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ABSTRACT

Turbo Coded OFDM with a Novel Synchronization Technique for
Broadband Wireless Applications

Jinglet Liu

Broadband Wireless Access (BWA) has become the best way to meet the
escalating demand for connecting people to the Internet primarily because of its
flexibility and low cost. The rapid growth of wireless subscribers and their requirements
of integrated data, voice and video services pose a great challenge when designing high-
speed wireless systems with reasonable Quality of Service (QoS) given the limited
resource of radio spectrum. In recent years, Orthogonal Frequency Division Multiplexing
(OFDM) has gained a lot of attention in diverse high-speed digital communication
applications. This has been due to its favorable properties such as high spectral efficiency
and robustness to multipath delays.

In this thesis, an OFDM system, featuring a novel bandwidth efficient
synchronization technique robust to multipath propagation, is presented and analyzed.
The timing offset and frequency errors due to the transmission over a wireless multipath
fading channel can result in rapid bit error rate degradation in OFDM systems. The idea
of the proposed simple and efficient synchronization technique is to reduce this
degradation by designing a synchronizer with a smaller error variance and also less

overhead. This enables us to strengthen the robustness of OFDM to severe multipath



propagations by successfully removing the cyclic prefix (Inter Symbol Interference free)
and maintaining the orthogonality between all the subcarriers (Inter Channel Interference
free). Furthermore, the thesis focuses on the application of diverse channel coding for the
coded orthogonal frequency division multiplexing (COFDM). The performances of the
COFDM based on Turbo Convolutional code (TCC) and Turbo Block code (TBC) are
analyzed and compared. This work also includes channel estimation, which is very
important for coherent demodulation in OFDM.

The simulation results show that the OFDM system, with the proposed robust
synchronization technique and only one properly designed training symbol. has not only
better performance on both timing and frequency offset estimation, but also better
bandwidth efficiency in a multipath fading channel compared with many other modified
versions of the conventional methods described in the literature. The significantly small
error variance of symbol timing has been reached by perfectly eliminating the plateau of
timing metric in the conventional synchronization technique. Thus at low SNR there is no
observable error variance of frequency offset. Furthermore, due to the high accuracy of
synchronization, there is still a potential for saving more bandwidth by further shortening
the guard time. In addition, the applied efficient coding scheme can give almost 10dB

coding gain to the OFDM system at a bit error rate of 10” and known channel.
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Chapter |

Introduction

In recent vears, there has been a significant increase in the demand for mulumedia
applications due to the rapid growth of the voice, video and data communicaton market.
These applications are evolving toward a reliable broadband communicaton system
supporting various kinds of services as well as voice services. The swift growth for the demand
of high speed Internet (World Wide Web) access and mult-line voice for residential and small
business customers has created a necessity for last mile broadband access. The integration of
today’s access system includes both wired and wircless networks. Wircless communicatons has
evolved from being an expensive and rare technology for limited customers in the 1970’s, to
becoming a widespread and economical means for facilitaing domestic, commercial, as well as
public service communications. Broadband wireless access is the most challenging segment of
the wireless revolution given that it has to demonstrate a viable alternative to cable modem and
DSL (Digital Subscribe Line) technologies, which are well-established in the last mile access
environment. According to the forecast of the Analysis, Research, and Consultancy (ARC)
group, the fixed wireless deployments in both homes and businesses will reach almost 28

million by 2005.

For the realization of broadband air-interfaces of a wireless access, the requirement of
the data rates could be up to 155 Mbits/second and beyond. The challenge of designing a

digital communication system has become how to transmit such a high rate of data through a
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CHAPTER 1 INTRODUCTION

communication channel of limited bandwidth while still maintaining maximum data reliability.
There is a complication in achieving high data rates due to the time-dispersive charactenstics
of the channel. The inter-symbol interference (ISI) 1s one of the most severe problems in the high-
speed band-limited communications. In a typical wireless scenario there are multipath-channels
(ie. the transmitted signal arrives at the receiver using various paths of different length). Since
multiple versions of the signal interfere with each other (ISI), it becomes very hard to extract
the original information. The degradation due to ISI becomes more severe as the target data
rate becomes high. Besides, the availability of the channel bandwidth will be even more critical

because of the rapid increase in the number of communication subscribers.

1.1 Overview of OFDM

Orthogonal Frequency Dirision multiplexing (OFDM) has grown to be the most popular
system for high-spced communications in the last decade. In fact, it has been said by many
industry leaders that OFDM technology is the future of wireless communicatons[1][2][3]-
OFDM is sometimes called multi-carrier or discrete multi-tone modulaton. Freguensy Dirtsion
Multiplexing (FDM) has been used for a long time to carry more than one signal over a
communication channel[25]. In older mult-channel systems using FDM, the total available
bandwidth was divided into N non-overlapping frequency sub-channels. Each sub-channel
was modulated with a separate symbol stream and the N sub-channels were frequency
multiplexed. Even though the prevention of spectral overlapping of sub-carriers reduces (or
eliminates) Inter-channel Interference, this leads to an inefficient use of spectrum. The guard
band on cither side of each sub-channel is a waste of precious bandwidth. To overcome the

problem of bandwidth wastage, OFDM spread spectrum technique distributes the data over a

2



CHAPTER | INTRODUCTION

number of N overlapping subcarriers each carrying a baud rate of 1/T and spaced apart at a
precise frequency of 1/T. As a tesult of the frequency spacing selected, the sub-carriers are all
mathematically orthogonal to each other. Orthogonal in this respect means that the sub-
carriers are totally independent. Thus, it prevents the demodulators from secing frequencies

other than their own.

Spectral efficiency is one of the benefits of OFDM. The orthogonality of sub-carriers,
which permits the proper demodulation of the symbol streams without the requirement of
non-ovetlapping spectra, leads to a source of spectral efficiency in OFDM. Another source of
OFDM spectral efficiency is the fact that the drop-off of the signal at the band is primanly due
to a single carrier, which is carrying a low data rate. OFDM allows for sharp edges that

correspond closer to the desired rectangular shape of the spectral power density of the signal.

OFDM is a technology with the concept of multicarrier communications. As
multicarrier communicatons is introduced, with the fixed bandwidth, it enables an increase in
the overall capacity of communication, thereby increasing the overall throughput With
OFD), a high throughput, which may be impossible to be implemented using single carrier

systems, is achievable.

One of the main advantages of OFDM is that it leads to less intersymbol interference
than if the overall throughput was attempted on a single carrier system. Data are transmitted in
parallel using a number of subcarriers in the OFDM system. It is easy to observe from the
concept of OFDM that for achieving the same throughput, the symbol-rate of OFDM 1s N

times of that of single carrier system. By increasing the symbol duration and also cyclically
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extending a guard time, the OFDM system convers a frequency-selective fading channel into a

frequency-flat fading channel, thus, strongly acting against the intersymbol interference.

The roots of OFDM date back to the late 1950’s, with the technology ganing
popularity when it became the standard for Digital Audio Broadcasting (DAB). Since the late
1970’s, OFDM has been proposed and adopted in standards for high-speed applications.
OFDM is currently used in the European digital audio broadcasting standard and s
applicability to digital TV broadcasting is currently being investigated. It also forms the basis
for the global Asymmetric Digital Subscriber Line (ADSL) standards. In 1999, the [EEE
802.11 working group published IEEE802.11a, which outlines the use of OFDM in the 5.8
GHz band for Wireless Local Area Network (WLAN). The IEEE 802.16 broadband wircless

access working group also adopted OFDM for air interface of the physical layer in 2002.

For an OFDM system, it can be shown that the modulation of orthogonal sub-carrers
can be represented as an Inverse Fourier Transform. In order to reduce the computaton
complexity, a Fast Fourier Transform (FFT) and its inverse are normally emploved in the
design of an OFDM system. Compared with the single carrier systems, the implementation
complexity of the OFDM system is largely determined by the FFT/IFFT block. The block
diagram of an OFDM system is shown in Figure 1.1, where the upper path is the transmutter
chain and the lower path corresponds to the receiver chain. The IFFT/FFT in the center of
the figure modulates (IFFT) a block of input values onto a number of subcarrers in the

transmitter and demodulates (FFT) the signal in the receiver.
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Figure 1.1 Block diagram of an OFDM transceiver

1.2 Coded OFDM

It is uncommon to use uncoded OFDM as shown in Figure 1.1. In fact, almost all
current OFDM implementations use Forward Error Correction (FEC). First of all, the OFDM
technique is one of multi-amplitude and frequency modulation. Therefore, the OFDM signal is
contaminated by nonlinear distortion of the transmitter High-Power Amplifier. Channel
coding becomes a commonplace compensaton technique. Addidonally, many independent
subcarrier signals cause large amplitude varation in the received OFDM signal. By using
coding, the subcarders in deep fades are to be corrected somehow so that the system
performance is determined by average received power rather than the lowest subcarner

powers. Therefore, FEC makes OFDM more effective and reliable.

Today, there are many FEC schemes available, either accepted in the current popular
wireless communication system, or under development in the OFDM research community.

For instance, Convolutional codes are one of the mostly widely used channel codes in today’s

5



CHAPTER 1 INTRODUCTION

svstems; all the major cellular systems (GSM, [S-95) in use today use convoluticnal channel
codes. IEEE 802.11a and HiperLAN/2 WLAN standards also use convolutional error
correcting codes. As for IEEE 802.16a, it includes an optional mode that uses them.
Moreover, Reed-Solomon (RS) block codes used for Intelsat, Digital Video Broadcastung
(DVB) concatenated with convolutional Viterbi codes offer an improvement over stand-alone
Reed-Solomon (RS) block codes, and they are one of the optional coding schemes included in
the IEEE 802.16a standards. Finally, the Turbo Convolutional Code (TCC) scheme resembles
the Turbo Codes used in 3GPP (W-CDMA) and 3GPP2 (CDMA2000) as well as Digital
Video Broadcasting Return Channel over Satellite (DVB-RCS). Though unlike Turbo Product
Codes (TPC) it has not been chosen as the coding scheme for [EEE 802.16, but the relevant
study on it for COFDM in IEEE 802.11a can be found in [1]. A general comparison of TCC

and TPC in OFDM system will be carried out 1n detail.

