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Abstract

Traditionally, communication systems have been employing pilots in order to estimate the
impulse response of multipath channels. However, with the growing demand of high data
rates, the overhead due to the pilots might be a significant issue. In order to minimize such
overhead, one can exploit the redundancy introduced by channel codes (e.g. convolutional
and LDPC codes) for the channel estimation task. Indeed, the complete elimination of the
pilot overhead exploiting solely the channel code redundancy is investigated (i.e. the code
allows blind successful channel estimation).

This thesis aims to derive and analyze efficient algorithms that exploit the channel
code redundancy for blind channel estimation. It investigates blind algorithms that exploit
the structure imposed by channel coding on the transmitted sequence. It is shown that
the sole exploitation of the code for blind channel estimation is very sensitive to the code
constraints. Hence, traditional blind approaches such as the super exponential algorithms
are combined with the code-based approach in order to derive efficient algorithms that
do not strongly depend on the code characteristics. This combination results in a robust
blind estimator that considerably relaxes the required codes constraints for the channel
estimation task. It is also shown that the main advantage of exploiting the code for channel
estimation is to remove all the ambiguities that are inherent to traditional blind approaches.

Additionally, a turbo receiver is proposed in order to further improve the quality of
the channel estimate. Efficient and low-complex algorithms are introduced in order to
exploit the soft feedback of the decoder with the role of iteratively refining the channel
estimate. An algorithm where only an interference cancellation and a correlation step are
performed is proposed and analytically characterized. Additionally, it is shown via Monte
Carlo simulation that the proposed blind turbo receiver is able to perform as well as a
turbo equalizer with perfect channel knowledge.

Moreover, with the goal of providing more insight with respect to the proposed algo-
rithms, the Extrinsic Information Transfer (EXIT) charts are modified in order to analyze
the interplay between the blind and the soft channel estimation phases. It is demonstrated
that only a rough estimate of the channel in the first iteration of the turbo receiver suffices
in order to perform as well as with perfect channel knowledge. Indeed, it is shown that only
a negligible amount of pilots suffices. Moreover, the blind channel estimation approaches
proposed here speed up the turbo receiver convergence in comparison to using a negligible
amount of pilots. In summary, it is shown that the exploitation of the code reduces or even
completely eliminates the necessity of employing pilots.
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Zusammenfassung

Traditionell setzen Kommunikationssysteme Pilotsequenzen zur Schitzung der Impulsant-
wort des Mehrwege-Ubertragungskanals ein. Der Verwendung von Pilotsequenzen reduziert
jedoch inhirent die spektrale Effizienz der Ubertragung und ist, infolge der steigenden
Nachfrage nach hoheren Ubertragungsdatenraten, ein kritisches Problem geworden. Um
diesen Verlust der spektralen Effizienz zu minimieren, kann die, durch die Fehlerschutz-
codierung (z.B. Faltungscodes oder LDPC Codes) eingefiigte Redundanz fiir die Schitzung
des Ubertragungskanals ausgenutzt werden. Deshalb wird in dieser Arbeit die Fragestel-
lung untersucht, inwieweit die eingefiigte Redundanz fiir die Kanalschidtzung ausreichend ist
und ob auf die Verwendung von Pilotsequenzen zur Kanalschéitzung vollstandig verzichtet
werden kann.

Diese Arbeit zielt auf die Herleitung und Analyse von Algorithmen ab, welche die
Redundanz des Fehlerschutzcodes fiir eine blinde Kanalschdtzung ausnutzen. Es wer-
den blinde Schétzalgorithmen untersucht, welche die von der Fehlerschutzcodierung dem
Sendesignal aufgepragte Struktur ausnutzen. Es wird gezeigt, dass die Leistungsfahigkeit
blinder Schéatzverfahren, welche lediglich die Codeeigenschaften ausnutzen, sehr empfind-
lich gegeniiber der Codestruktur ist. Deshalb werden traditionelle, blinde Schéatzansétze,
wie z.B. Super Exponential Algorithmen mit codebasierten Ansétzen kombiniert, um ef-
fizientere Algorithmen zu entwickeln, deren Leistungsfahigkeit weniger von der Codestruk-
tur beeinflusst wird. Diese Kombination erméglicht ein robustes, blindes Schétzverfahren,
welches die Anforderungen der blinden Kanalschatzung an den Fehlerschutzcode deutlich
senkt. Weiterhin wird gezeigt, dass der Hauptvorteil einer Kanalschétzung, basierend auf
der Ausnutzung der Codestruktur, darin besteht, dass die inhdrente Mehrdeutigkeit von
traditionellen, blinden Schéitzverfahren vermieden werden kann.

