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Amtierender Dekan: Prof. Dr.-Ing. Michael Weber

Ulm, 26.06.2009





Acknowledgements

Praise to ALLAH, the most gracious and the most merciful. Without His blessing and guidance,
my accomplishments would have never been possible.

I would like to thank all people who have contributed differently to the completion of this
thesis. My special thanks, deep gratitude and appreciationto my advisor Prof. Dr.-Ing. Martin
Bossert for providing great guidance throughout the periodof this study. It was he who helped
me enter the world of channel coding. His unlimited encouragement and patience kept me
focused on this work. I appreciate specially his human styleas the research group leader. I
would like to thank Prof. Sergo Shavgulidze, Georgian Technical University, Tiblisi, for his
interest in my work and the fruitful discussions during thiswork.

Then, I would like to thank the colleagues and friends at the Department of Telecommuni-
cations and Applied Information Theory for the pleasant atmosphere. Special thanks to Dr.-Ing.
Paul Lusina, Dr.-Ing. Stefan Kempf and Dr.-Ing. Bernd Baumgartner for their cooperation and
help.

I am very thankful to Dr. Abdulwahab A. Rahim and Eng. Ali Alsoholi for their continuous
personal encouragement and support during the period of this study. Thanks to my family. Their
support and patience helped me a lot.

II



On Bit Interleaved Space Time Coded
Modulation

Abstract

The coding for the wireless channel is the main topic of this thesis. Mainly, single user trans-
mission over one or more antennas is considered in the first part, where we considered multi-
dimensional Bit Interleaved Coded Modulation with Iterative Decoding using 8-PSK constel-
lations. We showed that an optimum Multidimensional labeling with a designed interleaver
outperforms the two dimensional Bit Interleaved Coded Modulation with Iterative Decoding in
the whole SNR region when modulation doping is used to compensate for the loss at the low
SNR regions. In addition to this, a new interleaver design isintroduced. Then we consider the
two transmit antennas case and we propose multidimensionalconstellation labeling for bit in-
terleaved space time coded modulation with iterative decoding using the Alamouti scheme and
one receive antenna. The labeling of two 16-QAM signals are designed jointly and optimized
using the Reactive Tabu Search algorithm with a slight modification in the fitness function of
the two dimensional labeling. The proposed multidimensional labeling provided a large cod-
ing gain compared to the best known two dimensional labeling. For the case of two transmit
antenna we consider the transmission over two uncorrelatedfrequency bands and construct a
simple2 × 2 × 2 full-rate full-diversity space time frequency code based on constellation ro-
tation. In the second part the multiuser scenario from information theoretic point of view is
discussed.
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Chapter 1
Introduction & Motivation

Wireless communications is enjoying its fastest growth period in history, due to enabling tech-
nologies which permits widespread deployment. It follows down a path which began with Hertz
and Marconi experimenting with radio transmission in the late 19th century and continues today
with an explosion of mobile communications products. Theseproducts are mainly concerned
with the use of technology to enhance the speed and the efficiency of the transfer of information.
Information theory, developed by Claude E. Shannon in 1948 [1], is the key stone to efficient
information transmission. It defines the notion of channel capacity and provides a mathematical
model by which one can compute the maximal amount of information that can be carried by a
channel.

Due to the increasing cost of the bandwidth, spectral efficiency is becoming the most im-
portant design parameter in wireless systems. Wireless channels are usually characterized by
large attenuation and vagaries in the channel termed as fading. There are other transmission
impairments associated with the wireless channels like doppler shift, background noise which
together with fading poses a natural hurdle in achieving high data rates. The situation is fur-
ther complicated due to randomly transmission and geographically separated users. Two main
technologies, introduced in the last decades, make it possible to design wireless systems with
very high spectral efficiency. The first is theturbo principlewhich allows the design of channel
codes that perform near the shannon capacity with low decoding complexity. The second is the
Multiple Input Multiple Output(MIMO) Transmission which results in dramatic increase in the
shannon capacity of the wireless channel compared to singleantenna transmission.

The coding for the wireless channel is the main topic of this thesis. Mainly, single user
transmission over one or more antennas will be considered inthe first part. In the second part a
note on the multiuser scenario from an information theoretic point of view will be discussed.

In this introduction basics of wireless information transmission and the motivations of this
work will be presented. In section 1.1, basic elements of digital communication systems are
briefly presented. The transmission over wireless channel is considered in section 1.2. In sec-
tion 1.3 a background to the main problems addressed in this thesis will be introduced. We
summarize the main contributions of this thesis in section 1.4.
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1 Introduction & Motivation

1.1 Digital Communication Systems

Basically, a typical digital communication system consists of three major components : atrans-
mitter, a communication channel, and areceiver. The transmitter translates the information
bits into the signals that can be effectively transmitted over the channel. The communication
channel is the physical medium where the actual communication takes place. The receiver tries
to retrieve the transmitted information bits as correctly as possible.

The use ofchannel encoderat the transmitter of digital communication system resultsin
coded communication system, as illustrated in Figure 1.1. The purpose of the channel encoder
at the transmitter side is to introduce, in a controlled manner, some redundancies in the binary
information sequence so that at the receiver they can be usedto overcome the effects of noise
and interference encountered during the transmission of the signals through the channel. The
number of information bits divided by the total number of bits at the encoder output is known
as thecode rate. The bit error probability can be made arbitrarily small if the code rate is
smaller than the channel capacity. Themodulatorproduces a Radio Frequency (RF) carrier
representation to the binary information. The simplest modulation considered is Binary Phase
Shift Keying (BPSK). In this scheme during every bit duration, one of two phases of the carrier
is transmitted.

Encoder Modulator Channel Demodulator Decoder

RECEIVERTRANSMITTER

Figure 1.1: The block diagram of coded communication system

The purpose of thechannel decoderis to find the codeword closest (in some sense) to the
received sequence. For most codes the decoding complexity is very large if they do not have
some structure that makes the decoding less complex. For example the Reed-Solomon (RS)
codes used in Compact Disc (CD) players have as many as(28)28 = 2224 = 1067 codewords.
Thus comparing the received vector with all possible codewords is not practical. Thank their
algebraic structure, the decoding complexity of RS-codes is very low.

1.2 The Wireless Channel

The key characteristics of the wireless channel are fading and multipath propagation . Fading
refers to the rapid fluctuation of signal strength over a short travel distance or period of time.
Fading is primarily caused by multipath propagation of the transmitted signal, which creates
replicas of the transmitted signal that arrive at the receiver with different delays as shown in
Figure 1.2. These versions of the transmitted signal combine either constructively or destruc-
tively at the receiver resulting in fluctuation in amplitudeand phase of the resultant signal.

There are other factors that influence the fading such as speed of the mobile, speed of the
surrounding objects and the transmission bandwidth of the signal. During severe fading, the
transmitted signal cannot be determined by the receiver unless some less attenuated version of

2



1.2 The Wireless Channel

Transmitter

path 2

path 1

path 3
Receiver

Figure 1.2: Sketch of multiple reflections

it is available at the receiver. This usually can be achievedby introducing some sort of diversity
in the transmitted signal. The three most common diversity techniques are:

Temporal Diversity: Figure 1.3 shows a time diversity scheme at its simplest form. Signal
s(t) and its delayed versions(t + ∆t) are transmitted using the same antenna and the same
bandwidth. If both versions of the code undergo different fading then time diversity is achieved.
An example of temporal diversity is channel coding with timeinterleaving. The receiver is
provided with several versions of the transmitted signal asredundancy in the temporal domain.

Delay

:

:At time

At time 

Signal Transmission

s(t)

s(t)

t

(t+ ∆t) s(t+ ∆t)

∆t

Figure 1.3: Time diversity

Frequency Diversity: This type of diversity is based on the phenomenon that the structure
of multipath propagation depends on the frequency of the transmitted wave. Thus redundancy
in the frequency domain provides the receiver with several replicas of the transmitted signal
that experience different fading at any particular time instance. To ensure independent fading

3



1 Introduction & Motivation

employing this technique, the difference between the carriers,w1 andw2 must be greater than
the coherence bandwidth,Bch.

s(w) ejω1t

ejω2t

s(ω + w1) + s(ω + w2)

Figure 1.4: Frequency diversity

Antenna or Space Diversity: In order to create space diversity, several spatially sepa-
rated or differentially polarized antennas are employed. This would generate redundancy of the
transmitted signal in the spatial domain, where each replica would undergo different propaga-
tion path. In this context, diversity order refers to the number of uncorrelated spatial branches
available at the transmitter or receiver, where the probability of losing a signal decreases expo-
nentially with increasing diversity order.

s(t)

s(t)

s(t)

Figure 1.5: Transmit space diversity

It is always desirable to employ all forms of diversity in order to combat the adverse effects
of the wireless channel. However, it becomes sometimes impractical to employ a particular type
of diversity in a specific situation. For example, temporal diversity is ineffective in slow fading
channels especially for delay-sensitive applications. Inaddition, antenna diversity at the mobile

4



1.3 Background & Literature Review

unit induces design impracticality. The most common systems that employ different types of di-
versity techniques for the sake of improving the performance of wireless transmission/reception
are STC and MIMO schemes.

1.3 Background & Literature Review

1.3.1 The Turbo Principle

Concatenated coding schemes were first proposed by Forney [11] as a method for achieving
large coding gains by combining two or more relatively simple building component codes. The
resulting codes had the error-correction capability of much longer codes, and they were en-
dowed with a structure that permitted relatively easy to moderate decoding complexity. A serial
concatenation of codes is most often used for power-limitedsystems such as transmitters on
deep-space probes. The most popular of these schemes consists of a Reed-Solomon outer code
followed by a convolutional inner code [12]. A turbo code canbe thought of as a refinement of
the concatenated encoding structure plus an iterative algorithm for decoding the associated code
sequence. Turbo codes were first introduced in 1993 by Berrou, Glavieux, and Thitimajshima,
and reported in [39], where a scheme is described that achieves a bit-error probability of10−5

using a rate 1/2 code over an additive white Gaussian noise (AWGN) channel and BPSK modu-
lation at anEb/N0 of 0.7dB. The codes are constructed by using two or more component codes
on different interleaved versions of the same information sequence. Whereas, for conventional
codes, the final step at the decoder yields hard-decision decoded bits (or, more generally, de-
coded symbols), for a concatenated scheme such as a turbo code to work properly, the decoding
algorithm should not limit itself to passing hard decisionsamong the decoders. To best exploit
the information learned from each decoder, the decoding algorithm must effect an exchange of
soft decisions rather than hard decisions. In a typical communications receiver, a demodulator
is often designed to produce soft decisions, which are then transferred to a decoder. The error-
performance improvement of systems utilizing such soft decisions compared to hard decisions
are typically approximated as 2 dB in AWGN. Such a decoder could be called a soft input/hard
output decoder, because the final decoding process out of thedecoder must terminate in bits
(hard decisions). With turbo codes, where two or more component codes are used, and decod-
ing involves feeding outputs from one decoder to the inputs of other decoders in an iterative
fashion, a hard-output decoder would not be suitable. That is because hard decisions into a de-
coder degrades system performance (compared to soft decisions). Hence, what is needed for the
decoding of turbo codes is a soft input/soft output decoder.For a system with two component
codes soft decisions are passed from the output of one decoder to the input of the other decoder,
this process iterates several times so as to produce more reliable decisions. It turned out that the
method applied for these parallel concatenated codes is much more general. Strictly speaking
there is nothing turbo in the codes. Only the decoder uses a turbo feedback and the method is
known as the Turbo-Principle, because it is applied to many detection/decoding problems such
as serial concatenation, equalization, coded modulation,multiuser detection,joint source and
channel decoding and others [5].

5



1 Introduction & Motivation

1.3.2 Space Time Codes and MIMO Transmission

The traditional approach to achieve diversity in wireless transmission is to use multiple anten-
nas at the receiver, so that the receiver has multiple observations that are not deterministically
related. The multiple antenna receiver combines the received observation from different paths,
and a commonly used method to do this combining is referred toas maximum ratio combining
(MRC). In MRC, the received signals at the outputs of the antennas are combined linearly, and
the coefficients of the linear combination selected to maximize the instantaneous SNR.With the
demand to support reliable, high data rates over the wireless channel is increasing, research on
MIMO is antenna systems has gained attention from the academia and the industry.

The information-theoretic aspects of MIMO systems were considered by several authors.
In 1987, Winters [41] studied the capacity of MIMO systems and provided results that demon-
strated the capacity gains of using multiple antennas at thetransmitter and receiver as opposed
to the employment of a single antenna at both sides. Then, Telatar [2]; and Foschini and Gans
[56] independently derived the capacity of MIMO systems in 1995 and 1998, respectively. They
demonstrated that the capacity of a MIMO system increases linearly with the number of trans-
mit antennas when communicating over an independent and identically distributed (i.i.d.) flat
Rayleigh channel provided that the number of receive antennas is equal or greater than the num-
ber of transmit antennas. In 1994, Seshadri and Winters [13]proposed a transmitter diversity
signalling scheme. In 1998, Tarokh et al. [42] improved the diversity scheme of [13] by remov-
ing the restriction imposed by the delay element in the transmitter and employing trellis codes
as opposed to the simple repetition code used in [13]. This class of codes were referred to in
[42] as Space-Time Codes, which include the delay diversityscheme of Seshadri and Winters
[13] as a special case. It was further shown in [42] that the proposed space-time trellis codes
(STTCs) were capable of providing a diversity order equal tothe number of transmit antennas
as well as a coding gain that is proportional to the complexity of the code, which is measured
based on the number of states in the trellis. These codes, however, are limited by their de-
coding complexity, which increases exponentially as a function of the diversity level and the
transmission rate. In 1998, about seven months after introducing the space-time codes [42],
Alamouti [3] discovered a marvellous transmit diversity scheme using two transmit antennas.
A key advantage of Alamouti’s scheme is the simple linear processing at the receiver, which is
based on maximum-likelihood (ML) detection. The decoding algorithm proposed in [3] can be
generalized to an arbitrary number of receivers. Alamouti’s achievement inspired Tarokh et al.
[43, 44] to generalise the transmit diversity scheme to an arbitrary number of transmit anten-
nas, initiating the concept of space-time block codes (STBCs) in 1999. The STBCs provide the
same diversity gain as the STTCs, with lower decoding complexity, when employing the same
number of transmit antennas. However, a disadvantage of these STBCs when compared to the
STTCs is that they provide no coding gain.