1.3 Estimators of OFDM system

OFDM is a solution for high-speed data transmission with multipath immunity. As
shown Figure 1.1, by using the IFFT, serial high-speed signals will be modulated to many
orthogonal subcarriers and then transmitted in parallel. The orthogonatlity between subcarriers
is ensured by an extended symbol duration of each subcarrer plus the cyclically extended
guard interval. Thus, the ISI and ICI due to multpath delay could be perfectly avoided.
However, this will only be true under the assumption that the recciver is perfectly

synchronized to the transmitter.
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As a matter of fact, the orthogonality is easily destroyed by the synchronization issues
in the transmission of OFDM. First, any frequency offset instantly causes amplitude fading
and the ICI. Consequently, OFDM is particularly sensitive to it more than single carrier
systems. A\ symbol timing offset gives rise to a phase rotation of the subcarriers however, by
using a cyclic prefix the timing requirements ate relaxed somewhat. [f 2 uming error could be
suppressed small enough to keep the channel impulse response within the cvclic prefix, the

orthogonality will be maintained.

A great deal of attention is given to both symbol and frequency synchronization in
OFDM systems. Some of the common methods used to achieve synchronization in OFDM
systems are synchronization using cyclic extension and synchronization using training
sequence in the presence of multipath. The synchronizauon algorithm based on training
sequence is usually simple and efficient for packet oriented applications defined in many of the
previously mentioned broadband system standards. Further, the channel impairments must be

recovered by channel estimation schemes if coherent demodulation was employed.

14 Motivation

One of the disadvantages of OFDM system is that it is very sensitve to
synchronization issues, especially frequency offset, which can easily destroy the orthogonatlity
between OFDM subcarriers. Usually, the two main tasks of synchronization are to estimate

the symbol timing and frequency offset.

In previous literature[6][7](8][9]{10}, many different timing and frequency estimators

were proposed. They can be divided into two main groups: estimators based on cyclic prefix
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and preamble (training symbols). Estimators using cyclic prefix as guard ume interval are
mainly used for continuous transmission such as broadcasting applications. The esumator
using training symbols is preferred in packet orented burst transmission. Therefore, in our

newly proposed synchronization technique, the one based on training symbols is chosen.

Four typical synchronization techniques based on training symbols were proposed
carlicr. In [7]-[10], one or two training symbols (pilot tones) were used for both or either one
of the symbol timing and frequency offset estimations. n (8], Schmidl and Cox improved the
P. Moose estimator [7], and introduced a conventional synchronization method using two
training symbols. However, their scheme has four drawbacks: a) low bandwidth efficiency due
to need for two training symbols, b) their estimator cannot get accurate symbol tming by
climinating the plateau of their timing metric, c) the need for further computation to detect
exact value of timing offset (because of the timing metric plateau) increases the computational
complexity even more, d) the inaccurate estimation in tming also directly leads to the
imprecise frequency offset estimation at low SNR. In [9], the authors modified the method to
find the integral part of the frequency offset in order to increase the bandwidth efficiency by
using one training symbol to do both estimations. In addition, an improvement on their
frequency estimation at low SNR was obtained. But since they udlize the same timing
estimator as [8], their intended improvement is quite limited. Finally, in [10], a new simple and
efficient timing scheme was proposed, but their training symbol can only be used for the
timing estimation. Additional training symbols must be used in order to obtain the frequency

offset, so it is not a bandwidth efficient solution. In summary, the modified estimators in [9]
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and [10] give a different sort of improvement, but the trade-off between bandwidth efficiency

and estimator accuracy is inherent.

Therefore, the purpose of this study is to develop a simple and efficient
synchronization algorithm that saves not only more bandwidth, but also gives more accuracy
on both symbol timing and carrier frequency offset estimations. Moreover, in order to verify
its performance comprehensively in 2 complete wircless communication system, the baseband

model of the whole OFDM system in Figure 1.1 was established by computer simulagion.

1.5 Scope and Organization of the Thesis

In this thesis, the overall system of Coded Orthogonal Frequency Division
Muldplexing for packet-oriented transmission is analyzed and the performance of the system is
evaluated. Because of the importance of synchronization for the robustness of OFDM in a
multipath channel, more effort is placed on the design of timing and the frequency offset
synchronizer for the OFDM system with the smallest possible error varance. As a result, a
novel and robust timing and frequency offset estimation algorithm with more bandwidth
efficiency and the best accuracy is proposed. Based on some of the existing estmation
theorems, a unique modified estimation algorithm is also presented. Its great improvement on
the estimator performance is only surpassed by the novel and robust one verified. In additon,
channel estimation is applied to conquer the channel distortion, and two powerful channel
coding scheme, TCC and TPC, are also comparatively studied so as to enhance the overall

system performance in a multpath fading channel.
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The thesis is organized in the following approach. In Chapter 2, some background
materials on the principle of the OFDM systems are presented. In Chapter 3, two new traning
symbol based synchronization techniques for OFDM systems are proposed and studied
comparatively with several other similar research works concerning their bandwidth efficiency
and accuracy. In Chapter 4, a simple channel esumator for the coherent demodulation of the
OFDM system is given. In Chapter 5, an overall performance for a whole system of COFDM
with synchronizer and channel estimator are discussed. Finally in Chapter 6, the results of this
investigation are summarized, the contribution highlighted, and the direction for some further

study suggested.
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Chapter 2

Background

[n a multipath channel, most convenuonal moduladon techniques are sensitive to
intersymbol interference unless the channel symbol rate is small compared to the delay spread
of the channel. However, OFDM, a multi-carrier modulation technique with densely spaced
sub-carders, is less sensitive to the delay spread and also provides high symbol rate. Therefore,
it has gained a lot of popularity among the broadband community in the last few years. The
basic idea of OFDM systems, its mathematic background and advantages and disadvantages

are brefly presented in this Chapter.

2.1 OFDM System Model

The principle motivation of employing OFDM is to use parallel data and frequency
division multiplexing with orthogonal overlapping subchannels to avoid the use of high-speed
equalization and to combat mulupath delay spread as well as to fully use the available
bandwidth. Due to the implementation problems of large number of carriers at the transmitter,
the system implementation was delayed for nearly 20-25 years. The recent development in

DSP and VLSI technologies make OFDM a feasible technique today.

2.1.1 Basic OFDM signal

In the most general form, the equivalent complex baseband OFDM signal can be

written as a set of modulated carriers transmitted in parallel, as follows:

11
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where T represents the symbol interval of the original symbols. X, , is the symbol (complex
numbers from a sct of signal constellation points) transmitted on the £th subcarrier in the nth
signaling interval, each of duradon T; N is the number of OFDM subcarriers; f; is the £th
subcarrier frequency. The x(t) is the transmitted baseband signal for OFDM symbol number

n.

Demodulation is based on the orthogonality of the carriers g,(7), namely,
[ 8c(t)gi(r)de=T, -a(k~1) @4

Thus the Demodulator will implement the relation:

1 (n+ )T,
X, =i-- nrjlx( t)g(t)dr (2.5)

Figure 2.1 shows the general structure of an orthogonal mulucarrier system.
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Figure 2.1 Basic Structure of an Orthogonal Multicarrier system

The property accounting for orthogonality of the different OFDM subcarriers could
be demonstrated in both time and frequency domain. As explained in [3], in time domain, the
orthogonality between the subcarriers is maintained as long as cach subcarrier always have an
integer number of cycles within the DFT integration interval. An example of three orthogonal
subcarriers within one OFDM symbol is shown in Figure 2.2. Furthermore, a spectrum of
individual subcarriers depicts the orthogonatlity of OFDM subcarriers in frequency domain in
Figure 2.3. Having the zero crossings of all the other subcarrers at the maximum of each
subcarrier spectrum, which means subcarriers in one OFDM symbol are orthogonal to each
other, the intercarrier interference (ICI) can be avoided. It is so called ICI free for frequency

overlapped OFDM systems.
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Figure 2.2 Example of three subcarriers with one OFDM symbol

Figure 2.3 Spectra of individual subcarriers

The complex baseband OFDM signals defined by (2.1) are generated by the basic
orthogonal multicarrier modulator with large number of sub modulators for each orthogonal
subcarrier. In practical, that kind of system was almost not possible to be implemented.
However, in (2.1) an Inverse Fourier transform can be replaced as an OFDM modulator

alternatively. Further, the discrete time version of (2.1) shall be

14
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N-1

4t"( m ) = kgo X"_k gk(t —nT‘_ ) r ’H’%)T‘ ,m= 0...N _1 (2.6)
N-i R

x,,(m)=[z X, eV ] =JN-IDFT( X, } @.
k=0

From (2.7), the OFDM modulation is nothing but an [nrerse Discrete Fourier transform can
(IDFT), as shown in Figure 2.4(2) where P/S and S/P stands for parallel to serial and senal to
parallel converter. The use of Disrete Fourzer Trangform (DFT) in the parallel transmission of
data using Frequency Division Multiplexing has already been investigated since 1971. Though
IDFT algorithm dramadcally simplified the OFDM multicarrier modulator, it is sall not
efficient enough when number of carrier is more than 32 due to the computation complexity
of this direct form of DFT. Fortunately a series of “fast” transforms have been developed that
are mathematically equivalent to the DFT, but which require significantly fewer computer
operations for their implementation. It is so called Fast Fourter Trangform (FFT). The concept
and analysis of FFT and IFFT can be found in [5]. IFFT, Corresponding to IDFT, then 1s
chosen to be the multicarrier modulator in OFDM system, as shown in Figure 24 (b). The
Demodulator basically does the reverse operation to the modulator, so the OFDM

demodulator just does the FFT, as shown in Figure 2.5.

15



CHAPTER 2 BACKGROUND
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Figure 2.4 OFDM Modulator
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Figure 2.5 OFDM Demodulator

2.1.2 Introduction of Guard Period and Cyclic Prefix

One of the main advantages of OFDM is its effectiveness against the mulu-path delay
spread frequently encountered in wircless communication channels. The reducton of the
symbol rate by N tmes, results in a proportional reduction of the relative mult-path delay
spread, relative to the symbol time. To completely climinate even the very small ISI that
results, as shown in Figure 2.6(a), a guard time is introduced for each OFDM symbol in Figure
2.6{b). The guard time must be chosen to be larger than the expected delay spread, such that
multi-path components from one symbol cannot interfere with the next symbol. If the guard
time is left empty, this may lead to inter-carrier interference (ICI), since the carriers are no longer
orthogonal to each other. To avoid such a cross talk between sub-carriers, the OFDM symbol

is cyclically extended in the guard tdme. This ensures that the delayed replicas of the OFDM
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symbols always have an integer number of cycles within the FFT interval as long as the mulu-

path delay spread is less than the guard ame.

%
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s S AN
amssrss | e PN\

.\\\

//// :

> N

Delay _
Received signals Q%GE

]
(a) Without Guard time

(b) With Guard time

Figure 2.6 Guard period for eliminating ISI due to multipath

2.1.3 Subcarrier Mapping

Usually, BPSK, QPSK, 16-QAM, 64-QAM modulation shall be used to map the

subcarrier to Gray coded constellaton, illustrated in Figure 2.7, where 4, is the carliest input

bit. In order to achieve the average power for all mappings, based on the modulation mode,

the output of the mapping need to be normalized by factor Ky, as listed in Table 2.1.