Zur weiteren Verbesserung der Kanalschatzung wird ein Turbo-Empfanger entwickelt.
Leistungsfahige Algorithmen mit einer geringen rechentechnischen Komplexitat werden
vorgestellt, um die Riickkopplung der Zuverlassigkeitswerte des Decoders fiir eine iterative
Verbesserung der Prézision des Kanalschétzergebnisses zu erzielen. Es wird ein Algorith-
mus vorgestellt, welcher lediglich aus einer Interferenzausléschung und einer nachfolgenden
Korrelation besteht . Des Weiteren wird die Leistungsfidhigkeit des vorgeschlagenen Turbo-
Algorithmus analytisch untersucht. Zudem wird mithilfe von Monte Carlo Simulationen
gezeigt, dass der vorgeschlagene blinde Turbo-Empfénger die gleiche Leistungsfahigkeit
erreicht wie ein Turbo-Entzerrer mit perfekter Kanalkenntnis.

Zur weiterfithrenden Analyse des vorgeschlagenen Algorithmus wird der Austausch
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zwischen der blinden und Turbo analschétzung mithilfe von modifizierten Extrinsic In-
formation Transfer (EXIT) Diagramme untersucht. So wird gezeigt, dass bereits die unge-
fahre Kenntnis {iber den Kanal in der ersten Iteration des Turbo-Empfingers ausreicht, um
die gleiche Leistungsfahigkeit zu erzielen wie im Fall einer perfekten Kanalkenntnis. Damit
wird nachgewiesen, dass bereits vernachléssigbar wenige Piloten ausreichen, um ein prézises
Kanalschétzergebnis zu erzielen. Zudem wird gezeigt, dass der vorgeschlagene, blinde
Kanalschatzalgorithmus die Konvergenz des Turbo-Empféangers steigert. Zusammenfassend
kann festgestellt werden, dass die Ausnutzung der Codeeigenschaften die Notwendigkeit der
Nutzung von Piloten zur Kanalschdtzung reduziert bzw. vollstdndig eliminiert.
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Chapter 1

Introduction

1.1 Motivation

It is well known that the demand for higher data rates in communications systems has been
growing considerably throughout the years. The number of users joining the existing mobile
networks grows significantly, resulting at the need of efficient and clever exploitation of the
spectrum resources. On top of the increasing amount of users in the system, the explosion
of new applications further intensifies the transmission requirements.

However, the fulfillment of the emerging requirements of data-rate brings considerable
technical challenges such as the estimation and equalization of the multipath effect of
the channel. Traditionally, channel estimation is performed with the employment of pilot
(training) symbols. Depending on the transmission scenario, the overhead due to pilots
which is required to estimate the channel with a reasonable quality, might become signifi-
cantly high. Nevertheless, the overhead of pilots for channel estimation contradicts the goal
of a highly efficient! data-rate system. Therefore, the investigation of other alternatives for
channel estimation is appealing for the successful development of efficient communication
systems.

In order to come up with new solutions for channel estimation some properties of
the transmitted signal must be exploited. Actually, any characteristic of the transmitted
signal which is known a-priori might be useful for identifying the channel. For example,
the already mentioned use of pilot symbols implies that there is full a-priori knowledge
about them. Therefore, the received symbols can be compared with the transmitted pilots
and the channel is estimated. However, other properties of the transmitted sequence can
be exploited for the channel estimation purpose. For instance, one can take advantage of
the non-Gaussianity of a finite-size modulated alphabet [BK94,CC06,Fon95,Gia87,JBK97,
KJ94, Men91,NM93,SN03,Sch00,SW93, TP98|. Indeed, several algorithms in the literature
exploit the statistics of non-Gaussian signals for the estimation of the channel without
the use of pilots. However, to the best of the author’s knowledge, none of the existing
blind algorithms (i. e. without pilots) based on the statistics of the transmitted signal can

IEffective data-rate here stands for the rate of information to be transmitted.



2 Introduction

completely estimate the channel. There is always some remaining estimation ambiguity
that is present.