STBCs and STTCs are examples of MIMO diversity maximizationschemes in which the
signals transmitted from different antennas are jointly designed for the sake of minimizing the
error rate. There is another class of MIMO schemes that focuses on maximizing the data rate
through spatial multiplexing where signals are transmitted independently from each antenna.
An example of this class is the scheme proposed by Foschini [56], which was called vertical
Bell Laboratories layered space-time (V-BLAST) scheme. The optimum detection method for
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1.3 Background & Literature Review

this scheme is ML detection where all signal space, which consists of all possible combinations
of modulation symbols, is exhaustively searched in order tofind the combination that minimizes
the distance metric when compared to the received signal. However, the size of the signal
space becomes huge for large number of transmit antennas or high-order modulations rendering
exhaustive search impractical if not impossible. However,detection methods based on zero-
forcing (ZF) techniques, which include only matrix inversion to find the best estimate, could
be employed. ZF techniques are simple but less accurate whencompared to ML detection.
A detection method that provides a better compromise between complexity and accuracy was
proposed in [33] and is known as nulling and cancelling with optimum ordering. A recently
proposed detection method that has attracted considerableattention is sphere decoding [68],
which provides an accurate estimation similar to the optimum ML detection but with far less
complexity.

1.3.3 Coded Modulation

In 1974, Massey [35] suggested the joint design of the channel encoder and the modulator as
a single entity, which is later called a coded modulation system. By doing this, the loss due to
the expansion of the signal constellation can be overcome and a significant coding gain can be
obtained by using relatively simple codes. Coded modulation is now a popular and powerful
technique to improve the performance of digital communication systems whose bandwidth is
limited.

In 1982, Ungerboeck introduced Trellis Coded Modulation (TCM) system as a bandwidth
efficient signaling over an Additive White Gaussian Noise (AWGN) channel [36]. He men-
tioned that the primary parameter which determines the code’s performance is the minimum
free Euclidean distance, and not the minimum Hamming distance. This goal can be achieved
by carefully design the signal labeling. In order to get the best labeling, he proposed the signal
set expansion, which is the partitioning of signal constellation into subset with increasing intra-
subset Euclidean distance. By doing this, TCM achieves large coding gain without reducing
bandwidth efficiency. In an example by Ungerboeck [37], TCM with a four-state, rate-2/3 code,
and 8-PSK modulation performs 3 dB better than uncoded QPSK,while maintaining the same
spectral efficiency.

As mentioned above,the design criterion for TCM is to maximize the minimum intra-subset
Euclidean distance [36]. When TCM is designed for fully interleaved Rayleigh fading channels,
the design criterion shifts to providing a large diversity order of the coded modulation system
[38]. Since Ungerboeck TCM was originally designed for AWGNchannels, it usually yields
low diversity order in Rayleigh fading channels. Therefore, TCM performance degrades over
Rayleigh fading channels.

An alternative approach to improve TCM was proposed by Zehavi [20] in 1992, which
increases the diversity order of TCM. The problem of Ungerboeck TCM that was recognized
by him was the fact that it is based on a symbol-by-symbol interleaver in conjuction with a trellis
code, so the order of diversity is limited to the minimum number of distinct symbols along any
error event. Zehavi then proposed a coded system, which is later called Bit-Interleaved Coded
Modulation (BICM), based on bit interleaver. This results in the increasing of diversity order
to the minimum number of distinct bits along any error event.Also, unlike TCM, BICM treats
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1 Introduction & Motivation

coding and modulation as two separate entities. From practical point of view, this allows more
flexibility in the design and implementation, compared withthe joint code-modulation approach
by TCM.

As a bandwidth efficient coded modulation scheme, BICM [20, 21] has been shown to be
able to achieve large coding gain over fading channels, and thus has been widely accepted to
current wireless local area networks (WLAN) standards, e.g., IEEE 802.11, and the European
HiperLAN/2 [40]. However, there is a drawback of BICM due to the increase of time diver-
sity, namely the decrease of minimum free Euclidean distance, and this leads to a performance
degradation over AWGN channels when compared to UngerboeckTCM [20, 21].

Since the invention of turbo codes [39], iterative decodinghas also been applied to BICM.
It is shown in [22][23][25][26] that with iterative decoding, BICM shows an excellent error
performance not only in the fading channels, but also in AWGNchannel. More specifically, [23]
shows that when signal labeling is carefully designed, iterative decoding can increase the free
Euclidean distance, while at the same time retaining the large Hamming distance. This makes
BICM with iterative decoding (BICM-ID) greatly outperformTCM and compares favorably
with bandwidth-efficient turbo TCM [39, 23] .

Among several distinct approaches to construct space-timecodes, e.g. Bell Laboratories
Layered Space-Time (BLAST) architecture and the space-time trellis code, Bit-Interleaved
Space-Time Coded Modulation (BISTCM-ID), which combines serial concatenation of BICM-
ID with Space-Time Block Code (STBC), can effectively capture the diversity to provide robust
performance under wide variety of fading conditions [57].

1.4 Thesis Outline and Novel Contributions

The thesis is concerned with the problem of reliable wireless transmission over a fast Rayleigh
fading environment. We consider the single user transmission with the particular cases of point
to point transmission using BICM-ID and two-points to pointtransmission using BI-STCM-ID.
In addition to this we consider transmission over frequencyselective channel and the design
of space time frequency signaling with full diversity. Finally, the multiuser transmission is
considered from an information theoretic point of view. Themain contributions is this thesis
can be summarized as follows:

• A new multidimensional constellation labeling for BICM-IDbased on Reactive Tabu
Search (RTS) is designed for 8-PSK which outperforms two dimensional schemes in the
whole SNR region. The scheme combines the multidimensionallabeling with a designed
interleaver.

Aeman S. Mohammed, Yongxiang Gong and Martin Bossert, ”On Multidimensional
BICM-ID with 8-PSK Constellation Labeling”Proc. of IEEE PIMRC 2007, Sept. 2007,
Athens, Greece.

• A BI-STCM-ID with multidimensional labeling is proposed. This signaling scheme re-
sults in a high increase in performance without additional complexity compared to the
transmission without joint labeling of the space time signals. This work is published in

8



1.4 Thesis Outline and Novel Contributions

Aeman S. Mohammed, Wahyu Hidayat and Martin Bossert, ”Multidimensional 16-
QAM Constellation Labeling of BI-STCM-ID with the AlamoutiScheme”Proc. of IEEE
WCNC 2006, April 2006, Las Vegas, USA.

• A simple 2 × 2 × 2 Space Time frequency transmission scheme for OFDM transmis-
sion with full-rate and full-diversity is constructed. This scheme results in low decoding
complexity thank the real rotation matrix. The scheme benefits from the additional fre-
quency diversity and outperforms Alamouti scheme with morethan 8 dB. This scheme is
presented in

Aeman S. Mohammedand M. Bossert. ”A simple 2x2x2 full-rate full diversity space-
time-frequency transmission scheme”.In Proc. 9th International OFDM Workshop,
pages 275-278, Dresden, Germany, September 2004.

• We noted that a broadcasting approach to the multiuser downlink transmission could be
more efficient than the classical multiple access approach used in the current wireless
transmission standards. Based on the concept of Information Combining (IC) and sim-
ulations of simple two user transmission we illustrated thefundamental advantage of
broadcast transmission. We presented this idea on

Martin Bossert andAeman S. Mohammed. Downlink transmission as broadcast chan-
nel. In Proc. International Symposium on Information Theory andits Applications, pages
116-119, Parma, Italy, October 2004.
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Chapter 2
Iterative Decoding, Turbo Codes and
Orthogonal Space-Time Block Codes

In this chapter we explain the fundamentals of the concepts and the definitions used elsewhere
in the thesis. We introduce the concepts of iterative decoding and turbo codes. Then we describe
the basics of coded modulation schemes. We will also discussthe basic concepts behind some
Space Time Block Codes STBCs.

2.1 Iterative Decoding and Turbo Codes

Figure 2.1 shows block diagrams of serial and parallel concatenated codes. Although the figures
only show one interleaver for simplicity, it is possible to have more than one interleaver. The
information symbolsu are drawn from the set 0,1 with equal probabilities. In the serially
concatenated scheme, the superscriptso and i refer to the outer and inner encoders. Hence,
uo andui corresponds to the input andco andci corresponds to the output, of outer and inner
encoders, respectively. The encoding is different for parallel encoder where the information bit
streamu is encoded by two encoders, with the input to the second encoder,u2, being a permuted
version ofu. For both these schemes, the encoded output symbols are fed into modulators that
map the input symbols into streams of continuous time waveforms to transmit over the channel.
In the detector, a set of set of sufficient statistics is obtained by first matched-filtering then
sampling, the received waveform. this set of observables becomes the input to the iterative
decoder [50].

Figure 2.2 shows an iterative decoder for serially concatenated codes. The block named
deinterleaver does exactly the reverse action of the interleaver.

The only difference between a decoder of parallel concatenated codes with the one in Figure
2.2, is he manner in which the different modules in the iterative decoder are connected to one
another [50]. The input output relationships of the modulesare the same for both serial and
parallel decoder realization. According to the figure, we see that the Soft-Input-Soft-Output
(SISO) module is the core element in an iterative decoder since it carries out the decoding of
the constituent encoders in the transmitter.

To distinguish the input and the output of a certain module, we use the lettersI andO. The
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Figure 2.1: Serial and parallel concatenated coding schemes

notation used in the figure can be explained easily using an example. The valuesP(ci , I) denote
the input conditinal PDFs for random vectorC i = (C i

1, C
i
2, ..., C

i
N) given the observation vector

Ri = (Ri
1, R

i
2, ..., R

i
N ). Note thatci = (ci

1, c
i
2, ..., c

i
N) andri = (ri

1, r
i
2, ..., r

i
N) are outcomes of

C i andR, respectively.

Figure 2.3 shows the SISO module viewed as a four-port device. It can be said that the
SISO module accepts a priori probability distributionsP(u, I), P(c, I) at its input, and outputs
a posteriori probability distributionsP(u,O),P(c,O) based on inputs and code constraints. The
set of operations performed in the SISO module is often referred to as the SISO algorithm. It
should be emphasized that the SISO algorithm is a generalization of the classical BCJR algo-
rithm [51], which carries out symbol-by-symbol MAP detection. The only difference between
the two is that the former is capable of handling parallel edges in its trellis diagram. Apart from
that, both are the same. Hence, one could say that BCJR is the core decoding algorithm used in
turbo (iterative) decoders.

We assume that each input symboluk consists ofk0 bits uj
k, j = 1, ...., k0 whereuj

k ∈
0, 1 and each coded symbol(c)k consists ofn0 bits cjk, j = 1, ...., n0 wherecjk ∈ 0, 1. With
these definitions, for a finite time index set, k=1,....,N, the SISO algorithm calculates the output
probability distributions forP(uj

k,O), P(cj
k,O) at timek through the following expressions [49]

P(cj
k,O) = Hc.

∑

e:cj
k

Ak−1[s
S(e)]P [uk(e); I]

×(
no
∏

i=1,i6=j

P [cik(e); I])Bk[s
E(e)],

(2.1)
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Interleaver

Inner

SISO

deinterleaver
Outer

SISO

P (ui; I)

P (ui;O)

P (uo; I)
P (uo;O)

P (ci; I) P (ci;O)

P (co; I) P (co;O)

Figure 2.2: Iterative decoder for serially concatenated coding scheme

SISO

P (u; I) P (u;O)

P (c; I) P (c;O)

Figure 2.3: Input output relationship of the SISO module

P(uj
k,O) =Hu.

∑

e:cj
k

Ak−1[s
S(e)]P [uk(e); I](

ko
∏

i=1,i6=j

P [ui
k(e); I])

× P [ck(e), I]Bk[s
E(e)].

(2.2)

Here,Hc, Hu are normalization constants such that the probabilities in2.1 and 2.2 add to
one when all possible values are considered. Note that the summation is taken over all the edges
(e) in the trellis section subjected to the constraints in the summation condition. We will only
mention that each edge in the trellis diagram is uniquely identified by its starting state (sS),
ending state (sE) , corresponding information symbol and code symbol. See [49] for further
details.

The values ofAk[.], Bk[.] for each time index are obtained using forward and backward
recursions that satisfy following recursive relationships [49],

Ak(s) =
∑

e:sE(e)=s

Ak−1[s
S(e)]P [uk(e); I]

× P [ck(e); I],

(2.3)
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Bk(s) =
∑

e:sE(e)=s

Bk+1[s
S(e)]P [uk+1(e); I]

× P [ck+1(e); I].

(2.4)

The initial values for these recursions are given by

A0 =







1, s = S0

0, otherwise,
(2.5)

BN =







1, s = SN

0, otherwise.
(2.6)

We have assumed thatS0 andSN are the initial and final states of the encoder. It should
be noted that the output probability distributions of the SISO,P (uj

k, O) andP (cjk, O), are com-
puted based on the code constraints and are obtained using the probability distributions of all
bits of the sequence, except the probability distributionsof the jth bit within thekth symbol.
The probabilities are referred to as theextrinsicinformation in turbo code literature. They are
views as the added values by the SISO module to the a priori probability distributionsP (uj

k, O)
andP (cjk, O), disregarding the contribution by themselves [49].