Mapping Ksiop
BPSK 1
QPSK 1742

16-QAM 17410

64-QAM /442

Table 2.1 Normalized factor Kyop
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Figure 2.7 BPSK, QPSK, 16-QAM, 64-QAM mapping
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2.1.4 Muitipath Fading Channel

In the multipath transmission environment, shown in Figure 2.8, signal follows several
propagation paths to arrive at the receiver, so there will be multiple copies of signal with
different delay spread. As a result, the received signal at the receiver is corrupted in a variety of

ways by frequency and phase distortion, inter symbol interference and thermal notse.

Station . Subscriber

Figure 2.8 Multipath transmission environment

2.1.5 Basic OFDM system model

Based on the previous discussion, Figure 2.9 shows the basic baseband OFDM system
block diagram. The random data generator generates ‘0’ and 1" binary bits randomly. Then,
the information binary bits will be fed into the subcarrier modulator to map information bits
to symbols in a certain constellation according to different modulation technique used. These
symbols will be converted from serial sequence into parallel form in order to parallel modulate
each subcarrier using IFFT. OFDM symbols are generated at the output of IFFT multcarrier
modulator, and followed by a parallel to serial converter OFDM symbols will be cyclically

extended. After complex OFDM baseband symbols are sent through channel, at recerver,
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things are just reversed. Cyclic prefix has to be removed first at the receiver. After the FFT

multicarder demodulator and demapping, the recovered binary information bits will be senally

output.
Random | | Modulation Serial Prallel Guard
: 1 (BPSK, QSK,
data . to IFFT to Interval
Generator | : QAM-16 Parallel Serial Insertion
| QAM-64)
.OFDMTransmitter
Add
Aqd Gaussian
Multipath Noise
Channel Model
. Demodulation | :
Guard Serial Prallel (BPSK, QSK, | | Serial Data Out
Interval to FFT to amm-16 [
: Removal Parallel Sernial QAM-64)
‘OFDM Receiver

Figure 2.9 Basic OFDM system model

Under these assumptions,

The channel being considered time-invarant during the transmission of one OFDM

symbol, and the impulse response of the channel is shorter than the cyclic prefix.

ISI is avoided by perfect removal of the guard interval at the receiver, which requires good

knowledge of the starting point of the cffective (FFT) period of the OFDM symbol.
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3. Perfect frequency synchronizaton at the OFDM receiver is necessary to avoid inter-

channel-interference (ICI).

The OFDM system in Figure 2.9 can be modeled as a simple set of Gaussian channels as
depicted in Figure 2.10. The {x,} stand for the transmitted signals at each sub-carrter, being
characterized by the used modulation method. The influence of the fading radio channel 1s
expressed by { H, }, the complex-valued frequency response of the multipath fading channel;

additive white Gaussian noise (AWGN) is denoted as { w, }. { 7, } are the reccived signals .

Figure 2.10 Simple OFDM system model

2.2 Advantages and Disadvantages of OFDM

OFDM possesses some inherent advantages for Wireless Communications so that 1t 1s
becoming more popular in the Wireless Industry today. Due to the symbol duradon on the
subcarriers is increased relative to delay spread and the use of guard interval, IS is avoided and
OFDM is more tolerant of delay spread than single carrier systems. Hence, the most important

advantage of OFDM is its Robustness in mulapath propagation environment.

OFDM provides higher data rate but with simplified equalization as compared to

single carrer systems. That means it gives better performance with less complexity. With
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coding techrique, COFDM is more resistant to multipath fading for FEC is powerful to
protect OFDM subcarners from suffering a deep fade. Even though, OFDM provides a lot
advantages for Wireless Transmission, it has a few serous disadvantages that must be

overcome for this technology to become a success.

One of the most serious problems with OFDM transmission is that, it exhibits a high
peak-to-average power ratio (PAP). PAR can be solved in many ways and detailed studies on it

can be found in [4] if interested.

Another important issuc in OFDM transmission is synchronization. There are basically

two issues that must be addressed in synchronizaton.

1. The receiver has to estimate the timing so as to minimize the cffects of inter-carrier

interference (ICI) and inter-symbol interference (ISI).

)

In an OFDM system, the sub-carriers are exactly orthogonal only if the transmitter and the
receiver use exactly the same frequencics. Thus receiver has to estimate and correct for the

carrier frequency offset of the received signal.

Besides, the phase informaton must be recovered if coherent demoduladon is
employed. In the following chapters, the above mentioned disadvantages except for PAP rado

will be studied in more detail.
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2.3 Summary

Multi-Carrier Modulation is a technique for data-transmission achieved by dividing a
high bit-rate data stream into several parallel low bit-rate data streams and using these low bit-
rate data streams to modulate several carriers. OFDM is a mult-Carrier modulation system
employing Frequency Division Multiplexing (FDM) of orthogonal sub-carriers, each of which
modulates a low bit-rate digital stream. OFDM Transmission has a lot of useful propertes
such as delay-spread tolerance and spectrum efficiency that encourage its use in many
standards of wircless communications. Based on the fundamental mathematic backgrounds of
OFDM modulation and demodulation, its merits and demerits have been introduced 1n this
chapter. Some specific issues such as synchronization and channel estimation will be analyzed

and investigated in the following chapter.



Chapter 3

Synchronization

In this chapter, the basic synchronization issues, one of the major disadvantages of
OFDM, is analyzed first. Current available synchronization algorithms are then classified and
briefly compared. Based on the aim of designing a good timing and frequency-offset esnmator
with more bandwidth efficiency and accuracy, two schemes arc proposed and also compared

with the other existing svnchronization techniques 1n literatures.

3.1 Synchronization Issues

The OFDM is a method that allows transmitting high data rates over extremely hostle
channels at a comparatively low complexity. First, the introduction of cyclic prefix as guard
time eliminates both inter-symbol interference (IST) and inter-channel interference (ICI) in the
OFDM system. Second, OFDM has the advantage of spreading out a fade over many
symbols, thereby reducing the senstavity of the system to delay spread. On the other hand, one
of the disadvantages of OFDM system is that it is very sensitive to synchronization issues such
as timing offset and especially frequency offset. Usually, the two main tasks of synchronizaton

are to estimate the symbol timing and the frequency offset.

3.1.1 Effects of frequency offset
Frequency offset is frequency difference between transmitter and receiver. [t is created

by difference in oscillators in transmitter and receiver, so called phase noise. There are two
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impaired effects caused by frequency offset. One is power loss due to amplitude reduction for
not peak sampling; the other is the ICI introduction since the orthogonality of subcarriers is

destroyed. Figure 3.1 shows the effects.

a Amplitude

Frequeacy

Figure 3.1 Effects of a frequency offset: reduction in signal amplitude(o) and [Cl(e)

3.1.2 Effects of timing offset

In multipath channels the timing offset increases the sensitvity of OFDM to delay
spread. However, By using cyclic prefix, as long as a symbol timing delay is in the loose range
of guard time interval as tllustrated in Figure 3.2, it can be viewed as a phase shift introduced
by the channel, and this phase rotation can be estimated by a channel estimator. So, In this
case, the timing offset will not introduce any ISI and ICL Otherwise, ISI will occur. However,
to achieve the best robustness to multipath propagation, there is optimal timing offset

requirement [6][3].
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_ Latest pussible timing

Earliest possible timing

OFDM symbol time

P —— .
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- &

Guard tiine  FFT intcgration tinx
Figure 3.2 Example showing that Timing offset will not introduce ISI and ICI, no

matter the earliest timing or the latest timing

3.2 System Description

A baseband OFDM signal is generated by taking the IDFT/IFFT of a block of
transmitted data symbol {X,} belonging to a QAM or PSK constellation. We can express

samples of discrete-ime OFDM symbol as

amnk

-

N-1
x=IDFT, {xkkﬁz Xe ¥ G.1)
k=0

where -G <0 <V -1, N is the IDFT/IFFT size, G is the number of cyclic prefix samples which
is served as guard time to conquer multipath channel and must be greater or equal to the ime
spread of the channel to avoid ICI and ISI, and the sampling rate is 1/T=N/T (1/T is
subcarrier spacing). Furthermore, due to the use of IDFT/IFFT, sometimes in literatures it is

clear to define {X,} as frequency domain signal, {x,} as tme domain signal.
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In practice, we must consider to pass our signal through a channel. A ume-vanant

discrete-time multipath channel is characterized by

M-

hnn)= Zh,(n o(n, —n;) (3.2)
=0

where n=7/T, {n=1/T} is the ime delays normalized to T,, {A{n)} represents the complex
path gains of 4h path, and M is the total number of the paths. If the carrier frequenty offset (FO)
4f and the normalized symbo/ timing offset (TO) &=1,/T, caused by timing estimator affect our
received signal, the channel output signal after passing through the multpath fading channel is

in the form of

M-
- JrIfnse, )
r, = Zh,( n+e,)x,,, € +w,,, (3.3)
1=0

If £ belongs to {-G+1,,./Ts. -G +7,,/Ts+1.....0}, the received signal is ISI and ICI
free, where7__ is the maximum multipath delay spread. That means, there 1s optimal uming

offset requirement. On the contrary, if &, is out of this range, both ISI and ICI will be
introduced as shown in Figure 3.3. The extra ISI+ICI term will cause major performance
degradation. In order to eliminate this and also shorten the guard ume interval as much as
possible, we need to design an estimator such that the timing error is small compared to the
required timing offset interval. Otherwise, if the longer cyclic prefix is used to ensure that the

timing offset within the ISI free region, it will reduce the bandwidth efficiency.
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Figure 3.3 Non-optimum timing offset leads to ISI+ICI.

Let us assume that &, is in the range {~G+7,,/Ts... 0} and the channel is ume-
invariant A(n+¢,)=h, in one OFDM symbol. After substituting (3.1) with #= n+§&,-n, into

(3.3), the sampled complex envelope of the received sequence is given by

e N-1 :Ib‘,, Jan(k+v)

el”: -
r,,=—; erl v Xkel Noo+w, (3.4

neey

¥ L
where 6,=2n4fE, H, = Zh,e”"ﬂ"'/‘v , € is the normalized tming offset, r=4f\ 1s the
1=0

normalized carrier frequency offset, and ,,, is the samples of Additve White Gaussian

Noise(AWGN). From(3.4), we notice that the effect of dming offset and frequency offset on
the received OFDM signal is to destroy the orthogonality between the subcarriers and to cause
attenuation. Therefore, it degrades the system performance severely. Both frequency offset

and timing offset should be estimated accurately and compensated.
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3.3 Synchronization Algorithm

Two types of synchronization algorithm based on the cyclic extension and special
training symbols are commonly used for OFDM systems. The Synchronizaton technique
based on the cyclic extension is basically used for blind synchronization where it is not possible
to use a training sequence. However, to attain a distinct correlation peak, a large (> 10) number
of OFDM symbols are nceded, while only a fraction of each symbol is used. Such a high cost
for synchronization accuracy is not affordable for the high rate packet orented transmission.
By contrast, synchronization based on the training symbols takes shorter synchronization tme

without losing the accuracy, so it is more efficient choice concerning to packet transmission.