Another interesting idea for channel estimation is the exploitation of knowledge of the
channel code structure. Traditionally, the channel code (e.g. convolutional codes, turbo
codes, LDPC codes, etc....) adds redundancy to the transmitted signal with the aim of
error-correction. Nevertheless, the following fundamental question can be raised:

e since there is already redundancy added by the channel code, is it really necessary
to add further redundancy by the pilots for channel estimation?

e how can the channel code redundancy be exploited for the channel estimation pur-
pose?

Actually, the addition of pilots can be considered as an unwise manner of channel co-
ding, where no error correction capability is added since the redundancy (pilot symbols)
is uncorrelated with the information. On the other hand, the error-correcting code adds
redundancy which is correlated with the information allowing an improvement of perfor-
mance of the system w.r.t. the Bit Error Rate (BER). However, the way of exploiting this
kind of redundancy might be not so straightforward as with pilot symbols.

In order to estimate the channel based on the code redundancy some property of the
code which is known a-priori has to be exploited. In fact, the parity-check equations of
a code are known by the receiver. Hence, in contrast to the pilot redundancy that gives
direct knowledge of the symbols, the channel code provides indirect knowledge about the
relation among the transmitted bits that are connected to a check equation. For instance,
in [SKKO03| the high order statistics imposed by the parity check-equations of the code are
used to blindly estimate the channel when BPSK constellations are employed.

Another way of taking advantage of the channel code for channel estimation is to exploit
the soft feedback of the decoder in a turbo receiver. The principle is to iteratively refine
the estimates of the channel using the decoder decisions. In this way, the code redundancy
is implicitly exploited.

Therefore, the investigation of channel estimation under coded systems must take into
account the mentioned alternative in order to avoid the "waste" of further redundancy
introduced by pilots.

1.2 Objective of this Thesis

The objective of this thesis can be summarized with the investigation of the answers to
the following questions:

1. How to efficiently exploit the code redundancy for channel estimation?

2. By which degree can the amount of required pilots be reduced by the exploitation of
the channel code redundancy?
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3. Is it really necessary to use pilot symbols or does the exploitation of the code suffice?

In order to answer question 1, this thesis shows efficient algorithms that exploit the
code knowledge for channel estimation. Traditional blind algorithms exploiting the non-
Gaussianity of signals are combined with the channel code structure in order to blindly
estimate the channel. Furthermore, low-complex and efficient algorithms that refine the
channel estimates based on the decoder’s soft feedback are proposed and characterized.

The performance of the receiver is characterized using the algorithms proposed through
the thesis and questions 2 and 3 are investigated under some selected scenarios.

Finally, this thesis aims to investigate effective solutions for channel estimation in sys-
tems employing channel coding. Indeed, throughout the chapters it will be shown with
examples that only a few pilots or even no pilots at all are required in coded systems.

1.3 Outline of the Thesis

Chapter 2 introduces the transmitter and receiver model. The turbo receiver is explained
where two phases of channel estimation in the receiver are highlighted: the bootstrapping
phase (when no feedback of the decoder is available) and the soft channel estimation phase
(where the decoder’s feedback is exploited).

In Chapter 3, the algorithms for the bootstrapping phase are considered. First, the
pilot-aided and traditional blind algorithms based on the statistics of the transmitted
signal are briefly reviewed. Moreover the blind channel estimation algorithm introduced
in [SKKO03] using channel codes in BPSK systems is reviewed. Finally, an extension to
QAM constellations is proposed and its advantages and drawbacks are exposed. In order
to come up with a robust blind receiver, the parity-check knowledge is combined with
the statistics of second and fourth order of the transmitted signal. The simulation results
show that the proposed combination estimates the channel blindly without any kind of
ambiguity and without too much dependency on the employed code.

Chapter 4 proposes low-complex and efficient algorithms for the estimation of the chan-
nel based on the soft decoder’s feedback. The proposed algorithms are fully characterized
analytically. Finally, simulation results of the whole turbo receiver including bootstrapping
and soft channel estimation are shown.

In Chapter 5 the behavior of the whole receiver is analyzed using the (Extrinsic Infor-
mation Transfer) EXIT charts. It is shown that the EXIT analysis of the receiver perform-
ing channel estimation, equalization and decoding is a complicated and multidimensional
problem. A framework that converts the analysis to a simple two dimensional approach
is proposed. This framework allows to estimate how good the bootstrapping must be,
answering Questions 2 and 3 of the previous section.

Finally, Chapter 6 summarizes and discusses the conclusions which result from this
thesis. Furthermore, the opportunities for future research are pointed out.