The operation of the iterative decoder is explained as follows. Initial a priori probability
P (u;I) in the inner SISO are equal for all symbols since noa priori probability information
is available before starting the iterative process. In the first iteration, the inner SISO is fed
with equala priori probabilities, and the outputs from he receiver front-end.The SISO module
calculates the input conditional PDFsP (c;I) from r. These two inputs (P (u;I) andP (c;I))
are processed by the inner SISO module to compute the corresponding extrinsic information
according to 2.1 and 2.2. The extrinsic information correspond to the information symbols are
then passed to the deinterleaver that deinterleaves the extrinsic information at its input before
passing the deinterleaved output as the input to the outer SISO. Note that extrinsic information
for coded bits is never used, hence the step to calculate these can be omitted.

The outer SISO module also has two inputs, and a similar procedure as above is repeated in
the outer SISO. From he outputs of the outer SISO, the extrinsic information corresponding to
the coded symbols is then interleaved and fed back to the inner SISO as thea priori probabil-
ities for the inner information symbols for the next iteration. The iterations continue until the
stopping criterion for the decoder is satisfied. finally, theouter decoder takes hard decisions on
the a posterioriprobabilities of the information symbols, and this is the detected information
sequence for the iterative decoder.

2.2 Orthogonal Space-Time Block Codes

Assuming a Generalized Complex Orthogonal Space Time BlockCodeGn of sizep×n matrix
with symbol entries in the code as(0,±x1,±x∗1,±x2,±x∗2, · · · ,±xk,±x∗k) wherep 6=n (non
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square matrix) forp andn denoting the number of time slots and the number of transmit anten-
nae, respectively. According to the interpretation of Radon-Hurwitz transformation theorem, no
full rate complex rectangular (non-square) orthogonal design exists forn > 2 transmit anten-
nas. Tarokh et. al classified generalized complex orthogonal designs forn > 2 with code rates
lower than 1 (non-full rate). The generalized complex rectangular orthogonal codes of size 8×3
and 8×4 achieving a code rate of 0.5 given in [43] as shown below.

Example of generalized complex orthogonal design of size 8×3 achieving a code rate of 0.5

























x1 x2 x3

−x2 x1 −x4

−x3 x4 x1

−x4 −x3 x2

x∗1 x∗2 x∗3
−x∗2 x∗1 −x∗4
−x∗3 x∗4 x∗1
−x∗4 −x∗3 x∗2

























. (2.7)

Example of generalized complex orthogonal design of size 8×4 achieving a code rate of 0.5

























x1 x2 x3 x4

−x2 x1 −x4 x3

−x3 x4 x1 −x2

−x4 −x3 x2 x1

x∗1 x∗2 x∗3 x∗4
−x∗2 x∗1 −x∗4 x∗3
−x∗3 x∗4 x∗1 −x∗2
−x∗4 −x∗3 x∗2 x∗1

























. (2.8)

Siavash Alamouti in [3] proposed a code of size 2×2 utilizing space diversity such that the
two symbols are sent from the two transmit antennas simultaneously in the first time slot and
the second time slot whereas the conjugates of the same symbols sent again in both the time
slots to the only receive antenna with the symbols of the codefrom a complex constellation
only. This scheme proposed by Alamouti is classified as a unique case of Complex Orthogonal
design by Tarokh in [43].

2.2.1 Encoding of the Alamouti Scheme

A full rate square Complex Orthogonal Space Time Code (COSTBC) is a matrix of sizep×n
with the symbols values of the code as(±x1,±x2, · · · ,±xn) and(±x∗1,±x∗2, · · · ,±x∗n) where
p denotes the number of time slots needed to transmit the wholecode andn the number of
transmit antennas withp = n signifying a complex square orthogonal design. Considering
the symbol constellationA with 2b constellation points whereb corresponds to the number of
bits necessary to represent a symbol. The bitsnb entering the encoder generated by the bit
generator are mapped to complex constellation symbols(x1, x2, · · · , xn) to arrive at a matrix
entries which would be orthogonal pairwise.
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2.2 Orthogonal Space-Time Block Codes

But assuming a square COSTBC of size 2×2 matrix, one talks explicitly of Alamouti code
with 2 transmit antennas in which complex symbolx1 is transmitted from antenna I and symbol
x2 from antenna II simultaneously in the first time slot while negative conjugate of the second
symbol−x∗2 and conjugate of the first symbolx∗1 are transmitted simultaneously in the second
time slot to arrive at the matrix as shown below.

G2 =

(

x1 x2

−x∗2 x∗1

)

(2.9)

Alamouti scheme can be applied to an arbitrary complex signal constellation such as PSK
and QAM. The added advantage which Alamouti code offers is the full code rateR shown in
equation below to be equal to 1.

R = k/n (2.10)

wherek denotes the information symbols sent in a block ofp time slots withn transmit
antennas. As two symbols are noticed to be sent in a block ofp = 2 time slots withn = 2
transmit antennas, then a code rate of 1 is achieved. The channel model which we will use
throughout the thesis for the two transmit antennas case is outlined below

2.2.2 Channel Model

Considering a transmission system with 2 transmit antennaeand 1 receive antenna as shown in
the Figure 2.4. Quasi-static flat fading is assumed, i.e. thechannel path gain remains constant
for a complete symbol period. The transmitted symbols in thefirst and second time slots pass
through the Rayleigh fading channel with channel path gainsh1(t) andh2(t) between transmit
antenna I to the receiver and transmit antenna II to the same receiver respectively.

As shown in the Figure 2.4, the transmitted symbols after passing through the channel with
the induction of noise and multipath fading effects can be given in the form of a received vector
y(t) as shown below.

y(t) =

(

x1 x2

−x∗2 x∗1

)

·
(

h1(t)
h2(t)

)

+

(

n1(t)
n2(t)

)

(2.11)

wheren1 andn2 corresponds to the noise added in first and second time slots respectively.
The code matrix defined in equation 2.9 satisfies the Radon-Hurwitz Orthogonal Criteria.

According to Radon-Hurwitz Theorem, an OSTBC designGn of sizep×n square matrix has to
hold the following equation in order to be orthogonal [43].

GnG
T
n = Dn (2.12)

whereDn is a diagonal matrix with diagonal elements of the form

(li1|x1|2 + li2|x2|2 + · · · + lik|xk|2) (2.13)

with all the coefficients(li1, l
i
2, · · · , lik) all strictly positive numbers.
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Tx Antenna 2Tx Antenna 1

Combiner
Estimator
Channel

Rx Antenna 

Interference & Noise

Maximum Likelihood Detector

−x∗2 x∗1
x2x1

r̃1 r̃2

n1

n2

h1 h2

h̃1

h̃1

h̃2

h̃2

Figure 2.4: Alamouti Scheme Model with 2 Transmit and 1 Receive Antennas

Thus, for Alamouti codes, the above equation becomes

G2G
T
2 =

(

x1 x2

−x∗2 x∗1

)(

x∗1 x∗2
−x2 x1

)

(2.14)

G2G
T
2 =

(

x1x
∗
1 + x2x

∗
2 −x∗2x∗1 + x∗1x

∗
2

−x1x2 + x1x2 x∗2x2 + x1x
∗
1

)

(2.15)

G2G
T
2 =

(

(| x1 |2 + | x2 |2) 0
0 (| x1 |2 + | x2 |2)

)

(2.16)

G2G
T
2 = (| x1 |2 + | x2 |2)

(

1 0
0 1

)

(2.17)

G2G
T
2 = (| x1 |2 + | x2 |2)I2 (2.18)

whereI2 is the identity matrix of order2.

16



2.2 Orthogonal Space-Time Block Codes

As mentioned before that according to the interpretation ofRadon-Hurwitz theorem, the
Alamouti scheme is the only valid complex orthogonal symbols scheme with number of transmit
antennae equal to2 (n = 2) and no complex orthogonal design of full rate with number of
transmit antennae greater than2 exists [43].

2.2.3 Detection of the Alamouti Scheme

In accordance to the Alamouti scheme shown in figure 2.4 with channel path gains ofh1(t) and
h2(t) assuming the fading coefficients to be constant over two consecutive symbols signifying
a quasi-static channel model.

The received signalsr1(t) andr2(t+T ) at time slotst and(t+T ) respectively with symbol
periodT are summed up as:

r1 = r1(t) = h1(t)x1(t) + h2(t)x2(t) + n1(t)

r2 = r2(t+ T ) = −h1(t+ T )x∗2(t) + h2(t+ T )x∗1(t) + n2(t) (2.19)

Using the assumption of quasi-static channel such that

hi(t) = hi(t+ T ) = hi (2.20)

for i = 1, 2, · · · , n
Thus the equations simply reduces to

r1(t) = r1 = h1x1 + h2x2 + n1

r2(t+ T ) = r2 = −h1x
∗
2 + h2x

∗
1 + n2 (2.21)

Assuming that the channel estimator estimates the channel perfectly i.e. the receiver has
perfect knowledge of the Channel State Information (CSI). The channel impulse response es-
timated by the channel estimator at the receiver side is ideally assessed to be exactly the same
as the actual channel impulse response encountered by the transmit signals in the medium
hi = αie

−φi . Thus, the combiner gives the signals as:

r̃1 = h∗1r1 + h2r
∗
2 = (α2

1 + α2
2)x1 + h∗1n1 + h2n

∗
2

r̃2 = h∗2r
∗
1 − h1r

∗
2 = (α2

1 + α2
2)x2 − h1n

∗
2 + h∗2n1 (2.22)

The signals received after the combiner are sent to Maximum Likelihood (ML) Decoder
which decides for the most probable symbol by applying the decision criteria expressed in the
following equations:

Choosingxi iff

(α2
1 + α2

2) | xi |2 +d2(r̃1, xi) ≤ (α2
1 + α2

2) | xk |2 +d2(r̃1, xk)∀ i6=k (2.23)

or for PSK signals choosingxi iff

d2(r̃1, xi) ≤ d2(r̃1, xk) ∀ i6=k (2.24)

The signal from the two transmit antennae are simply added toform a combined signal as if
transmitted from a single transmit antenna. Thus, the decoding of two transmit antennae remain
as simple as employing a single transmit single receive antenna however the Alamouti scheme
doubles the diversity order of the system to 2 which is given asnm wheren corresponds to the
number of transmit antenna andm to the receive antennas.
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Chapter 3
Bit Interleaved Coded Modulation with
Iterative Decoding (BICM-ID)

The idea of bit-interleaving for coded modulation can be dated back to Viterbi’s pragmatic
approaches to TCM [47], or even earlier. However, it was Zehavi who first realized the poten-
tial of bit-interleaving for Rayleigh fading channels [20]. This technique was later known as
Bit-Interleaved Coded Modulation. BICM has shown to achieve large coding gain over fading
channels [20, 21]. The main advantage of BICM is that the diversity order can be increased
to the minimum Hamming distance of the code by bitwise interleaving. Besides the large di-
versity order, BICM also provides more flexibility in the design of the encoder and modulation
individually, which is very attractive for practical use.

Although BICM performs well over fading channels because ofan increase in diversity or-
der, one pitfall of BICM is the reduction of free Euclidean distance over Gaussian channel due
to the ”random modulation” caused by bit-interleaving [20]. Recall that the free Euclidean dis-
tance is the key parameter in determining the performance ofBICM over AWGN channel, this
”random modulation” therefore causes performance degradation of BICM system over AWGN
channel.

In [22, 23], an iterative decoding with hard- and soft-decision feedback for BICM was pro-
posed. By careful design of signal labeling, BICM with iterative decoding (BICM-ID), can
overcome the drawback of conventional BICM over AWGN channel by increasing the Eu-
clidean distance with the knowledge of other bit values and this results in a further increase of
the error performance.

This chapter will review the system of BICM and BICM-ID. First, the system model of
BICM and BICM-ID are described. Then, we will review the error bound, design optimization
and some parameters that affect the performance of the systems.

3.1 Bit Interleaved Coded Modulation (BICM)

The block diagram of BICM system is shown in Figure 3.1. The transmitter of BICM is a serial
concatenation of a convolutional encoder of ratekc/nc, a random bit interleaver and a memory-
less modulator [21]. The purpose of bit interleaver is to break the sequential fading correlation
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and to increase the diversity order to the minimum Hamming distance of the convolutional code
[20, 21].

Denote the encoder input symbol at timet by ut = [u1
t , . . . , u

i
t, . . . , u

kc
t ] and the output sym-

bol byct = [c1t , . . . , c
i
t, . . . , c

kc
t ], whereui

t or cit is thei-th bit in the symbol. The encoder output
is bitwise interleaved and eachm consecutive bits of the interleaved sequence are grouped to
form a channel symbolvt = [v1

t , . . . , v
i
t, . . . , v

kc
t ]. The modulator maps eachvt to a complex

transmitted signalxt = µ(vt) chosen fromM-ary constellationχ, whereµ is the labeling map
andM = 2m.

TRANSMITTER

C
hannel

Information
bits

Transmitted
signals

Decoded 
bits

Received 
signals

Encoder  Interleaver Modulator

Demodulator
Deinterleaver

RECEIVER

Bits

Bits
Decoder
Viterbi

vtctut

Figure 3.1: The block diagram of a BICM system

In this thesis, we consider a fully interleaved frequency non-selective fading channel and
coherent detection. The received signal during each symbolduration can be written as follows :

yt = htxt + nt (3.1)

whereht is the Rayleigh random variable representing the fading amplitude of the transmitted
signalxt andnt is a complex white Gaussian noise with varianceσ2

I = σ2
Q =N0/2. It is assumed

that the cannel fades slowly so that the fading amplitude is constant over one symbol duration. It
is also assumed thatht is perfectly estimated at the receiver. Note that in the caseof an AWGN
channel,ht = 1.