In [8], Schmidl and Cox improve the P. Moose estimator [7], and propose their
conventional estimator for both the timing and frequency offset using two different and
propetly designed training symbols. Unfortunately, their symbol tming (the start point of FFT
window) cannot be uniquely found due to the timing metric plateau in the interval of cyclic
prefix (see Figure 3.7). In addition, their frequency offset estimator gives the large error
variance in multipath fading channel at SNR less than 10dB. In [9], authors modify a part of
Schmidl and Cox method to find the frequency offset more accurately. Meanwhile, they also
improve the bandwidth efficiency. However, they use the same timing estimator of Schmidt
and Cox. Therefore, due to the inaccurate symbol timing, their modified frequency offset
estimator can stll not handle the large error variance at SNR lower than 5dB(see Figure 3.12).
In [10], authors redesign the Schmidl and Cox’s training symbol and get the high accuracy of
timing offset estimation. On the other hand, their redesigned training symbol is only designed

to cope with symbol timing, and it is not suitable for frequency estimation. If the frequency
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offset is also to be estimated, at least one other training symbol is needed. In summary, a
tradeoff between high synchronizaton accuracy and the bandwidth efficiency exists in all

above-mentoned algorithms.

Using only one training symbol, the two synchronization schemes proposed next can
estimate both the symbol timing and the frequency offset with high accuracy. In order to
accomplish the synchronization tasks, some modification need to be made on the receive side.
Figure 3.4 depicts the developed baseband OFDM system model considered in this chapter
for the two schemes. At the receiver, in order to remove guard time, symbol aming is first
estimated. It will be shown later that the FO estimadon is realized in two steps. Before the

FFT, the fractional part of the frequency offset (FFO) has to be estimated and corrected and

then the integer part (IFO).
Add
Guard
X0
X Serial Parallel X
X . n
—E to . IFFT to
Parallel - Serial
Xpn.1
Multipath
Fading
Channel
Remove
Guard
R r
Parallel [¢ - 2 Serial
to . FFT . to
Serial  |el |- Fns - w1 Parallel
. . S . 3. SN _T__
; 1 I
FOo & FFO | TO/
Estimator/ i Estimation/ [e- Symbol Timing
Correction : Correction | Sync.

FO Estimator

Figure 3.4 Developed baseband OFDM system model.
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3.3.1 Scheme one
With a new designed training symbol, the symbol timing can be obtained as simply and
precisely as in [10]. In addition, the frequency offset can also be estimated more precise than

the one in [8][9].

3.3.1.1  Timing Detection

In [10], two OFDM symbols are used as training symbols for iming and frequency
offset estimations. The main part of the one training symbol for the symbol timing is in the
form of two repeated parts. Since the rwo sequences with the length of N/2 are repeated to
each other, at the receiver the symbol dming is found by maximizing a correlaton metric
generated by slicing a length N correlation window on the reccived signals. However, because
the CP is cyclically extended in the training symbol, the correlation metrics calculated within
the CP are the same. Due to this plateau it is impossible to find the single uming peak. Thetr
solution is to find the approximate peak by averaging two points with 90°0 value of the
maximum correlation metric, but such increased complexity does not reward more accuracy.
Based on Schmidl&cox’s method, [10] found a better solution to climinate the plateau by a
redesigned training symbol as shown in Figure 3.6(a). Because of the introduction of some
negative values to the correlation metric calculated within CP, the correlation metric plateau
disappeared. Instead of the training symbol design method described in [10], our new designed
training symbol adds the cyclic prefix just simply by a neganve copy of 2 tail portion of the
main part of the training symbol. Because the negative samples in the cyclic prefix are able to
give enough negative value in timing correlation metric over the whole cyclic prefix interval

(see Figure 3.6(b)), we can also eliminate the dming metric plateau in Schmidl&cox’s method
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and get the perfect peak in timing metric .M,(d). The frame structure of OFDM signals with

designed training symbol is shown in Figure 3.5.

,// A SS SS % OFDM SYMBOL W/%;; OFDM SYMBOL

Figure 3.5 Frame structure of OFDM system.

The proposed new design training symbol x;,,in the time domain s designed as

x,, =[-CP SS SS| (3.5)

where [ 55 55|, which is the main part of the training symbol, represents two identical sample
sequences of length L=N\/2 generated by transmitung PN sequence {X\,} in the frequency
domain on the even subcarriers, while zeros on the odd subcarriers of OFDM modulator. An
illustration of a sequence belonging to QPSK constellation which can generate the main part

(N'=8-point FFT) of the training symbol in (3.5) is shown in Table 3.1

Subcarrier PN sequence D = X,
# Xi ‘ X.:
0 (1+])) ;
l 0
2 (1+]) -]
3 0
4 (1+]) l
5 0
6 (1+]) 1
7 0

Table 3.1 Example of sequence to generate the training symbol
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The timing metric is also calculated as

P(d)
M,(d)=| i 'I (3.6)
R(d)

where P,(d) is the simple correlation of two identical parts of the training symbol.
Ll
Pl(d)= Z(rdvm .rdunOL ) (37)
m=0

compared with correlation calculation among four identical parts in Figure 3.6 (a), this
represents a reduction in complexity as shown in Figure 3.6 (b). The half symbol energy R,(d)
is calculated as half of the full \ sample energy which is much better to be used according to

[10],

Nt ,
R(d)= §Z|r(d +m )| (3.8)

~ m=0

P,(d) and R,(@) can be calculated iteratively [10]. The sample index d =d, which maximizes

(3.6), will be the start point of the FFT.
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Figure 3.6 The correlation calculation comparison

An example of propetly designed training symbol with 16-point FFT samples plus two
samples of cyclic prefix is used to verify and compare the proposed algorithm with those of
others. Without adding Gaussain noise and multipath channel, Figure 3.7 shows that the

proposed method can find the desired dming metric peak at d,,, =2/ as perfect as in [10].

e e e Proposed method ~
«m» Schmid! & Cox
. —=— Ref. {5] N

Timing Metric M(d)
o
wn
T

‘f
02 : .
! L]
0.1 b Y ‘.
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) < v x®%e?
1 5 10 15 2021 25 30 35

Time(sample)

Figure 3.7 Timing metric comparison (without white noise and attenuation)
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The above mentioned timing estimation method will be efficient enough in AWGN

channel. However, in a Multipath channel, it has an inherent problem because the correladon

is based on two repeated parts in one training symbol but not on a known training symbol. As

shown in Figure, the difference of the reccived signals at /=, and /=£,+NT; will lead to weak

correlation so that cause a major performance degradanon. However, toward the end of the

correlation calculation this kind of detrimental becomes smaller since the two received signals

at r=f, and r=£,+N'T, are identical. n order to solve this unequally weighted correlation, a linear

weighting function I {m)=a,m is employed, where 4, is a factor indicating the slop of the

weighting function curve. s shown in next section, with the increasing 4, from 0 to 0.8, the

error variance of both timing and frequency offset have been improved.

Main Signal : x,(t) %

First delay pathzz~
Signal - x(t) 4//// ,I/é

Second delay path7
ecS?ignale: ?(Z(Sa %

tf b t?+L b+l ﬁm:

BRI G | DA

' 3 E S G
% sé‘lr sS TG

— L —=— L .

Figure 3.8 Problem of correlation calculation in a Multipath channel

The P(d) and R(d) corrected by weight function are given by

N-1 N-1
P(d ) = Z( rd‘+mrd+m+N )+ ZW( ’")'( rd.+mrd+m+N )
m=0 m=0

35
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2

(3.10)

N-1
R(d)= Z(W( m ) + 1 Ard+mbN
m=0

Then, by substituting P(@) and R(d) into (3.6) a new timing metric :M(d) is formed.

3.3.1.2  Carrier frequency offset estimation

As depicted in Figure 34, FO is estimated by two parts, I (IFO) and 1 (FFO).
Obviously, the training symbol in [8][9] can find timing and [,. However, in order to esumate
[/, at least one more training symbol is nceded for [8][9][10], though[10] does not touch this
topic at all. Thus it reduces the bandwidth efficiency. With the purpose of saving bandwidth,
[9] modifics the [, estimation part of Schmidl and Cox’s method. However, they use the same
symbol timing method of Schmidl and Cox so that their estimator suffers the same poor
timing metric plateau which directly leads to a large error variance of frequency offset at low

SNR.

On the contrary, with the proposed modified training symbol structure, the highly
precise symbol timing is obtained. The advantage of our method is also represented on the
aspect of bandwidth efficiency. Using the same training symbol the frequency offset can also
be estimated, and the frequency estimator performance is much better than [9] and[8] at low

SNR.

The sequence D, in Table 3.1 (column three) enables us to estmate the carmer

frequency offsct in two steps with the same training symbol for timing. [/, can be found firstly

by the phase of P( d ) in (3.9) with d =d,,,. such that
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V. = angle( P(d ))

, (3.11)

T
. . , -J2xv, n/ N .
This [, must be compensated using r,'= r.e /=¥ 77" before FFT. Then, after the cyclic prefix

is removed, according to the FFT properties [5] the FFT output of the training symbol can be

written as
{ =™ NE) 2
Xk =e HMnd(( k-2grN) V" X.lludl( k=-2¢1rNV) + Wk (3'1")

2re,(k~28)

where 6, =0, + , g 1s the index in the possible range of the position shifts. #7)’s

are the samples of DFT/FFT outputs of the AWGN channel. 2g shift is due to the preset
zeros values in the odd positions of X,. As in Table 3.1 (column threc), D, s differenually

modulated between X, and X, in Table 3.1 (column two) as

—ﬁ—, k=02...N-4
= Xk+7
D, =1 " (3.13)
e k=N-2
X,

In (3.13), the D, value at £=N-2 is modified comparing with the zero value as in[9]. If
the dming and [/, have been compensated, the quotient X 4 X 1. Is approximately equal to
D, except that it will be circularly shifted by 2¢ in the frequency domain due to the
uncompensated 1/,. Therefore, a metric can be found for the I, estimation. The estimated 17,

can be obtained by ¢ = g, which maximizes the metric
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b
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F(g)=
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where K={0, /...., N-2} and 2g spans the elements of K’ Therefore, V =2g +V, can be

esumated by

+2g, ¢ = angle( P((Al ) (3.15)

<>
|

als

3.3.2 Scheme two
In this scheme, timing error is much smaller even at very low SNR, and both timing

and frequency offset estimation are robust.

