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ABSTRACT

Pilot Symbol Assisted Modulation (PSAM) is a good method to compensate for
the channel fading effect in wireless mobile communications. In PSAM, known
pilot symbols are periodicaly inserted into the transmitted data symbol stream and
the receiver uses these symbols to derive amplitude and phase reference.

One aspect of this procedure, which has not received much attention yet, is the
frame synchronization, i.e. the method used by the recelver to locate the time
position of the pilot symbols. In this study, two novel non-coherent frame
synchronization methods are introduced in which only the magnitude of received
signal is used to obtain the timing of the pilot symbol. The methods are evaluated
for both additive white Gaussian noise (AWGN) and frequency non-selective slow

Rayleigh fading channels.

One synchronization technique is derived by standard maximum likelihood
(ML) estimation formulation, and the other is obtained by using maximum a
posteriori probability (MAP) with a threshold test. Signal processing in the receiver
uses simplifying approximations that rely on relatively high signal-to-noise ratio
(SNR) as consistent with the reception of 16-QAM. Computer simulation has been
used to test the acquisition time performance and the probability of false acquisition.
Several lengths and patterns of pilot symbol sequences were tested where every 10"
symbol was a pilot symbol and all other symbols were randomly selected data
symbols. When compared with the other published synchronizers, results from this
study show better performance in both AWGN and fading channels. Significantly
better performance is observed in the presence of receiver frequency offsets.
Moreover, this method leads to simpler anaysis and is somewhat easier to
implement.
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Chapter 1 Introduction

Today, the technology of synchronization has become a foundation of modern
digital communications. However, in terms of technologies in 16" century, it was a
really difficult job for Charles V to make two clocks agree to each other, although

he was an intelligent and powerful man.

“When Charles V retired in weariness from the greatest throne in the world to
the solitude of this monastery at Yuste, he occupied his leisure for some weeks in
trying to regulate two clocks. It proved very difficult. One day, it is recorded, he
turned to his assistant and said: “To think that | attempted to force the reason and
conscience of thousands of men into one mold, and | cannot make two clocks
agree!”” (Ellis: The Task of Social Hygiene) [1].

1.1 Introduction of Frame Synchronization

Synchronization refers to the process of making two or more events occur at
the same time [2]. Generally there are three levels of synchronization in a complete
communication system: carrier synchronization, symbol synchronization and frame

synchronization.

Carrier synchronization, in radio communications, refers to the process of
generating a reference carrier with frequency and phase that is close to the
frequency and phase of a received noisy carrier [2]. The process of carrier
synchronization begins with frequency and phase acquisition and continues with
phase tracking. Frequency acquisition is a problem in mobile radio applications due
to the Doppler Effect, which causes an offset in the frequency of the received



carrier. While received frequency varies slowly, it is more difficult to extract carrier

phase from the distorted received signal, because carrier phase can vary rapidly.

Symbol synchronization refers to the process of deriving timing signals at the
receiver which indicate where, in time, the transmitted symbols are located. Symbol
synchronization is one of the most significant functions performed at the receiver in
a synchronous digital communication system. Because the data available to the
receiver is aways noisy and distorted, perfect timing information is hard to obtain
in practice, although practical systems can come reasonably close.

Once symbol synchronization is accomplished, the next synchronization level
is frame synchronization. Frame synchronization is necessary in systems for which
the unit of information is not a symbol, but rather a sequence of symbols. Such
systems are, for instance, systems where the unit of information is a codeword, or a
frame that consists of a number of symbols. In this case, it is clear that knowing
where the symbols are is not enough. Further knowledge of the frame boundary is
required. It is easily seen that achievement of frame synchronization automatically
implies symbol synchronization, but the converse is not true. Therefore, one might
attempt to achieve frame synchronization thus achieving symbol synchronization at
the same time. Such an approach, although in theory results in good performance,
has the disadvantage of requiring more complex processing than the approach of
first achieving lower level synchronization before higher ones are achieved. In
practice, the latter approach is amost aways used. In a standard frame
synchronization method, the transmitter inserts a special synchronization pattern at
the start of every frame and, at the receiver, frame boundaries are located through
the detection of these synchronization patterns.

In this study we want to develop the frame synchronization technique to
operate appropriately in wireless land mobile communication environments. It is
required that this frame synchronizer works properly in wireless transmission
channels when there is a range of frequency and phase errors. It is our purpose to

improve the frame synchronizer’s tolerance to frequency and phase errors to avoid



providing another accurate carrier synchronizer as part of frame synchronizer.
Carrier synchronization is assumed to be approximately recovered; however, a small
frequency error exists. Symbol synchronization is assumed perfectly recovered
before frame synchronization is investigated. Based on these assumptions, only

frame synchronization approaches will be discussed in the subsequent chapters.

1.2 Review of Frame Synchronization Techniques

In recent decades, there has been much research on frame synchronization
techniques. The widely used technique for providing frame synchronization in a
binary signaling system is to insert a fixed binary synchronization pattern or
“syncword” periodically into the data stream [3]. Based on the assumption that
symbol synchronization has already been obtained, and the receiver obtains frame
synchronization by locating the position of the syncword in the received data
stream. Fig. 1.1 is a general frame structure illustrating this method.

q------- N-Bit Frame ---------- g
Syncword Data Bits Syncword Data Bits
L Bits (N-L) Bits

Fig. 1.1 Block diagram of a general frame structure [3]

In his pioneering work on frame synchronization, Barker [4] assumed that by
passing the received signal through a “pattern recognizer”, which was simply a
correlator that correlates consecutive L-digit segments of the received signal with
the L-digit syncword, the segments that give the maximum correlation would be
taken as the syncword and the location of the syncword is therefore identified.
Subsequent to Barker’s work, Massey [5] derived the optimum maximum likelihood
(ML) frame synchronization rule, the high and low SNR approximations of the ML



rule for the Gaussian noise channel with coherent BPSK modulation. This ML rule
has much better performance than the correlation rule concluded by Barker. More
importantly, Massey’s work showed that the high SNR approximation of ML rule
yields a performance virtually indistinguishable from that of the optimum ML rule.
Later, in [6], Lui and Tan extended Massey’s work from BPSK modulation to
general M-ary phase—coherent and phase non-coherent signaling over the additive
white Gaussian noise channel. They derived the optimum ML frame
synchronization rule, high SNR ML rule, and correlation rule for the AWGN
channel as well. Moon and Soliman [7] derived the ML frame synchronization

method for a time variant AWGN channel with intersymbol interference (ISI).