The receiver of a BICM system includes three elements : the demodulator, the bit-deinterleaver
and the convolutional decoder. Due to the presence of randombit interleaver, the true maximum
likelihood decoding of BICM requires joint demodulation and convolutional decoding. There-
fore it is too complicated to be implemented in practice. As atrade-off between the complexity
and the error performance, in [20] Zehavi suggested a suboptimal decoding method that in-
cludes two separate steps : the bit metric computation, which is done in demodulator, and the
decoding of convolutional code by the Viterbi algorithm [34].
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For each received signalyt, log-likelihood bit metrics form bits are computed using ML
rules as follow :

λ(vi
t = b) = log p(yt|vi

t = b, ht)

∼ log
∑

xt∈χi
b

p(yt|xt, ht)

i = 1, 2, . . . , m; b = 0, 1 (3.2)

whereχi
b is the subset ofχ whose labels have the binary value ofb at thei-th bit position.

ForM-ary constellation, there are2m subsets, each of them has size of2m−1. The function
p(yt|xt) is the probability density function (pdf) of a received signal yt given the signalxt was
transmitted. The notation∼ in (3.2) indicates replacement by an equivalent statistic.

With two-dimensionalM-ary signal constellationχ, p(yt|xt) is given as :

p(yt|xt) =
1

2πσ2
exp

[

−(yt1 − htxt1)
2 + (yt2 − htxt2)

2

2σ2

]

, (3.3)

where(yt1, yt2) and(xt1, xt2) are the components ofyt andxt in Euclidean space, respectively.
For practical implementation, the log sum calculation in (3.2) is approximated resulting in

a suboptimal maximum log-likelihood bit metric written as :

λ(vi
t = b) ≈ max

xt∈χi
b

log p(yt|xt, ht) = − min
xt∈χi

b

‖ yt − htxt ‖2 . (3.4)

To make it clearer, an example on how to calculate the bit metrics for BICM system using
8-PSK constellation is given in Figure 3.2.

000

001

010

011

100

101

110

111

Bit 1

yt d001

d000

d111

d110
d111

d110

d011

d010

Figure 3.2: Bit metric calculation for BICM

The bit metric for the first bit with a value of 1 is :

λ(v1
t = 1) = min(d2

100, d
2
101, d

2
110, d

2
111) (3.5)
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and the bit metric for the first bit with a value of 0 is :

λ(v1
t = 0) = min(d2

000, d
2
001, d

2
010, d

2
011) (3.6)

whered2
xt

(xt = 000, . . . , 111) is given by‖ yt − htxt ‖2 .
From equation (3.4) and Figure 3.2, it is obvious that each bit metric is computed based on

the minimum squared Euclidean distance between the received signalyt and the signal pointxt

over the subsetχi
b.

Finally, the branch metrics are calculated using the formula :

L(vi
t) = λ(vi

t = 1) − λ(vi
t = 0) (3.7)

to be fed to the input of Viterbi decoder.
The union bound of the BER for a BICM system employing a convolutional code with rate

kc/nc, a constellationχ and a labelingµ is given by [21]:

Pb ≤
1

kc

∞
∑

d=df

WIf(d, χ, µ), (3.8)

wheredf is the minimum free Hamming distance of the code andWI is the total input weight
of error events at Hamming distanced. The functionf(d, χ, µ) denotes the Pairwise Error
Probability (PEP) of BICM system, the probability that a code sequencec is transmitted but
a code sequencêc is selected at the decoder. This function depends only on theHamming
distanced, signal constellationχ and the constellation mappingµ, and can be written in the
form of [21] :

f(d, χ, µ) ≤ 1

2πj

∫ α+j∞

α−j∞

[ψub(s)]
dds

s
, (3.9)

where

ψub(s) =
1

m2m

m
∑

i=1

1
∑

b=0

∑

x∈χi
b

∑

z∈χi
b̄

Φ∆(x,z)(s),

b̄ is the complement ofb,α belongs to the intersection of the regions of convergence ofΦ∆(x,z)(s)
with the real positive line, andΦ∆(x,z)(s) is the Laplace transform of the pdf of the metric dif-
ference∆(x, z). For Rayleigh fading channel,Φ∆(x,z)(s) is given as [26] : ,

Φ∆(x,z)(s) =
1

1 + s(1 − sN0) ‖ x− z ‖2
. (3.10)

When Gray labeling is used, irrelevant error events can be expurgated [21] from (3.9), and
this results in BICM Expurgated (BICM EX) bound. The PEP for BICM EX bound can be
written as [26] :

f(d, χ, µ) ≤ 1

2πj

∫ α+j∞

α−j∞

[ψex(s)]
dds

s
(3.11)

where

ψex(s) =
1

m2m

m
∑

i=1

1
∑

b=0

∑

x∈χi
b

Φ∆(x,ẑ)(s)
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3 Bit Interleaved Coded Modulation with Iterative Decoding(BICM-ID)

andẑ = ẑ(x) ∈ χi
b̄

denotes the nearest neighbor ofx.
Then the PEP of the error floor of BICM system can be numerically evaluated by the Gauss-

Chebyschev quadrature method [53] before the bit error probability is calculated using (3.8).
Note that BICM EX bound is formally similar to the BICM union bound, but it includes only

one error event (x→ ẑ) for each possible transmitted symbolx, rather than all the possible error
events for allz ∈ χi

b̄
, since the number of nearest neighbor ofx in only one, that is the symbol

ẑ ∈ χi
b̄

whose bit value is different fromx only in i-th position.

3.2 Bit Interleaved Coded Modulation with Iterative
Decoding (BICM-ID)

Convolutional encoding introduces redundancy and memory into the signal sequencext, which
is used asa priori information. Yet, the equally likely assumption forP (x ) in (3.2) fails to
use this information, primarily because it is difficult to specify in advance of any decoding.
However, thea priori information of the transmitted signal is reflected in the decoding results.
Therefore, the use of iterative decoding can be used asa priori information, so that the feedback
from the strong data section (which is less affected by the channel noise) can remove the ambi-
guity in the high-order demodulation and enhance the decoding of weak data section (which is
the subject to undesirable noise patterns).

Recall that in the conventional BICM system, the bit metric for each coded bit is computed
at the demodulator as in (3.4) based on ML rule. This metric isessentially a simplification of
the a posterioriprobabilities in the MaximumA posterioriProbability (MAP) criterion [48],
under the assumption that the transmitted signals are equally likely. The MAP criterion can be
calculated as follow :

λ(vi
t = b) = log

∑

xt∈χi
b

P (xt|yt, ht). (3.12)

Using Bayes rule [48], thea posterioriprobabilityP (xt|yt, ht) can be calculated as :

P (xt|yt, ht) =
p(yt|xt, ht)P (xt)

p(yt|ht)
, (3.13)

whereP (xt) is thea priori probability that the signalxt is transmitted. The denominator of
(3.13) can be expressed as :

p(yt|ht) =

M
∑

i=1

p(yt|xt, ht)P (xt). (3.14)

From (3.13) and (3.14), it can be observed that the calculation of thea posterioriprobability
P (xt|yt, ht) requires the knowledge of thea priori probabilityP (xt) and the conditional pdf
p(yt|xt, ht). Hence, the statistic for the bit metricλ(vi

t = b) can be written as :

λ(vi
t = b) ∼ log

∑

xt∈χi
b

p(yt|xt, ht)P (xt). (3.15)
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Figure 3.3: The block diagram of BICM-ID receiver with soft-decision feedback

Figure 3.3 shows the block diagram of BICM-ID receiver usingsoft-decision feedback,
where the Viterbi decoder is replaced by the SISO module described in chapter 2.

Let ct denote the deinterleaved version ofvt andut denote the input symbol corresponding to
ct. Following notation of [49],P (q; I) denotes thea priori probability for a variableq. P (q;O)
is thea posterioriprobability. Note thatP (ut; I) is never available due to the requirement of
the information sequence at the receiver.

On the second round, the extrinsica posterioriprobabilitiesP (cit;O) put out by the SISO
decoder are interleaved and fed back as thea priori probabilitiesP (vi

t; I) to the demodulator.
Therefore,a priori probabilities for (3.15) can be calculated as [26] :

P (xt) = P (µ(vt; I))

=

m
∏

i=1

P (vi
t = ṽi

t(xt); I), (3.16)

whereṽi
t(xt) is the value of thei-th bit of the label corresponding toxt = µ(ṽt). Using (3.15)

and (3.16), the extrinsica priori bit probabilities for the second round demodulation can be
written as :

P (vi
t = b;O) = P (vi

t = b|yt)/P (vi
t = b; I)

=
∑

xt∈χi
b

(

P (yt|xt)

m
∏

j=1,j 6=i

P (vj
t = ṽj

t (xt); I)

)

. (3.17)

Equation (3.17) shows that we need only thea priori probabilitiesP (vj
t ; I) of the other bits

(j 6= i) on the same channel symbolvt when recalculating the bit metrics. The receiver then
uses (3.17) to regenerate the bit metrics and iterate demodulation and decoding. After the last
round, the final decoded outputs are the hard-decisions based on the extrinsic bit probabilities
P (ui

t;O). This is the totala posterioribecauseP (ui
t; I) is unused. To reduce the computational

complexity, the SISO decoder uses an additive log-MAP algorithm [49].

3.2.1 The Error Bound of BICM-ID System

Due to large coding gain produced by iterative processing, one is most interested in the asymp-
totic performance of BICM-ID performance to which the iterative decoding converges. Such an
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3 Bit Interleaved Coded Modulation with Iterative Decoding(BICM-ID)

asymptotic performance of BICM-ID can be analyzed using Error-Free (EF) bound introduced
in [25, 26]. The EF Bounds in [25, 26], both for Rayleigh fading channels and AWGN channel,
are basically the modification of the error bounds of BICM system by assuming that error-free
feedback is used.

However, the EF bound for the case of AWGN channel derived in [25, 26], which based on
the free squared Euclidean distance conditioned on error free feedback (FEDC), sometimes fails
to discriminate the differences in the error performance ofdifferent mappings [15]. Therefore,
a new method to calculate the upper bound of BICM-ID system was derived in [15]. This
derivation is still based on BICM union bound (3.8), but using the techniques presented in
[54, 55] in deriving the PEP of the systems.

Over Rayleigh fading channel, the PEP of the system can be approximated by [15] :

f(d, χ, µ) ≈ 1

2

[

4N0δ̃1(χ, µ)
]d

, (3.18)

where

δ̃1(χ, µ) =





1

m2m

m
∑

i=1

1
∑

b=0

∑

x∈χi
b

1

‖ x− z̃ ‖2



 . (3.19)

Note thatδ̃1(χ, µ)−1 is exactly the harmonic mean Euclidean distance with ideal feedback
defined in [25] for BICM-ID system over Rayleigh fading channel.

For the case of AWGN channel, the PEP of the system can be written as [15] :

f(d, χ, µ) ≈ 1

2
[δ2(χ, µ)]d , (3.20)

where

δ2(χ, µ) =
1

m2m

m
∑

i=1

1
∑

b=0

∑

x∈χi
b

exp

(

−‖ x− z̃ ‖2

4N0

)

. (3.21)

From the equation (3.19) and (3.21), it is clear that the signal labeling has a strong influence
to the asymptotic performance of BICM-ID system over these two channels. Obviously, the best
mappings with respect to the asymptotic performance of BICM-ID system over both Rayleigh
fading channels and AWGN channel are the ones that have the smallest values of̃δ1(χ, µ) and
δ2(χ, µ).

The asymptotic performance of the error floor of BICM-ID overRayleigh fading at high
SNR can also be approximated as [26] :

log10 Pb ≃
−df

10

[

(Rd̃2
h)dB +

(

Eb

N0

)

dB

]

+ const, (3.22)

where
d̃2

h(µ) = δ̃1(χ, µ)−1. (3.23)

It can be observed that the code and the labeling have independent impacts on the asymptotic
performance, namely, the code controls the slope of the error bound through its minimum free
Hamming distancedf , while the labeling determines the horizontal offset of theerror bound
through its harmonic mean distanced̃2

h.
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3.2.2 Labeling for Different Modulation Formats

As already discussed in Subsection 3.2.1, signal labeling has a critical influence to the perfor-
mance of BICM and BICM-ID systems.

In case signal transmission over Rayleigh fading channels,that influence can be quantified
by the harmonic mean Euclidean distances. The distanced2

h affects the asymptotic performance
of the BICM while the distancẽd2

h dominates the asymptotic performance of BICM-ID.
For 8-PSK constellation, the comparison among different labeling methods are presented

graphically in Figures 3.4 and 3.5, while the numerical results from calculating the harmonic
mean of the minimum Euclidean distance before feedbackd2

h and after feedback̃d2
h are shown

in Table 3.1 [25].
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Figure 3.4: Subset partitions of 8-PSK for three different labeling schemes

For 16-QAM constellation, the graphical comparison are shown in the Figure 3.6 and 3.7,
and the numerical calculation ofd2

h andd̃2
h are shown in Table 3.2 [26].
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Table 3.1: Comparison of the harmonic mean of the minimum squared Euclidean distance
before (d2

h) and after ideal feedback (d̃2
h), and the offset gain over Gray labeling for 8-PSK

constellation

Labeling d2
h(before) d̃2

h (after) Offset Gain (dB)

Gray 0.7664 0.8093 0.24
SP 0.6640 1.2209 2.02

SSP 0.5858 2.8766 5.74

Table 3.2: Comparison of the harmonic mean of the minimum squared Euclidean distance
before (d2

h) and after ideal feedback (d̃2
h), and the offset gain over Gray labeling for 16-QAM

constellation

Labeling d2
h(before) d̃2

h (after) Offset Gain (dB)

Gray 0.7664 0.8093 0.24
SP 0.6640 1.2209 2.02

SSP 0.5858 2.8766 5.74
Random 0.413 2.602 7.23

Figure 3.4 and 3.6 illustrate the subset partitioning for each ofm bit positions for different
labeling methods. The shaded regions (only shown inside theunit square) correspond to the
decision regions for each bits inχi

1, while the unshaded one toχi
0. These are also the decision

regions for each bit if hard-decision detection were made for each bit individually before con-
volutional decoding. It is obvious that all labeling methods for 8-PSK and those for 16-QAM
have the same minimum Euclidean distance between subsets ofχi

1 andχi
0,respectively, but a

different number of nearest neighbors. Therefore, for conventional BICM, Gray labeling has
been considered to be optimal [20, 21] due to the smallest number of nearest neighbors.