In next section, the simulaton result shows that the new designed bandwidth efficient
timing estimator in scheme onc outperforms the other ones in [8][9][10]. However, the error
varance of timing estimator in scheme one is not smaller enough. The wide main lobe around
timing metric peak causes the error variance flat at higher value. An example of the dming

metric curve in a2 muldpath channel for scheme one is shown in Figure 3.13.

To achieve the best robustness to timing offset in a multipath fading channel, a much
more efficient method of timing recovery is to use match filter. The same type of the training
symbols is used for the sake of frequency offset estimation. As depicted in Figure 1.9, a
matched filter correlates the received signal with the known OFDM training symbol [§S AR

and the timing is found at the peaks of the matched filter output.
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Figure 3.9 Synchronization using Matched filter

Here T, is the sampling interval and ¢ are the matched filter coefficients, which are in
turn, the complex conjugates of the known training sequence. From the correlation peaks in
the output signal, both the symbol timing and the frequency offset can be estimated.

Frequency offset estimation shall employ the same method as in scheme one.

3.4 Simulation Result

The signals are affected by the Multipath channel in two ways, attenuaton (fading) and
delay. This section will compare the performance and also verify the robustness of above two
new designed estimation schemes in Gaussian and dme invarant muldpath fading channel. In
order to compare with two modified estimator schemes separately, we will use different system

configuradons as tn {9][10].
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34.1 Simulation Settings and Estimator Performance

First, for the timing offset cstimation, the system is set as 1000 subcarners with FFT
size of 1024 points, 102 samples of the guard interval, QPSK modulation and carrier
frequency offset |7 of 12.4 subcarrier spacing and 10000 Monte Carlo simulation runs at cach
SNR. A 16 paths time invariant channel model with exponenual multipath profile is emploved
with path delays 7of 0,4,8...60 samples. The path gains are p, = pexp(T, /30 ), where p,1s the

16-1
power of the /th path, and 0 meets z p, = 1. In addition, «,=0.0(for unweighted estimator)

=0

or 0.8(for improved weighted esumator) in schemel.

Second, for the frequency offset estimation, the system is set as 1024 (FFT size)
subcarriers, 64 samples of the guard interval, QPSK modulation and carrier frequency offset [

of 13.6 subcarrier spacing and 10000 Monte Carlo simulation runs at each SNR. The ume
invariant multpath fading channel is modeled as six paths with path delays 7 of 0,10,20...60
samples and the path gains are alsop, = pexp(T, /30). In addidon, 4,=0.0(for unweighted

estimator) or 0.8(for improved weighted estimator) in schemel.

Table 3.2 summarizes the multipath performance in Figure 3.11 and Figure 3.12 for

the overall comparison of all the different synchronization schemes used.
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Table 3.2 Performance summary of the simulation in a 16-taps Multipath channel

3.4.2 Analysis of the Simulation Results

As shown in above Figure 3.10, the mean and varance of symbol tming errors for
estimators in scheme one and [10] are more or less the same in AWGN channel, though the
conventional Schmidl&Cox method deviates far. However, the mean and varance of the
symbol timing errors for estimator in scheme two shows that there is no error for it in

Gaussian channel.

In 16-taps multpath channel, the simple and cfficient one training symbol based
timing estimator proposed in [10] has the significantly smaller estimator error variance than the
timing estimation algorithm in [8] both for AWGN and multipath channel. Similarly, the same
level of accuracy on timing as in [10] was achieved by using scheme one when 4,=0.0.
Comparatively, the further performance improvement of scheme one with the weighung
function on mean of the timing error is deniable, though its timing error variance is shightly
worse than the one in [10]. As for the estimator in scheme two, it achieves greatly smaller
timing error variance and almost perfect iming even at low SNRs, which is unachievable for

the methods in [8][10], and the estimator in scheme 1 are just secondary to it.

Furthermore, for both proposed esumators, there is sall a potendal to shorten the
cyclic prefix. Even when the use of 102 samples [10] of guard interval is further reduced to 64
samples of guard interval, the discrepancy on the mean and vaniance of symbol timing errors is
too small to be observed. This means the length of cyclic prefix could be further shortened as

long as the cyclic prefix is longer than 7 . Also, note that the timing estimator in [10] can be
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used to estimate timing only and methods [8][10] need another training symbol to estimate the
frequency offset, but using the same training symbol, ours two estimators can also estimate the

frequency offset.

In AWGN channel, the error variance of all the frequency offset esdmator is identical
to the Cramer-Rao bound (CRB)[8]. By comparing the etror variance of the frequency offset
estimator in a 6-taps multpath channel, at low SNR, the two proposed estimator apparently
gives the smaller error varance than[8|[10] due to the more precise symbol timing estimaton.
In addition, Figure 3.12 shows that the variance of the frequency offset for the estmator in
scheme two just slightly derivates from the CRB in Gaussian Channel. Therefore, esimator in
scheme two is also the most robustness choice for the frequency offset thanks to its

robustness on timing estimation.
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Figure 3.13 Timing metric in scheme one(Left) and scheme two(Right)

At last, in Figure 3.13, the plotting of the tming metric for both estimation schemes at

SNR=10dB is given respectively. Obviously, the narrower main lobe around the peak and the
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fast decay after in scheme two show its potential robustness in timing offset estimaton
compared with the too wider main lobes near the peak in scheme one. This leads to its overall

excellent estimation performance.

3.5 Summary

In this chapter, two new efficient estimators have been presented using only one
training symbol for two major synchronization issues of OFDM system. Both proposed
estimators save not only bandwidth, but also give an improved accuracy. Due to their
more accurate timing estimation, both have the potential to attain their best performance
using less guard time. In addition, both schemes have the same frequency-offset estimator
structure with a special redesigned training symbol and do not suffer the large error
variance of the frequency offset. However, the timing estimator in the second scheme
shows more robustness to multipath delay and also provides the smaller error variance of
the frequency offset than the first one. As a result, in the following chapters, further
investigation with coding and channel estimation will only be employed to the robust

estimation scheme two.
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Chapter 4

CHANNEL ESTIMATION

To cope with the unknown phase and amplitude variations of the constellation and
cnable the coherent detection at OFDM recciver, a simple channel estimaton technique will

be described in this chapter.

4.1 Channel Estimation for Coherent Demodulation

Channel estimation is simply defined as the process of characterizing the effect of the
physical channel on the input sequence, and it is only a mathematical representation of what is
truly happening. In a communicadon system training sequences are sent periodically to form
data based estimates of the channel. The channel is also assumed to be invarant over the ime

span of the training sequence being sent over the channel.

Channel estimation algorithms allow the receiver to approximate the impulse response
of the channel and explain the behavior of the channel. In a coherent OFDM receiver shown
in Figure 4.1, after analog-to-digital conversion (ADC) and FFT, the coherent detection
requires the knowledge of the random phase shifts and amplitude variadons of the
constellation on each subcarrier which are usually caused by the channel response, carrier
frequency offset, timing offset and local oscillator shifts. Channel esumation is the technique

to deal with them for dependable coherent detection.
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Binary
output
| Coherent . . . data
RFRX —» ADC [— FFT detection - Deinterleaving —# Decoding —»
Channel
estimation

Figure 4.1 Block diagram of an OFDM receiver with coherent demodulation.

4.2 A Simple Channel Estimation Algorithm

There are several techniques to obtain the channel estimates existed for coherent
detection in OFDM systems. Two—Dimensional channel estimators proposed in [26] perform
a two dimensional interpolation to estimate points on a time-frequency grid based on several
pilots. Instead of using a non-separable Two-—Dimensional estimators, with the same
complexity the use of two One—Dimensional channel estimators for dme and frequency
direction respectively is said to increase the performance a lot [23]. However, those estimators
are designed for a channel that varied both in ume and frequency, which are especially suirable

for continuous transmission systems such as DAB or DVB.

For many packet oriented transmission systems in our casc, those complicated channel
estimation algorithms can be avoided. Firstly, there is no need to estimate tme fading due to
the constant channel during the short enough packet length. Secondly, the tme delay
introduced by using the scattered pilots over several OFDM data symbols is undesirable in
packet transmission and also not unnecessary if ume fading can be ignored. Therefore, an

appropriate channel estimation approach is to use one or mote known OFDM symbols as
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preambles or training sequence. This method is called training sequence based Channel

estimation algorithm.

A better BER performance can be achieved if more OFDM symbols are used for
channel esimadon. However, long training sequence is undesired. With the robust estimator 1n
chapter three, the phase rotation caused by the timing estimation error has been mitigated to
some extends. As a result, just one more known OFDM training symbol need to be added for
a simple channel estimator. This is sketched in Figure +.2. The grid with frequency subcarriers

is on the vertcal axis and the time grid with OFDM symbols is on the horizontal axis.

Subcarrier
number

—————» Symbol number

- Training symbol Training symbol for
for timing channel estimation

Figure 4.2 Example of a packet with two training symbols one for synchronization

and one for channel estimation.

Based on the second known training symbol, the overall channel distortions then can

be estimated simply by
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H ==2: n=012...N-1 (4.1)

where r., is the received data symbols after FFT corresponding to the second training
sequence and X, is the second known training sequence in the frequency domain. Compared
with the complicated equalizer in a single carrier (SC) system, to correct the phase and

amplitude distortions the OFDM system performs equalization by mean of a simple muluplier

bank with the coefficients H, estimated on each subcarrier in the frequency domain.

4.3 Simulation results

The timing and frequency offset estimation in scheme | and 2 outperform other
training sequence based methods. As mentioned before, estimator in scheme | is not as robust
as the one in scheme 2 over multipath channels, so it exhibits more server phase rotation and
amplitude varations caused mainly by the timing errors. In this section, Figure 4.3 shows how
important it is to estimate and compensate these channel distortions for scheme 1. In the
simulation, the same six-path fading channel model established in the previous chapter is used.
Figure 4.3 shows the BER performance regarding to the synchronizaton scheme I under two

different assumpaons.

¢ Assumption 1: Assume the channel response is known but the phase shifts and amplitude

variations are unknown and not compensated.

* Assumption 2: Assume the channel response is known and phase shifts and amplitude

varations are known and perfectly compensated.
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Figure 4.3 The important channel estimation in coherent demodulation.

