) = 0 for m # 0.
The X’s and o’s can now be easily computed with equations A.1 and A.2.

If we want to obtain the information bit probabilities, we perform the MAP decod-

ing procedure: information bits depend on the states for convolutional codes. Let’s
define the set A,(b) for b=0,1

Ai(b) = {S: such that the last bit fed to the encoder is b}

We then get:
plie=by])= Y, M(m)

- mEA(b)
For systematic linear block codes, information bits are also channel bits and their

‘probabilities are computed the same way as channel bit probabilities. To determine
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channel bits piobabilities. we apply the MAP filtering computation: channel bits

depend on state transitions. Let’s define the set B,(b) for b =0, 1
BP(b) = {(5¢; Si41) such that the j** output bit is b}

Then:

P(l'z(.]) = bs!hr = Z 0’:(771,"1')
{(m.m")eBNb)

We then normalize by dividing by A,(0) = p(y7) to find the a posteriori probabili-
ties Pr(i, = by]) and Pr(z(j)|y]) for information and channel bits. The complexity
of this algorithm is essentially twice the complexity of the Viterbi algorithm since a

single forward and a single backward recursions have to be done.
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Appendix B

Trellis for a linear block code

The trellis of 2 linear block code can be constructed from the parity check matrix.
Let C be a (r, k) linear block code, then the parity check matrix H is a (n.— k) xn
matrix. H has the following property: ¢ € GF[2]" is a codeword in C if and only if
HTc = 0. Let k; be the t** column of matrix . The condition becomes 3, c;h; = 0
if and only if ¢ = (¢1,¢3,...,¢,) is a codeword in C.

Then, we can define the states S, for t = 0,1...,n as follows Sy = 0 and

St = Si—y +C¢hg=ic,-h,- fort=1,2,...,n
i=1

Then obviously the trellis ends up in state S, = 0. The number of states in the trellis
is 2"~*. This method can be used when n — k < k.

A simple example consists of a parity code of length 7. Matrix H equals [ 1111111 ]
for the special case. Figure B.1 gives the trellis of the (7,6) parity check code.

Time index
0O 1 2 3 4 5 6 7

Figure B.1: Trellis of the (7,6) parity check code
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