Given ideal feedback for all other bits, an 8-PSK as well as 16-QAM constellation is trans-
lated to a binary channel selected from four and eight possible pairs, respectively. Figure 3.5 and
3.7 illustrate the increase in the minimum Euclidean distance between subsets. Gray labeling
is not the preferred choice for both constellations becausemost of the binary signal sets result-
ing from ideal feedback have the same intersignal Euclideandistance as original constellation.
These pictures also show that iterative decoding of BICM notonly increases the intersignal Eu-
clidean distance, but also reduces the number of nearest neighbors to one, as in the case of Gray
labeling for BICM system. This leads to significant improvement over both AWGN and fading
channels.

From the numerical calculation ofd2
h andd̃2

h presented in Table 3.1 and 3.2, the offset gains
can be calculated. Offset gain is actually the difference ind̃2

h (dB) of the BICM-ID system with
a particular labeling andd2

h (dB) of conventional BICM with Gray labeling. This gives a quick
comparison between various labeling schemes with iterative decoding and conventional BICM.
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In addition, optimization ofd2
h is done separately from decoding algorithm. Therefore, the

offset gain is the asymptotic performance improvement regardless of the code structure used.
It is clear from the discussion above that a labeling that maximizesd̃2

h while still having a
sufficient larged2

h is preferable, so that the system can work well in the first round (conventional
BICM), and the feedback decoder can reach its ideal performance after a few iterations.

Now, we will consider the impact of signal labeling on the offset gain. For BICM-ID with
the same convolutional code, Table 3.1 and 3.2 show that Graylabeling yields the best perfor-
mance in the first round due to the largestd2

h. However, the performance gain with feedback is
very small. Therefore, Gray labeling is not preferred for BICM-ID system.

For 8-PSK constellation, it is shown in Table 3.1 that SSP labeling has the worstd2
h, but the

largestd̃2
h after feedback . Therefore, SSP labeling has the worst performance in the first-round

but has the largest asymptotic offset gain. For a 16-QAM constellation, random labeling gives
the largestd̃2

h and thus the asymptotic offset gain at the cost of having the poorest first round
performance. MSP labeling shows good compromise between the first-round performance and
the asymptotic iterative decoding performance.

3.2.3 Labeling of BICM-ID as Quadratic Assignment Problem

Quadratic Assignment Problem (QAP) is a kind of combinatorial optimization, given a set of
n locations,n facilities, and twon × n matrices: a flow matrixF = {fij} wherefij is the
flow between facilitiesi andj; a distance matrixD = {dij} wheredij is the distance between
locationsi andj. The objective is to find an optimal permutationp of numbers{1, 2, . . . , n} to
minimize the total cost:

min
p

n
∑

i=1

n
∑

j=1

fijdp(i)p(j) (3.24)

wherep(i), p(j) are the locations to which facilitiesi andj are assigned, respectively.
Considering equation (3.19), maximization of the harmonicmean Euclidean distance over

signal mappingµ is equivalent to:

min
µ

m
∑

k=1

1
∑

b=0

∑

x∈χk
b

1

‖ x− x̃ ‖2
(3.25)

The locations are the signal constellation points{xi|i = 0, . . . , 2m − 1}. The facilities are
the labels{0, . . . , 2m − 1}. And the optimization problem is to find the one-to-one mapping
ruleµ:{0, . . . , 2m − 1} → {x0, . . . , x2m−1}, such that the cost function (3.25) is minimized.

The “distance” between two locationsxi andxj can be defined as :

dxi,xj
=

{ 1
‖xi−xj‖2 , i 6= j

0, i = j
(3.26)

and the “flow” between labelsi andj is defined as :

fij =

{

1, i andj differ only in one bit position
0, otherwise

. (3.27)
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Thus, equation (3.25) becomes

min
µ

2m−1
∑

i=0

2m−1
∑

j=0

fijdµ(i),µ(j) (3.28)

which is a QAP problem as defined in (3.24).

3.2.4 EXIT-chart Analysis

While most studies of concatenated codes with iterative decoding have focused on providing
the asymptotic bit error bounds, the convergence properties of iterative decoding schemes have
gained a considerable amount of interest. The Extrinsic Information Transfer (EXIT) chart is a
visualization method based on bitwise mutual information which provides a tool for studying
the convergence behavior of iterative decoding schemes [59]. EXIT chart is important for the
main work of this thesis as a tool to analyse the converge behavior of the proposed BITCM-ID
system using multidimensional signal labeling.
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Figure 3.8: Iterative decoding of serially concatenated codes

Figure 3.8 shows the iterative decoding of BICM-ID system. For each iteration, demapper
takes channel observationY and the innera priori informationA1 and outputs soft valuesD1.
The extrinsic informationE1 = D1 − A1 is passed through bit-deinterleaver to become thea
priori inputA2 for the outer decoder. The outer decoder feeds back the extrinsic information
E2 which becomes thea priori informationA1 for the inner decoder. Note that the variables
Y,D1, A1, E1, D2, A2 andE2 denote log-likelihood ratios ( L-values).

Having a noise corrupted channel observationY and thea priori informationA1 as the
input, the demapper then outputs extrinsic channel information E1. Thea priori information
A1 which comes from the feedback of the outer decoderE2 are almost Gaussian distributed
[59]. Moreover, large interleaver length keep thea priori informationA1 fairly uncorrelated
over many iteration. Hence, it seems appropriate to model the a priori informationA1 as an
independent Gaussian random variablenA1

with varianceσ2
A1

and zero mean. Together with
the known transmitted information bitsx ∈ {±1}, apriori informationA1 can be written as :

A1 = µA1
x+ nA1

. (3.29)
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SinceA1 is based on Gaussian distribution, it is shown in [59] thatµA1
= σ2

A1
/2, and thus its

conditional pdf is :

pA1
(ξ|X = x) =

e
−

(

ξ − σ2

A1

2
x
)2

2σ2
A1

√
2πσA1

. (3.30)

To measure the information content of thea priori knowledge, mutual informationIA1
=

I(X;A1) between the transmitted inner information bitsX and thea priori informationA1 is
used [59].

IA1
=

1

2
·
∑

x=−1,1

+∞
∫

−∞

pA1
(ξ|X = x)

× log2

2 · pA1
(ξ|X = x)

pA1
(ξ|X = −1) + pA1

(ξ|X = +1)
dξ, 0 ≤ IA1

≤ 1. (3.31)

Combining (3.30) and (3.31), we obtain [59] :

IA1
(σA1

) = 1 −
+∞
∫

−∞

e
−
(

ξ − σ2
A1
/2
)2

2σ2
A1

√
2πσA1

· (1 − log2[1 + e−ξ])dξ. (3.32)

The functionIA1
(σA1

= σ), σ > 0 is monotonically increasing whose limit values are given
as:

lim
σ→0

IA1
(σA1

= σ) = 0, lim
σ→∞

IA1
(σA1

= σ) = 1, σ > 0. (3.33)

Mutual information is also used to quantify the extrinsic output IE1
= I(X;E1). The

demapper transfer characteristic is defined as a function ofa priori bitwise mutual information
IA1

andEb/N0-value [59] :
IE1

= T1(IA1
, Eb/N0) (3.34)

and it can be solved most conveniently by using Monte Carlo simulation.
The outer decoder transfer characteristic is defined as [59]:

IE2
= T2(IA2

) (3.35)

which describes the input/output relationship between theouter coded inputA2 and the outer
coded extrinsic outputE2. Note that it is not depending on theEb/N0-value. IE2

can be com-
puted by assumingA2 to be Gaussian distributed and applying the same equations as those for
calculatingT1.

To visualize the exchange of extrinsic information,both decoder characteristics are plotted
into a single diagram. This diagram is called EXIT chart. On the ordinate, the inner extrinsic
and channel outputIE1

becomes the outera priori input IA2
(interleaving does not change the

mutual information). On the abscissa, the outer extrinsic outputIE2
becomes the innera priori

input IA1
.
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3.2 Bit Interleaved Coded Modulation with Iterative Decoding (BICM-ID)

3.2.5 Interleaving

The interleaver design is another critical parameter for high performance of BICM. The main
objectives of the bit interleavers are to increase the minimum Euclidean distance between any
two coded sequence as well as to mitigate the error propagation during the iterative decoding.

To reach this objectives, the key idea in designing a good interleaver for a BICM-ID system
is to make the interleaved coded bits of a symbol as far apart as possible. This can be done by
using many methods. In this thesis, we use a method called pseudorandom bit interleaver, which
is presented in [25]. The design rules for pseudorandom bit interleaver are given as follow [25]
:

• Modularity: The bit positions before and after interleaving must have the same modulo-m
value. This ensures that the coded bits with different protection are distributed uniformly
along the trellis due to their different positions at the channel-symbol labels.

• Reverse Spread: Them bits going to the same channel-symbol must be spread out as
far apart as possible. This ensures feedback independence in bit metric recalculation and
mitigation of the error propagation through iterative decoding.

Another important parameter regarding the bit interleaveris the block length of the inter-
leaver. It is well known for many iterative decoding that thelonger the interleaver, the better
the error performance becomes. It is also the case for BICM-ID systems. A small block size
of interleaver can cause a substantial degradation of BICM,because the probability that the bits
coming from the same symbol still near to each other are stillhigh. However, increasing the size
of interleaver after a certain high SNR does not improve the performance of BICM-ID system
any further.
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Chapter 4
Multidimensional BICM-ID

Wei [27] and Pietrobon [28] showed that with MD modulation the error performance of Trellis
Coded Modulation (TCM) systems can be significantly improved. This idea of MD Modulation
was applied for MIMO transmission and BICM-ID by Simoens et al. in [29]. In [30] and
[32] szczecinski et al. and schreckenbach et al. proposed modulation doping to improve the
performance of BICM-ID in the low SNR regions which results in performance degradation at
the error floor region. In this chapter, we propose a design for MD-BICM-ID which outperforms
the two dimensional case in the whole SNR region. We use a combination of optimum MD
labeling, modulation doping and designed intreleaver to outperform the two dimensional BICM-
ID. We apply the technique on 8-PSK constellations.

This chapter is organized as follows. In section 4.1 a reviewof the MD-BICM-ID system is
presented. Then we explain the RTS algorithm and the MD labeling in section 4.2. In section
4.3 we show how the modulation doping is implemented for the MD case. Interleaver design
for MD-BICM-ID is presented in section 4.4. In section 4.5 simulation results for the proposed
MD labeling compared to the two dimensional labeling are presented.

4.1 MD-BICM-ID Transmission System

Multidimensional signal mapping for BICM-ID considers several channel symbols over a mul-
tiple symbol interval [9]. This results in a large constellation space for the signal mapping
construction compared to conventional 2D signal mapping. In 2D signal mapping eachm bits
are grouped and mapped to anM-ary constellation signal (whereM = 2m). When 4D signal
mapping is used, each2m bits are mapped to twoM-ary constellation symbols. Figure 4.1
shows the 2D signal mapping and 4D signal mapping schemes with 8-PSK constellation. In
2D signal mapping, each 3 bits are grouped and mapped to one channel symbol. In 4D signal
mapping, each 6 bits are mapped to two channel symbols.

As already known, for conventional BICM-ID with 8-PSK constellation, the optimized map-
ping is “Semi Set-Partitioning” (shown in Figure 3.4). Since8! = 40320, this optimal mapping
can be found easily through exhaustive search. For the multidiminsional case which we consider
the search complexity is too high which means exhaustive search can not be used for this case.
As discussed in chapter 3, the signal mapping problem can be analogized to QAP problem. This
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4.2 Reactive Tabu Search Algorithm
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Figure 4.1: 2D signal mapping versus 4D signal mapping

means all what we need is an algorithm to solve the QAP problem.

4.2 Reactive Tabu Search Algorithm

The Reactive Tabu Search (RTS) algorithm is a realization ofReactive Search (RS) principles in
the framework of Tabu Search (TS) algorithm, where both of them originated from the classical
Local Search (LS) algorithm.

The classical LS algorithm can be described as follows. Fromthe generated initial solution,
LS slightly modifies the configuration of this solution to geta better solution, i.e. the one
with less cost functionf value, by ”looking in the neighborhood”. LS can be effectiveif the
neighborhood structure matches the characteristic of the problem, but it stops when the current
configuration is alocal minimizer, i.e. when all neighbors have higherf values.

Some possible actions to go beyond the local minima while aiming at better suboptimal
points have been proposed, for example the repetition of LS restarting from different points,
Simulated Annealing, Tabu Search and Genetic Algorithm [46]. However, there are some draw-
backs of implementations of these schemes :

• parameter tuning : the user is required to carefully select the parameters for competitive
results. This can be achieved either by a deep knowledge of the problem structure or
simply a lengthy ”trial and error” process, that is not always fully reproducible.