Compare the two curves under the above two different assumptons, the curve with
assumption two in the above figure shows a great gain for the multipath channel. Therefore,
besides to estimate the multipath channel gain, the knowledge of the channel distortion caused
by the residue timing offset is also very important in coherent demodulation OFDM systems.
The above example is just to demonstrate the impact of the residue timing offset on channel
distortions to be esaimated. However, next, the channel estimation will be only applied to the

chosen best synchronization scheme onc.
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For the robust timing and frequency offset estimators presented in chapter three, the
BER petformance after the overall channel estimation and compensation was investigated in
multipath fading channels with the same system parameters described in chapter three. As seen
in Figure 4.4 and Figure 4.5, for the two multipath fading channels there is only some small
degradation by using the simple channel estimator compared to the curve with perfect

synchronizadon and channel estimation.

10 ;
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10 - Steaad ith a simple channel estimation 1
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Figure 4.4 The BER performance in 6 taps Multipath channel with channel

estimation and compensation.
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Figure 4.5 The BER performance in 16 taps Multipath channel with channel

estimation and compensation.

44 Summary

The importance of geting the channel distorion knowledge for coherent
demodulation ar the OFDM receiver has been first illustrated in this chapter. Several of
channel estimation schemes have been proposed in literature for OFDM systems. Some of
them take long delays and also cost more in terms of hardware for buffering several OFDM
symbols before getting the acceptable channel knowledge. Besides the lengthy time wait, the
complexity of some kinds of channel estimation using scatter pilot tone is also high. Since the

training sequence is available in packet transmission, the presented channel esttmaton
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algorithm is a training sequence based channel estimation algorithm mainly used in packet-
orented wireless OFDM systems. Due to the robust estimator used for synchronizaton, only
one more training symbol needs to be appended after the former training symbol for a simple
channel estimation, and the phase and amplitude distortons have been well esumated and

compensated.
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CHANNEL CODING FOR OFDM

In this chapter, an overview of different coding schemes for OFDM applications is
given. Then, Turbo Convolution code (TCC) 1s introduced, focusing on opumizing its key
design parameters, which significandy affect the code performance. For comparison, Turbo
Product/Block code (TPC/TBC) is also discussed. Finally, overall system performance of the
Turbo coded OFDM system in the multipath fading channel considering both channcl

estimation and synchronization is presented.

5.1 Overview of Coded OFDM

It is widely accepted that Forward Error Correction (FEC) channel coding is 2 valuable
technique to increase both power and spectrum efficiency and improve the rehability in
wireless communication systems. If channel coding is applied in our OFDM system, the
performance of OFDM on fading channels is expected to be significantly improved through
time diversity of channel coding as well as through inherent frequency diversity of the OFDM.
In a multipath fading channel, if the data loss in a subcarrier occurs due to deep fade, it can be
recovered from the coded data in alternative subcarrier channels, which may not suffer from
the same level of fade distortion. As a result, the average power of the received signals shall
determine the BER performance instead of the power of the subcarriers experiencing very low

SNR.

54



CHAPTER 5 CHANNEL CODING [FOR OFDM

Block codes, convolution codes and concatenated codes are all applied to OFDM in
current relevant investigations. Block codes are hard decision codes and have not gained wide
acceptance in wireless systems, since their performance does not reach the level of convolution
codes. Convoluton codes owe their popularity to good performance and flexibility to achieve
different coding rates. Therefore, it is the most widely used channel code in practcal wireless
applicatons involving OFDM, as mentioned in Chapter one. Trellis-Coded Moduladon
(TCM) codes that is closely related to convolutional codes and algebraic Reed-Solomon (RS)
codes was not selected as the coding method for [EEE 802.11a since for a practcal high speed
TCM system it would have to include some encoded bits in the encoder. However, it can be
used optionally as the inner codes in concatenated codes that used to be the best performing
crror correcting codes. Several combination of concatenated codes applied to OFDM were
studied in [18]. Concatenated codes built by combining the outer code an Reed-Solomon block
code and an inner code a convolutional code have reached performance that is only 2.2 dB
from the channel capacity limit. So, it is defined as one of the channel codes for COFDM in

IEEE 802.16[17].

After about 50 vears of research, Turbo-codes, which were presented to the coding
community in 1993 [19], have finally emerged as a class of codes that can approach the
ultimate limit, only 0.6 dB from the channel capacity, in performance. It has been shown to
perform near the information capacity limits on deep space and satellite channels. Moreover,
Turbo codes are particularly attractive to higher data rate application such as OFDM where the
additional coding gain is necessary to maintain the link performance level with limited power.

It is also proved that turbo coded OFDM is typically 2dB better performance over the RS
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concatenated with a il biting convolution codes. Consequently, as a powerful coding

technique, turbo codes would also offer high coding gain in OFDM over fading chanrels.

A Turbo code is a parallel concatenation of two or more component codes separated
by random intetleavers. Either block codes or convolutional codes can be the component
codes of Turbo codes. The term “turbo code” in the market today generally refers to Turbo
Convolutional Codes (TCC). These codes are built by convolution codes as opposed to block
codes which are used for Turbo product codes (TPC). In the next two sections it will be

concentrated on them and then their performance in OFDM system.

5.2 Turbo Convolutional Codes

The initally introduced turbo codes are parallel concatenated convolution codes
(PCCC) or Turbo convolutional codes (TCC). It is a combinaton of recursive systematic
convolutional (RSC) codes, interleaving and iterative soft decision decoding. Encoder is
formed by parallel concatenation of two recursive systematic convolutional codes joined by
interleavers. The Decoder is Soft Input/Soft Output (SISO) decoder based on either 2 viterbi
or MAP algorithm. A log maximum a posteriori (log-MAP) [11] algonithm is used in our
simuladon. There are a number of design parameters involved in determining the performance
of turbo codes, such as the choice of component cods, memory size, interleaver design and the

number of decoding iterations etc.

Since TCC used in the simulation is the most common type of turbo codes, the
mathematical background is widely available in literature[12](19][22]. This secion mainly

investigates those key design parameters and their effect on selecting a TCC scheme that offers
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the best performance for a specific system based on existing research journals and publicatons

as indicated in the following subsections respectively.

5.2.1 Choice of constituent codes

The most common used consttuent codes of TCC are RSC codes and the issue of
choosing generator polynomials of the constituent codes is investigated in [28]. [t is showed
that the guidelines for choosing constituent codes are dependent on the target operating point
of the code. Let us look at two different TCC constituent encoder structures and their state-
diagrams, as shown in Figure 5.1, with generator polynomials  (17/15) =
1+D+D*+D*/1+D+D%, and (15/17), (both with no puncturing), where numerator and
denominator are the feed forward (parity) and feedback polynomials respectively in octal
representation. A single input ‘1’ would cause the recursive encoder to cvcle in a loop of states.
Such zero-input loops are marked with solid lines. If there exists only one zero-input loop, the
encoder is said to be with primitive feedback polynomials. Otherwise, it is the encoder with
non-primitive polynomials. The length L of the longest zero-input loop corresponds to the
periodicity of the infinite impulse response of the encoder, and it is also referred to as the
period of the feedback polynomial. For the 8 state encoders in Figure 5.1, L 1s 7 and +
respectively, and encoder (17/15) with the primitive feedback polynomial. The period L of the
feedback polynomial highly influence on the distance spectrum of the TCC codes, especially,
the minimum distance and the effective free distance. As demonstrated in [27], the best
distance spectrum corresponds to the feedback polynomial with the longest period. Since
primitive polynomials achieve the largest possible L for a given number of memory elements,

the use of the primitive feedback polynomials is common in TCC literature.
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5

terleaver

(15/17)e

Figure 5.1 State diagrams of RSC encoder with generator polynomials (17/15)s and

(15/17)s, respectively. Zero-input loops are indicated by the solid lines
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5.2.2 Constraint length K

One of the important measures in designing convolutional codes is the constraint
length K, which is the maximum number of bits in a single output stream that can be affected
by any input bit. In general, the constraint length is taken into be the length of the longest
input shift register M (maximum memory ordet/size) plus one, K=M+1. Component codes
with different constrain lengths (K) produce different results. For example, chosen the
primitive feedback polynomials and given the same set of parameters, a 16-state (K=5) rurbo
code has a better performance than a +-state (K=3) TCC code. Figure 5.3 demonstrates how
the BER performance curves change for different number of states ranging from 4 to 16.
Furthermore, increasing the maximum memory order/size doesn’t affect the decoding delay.

However, the computational complexity increases, and thus the implementation become more

expensive.

5.2.3 Trellis termination

In the case of block-oriented Turbo codes, the constituent convolutional codes may be
truncated at some unknown state. s a consequence, severc degradadon of the error
correcting performance may occur near the end of the trellis. One of the solutions to the
above problem is trellis terminaton. With trellis termination, tail bits that terminate the
encoder after encoding in the zero-state are appended to the information sequence. Numerous
strategies and methods for trellis termination of turbo codes have been presented and
proposed in the literatures [28][29](30]. In summary, the most common trellis terminaton
methods are (1) Terminate the first encoder to zero-state;(2) Terminate the second encoder to

zero-state; (3) Terminate both encoders to zero-state or No termination. And their relagve
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performances are investigated in [13]. The other approach to solve the trellis truncation
problem is tail-biting. Tail-biting implies that the encoder is initialized and ended up to the
same state. Since tail-biting does not require transmission of tail bits, it increases the code rate
and the transmission bandwidth for small block size TCC codes. In our case, terminate the
first encoder to zero state is a solution to avoid performance degradation due to unknown

truncaton.

5.2.4 Decoding iterations

Turbo codes use an iterative decoding algorithm. A relatvely simple iteranve decoding
algorithm can achieve the superior performance of turbo codes compared with the
complicated maximum likelihood (ML) decoding algorithm. As the number of itcratons
increases, the decoder performance improves. However, this performance improvement
becomes negligible after a certain number of the iterations. As shown in Figure 5.5, the BER
performance improves significantly after each iteration for the first six iteratons, but from
eight to ten iterations, the iteraton gain turns small. Furthermore, after six iteragons,
increasing the signal to noise ratio does not impact the bit error rate and BER curve is almost
flat at certain range of high SNR. This is often referred to as the “error floor” {31]. The bit
error rate upper bounds presented in [32] can be used in estimating the “error floor.” In the
following sub-section through a study on interleaver used in TCC codes, this error floor will be

well understood and further reduced.

5.2.5 Interieaver design

Interleaver rearranges the ordering of a symbol sequence, and the basic role of the

interleaver is to construct a long random code. It has been widely used in error control coding,
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particularly in the turbo codes, for channels with burst etror charactenistics. The interleaver in
turbo codes is used to permute the input bits such that the constituent encoders are operating

on the same set of input bits, but in different order.

The performance of the iterative decoder depends on both the size and the design of
the interleaver. Figure 5.6 shows that the longer the interleaver size, the better the code
performance is. However, long interleavers are used for high data rates because long
interleavers introduce long delays, which are not desirable for lower data rates. Furthermore,
since the iterative decoding algorithm assumes “uncorrelated” information exchange between
the two constituent decoders, the interleaver should be scramble informaton data to the
second constituent encoder so as to decorrelate the inputs to the two decoders. Morcover, the
intetleaving process changes the weight distribution of turbo codes. The above two target

functions of interleavers are referred to the guidelines for the interleaver design.

There are a number of interleavers that have been used in TCC codes. The simplest
block interleaver is a row and column interleaver [33], the data is written in rows and read by
columns. The pseudorandom interleaver is a varation of the block interleaver in which the
data is written sequentially and read out in a pseudorandom order [34]. In a convolutional
interleaver, the data is multiplexed into and out of a fixed number of shift registers [35][36](37].
However, at medium to high SNR, for all these interleavers, the error floor is observed no
matter which kind of constituent, how long the memory size and how much iteration is used.
Even An improved “simile” interleaver [38], which terminates both consttuent encoders in
the same state, still can’t eliminate the floor. Though using larger intetleaver sizes can reduce

the floor, it brings the intolerable longer latency and more power consumpton. Of course, a
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newclass of turbo codes such as the serial concatenated convolutional codes (SCCC) and Non-
Binary Convolutional codes for turbo coding would be a good solution, but in fact a properly
designed interleaver according to the above mentioned two guidelines could also perfectly

eliminate the “error floor” typical for tradidonal TCC.

It is known that the asymptotic bit error probability is dominated by the code free
distance [24]. Therefore, the flat curve at high SNRs is due to the relagvely small free distance
of turbo codes. From the analysis in [40][41] regarding the effect of the interleaver on the code
distance spectrum, it is indicated in [42] that the error performance at medium to high SNR 1s
determined by the first several spectral lines, which correspond to those low weight
codewords. A good interleaver design based on the distance spectrum should be able to break
low weight input sequence patterns, which produce low weight parity-check sequences at the
first constituent encoders output, so that the input sequences to the other constituent encoder
will generate high weight panity-check sequences. Thus the increased overall codeword weight

and as well as the free distance, the error floor could be mitigated.

Recently, some work has been done in the interleaver design used to improve the code
performance at high SNRs based on weight distributon of turbo codes. The S-random
interleaver proposed in [39] is an improved version of the pscudo-random intetleaver. It can
“spread” low weight input patterns to generate higher weight codewords, hence can achieve
better performance compared to pseudorandom interleavers. Furthermore, Based on the S-
random interleaver, a code-matched interleaver [42] design in which is constructed to match

the code weight distribution. The low weight paths caused by the input information sequences
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with weights 2, 3, and 4 in the code trellis are almost eliminated so that thee “error floot” is

lowered considerably compared with S-random interleavers.

However, unless the tail-biting or terminaton both encoders to zero-state, the
truncation will leads to three types of interleaver edge effects corresponding to no trellis
termination and two different trellis termination methods: terminate the first encoder to zero-
state and terminate the second encoder to zero-state. Examples of interleaver edge cffects lead
to low weight codewords can be found in [16]. Because the code-matched interleaver doesn’t
take the interleaver edge effects into account, the code performance by using it might perform
poortly as long as one or both of encoders is left unterminated. Fortunately, those interleaver
edge effects can be avoided by the careful interleaver design, so that the performance of TCC
will not be sensitive to the termination methods anymore. For example, considering the case
that the first encoder is terminated to zeros-state. The interleaver edge effects are simply

avoided by eliminating all the interleaver mapping, shown in [43], in the interleaver design.

Beside the good code weight distribution, the code performance is also depended on a
good correlation property given by an interleaver design. Since in the denivation of the MAP
algorithm, several assumptions regarding independencies between stochastic varables are
made. Consequently, the interleaver will also play an important role on maintaining those
independencies so that iterative decoding can make the effectve soft decisions. In [21] a
golden interleaver with very good correlation properties is proposed, but it often suffer from
the error floor caused by the large number of relatively low-weigh codewords. This is depicted
in simulation results. So, the good correlaton propertics combined with the good distance

spectrum is very curtail to interleaver design.
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A distance spectrum and correlation designed interleaver with both good correlaton
properties and distance spectrum is presented in[43] . The good correlation property is
achieved by minimizing a mathematic approximation of the correlation functon of those
outputs, which should be independent to each other. In addition, the good distance spectrum
is realized by the specific intetleaver design (tiloring to the specific component code type and
also the trellis termination methods) and the desired free distance can be set by the parameter

d

desygn®

Its detailed design procedures can be found in[+3] .

5.2.6 Puncturing

Puncturing was firstly discovered by Cain, Clark, and Geist [14], and subsequently was
improved by Hagenauer [15]. It is a very useful technique to generate different code rates. The
basic idea behind puncturing is removing some of the bits from the encoder outputs, thus
increasing the code rate. On the other hand, this increase in code rate decreases the free
distance of the code so that it results in poor code performance and a higher noise floor for
TCC. Figure 5.9 shows the performance degradadon when the 1/3 code rate of TCC 1s
punctured to half code rate TCC. Therefore, using TCC at higher code rate requires modifying

the decoder. Alternately, TPC is preferred when much higher codes rates are desired.

§.3 Turbo Product codes

Unlike turbo convolutional codes, a turbo product code is a multidimensional array of
block codes. It is a large code built from smaller code word blocks. Encoding is implemented
as a binary block code on rows and then columns for 2-D codes. Decoding is also iterated

several times to maximize petformance of the decoder. Sometimes, in order to increase the
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overall code rate, turbo product codes without parity on parity as shown in Figure 5.2 (b) are

used. In this case, turbo product code can also be called turbo block codes.

5.3.1 Linear block codes

The component code of TPC/TBC is usually linear block codes. Linear block codes
are characterized by C(n.£) notation where n is the block length and k is the message length.
The encoder transforms a block of k message symbols into a longer block of n codeword
symbols. The redundancy contained in the #-€ parity symbols provides the decoder with the

necessary additional information to correct erroneous symbols.

Linear block codes used in TPC/TBC can be Extended Hamming codes and Reed
Muller codes etc. Extended Hamming codes are a type of linear block code satisfied
(n.£)=(2"2"-1-m) where integer m is greater than 1. One important characteristc of it is that
they have a minimum Hamming distance of 4. The minimum Hamming distance determines
the minimum error correcting capability of the code and a minimum Hamming distance of 4
means that the code can perfectly correct at least 1 error per codeword. When Extended
Hamming codes are used in a 2-dimensional product code, the minimum distance of the
overall code is 16 which ensures that the TPC codes will not suffer the error floor at moderate
to high SNRs. Reed Muller codes have #=2m and £=1+()+(3) +..+(}), where integer m is
greater than 1 and the order of the Reed Muller codes r belongs to [02]. The minimum
distance of RM codes is 2™*. By lowering the order of RM codes, it can have the vadety of
minimum distance other than 4 in Extended Hamming codes. So, when RM codes are used in

a 2-dimensional product code, the minimum distance of the overall code is +™". For each m, by

properly choosing the order r, Reed Muller codes equals to the corresponding Extended
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Hamming codes with the same m. For example, the 3" order RM codes for m=5, RM(32,26),

is (32,26) Extended Hamming code.

5.3.2 Encoding and Decoding Procedures

Encoding is performed by placing the datz in a k-by-k array. Each row and column is
then encoded with the appropriate component code and the parity bits are appended to the
end of each row. After all rows are encoded, the columns are encoded in the same manner

resulting in an n-by-n coded array.
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Figure 5.2 Two dimensional TBC/TPC.

The ideal method for ‘turbo’ decoding a product code array is to decode each row
using soft decision correlation decoding. The output of the row decoding is then combined to
the original data and input to a decoder for each column using soft decision correlation
decoding. The output of the column decoding is input back to the row decoding. The process

continues untl the decoder settles on a valid transmitted code array or untl the maximum
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number of iterations is reached. Detailed Mathematical backgrounds can be found in

literatures.

5.4 Simulation Results

5.4.1 Performance of TCC

Usually, when studying TCC, the two identical constitute codes are used.

5.4.1.1  Performance on the choice of constitute codes

First, primitive constitute codes 7/5, 15/17 and 35/23(all in octal, also in the
following) with 4,8 and 16 states are used to investigate the cffect of the memory size on the
TCC performance. As shown in Figure 5.3, the BER performance of TCC with the larger state
number constituent codes is better. However, this comparison is under the condition that the

feedback polynomials of the constituent codes are primitve L=3, 7 and 15.

Then, by using the other 16 State constituent codes 21/37 with L=5 instead of 7/5.
Figure 5.4 shows that the TCC using 16 state constituent codes 21/37 with L=5 performances
worse than the TCC using 8 state constituent codes 15/17 but L=7. That means the
performance of the TCC codes is determined not by the state number of the choscn
constituent codes but the feedback polynomial period L. If the L are the same, nearly identical
error performance are obtained for TCCs using the constituent codes with different number of

state.
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Figure 5.3 BER performance of state 4,8,16 constituent codes. (10 iteration and 128

random interleave size are used)
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Figure 5.4 BER performance of state 8(L=7), 16(L=5,8) constituent codes. (10

iteration and 128 random interleave size are used)

54.1.2  Performance on ieration number

16 State consttuent codes 21/37 with 1024 interleaver size and 10 iterauons are
simulated. Figure 5.5 show that the more the iteration, the better the TCC performances.