• search confinement :the points near the attraction basin after alocal minimizeris en-
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4 Multidimensional BICM-ID

countered lose any interest of optimization. This cause an excessive computing time.
To avoid it,diversification(exploration) should be activated. On the other hand, in the
assumptions that neighbors have correlated cost functionf , some effort should be spent
in searching for better points located close to the just found local minimum point. This
is calledintensification(exploitation). These two requirements are conflicting. So, the
proper balance between them is a crucial issue.

These drawbacks can be overcome by applying RS schemes, a generic scheme that introduce
the past history of the search as the feedback to complement LS algorithm, where the past
history of the search is used for :

• feedback-based parameter tuning :the algorithm maintain the internal flexibility needed
to cover many problems, but the tuning is automated, and is executed while the algorithm
runs and monitors its past behavior.

• automated balance of diversification and intensification :an automated heuristic bal-
ance can be obtained through feedback mechanisms, for example by starting with inten-
sification, and by progressively increasing the amount of diversification only when there
is evidence that diversification is needed.

As mentioned before, the Tabu Search (TS) algorithm is one ofthe proposed algorithm to
make possible the action to go beyond thelocal minimizerof the LS algorithm. The method
used by the TS algorithm to go beyond thelocal minimizeris through prohibition of selected
moves available at the current point, which is stored in the data structure calledtabu list, and
the enforcement of appropriate amounts of diversification to avoid that the search trajectory
remains confined near a given local minimizer. This intelligent use of past history of the search
to influence the future steps is the main competitive advantage of TS algorithm with respect
to the other LS-based algorithms. However, there are some problems arising in TS algorithm,
namely [46] :

• determination of an appropriate length oftabu list for different task

• the robustness of the technique for a wide range of differentproblems

• the adoption of minimal computational complexity algorithms for using the search history

The use of RS principles in a framework of Tabu Search (TS) algorithm, which is called Re-
active Tabu Search (RTS) algorithm, promises an attractivemethod to deal with these problems.
These methods are described in the following part.

Self-adjusted prohibition method

The RTS algorithm has a simple mechanism to adapt thelist size of the TS algorithm to the
properties of the optimization problem, namely through feedback (reactive) mechanism during
the search. Thelist size is equal to one at the beginning (the inverse of the given moveis
prohibited only at the next step), it increases only when there is evidence that diversification is
needed, it decreases when this evidence disappears. In detail, the evidence that diversification is
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4.2 Reactive Tabu Search Algorithm

needed is signaled by the repetition of the previously visited configurations. All configuration
found during the search are stored in memory. After a move is executed, the algorithm checks
whether the current configuration has already been found andit reacts accordingly, i.e.list size
increases if a configuration is repeated, andlist size decreases if no repetition occurs during a
sufficiently long period.

The escape mechanism

The TS algorithm is not sufficient to avoid long cycles (endless repetition of a sequence of
configurations during the search). To increase the robustness of the algorithm, RTS algorithm
uses a radical diversification step calledescapemechanism. Theescapemechanism is triggered
when too many configurations are repeated too often. A simpleescapemechanism consists of
a number of random steps executed starting from the current configuration with a bias toward
steps that bring the trajectory away from the current searchregion.

Fast algorithm for using the search history

In order to decrease the computational complexity of the searching process, the storage and
access of the past events in RTS is executed through the well-known hashingor digital-tree
techniques which results in an approximately constant CPU time with respect to the number
of iteration. Therefore, the overhead caused by the use of history is negligible for the tasks
requiring a non trivial number of operations to evaluate thecost function in the neighborhood.

Having the idea about the basic functions and memory structure of RTS algorithm, in algo-
rithm 1 we presents the basic RTS loop in thepseudo codeform.

Optimized signal mapping for MD-BICM-ID system

For 4-dimensional BICM-ID system, equation (3.25) is modified to:

min
µ

2m
∑

k=1

1
∑

b=0

∑

X∈χk
b

1

‖ x1 − z̃1 ‖2 + ‖ x2 − z̃2 ‖2
(4.1)

the “distance” between multidimensional signal pointsXi andXj becomes:

dXi,Xj
=

{ 1
‖xi1−xj1‖2+‖xi2−xj2‖2 , i 6= j

0, i = j
(4.2)

and the “flow” between labelsi andj remains the same as that given in equation (3.27). Finally,
the QAP problem of multidimensional signal mapping can be written as:

min
µ

22m−1
∑

i=0

22m−1
∑

j=0

fijdµ(i),µ(j) (4.3)

Reference [18] provides the RTS algorithm as an open source code for application of the
QAP problem. We use this software to find the optimized signalmapping for MD-BICM-ID
with 8-PSK constellation.
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4 Multidimensional BICM-ID

Algorithm 1 Basic RTS Loop [46]

procedure initialization
begin
Initialize max time
Initialize reportevery
end
while Task.current.time ¡ maxtime do

begin
if checkfor repetitions(&Task.current) == DONOT ESCAPE) then

evaluateneighborhood();
choosebestmove();
maketabu(Task.chosenbit);
updatecurrentandbest();

else
escape();

end if
if ((Task.current.time % reportevery) == 0 ) then

PrintStateCompressed()
end if
end

end while

Optimized signal mapping for MD-BICM-ID system with 8-PSK modulation

Figure 4.2 illustrates the 4D signal with 8-PSK constellation.

First signal Second signal

A1
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A3

A4

A5

A6

A7

A8

B1

B2

B3

B4

B5

B6

B7

B8

4D signal:A1B1,A2B1, . . . ,A8B1, . . . ,A1B8, . . . ,A8B8

Figure 4.2: 4-dimensional 8-PSK signal constellation

The RTS algorithm is initialized with a random constellation labeling (configuration). Then
it will search configurations in its neighborhood that have lower fitness values. These configu-
rations are made tabu for a certain period of time.

By applying the RTS algorithm [17], we obtained the optimized 4D 8PSK constellation
labeling. This labeling is presented in Table 4.1. For convenience, we present the optimized
constellation label in decimal form, each of it represents 6bits. The label sequence is based
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4.3 MD-BICM-ID with Modulation Doping

on the sequence presented in Figure 4.2, namely the horizontal axis represents the first transmit
symbol and the vertical axis represents the second one.

Table 4.1: The optimized signal mapping for 4D BICM-ID system with 8-PSK constellation.

A1 A2 A3 A4 A5 A6 A7 A8

B1 15 30 23 18 27 10 3 6
B2 45 60 53 48 57 40 33 36
B3 5 20 29 24 17 0 9 12
B4 59 42 35 38 47 62 55 50
B5 19 2 11 14 7 22 31 26
B6 49 32 41 44 37 52 61 56
B7 25 8 1 4 13 28 21 16
B8 39 54 63 58 51 34 43 46

4.3 MD-BICM-ID with Modulation Doping

Modulation dopinguses two different mappings (e.g. Gray and anti-Gray) in onetransmission
block [30]. Such design provide optimum matching between the labeling and the CC of BICM-
ID system without exhaustive search for the suitable signalmapping. Such scheme does not
increase the receiver complexity. Here, we use modulation doping in the 4D BICM-ID systems.
Given that the error floor of the 4D BICM-ID is much lower than that with 2D labeling the
modulation doping will have less impact on the performance at the high SNR region in the 4D
case.

Given a coded interleaved block with lengthN , doping ratioα, signal mapping schemeµ1

andµ2. The firstN ×α bits in the block will be mapped to the channel symbols using mapping
µ1, and the rest bits using mappingµ2. Figure 4.3 shows the case in 4D BICM-ID with 8-PSK
modulation. The first mappingµ1 is an optimal mapping with lowest error floor obtained in
Section 4.2 using the RTS algorithm. The other mappingµ2 is conventional Gray mapping.
Note that the bits with different mappings are spread throughout the whole block due to the bit
interleaver.

The modulation doping uses two already known mappings and the doping ratio to adapt
the system to a desirable performance. Such scheme is easy totune and does not increase the
complexity of the receiver. By increasing the doping ratio the system can reach a lower error
floor at high SNR. However, the iterative decoding does not work at low SNR. The selection
of the doping ratio depends on target BER and channel quality. EXIT chart is a useful tool to
select the desired doping ratio for a given outer code.
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Figure 4.3: Doping technique for MD-BICM-ID with 8-PSK modulation

4.4 Interleaver Design for MD-BICM-ID

The interleaver design is another important part of system design for a iteratively decoded sys-
tems. For short blocks , the design of the interleaver is a critical problem. In BICM-ID systems,
the main function of the bit interleaver is to break the correlation of the coded bits and in-
crease the minimum Euclidean distance between any two code sequences to mitigate the error
propagation during the iterative decoding.

Consider a 4D BICM-ID system withM-ray modulation, interleaver sizeN . we propose
the following interleaver construction:

• Step 1: In order to separate these2m coded bits as apart as possible, a4m × (N/4m)
matrix is constructed. The coded bits are written column-wise into the matrix.

• Step 2: For each row, an S-random interleaver is used to introduce the “randomness”
and ensure that the neighbour channel symbols are mapped from coded bits which are far
enough. Such design can mitigate the affect of a burst decoding errors. Each row should
use a different S-random interleaver. Usually choosingS <

√

N/2 produces a solution
in acceptable time [24].

• Step 3: The bits are read row-wise from the matrix. In order to ensure that the2m bits
of each group in the original coded sequence are separated byat leastN/4m bits after
interleaving, we separate these4m rows into two parts.1 to 2m rows are part A,2m+ 1
to 4m row are part B. We read one row from part A first, then one row from part B, one
row from part A, and so on.

Figure 4.4 illustrates this interleaver design.

4.5 Simulation of the MD-BICM-ID

We use an 8-state, rate 2/3 convolutional code as the channelencoder, which has(41, 30, 75)8

representation in [19] (generator sequencesg1 = (4, 2, 6)8 andg2 = (1, 4, 7)8 [34]). And each
coded block contains 4000 information bits. This is the samesetup used in [25].
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Figure 4.4: Interleaver design for 4D BICM-ID withM-ary (M = 2m) modulation, interleaver
size isN bits

The error performances of 2D and 4D BICM-ID with 8-PSK modulation over Rayleigh
fading channel are presented in Figure 4.5.

It is known that in conventional 2D BICM-ID with 8-PSK modulation, SSP mapping [25]
has the best performance due to the biggest harmonic mean Euclidean distancẽd2

h with ideal
feedback. When 4D BICM-ID with optimized mapping, which we got by the RTS algorithm
and presented in Table 4.1, is used, the system outperforms the 2D BICM-ID system at high
SNR and a much lower error floor can be achieved. More specifically, 4D BICM-ID gets 1.2 dB
gain compared to 2D BICM-ID atBER = 10−5. However, there is a performance degradation
at low SNR.

The convergence behaviour of the BICM-ID system can be well explained by the use of
EXIT chart. Figure 4.6 shows the EXIT chart of 4D BICM-ID with8-PSK modulation over a
Rayleigh fading channel. AtEb/N0 = 6.5 dB, the tunnel between demapper and outer convo-
lutional decoder is closed. This means that the iterative decoding does not work at this SNR.
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Figure 4.5: Performance comparison between 2D, 4D BICM-ID and 4D BICM-ID with doping
over Rayleigh fading channel. 8-state, R=2/3 convolutional code, 8-PSK modulation, 4000
information bits/block and 8 iterations are used.
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4.5 Simulation of the MD-BICM-ID

And atEb/N0 = 8 dB, the tunnel opens widely, which means the BER curve can converge to
the asymptotic error performance after a few iterations at this SNR.
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Figure 4.6: EXIT chart of 4D BICM-ID with 8-PSK modulation over Rayleigh fading channel.
Eb/N0 = 6.5 and 8 dB

.

The degradation in performance of 4D BICM-ID at low SNR can beeliminated by using
modulation dopingas presented in Section 4.3. Figure 4.7 shows the BER performance of
4D BICM-ID with different doping ratios. Lower doping ratioyields better performance at
low SNR region, while the performance at high SNR region is degraded. It is seen that if
we target theBER = 10−5, doping ratio= 75% is appropriate (also plotted in Figure 4.5
for comparison). It provides a better performance than the 2D mapping in the whole SNR
region. More specifically, the 4D BICM-ID with doping ratio 75% outperforms the 4D BICM-
ID without doping by 0.3 dB atBER = 10−5.

MD-BICM-ID with doping technique

Figure 4.7 shows the effect of different doping ratios of 4D BICM-ID. In order to improve
the error performance at low SNR, modulation doping technique is used. Lower doping ratio
yields better performance at low SNR region, while the performance at high SNR region is
degraded. By careful tuning with the doping ratio, a desiredsystem can be got. If we target the
BER = 10−5, doping ratio= 75% is appropriate. At this BER, the 4D BICM-ID with doping
ratio 75% outperforms the 4D BICM-ID without doping by 0.3 dB.

The EXIT chart of 4D BICM-ID with doping technique atEb/N0 = 7.5 dB is shown in
Figure 4.8. Different doping rates lead to different slopesof the EXIT curves. Before intensive
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Figure 4.7: Performance comparison between different doping ratios of 4D BICM-ID over
Rayleigh fading channel.

simulation, we can use the EXIT chart to estimate the error performance and select suitable
parameters for the simulation. In this case, doping rate= 75% is suitable for us.

The effect of Interleaver design for BICM-ID

The error floor becomes very high after using modulation doping compared to 4D BICM-ID.
Here a designed interleaver could lower the error floor. We use the design method introduced in
Section 4.4 and chooseS = 13 as the parameter of theS-randominterleaver. Figure 4.9 shows
that our interleaver design improves the performance by 0.2dB atBER = 10−5 compared
to using random interleavers and outperforms the 4D BICM-IDwithout doping by 0.5 dB at
BER = 10−5.
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Chapter 5
Space Time Signaling

The information theoretic optimality of the Alamouti scheme for the special case of one receive
antenna [63], [14] motivates the use of this scheme as an inner code for concatenated space time
coding [10], [64].

In MIMO-OFDM transmission there is frequency diversity in addition to space diversity,
resulting from the frequency selectivity of the channel. The design of Space Time Frequency
(STF) codes can be greatly simplified by designing groups of STF codes that achieve full fre-
quency and space diversity. For a transmission over Rayleigh fading channels the key point to
increase diversity gain is to apply a certain rotation to a classical signal constellation in such a
way that any two points achieve the maximum number of distinct components [66].

In this chapter the simple case of two transmit, one receive antennas is considered. In
the first part we consider two subcarriers for each transmit antenna. Assuming uncorrelated
space and frequency channel fading coefficients and we construct a2 × 2 × 2 STF code that
achieves a diversity order of 4. It is designed by concatenating an Alamouti scheme with a real
constellation rotation. Each one of the rotated constellation points is sent through a different
frequency band in order to guarantee frequency diversity. In the second part we consider the
extension of the MD labeling for the Space Time case considering the Alamouti scheme as the
inner space time code and we construct a Multidimensional Bit Interleaved Space Time Coded
Modulation with Iterative Decoding (MD-BISTCM-ID).

5.1 A Simple Full-Rate Full-Diversity Space Time
Frequency Transmission Scheme

We consider the transmission scheme depicted in Figure 5.1 [6]. The constellation points
are divided into two column vectorsc1 =

[

c11 c12
]T

andc2 =
[

c21 c22
]T

with cij ∈ A,
whereA is a set of constellation points (e.g. M-QAM). Each column vector is rotated using the
real rotation matrix:

M =

[

cos(θ) sin(θ)
−sin(θ) cos(θ)

]

(5.1)
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whereθ is the rotation angle to be optimized in section III. The resulting rotated constellation
is given by

xi = M · ci, i ∈ {1, 2}, (5.2)

wherex1 =
[

x11 x12

]T
and x2 =

[

x21 x22

]T
with xij ∈ CI. An orthogonal space

time code is constructed fromx1 andx2 [3] with the code
[

x∗11 −x∗21
x21 x11

]

transmitted overf1 (5.3)

and
[

−x∗12 x∗22
x22 x12

]

transmitted overf2. (5.4)

The rows in (5.3) and (5.4) represent time slots and the columns represent antennas.

rotation

+ +

Tx antenna 2

bits

mapping
M−QAM

Tx antenna 1

rotation

f2

f2 f2

f2 f1

f1f1

f1

x22 x21 x12 x11

MM

[

−x∗
12 x∗

22

x22 x12

] [

x∗
11 −x∗

21

x21 x11

]

c2 =

[

c21

c22

]

c1 =

[

c11

c12

]

Figure 5.1: The STF transmitter.

The two symbols in each Alamouti code are linked through rotation with the two symbols
of the other Alamouti code to guarantee frequency diversity. The symbols are then OFDM
modulated and sent through the two antennas.
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5 Space Time Signaling

5.1.1 The STF detector

The detector is depicted in Figure 5.2. In this Figure the indicesi andj of the fading coefficients
hij represent the transmit antenna and the frequency band, respectively. The indicesi andj of
the of the received signalsrij and the noisenij represent the time slot and the frequency band,

respectively. The received signalsr1 =
[

r11 r21
]T

and r2 =
[

r12 r22
]T

at the input
of the two combiners are given by:

r11 = h11x11 + h21x21 + n11

r21 = −h11x
∗
21 + h21x

∗
11 + n21

(5.5)

for combiner one and ,

r12 = h22x22 + h12x12 + n12

r22 = −h22x
∗
12 + h12x

∗
22 + n22

(5.6)

for combiner two.
The combining scheme builds the following combined signals[3]:

x̃11 = h∗11r11 + h21r
∗
21

x̃21 = h∗21r11 − h11r
∗
21

(5.7)

and ,

x̃12 = h∗12r12 − h22r
∗
22

x̃22 = h∗22r12 + h12r
∗
22

. (5.8)

Substituting this in (5.5) and (5.6) we get

[

x̃11

x̃21

]

=

[

|h11|2 + |h21|2 0
0 |h11|2 + |h21|2

]

·
[

x11

x21

]

+

[

h∗11n11 + h21n
∗
21

h∗21n11 − h11n
∗
21

] (5.9)

and
[

x̃12

x̃22

]

=

[

|h12|2 + |h22|2 0
0 |h12|2 + |h22|2

]

·
[

x12

x22

]

+

[

h∗12n12 − h22n
∗
22

h∗22n12 + h12n
∗
22

] . (5.10)
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5.1 A Simple Full-Rate Full-Diversity Space Time FrequencyTransmission Scheme

The four signals are separated completely. However, to benefit from frequency diversity
with minimum complexity we detect each two of the rotated pairs jointly. By rearranging (5.9)
and (5.10) we get:

[

x̃11

x̃12

]

=

[

|h11|2 + |h21|2 0
0 |h12|2 + |h22|2

]

·
[

x11

x12

]

+

[

h∗11n11 + h21n
∗
21

h∗12n12 − h22n
∗
22

] (5.11)

[

x̃21

x̃22

]

=

[

|h11|2 + |h21|2 0
0 |h12|2 + |h22|2

]

·
[

x21

x22

]

+

[

h∗21n11 − h11n
∗
21

h∗22n12 + h12n
∗
22

] (5.12)

Using (2) in (5.11), then the ML decoding rule for (5.11) is tochoose the constellation points
c1 =

[

c11 c12
]T

that minimize the sum of the squared Euclidean distance:

d2(x̃11, (|h11|2+|h21|2)(cos(θ)c11+ sin(θ)c12))+
d2(x̃12, (|h12|2+|h22|2)(−sin(θ)c11+ cos(θ)c12))

(5.13)

Similarly for (5.12). From (5.13) it is clear that for high SNR only deep fading in all the
four fading coefficients will cause signal loss which guarantees a diversity of 4. For higher
order constellations a sphere detector can be used instead of the ML-detector which results in a
reduced complexity [67], [68].

5.1.2 Optimum Rotations

The performance of the transmitter in Figure 5.1. is a function of one parameter which is the
rotation angleθ. As in [66] for the case of rotated constellation transmission over Rayleigh
channel the rotation angle for the optimum performance of the whole system can be found.
However, instead of searching for the optimumθ which maximizes the minimum product dis-
tance we can bypass the design criteria by searching for the optimum θ that minimizes the
average error probability at the output of the ML-detector.This can be done by simulating the
BER curve of the system at a moderate SNR value. The BER of the STF code is plotted in
Figure 5.3 with QPSK constellation points at SNR = 10 dB forθ = 0...π/4. The optimum value
is found to be 0.49. We noticed that this optimum value ofθ is the same for other SNR values.

5.1.3 Simulation Results

In simulations, we used a normalized QPSK constellation with average energy per symbolEs =
1. The additive white Gaussian noise has a varianceσ2 = m · n/(2SNR) per real dimension,
wherem = 2 is the number of transmit antennas andn = 2 is the number of sub-carriers . Bit
error probability curves are plotted as a function of SNR in dB. This normalization is done to
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Figure 5.2: The STF detector.
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Figure 5.3: Performance for different values ofθ at SNR=10dB.
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5.2 Multidimensional BISTCM-ID Transmission

enable comparison with the single antenna system and the Alamouti scheme without frequency
diversity. The simulation results are shown in Figure 5.4. At 10−5 about 7.2 dB diversity gain
is achieved in comparison with the Alamouti scheme. Additionally, we plotted the results for
the STF code in [64] which uses complex precoders. A gain of about 0.8 dB is achieved by
the proposed real rotations. In addition to the achieved gain, the real and imaginary parts of
5.11 and 5.12 can be decoded separately in the case of real rotation, which results in reduced
decoding complexity.
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1 Tx , no diversity
2 Tx , Alamouti scheme
2 Tx , Ref. [8]
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Signal to Noise Ratio , SNR
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Figure 5.4: The proposed STF code compared to the Alamouti scheme and a STF code based
on complex precoders.

5.2 Multidimensional BISTCM-ID Transmission

Due to its simplicity and information theoretic optimality[14], the Alamouti scheme [3] is
used as an inner STC for two transmit and one receive antenna systems [6] [10]. BISTCM-ID
with Alamouti scheme consists of concatenating a Convolutional Code (CC) with the Alamouti
scheme separated by a bit-interleaver. The use of iterativedecoding at the receiver side results
in turbo gains. As mentioned in the previous chapters constellation labeling plays an important
role in the asymptotic performance of such a system. In this section, we propose a method to
improve the performance of BI-STCM-ID system by applying multidimensional labeling [7].
We apply the RTS algorithm to search for optimum multidimensional 16-QAM constellation
for BISTCM-ID system which results in large asymptotic coding gains over two dimensional
labeling proposed recently in [4].

The block diagram of BISTCM-ID system which uses the Alamouti scheme with one re-
ceive antenna is depicted in Figure 5.2, the CC with code ratekc/nc is first used to encode the
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Figure 5.5: The Block Diagram of BISTCM-ID System.

information bit sequenceu. Then the output of the CC is bit-interleaved. The interleaved se-
quencev are mapped to signal points from an M-QAM constellation according to the labeling
ruleµ. Next, each two complex signals(x1

t , x
2
t ) are grouped to form a space-time codeword ma-

trix Xt based on the Alamouti scheme. The channels considered are fast-fading channels, over
which the Rayleigh coefficient remains constant during the transmission of one single codeword
matrixXt. The received signal is given by

Yt = XtHt + Nt. (5.14)

whereNt is the noise matrix modeled as independent and identically distributed (iid) complex
Gaussian random variables with zero mean and varianceN0/2 per dimension.

At the receiver, the CSI is assumed to be perfectly known. Theextrinsic log-likelihood ratio
(LLR) for each bitLe(v

k
t ;O) is first calculated using the maximuma posteriori probability

(MAP) rule at the space-time demapper. Then, the bit-interleaved version of which is fed into
the SISO decoder to produce the extrinsic LLR of each coded bit, which is used asa priori
information for the next iteration [4].

The asymptotic error performance of the considered BISTCM-ID system over Rayleigh fad-
ing channel is derived from the BICM union bound with the assumption of ”error-free feedback”
[58] and can be written as

log10 Pb ≃ −df

5

[

(RΩ2)dB +

(

Eb

N0

)

dB

]

+ const, (5.15)

whereR is the overall information rate andΩ2 is the coding gain.
Equation (5.15) shows that at high SNR values, the asymptotic BER curve of BISTCM-ID

in logarithmic scale approximates a straight line, where the slope is controlled by the diversity
order of the system and the horizontal offset is provided by coding gain.
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5.2 Multidimensional BISTCM-ID Transmission

The coding gain of BISTCM-ID which employs the Alamouti scheme with 1 receive antenna
is given by:

Ω2(µ) =





1

m2m

m
∑

k=1

1
∑

b=0

∑

x∈χk
b

(|x− z̃|2)−2





−1/2

(5.16)

wherex and z̃ are signals whose labels are different only in thek-th bit position andχk
b is

the subset of signal constellation points whose label in thek-th bit position has the value ofb.
Obviously, constellation labeling plays an important rolein the optimization of coding gain.

Since there are(2m)! possible combinations of constellation labeling forM-ary constella-
tions, the design of constellation labeling results in a huge number of possible solutions. How-
ever, this problem is analogous to the facility-location problem in classical QAP [4], which can
be solved by applying the generic solution of QAP.

By assuming the constellation points as locations and the constellation labeling as facili-
ties, the optimization problem is to find the one-to-one mapping between the facilities and the
locations which minimizes the assignment cost function

min
µ

m
∑

k=1

1
∑

b=0

∑

x∈χk
b

(|x− z̃|2)−2. (5.17)

Equation (5.17) implies that we have to optimize the squaredEuclidean distance between
two signal points whose labels are different only in one bit position, among all members of all
the subsetsχk

b . Therefore, for analogy with facility-location problem ofQAP, the ”distance”
between signal pointxi andxj is defined as [4]

dxi,xj
=

{

(|xi − xj |2)−2, i 6= j
0, i = j

(5.18)

and the ”flow” between constellation-point’s labeli andj is defined as

fij =

{

1, i andj differ only in one bit position
0, otherwise

(5.19)

Thus, the QAP formulation of mapping rule optimization can be written as

min
µ

2m−1
∑

i=0

2m−1
∑

j=0

fijdµ(i),µ(j). (5.20)

There are several algorithms that can be used to solve QAP, among which the RTS is con-
sidered to be one of the best and most efficient algorithms.

5.2.1 Multidimensional Constellation Labeling for the BISTCM-ID

For the considered BISTCM-ID system, each space-time codeword consists of two transmit
symbols. Since the Alamouti scheme allows the transmissionof two symbols in each space
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Figure 5.6: Transformation of two dimensional 16-QAM constellation space into multidimen-
sional 16-QAM constellation space.

time codeword and the calculation of metrics at the receiveris based on the space-time matrix
Xt, multidimensional labeling that considers two consecutive transmit symbols will give more
flexibility in the mapping rule design without increasing the decoding complexity.

Figure 5.6 illustrates the multidimensional constellation space. Obviously, there are(24)2 =
256 vertices in the multidimensional constellation space.