However, this improvement is not obvious after 8 iterations. Usually, using 8 or 10 iteration 1s

enough to get the good performance.
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Figure 5.5 BER performance of constituent codes with iteration 1,3,5,8,10. (S-

random interleave size 1024)

5.4.1.3  Performance on Interleaver design

First of all, different interleaver size 128,256, 512 and 1024 are used. 35/23 constituent
codes is employed in the simulation, the iteration number used is 4.Figure 5.6 shows that the
TCC performances better with larger interleaver size. However, this is a big cost for a system
due to the long delay. Also, Note that none of the above discussed factors, which affect the

TCC performance differenty, effectively solve the performance degradation due to error floor.
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Figure 5.6 BER performance of interleaver size 128,256, 512 and 1024(4 iteration)

In addition, different interleavers, random, S-random Golden and correlation and
distance spectrum designed interleavers, are used. 35/23 constituent codes is emploved in the
simulation, the iteration number used is 10. The permutaton matrices of each types of
interleaver in Figure 5.7 show that only golden and correlation and distance spectrum designed
interleaver give symmetrical scatters which means good correlaton prosperities. However,
Golden interleaver suffers the error floor due to its poor weight distribution and minimum
distance. S-random interleavers improve the distance spectrum of the random intetleaver, but
such improvement is just to lower the error floor and also it doesn’t give a good correlaton

properties. Therefore, Figure 5.8 shows that only the correladon and distance spectrum
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designed interleaver is outstanding and it doesn’t suffer the error floor at all. Next, this special

designed interleaver will be used in the simulation.
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Figure 5.8 BER of four different types of interleavers

5414 Performance with puncluring

With puncruring, the code rate of TCC can be increased from 1/3 to 3/4 or higher. If
only the parity outputs on the odd/even position of the encoder one/two will be sent, the
code rate of TCC codes can be increased to 1/2. Comparing the BER performance of the two
different code rate TCC, it is obvious that the lower code rate TCC gives about 0.6dB gain

than the higher rate TCC. The coding gain loss for the punctured higher code rate TCC is

straightforward.
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Figure 5.9 BER performance of puncturing

5.4.2 Performance of Turbo Codes for OFDM

TBC codes used here for comparison is RM(32,26)° with code rate 26*26/(32*32-(32-
26)~2)=0.6842. According to the block size of TBC 3272=1024 and its code rate, code rate
2/3=0.6667 TCC is used and the intetleaver size 1s 680(block size 680%2/3=1020). Both use 5
iterations and are simulated with QPSK mapping in AWGN and multapath channels. Figure
5.10 shows that in AWGN channel 2/3 code rate TCC gives 0.5dB coding gain at BER=10"
over the TBC at code rate 0.68. Further, let us assume that the receiver is perfectly

synchronized to transmitter and also the channel is known. Then, in a 6-taps multipath
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channel described in chapter 3, apparently, Figure 5.11 shows that code rate 2/3 TCC also

shows better BER performance than TBC. Therefore, only TCC codes will be used in the next

secton.
10° . :
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Figure 5.10 TBC vs. TPC in AWGN.
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Figure 5.11 TBC vs. TPC coded OFDM in Multipath.

5.4.3 Performance of Turbo Coded OFDM with estimations

generator polynomial 35/23, a code rate 1/2 TCC with the interleaver size 1024 and 10
iterations is used as the coding scheme for a complete OFDM baseband system. In Figure
5.12, assuming that the channel is perfectly known and the synchronizadon scheme 2 is
applied at the recciver, the 10dB coding gains at BER=10" in both 6-taps and 16-taps
Multipath channel make the OFDM system work more reliable and efficient. If considering
the channel estimation instead of assuming the channel is known at the receiver, the BER

performance of the complete COFDM system is shown in Figure 5.13. The simple and one
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training symbol based channel estimation does bring some performance degradation even with
coding. However, if necessary this degradation can be reduced by using two training symbols
ot increasing the complexity of the channel estimation algorithm. So there is a trade-off

between the complexity of the channel estimation and the good overall performance.
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Figure 5.12 BER performance of COFDM in Multipath channels with

synchronization scheme 2 and assume the channel is known
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Figure 5.13 BER performance of COFDM in Multipath channels with both the

synchronization and channel estimation

5.5 Summary

Provided a suitable guard interval is used, COFDM is particularly well matched to
many kinds of wireless applications, since it is very tolerant of the effects of mulapath. Among
some of the widely used FEC schemes, the advanced turbo codes can be a best choice for
OFDM systems. TPC/TBC and TCC are used to investigate COFDM system in Muldpath
channels. Due to a good correlation and distance designed interleaver, the typical error floor
for TCC can be absolutely eliminated. At code rate 2/3 TCC outperformed than code rate
0.684 TBC with the similar block size in both AWGN and multipath channels. Therefore,
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TCCs have been chosen to be investigated in a complete COFDM system. With
synchronizaton scheme two and perfect channel estimaton, 10dB coding gains of the TCC
coded OFDM in multipath channel was also observed. Finally, the application of TCC channel
coding to OFDAM systems is a very promising approach to make full use of the merits of

OFDM and channel coding schemes.
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Conclusion

6.1 Conclusion

In this thesis, the fundamentals of OFDM have been introduced first. Based on the
mathematical backgrounds, the basic basecband OFDM system model has been established. By
analyzing one of the major disadvantages of OFDM, an OFDM model with a novel
synchronization algotithm has been developed. The novel synchronization scheme has been
designed especially for packet oriented transmissions and displays its outstanding
characteristics in terms of the bandwidth efficiency and precision. Next, channel esimation
and channel coding together with the synchronization have been used to form a complete
OFDM system. In addition to the robust synchronization scheme, the powerful coding
scheme achieves further coding gain so that it makes the overall OFDM systems more

immune to multipath propagation.

OFDM has several interesting properdes such as high spectral efficiency, high data
rates and robustness to multipath channel fading that make it suitable for wireless channels.
The definition of the Orthogonal Frequency Division Multiplexing implies that it is a
multicarrier system with overlapping orthogonal subcarriers. This orthogonality between the

subcarriers is the main characteristic, which distinguishes it from the ordinary multicarrier
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systems with low spectral efficiency. In principle, OFDM can achieve large delay spread
tolerance at high bit rates by converting a single bit stream into N parallel bit streams and
adding 2 guard time to each OFDM symbol. Furthermore, the high data rate provided by
OFDM in wireless channels is unreachable for single cartier systems. In terms of complexity,
the key difference between OFDM and single carrier transmission is FFT versus equalizer.
Because of the recent developments in DSP and VLSI technology, OFDM with FFT has been

several orders of magnitude less complex than the single carrier transmission with equalizer.

There are mainly two drawbacks with the transmission of OFDAM. The large PAP rano
leads to the small power efficiency to OFDM systems, which can be solved by employing 2
special coding scheme, clipping and peak windowing, but this is not the case we have
discussed here. The other limitation of OFDM in many applications is that it is very sensitive
to the synchronization issues. Two main synchronization issues arc uming offset and
frequency offset. Due to the introduction of the cyclic prefix as a guard ime, the system’s
requirements on symbol timing are much loose. But the forward timing errors will still lead to
ISI. Aside from this, the frequency errors will casily destroy the orthogonality between the
subcarriers and introduce the ICI. Therefore, both timing and frequency offset must be well

estimated and compensated for in OFDM systems.

Many researchers have investigated solutions to conquer the weakness of OFDM on
synchronization issues. There are two main methods in literatures discussing  the

synchronization techniques for OFDM systems. One of them is based on the cyclic prefi,
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which fits many of the continuous OFDM applications such as DVB and DAB. Most of the
burst packet-oriented transmissions, on the other hand, prefer the other technique using the
training symbols. No matter what, the objective of the all the investigations is to design a
synchronizer with the smallest error vadance. Usually, a superior accuracy means the use of
more training symbols, however more training symbol will decrease the system bandwidth
cfficiency. Therefore, there is another purpose for the study of synchronization methods: using

the least possible overhead to find the highest possible precision.

With the above two purposes, we have proposed two new synchronization schemes
and compared them with some of the good synchronizers found in literature. The first scheme
is a modification of the existing synchronization algorithm. Compared with the conventional
method [8] and two of its modifications [10], it saves more bandwidth by using only one
training symbol to estimate both tming and frequency offsets. It also provides greatly
improved timing accuracy, same as in [10}. However, this competiive accuracy on tming is
still not good enough to be accepted in a real system. There were two solutions for it. One 1s
to use the channel esdmation to correct the phase rotation caused by the timing errors, but it is
sub optimum. An optimum choice could be the second proposed synchronization scheme
with 2 modification only on the timing estimation part. Instead of doing the correlation to find
the timing peak between two repeated parts in one training symbol, the correlation in the
second proposed method for timing is between one known OFDM training symbol and the
received signals. In this way, by using the same single training symbol in the first proposed

scheme, the second proposed scheme could estimate the tming almost perfectly. Due to its
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high accuracy on timing recovery, the accuracy of its frequency synchronization has also been
greatly improved. Therefore, the overall performance has shown that the second novel
proposed scheme is the best robust synchronization technique in both AWGN and Mulupath

channels.

Channel estimation plays a very important role in a coherent demoduladon. In case of
OFDA, the channel estimation has to estimate both the channel gain and also the phase
rotation caused by timing errors. One more training symbol has to be appended after the
training symbol for the synchronization. Since the fading is flat duning one OFDM symbol, the
overall channel gains can be easily estimated by simple one tap equalization. This is much more

simplified compared with the complex equalizer used in single carrier systems.

The application of suitable coding schemes in OFDM systems provides a diverse
effect through exploitation of the multpath nature of the fading channel. Thus, Forward
Error Correcting schemes should be used in the OFDM system to improve the
performance. Turbo codes are one of the codes near the Shannon limits channel. Turbo
Product codes (TPC)/Turbo block codes (TBC) and Turbo Convolutional codes (TCC) are
widely used turbo codes. The error floor is typical for the traditional TCC at the SNR region
of interest for practical communication systems. However, our detailed study has indicated
that the key factor affecting this unexpected floor is the interleaver. By using a correlation
and distance spectrum designed interleaver, this floor can be perfectly eliminated. Therefore,

TCC and TCC coded OFDM has slightly outperformed the TBC with approximately the
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same spectral efficiency. Finally, the TCC was chosen to be investigated in a coded OFDM
system with our proposed novel synchronization technique. With known channels, it has
given a considerable coding gain of 10dB at BER= 10*, though relatively less coding gain has
also been observed with a very simple channel estimation in COFDM. As a conclusion, the
powerful coding scheme together with our proposed novel synchronization technique will
definitely increase the reliability and efficiency for potential OFDM based broadband

wireless applications.

6.2 Further Work

¢ Since the estimation used in this work is not blind (non-data aided), it may cost more
bandwidth. Thus, it could be possible to investigate a more complicated algonthm for
estimating timing, frequency offset and even the channel gains without training symbol in a
short time. Though this will increase the complexity, it may be worth the effort
considering the potential gains on the bandwidth efficiency. In addition, windowing could

also employed to sharpen the edge of the OFDM spectrum.

e Here, we have not studied the other main drawback of the OFDM system, PAP ratio.

From the power efficiency point of view, it could be investigated in future works.

e Aside from the turbo codes, there are also another new developing channel codes, such as

Low Density Parity Check codes, which also provides the good performance near the
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Shannon limits. Its performance with OFDM in multipath channel could be a good

comparison with the turbo coded ones.

In 1993 Linnertz et al. proposed MC-CDMA [+4]. This is a combinaton of OFDM with

Code Division Multiple Access (CDM). It could be an interesting research topic.

Finally, since OFDM is a promising technology for achieving high data rate transmission
in a mobile environment, the applicadons of OFDM to high data rate mobile

communication system should be a challenging research area.
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