As we did for the MD-BICM-ID case, we slightly modify the costfunction of the QAP
formulation of two-dimensional constellation labeling given in (5.17) by considering the two
symbols in the formula, which results in

min
µ

2m
∑

k=1

1
∑

b=0

∑

X∈χk
b

(|x1 − z̃1|2 + |x2 − z̃2|2)−2 (5.21)

where(x1, x2) ∈ X andχk
b in this case is the subset of constellation points in the multidimen-

sional constellation space whose bit ink-th bit position has the value ofb. Consequently, the
”distance” between signal vertexXi andXj is modified to

dXi,Xj
=







(|xi1 − xj1|2 + |xi2 − xj2|2)−2
, i 6= j

0, i = j

(5.22)

whereas the ”flow” between constellation-point’s labelingi andj remains the same.
By applying the RTS algorithm [17], we obtained the optimized multidimensional 16-QAM

constellation labeling for the considered multidimensional BISTCM-ID system. This labeling is
presented in Table 5.1. For convenience, we present the optimized constellation label in decimal
form, each of it represents 8 bits. The label sequence is based on the sequence presented in
Figure 5.6, namely the horizontal axis represents the first transmit symbol and the vertical axis
represents the second one.

Figure 5.7 shows the learning curve of the RTS algorithm whensearching for the multidi-
mensional labeling. It can be seen that the balance between intensification, diversification and
escape mechanisms enables the RTS algorithm to go further tothe minimum fitness function.
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5.2 Multidimensional BISTCM-ID Transmission

Table 5.1: The proposed multidimensional 16-QAM constellation labeling for BISTCM-ID
system with Alamouti scheme.

A1 B1 C1 D1 E1 F1 G1 H1 I1 J1 K1 L1 M1 N1 O1 P1

A2 10 130 117 253 6 142 251 247 72 192 49 61 66 78 185 181
B2 0 12 127 213 46 132 87 223 96 108 59 21 106 68 55 191
C2 139 163 118 248 135 141 218 242 201 225 50 56 195 77 152 176
D2 3 9 254 244 15 129 214 229 99 105 186 52 75 65 182 188
E2 34 136 121 241 170 166 115 217 226 204 25 145 202 198 179 157
F2 40 160 81 93 36 172 91 211 232 228 19 31 102 238 155 151
G2 39 169 122 112 175 165 82 88 231 237 26 16 207 197 146 28
H2 43 33 84 124 5 45 94 208 235 101 22 62 71 111 158 148
I2 30 150 69 239 20 190 107 103 92 212 1 47 80 126 41 37
J2 144 156 79 199 60 180 67 203 240 252 11 7 120 116 35 171
K2 159 183 70 234 149 189 74 98 221 245 2 42 209 125 8 32
L2 147 153 206 230 29 177 194 200 243 249 138 38 89 113 162 168
M2 18 154 109 229 58 54 97 233 210 222 13 133 90 86 161 173
N2 24 178 193 205 48 184 73 227 216 246 131 143 114 250 137 167
O2 23 187 110 100 63 53 64 104 215 255 14 4 95 85 128 44
P2 27 51 196 236 17 57 76 224 219 119 134 174 83 123 140 164

5.2.2 Simulation Results

The simulation environment used is the same as in [4]. The performance comparison of the
considered multidimensional BISTCM-ID with Ritcey’s labeling and the proposed multidimen-
sional labeling is shown in Figure 5.2.2 8 iterations are performed. The proposed multidimen-
sional labeling significantly outperforms Ritcey’s labeling by about 4 dB asymptotic coding
gain.

To clarify the advantage of the proposed labeling the EXIT chart for Ritcey’s labeling and
the new one atEb/N0 = 6 dB is plotted in Figure 5.9. The EXIT chart shows that the tunnel
of the multidimensional labeling is wider open than the two dimensional one when the a priori
information of the demapper is large. This explains why the multidimensional labeling performs
better at high SNR when a large number of iterations are used.
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Chapter 6
The Multiuser Downlink Scenario
( Coding Perspective )

In information theory the broadcast channel is the model where a single transmitter sends in-
dividual information to many receivers. In fact this is the case in the downlink of a wireless
communication system. However, in existing systems multiple access methods are used in the
downlink. In this chapter we will describe the differences of the two possible strategies and
show the gain obtained by using broadcast instead of frequency division multiple access for the
downlink. Furthermore, we will calculate the mutual information for both cases and show simu-
lation results for Rayleigh fading channels. In addition wedescribe the benefits using broadcast
from a channel coding perspective.

Already Shannon has defined the broadcast channel as a model that one transmitter wants to
send individual information to many receivers. Clearly each receiver has a different channel. In
[69] the broadcast channel was analysed and it was shown thatthe capacity region exceeds the
one for the multiple access channel. Time division multipleaccess was assumed. An overview
of the results of information theoretic results until 1976 for different multiuser channels can be
found in [70].

Figure 6.1 shows the broadcast case for two users. One and thesame signal is send to
both users which contains individual information for both.Because the signal passes through
different channels each user receives a different disturbed signal. From this he detects his
individual information. Note, that from an information theoretic perspective the downlink of
a wireless communication system is exactly the broadcast case. However, in existing systems
this fact is not utilized and a multiple access scheme is applied instead.

In order to illustrate the essential difference between broadcast and multiple access channels
we look for example at UMTS (Universal Mobile Telecommunications System). This standard
is based on code division multiple access (CDMA). The uplink, from the mobiles to the base
station, is a multiple access channel in the sense of information theory because it consists of
many transmitters and one receiver. The users transmit at the same time, in the same frequency
band, and are separated by codes. In the downlink there is onetransmitter and many receivers
but also here the users are separated with codes. Thus multiple access is used for the down-
link. However, the signal is constructed by adding the spreaded information signals together
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6.1 Comparison of Broadcast and FDMA

Transmitter

User BChannel B

User AChannel A

Figure 6.1: Broadcast Transmission (Downlink).

and transmiting the sum signal. Clearly one single signal istransmitted to all users where the
individual signals of all users are simultaneously included. This fact is the same as for the
broadcast case. Indeed a receiver has two possibilities. The first is to correlate the received
(sum) signal with his individual spreading sequence. Sinceit is CDMA which is a multiple
access scheme the individual information can be extracted.This is called single user detection.
The second possibility is to perform joint detection which means that a receiver does not only
detect his own data but all data contained in the sum signal. But this is the broadcast case. And
it is commonly known that the performance is much better in case of joint detection than for
single user detection [8].

This chapter is structured as follows. In the first section wewill compare the broadcast
case with frequency division multiple access (FDMA) for twousers. Then we will calculate
the mutual information between sender and receiver for bothcases. We will also discuss the
consequences for the use of channel coding in broadcast.

6.1 Comparison of Broadcast and FDMA

We assume that there exist two frequency bandsf1 and f2, one transmitter, and two users
A andB. The four Rayleigh channels shown in Figure 6.2 are assumed to have statistically
independent fading coefficients, denoted byh1A, h2A, h1B andh2B. According to [48], the
Rayleigh channel can be described with the parameters0 and its expectation valuēso

s0 = ||h||2 Eb

N0

, s̄o = E {s0} ,

whereh ∈ {h1A, h2A, h1B, h2B}.
For FDMA with no channel state information at the transmitter each user gets one of the

two frequency bands. Assuming BPSK transmission we can calculate the bit error probability
PA for userA andPB for B respectively [48] as
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Figure 6.2: FDMA/Broadcast Channels.

PA = PB = Pb =
1

2

(

1 −
√

s̄o

1 + s̄o

)

.

The result is shown in Figure 6.3.

Now we assume that we know all 4 channels at the transmitter. Then we can decide which
frequency band we assign to which user before transmission.We select the bands such that in
average the smallest bit error ratePA + PB is obtained. This curve is shown also in Figure 6.3
and the gain is 4dB atPb = 10−2. Again this curve can be calculated [48] as

Pfr =

∞
∫

0

P (so) · e−so/s̄o

s̄o
dso with f ∈ {1, 2}, r ∈ {A,B}

Popt,Bpsk = min{P1A + P2B, P1B + P2A} .

Note that this represents an academic case since the signaling of which band is used for
which user is completely ignored.

In order to use broadcast and have comparable transmission rates we transmit in both fre-
quency bands the same QPSK symbol. We use the same energy as inthe FDMA case and it is
equally distributed between the two frequency bands. Each user detects the same QPSK symbol
which is received in two bands and takes one of the two bits as his information. Thus one bit
is assigned to userA and the other to userB. There is no knowledge of the channel at the
transmitter. Figure 6.3 shows that there is a significant gain even compared to the case where
the transmitter has channel knowledge. Again this case can be calculated

Pbroadcast =
1

2

(

1 −
√

s̄o

2 + s̄o
·
(

1 +
1

2 + s̄o

))

,

.
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6.2 Mutual Information and Channel Coding

The gain of broadcast is 5 dB atPb = 10−3 compared to FDMA with channel knowledge.
Compared to FDMA without channel knowledge is about 6 dB atPb = 10−2 . In addition the
curve for broadcast has a larger slope which means that the gains become even larger for lower
bit error rates.
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Figure 6.3: Bit error rates for FDMA, FDMA (known channel) and broadcast.

The results are also valid for higher order modulation alphabets. For example if we use
QPSK for FDMA and 16-QAM for broadcast the gain is shown in Figure 6.4. This curves
where simulated and different coding techniques for the two16-QAM symbols are applied (3
curves for broadcast case).

6.2 Mutual Information and Channel Coding

In [71] the authors computed bounds for the mutual informationI(X; Y,Z) when a symbolX is
transmitted over two channels with conditional probabilitiesP(Y|X) andP(Z|X). The mutual
information is given by

I(X; Y,Z) = I(X; Y) + I(X; Z) − I(Y; Z).

where
I(X; Y) = H(X) + H(Y) − H(XY).

The function H is the entropy which is given for the the binarysymmetric channel with error
probabilityp by

H(X) = −p ld(p) − (1 − p) ld(1 − p) = h(p)
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Figure 6.5 shows the calculation ofI(X; Y,Z) for the broadcast and FDMA case. Thereby the
same assumption as in the previous section have been made, namely independent Rayleigh fad-
ing, and BPSK for the FDMA and QPSK for the broadcast case. This theoretical considerations
demostrate the potential of the broadcast scheme. At a transmission rate of 3/4 bit per symbol
we observe a significant gain of more than 4 dB. The mutual information shows also a gain for
higher order modulations.

The broadcast description allows to adapt channel coding techniques [19] in order to im-
prove the performance. Since both users receive the same signal they can be encoded by one
single codeword of length2n instead of two codewords of lengthn. In coding theory the code-
word error probabilityPB can be bounded with the help of the so called Gallager exponent
E(R) which depends only on the code rateR by

PB ≤ e−nE(R).

This means that as long as the rate is smaller than the capacity (R < C) the codeword error
probability is exponentially decreasing with the code length n. Since forL users we can apply
a code of lengthL · n in the broadcast case we have an error probability which is smaller by a
factor of1/eL compared with FDMA. However, the transmission rate is the same in both cases
because the number of transmitted symbols per time unit is the same.
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Chapter 7
Summary and Conclusions

The thesis treated the problem of reliable digital communication over wireless channels when
the transmitted signal is subject to multipath propagation. Reliable communication accounts
for both improving the reliability of the signal detection,and increasing the transmission rate.
Based on the combination of three well known transmission schemes, which are code con-
catenation, coded modulation and MIMO transmission, we considered three different problems
within this general framework. In addition we considered the multiuser case of the downlink
transmission.

First in chapter 4, we considered the multidimensional labeling for BICM-ID. MD-BICM-
ID results in a low error floor when the signal mapping is optimized. However, the optimized
mapping suffers from performance degradation at low SNR regions. By applying modulation
doping to the MD-BICM-ID shows that it outperforms BICM-ID in both low and high SNR
regions. An interleaver is used to compensate for the degradation on the error floor region in-
troduced by the gray mapping of the symbols. This results in atransmitter which outperforms
BICM-ID in the whole SNR region, and MD-BICM-ID at the low SNRregions without addi-
tional decoding complexity. We considered 8-PSK modulation to demonstrate this transmission
technique.

In chapter 5, we proposed an improvement to the BI-STCM-ID system by considering two
consecutive symbols as single entity for designing the mapping rule. The RTS algorithm is
applied to obtain an optimized multidimensional 16-QAM signal labeling. The same idea could
be applied to obtain multidimensional labeling for other modulation formats, e.g. QPSK and
8-PSK. The performance degradation at the waterfall regionis expected and can be improved
by using a convolutional code that matches the labeling. EXIT chart is a useful tool for finding
the best match between two entities that interact iteratively if the block length is large enough.

A simple transmitter structure for a2 × 2 × 2 STF transmission based on real rotation
of constellation points and orthogonal STC presented in chapter 5. The performance of the
optimized STF scheme is shown to outperform a system with a complex rotation matrix. The
use of real rotations simplifies the design of the transmitter and reduces the complexity of the
decoder. A generalization for a higher frequency diversityorder is straight forward. However,
parameterizing the real rotation matrix and the search for the optimum parameters is difficult.

In chapter 6, we considered the multiuser case and we have shown that using broadcast
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for the downlink of wireless communication systems yield significant gains compared to using
multiple access schemes. An additional gain can be obtainedfor broadcast by using one long
channel code for all users together instead of many short codes. Moreover, since the encod-
ing for broadcast is not restricted we can always use such encoding which represents CDMA,
TDMA, or FDMA. Thus, multiple access can be considered as special case of broadcast encod-
ing. Therefore broadcast can have at least the same or even a better performance than multiple
access.

The work in this thesis is far from being complete. A common problem all research students
face is to fit his/her research activities into fixed time frame, and still to achieve the original re-
search goals. In this work there are many areas that should beinvestigated further, and there
are other areas that could be extended. The combination of the 2 × 2 × 2 STF transmission
with an outer channel code to construct a Multidimensional Bit Interleaved Space Time Fre-
quency Coded Modulation with Iterative Decoding (MD-BISTFCM-ID) is a possible extension
to this work. However, the soft output decoding complexity of the multidimensional signals
in time, space and frequency should be considered. Also the degradation in performance when
transmitting over flat fading channels for the systems considered in this thesis should be studied.
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