All the frame synchronization techniques reviewed above have been
investigated assuming an AWGN channel. However, with the development and
deployment of wireless mobile communication nowadays, the fading effect has
become a significant and dominant phenomenon. In most wireless communication
circumstances it degrades the transmitted signal much more devastatingly than
Gaussian noise and makes the reception of the transmitted signal difficult.

The rapid development of wireless mobile communication has stimulated a
great deal of interest in fading channels. Also, research on frame synchronization
techniques in a fading channel has attracted much attention. In [8], Robertson
derived a maximum likelihood frame synchronization rule for the Rayleigh fading
channel with coherent M-ary signaling. In his work, a simpler high SNR frame
synchronizer sync rule performs as well as the optimal rules even at low SNR. In [9],
Gansman presented two frame synchronization techniques for the Rayleigh fading
channel and the AWGN channel. One frame synchronization rule is based on a
standard maximum likelihood formulation and the other is a sequential testing

algorithm.

Given the importance of wireless mobile communications for cellular personal
communication and wireless networking, it is important and necessary for us to

focus on this aspect. As frame synchronization is a crucial part in these digital



communication processes, in this study we intend to develop frame synchronization

techniques suitable for the land mobile wirel ess environment.

1.3 Pilot Assisted M odulation

A fundamental aspect of wireless communication systems is the reliability and
integrity of the data that are being communicated. Ideally, the data that are being
transmitted from a transmitter in a mobile radio communication system should be
identical to the data, which are being received at a receiver. Practically, however,
the data that are received at the receiver have often been corrupted with respect to
the original data transmitted from the transmitter. Such data communication errors
may be attributed to several factors. One especialy typical and important effect
among all factors is the fading. In the multi-path propagation scenario, the received
signals usually are made up of a group of reflections from objects, and none of the
reflected signal paths is any more dominant than the other ones. The different
signals, which were reflected by different paths, arrive at receiver at dlightly
different times, with different amplitudes, and with different phases. Because there
are many different signal paths, constructive and destructive interference can result
in, namely, multi-path fading. Furthermore, this effect also prevents proper signal
sampling and in turn negatively affects the bit error rate (BER), which is directly

related to the signal quality of atransmission path assigned to a particular user.

Rapid fading effect not only degrades the bit error rate (BER) severely, but also
inhibits the use of multilevel modulation formats, such as QAM, a modulation
format that has greater spectral efficiency. To overcome the impact of fading and to
facilitate the use of QAM schemes, a good way is to estimate the channel fading
signal and use this information to reverse the effect of fading. The estimation of
fading signal can be achieved with the aid of areference signa (or apilot signal). In
pilot signal assisted fading estimation, a pilot signa is transmitted along with the
data signal. The receiver stores an original copy of the pilot signal. It compares the

received copy of the pilot signa with the origina copy to calculate the distortion



caused by fading and then to obtain the estimate of channel information. Such an
approach is commonly used in today’s wireless communications, where the
motivation is to minimize the complexity of implementation and the time required
to get agood channel estimate for receiver.

There are two powerful pilot assisted approaches generaly referred to in
literatures to ensure adequate QAM operation in fading environment. They are
caled Pilot Tone Assisted Modulation (PTAM) and Pilot Symbol Assisted
Modulation (PSAM).

1.3.1 Pilot Tone Assisted Modulation (PTAM)

In PTAM, asintroduced in [10], pilot tones are inserted at nulls of the spectrum
of the signal that carries the information. After propagation over the multi-path
fading channel, each path has some Doppler shift and this generates frequency-
shifted versions of the origina pilot tone. These received versions of the origind
pilot tone are different from each other because they have different frequency shifts
and phase distortion. All these frequency-shifted versions of the pilot tone together
form a spectrum that reflects the fading effect. Fading signal therefore can be
extracted from the received signal by using a narrow bandpass filter with the

passband located around each pilot tone.

Pilot tone assisted modulation has been proposed by several authors [10 -13].
The tone provides the receiver with an explicit amplitude and phase reference for
detection, and thereby suppresses the error caused by fading. However, it requires

relatively complex signal processing and expands the spectral occupancy.

1.3.2 Pilot Symbol Assisted Modulation (PSAM)

In PSAM systems [14, 15], the transmitter periodically inserts known pilot
symbols into data stream, from which the receiver derives its amplitude and phase



reference. Asin PTAM, PSAM aso suppresses the error caused by fading effect

and enables multilevel modulation. However, it does so with no change to the

transmitted pulse shape and has lower complexity. Extensive studies from [14 - 16]

show that PSAM is a promising method to reduce fading effect in land mobile

communications. A general block diagram of PSAM system adapted from [16] is

illustrated in Fig. 1.2,

K
p(k) oot neert | Pl S(t) | Fading&.
» Shaping "l AWGN
b(k)
b(k) + p(k)
r(t) r(k) Delay o] Decison |
> Matched | \\ e
Filter I
Pilot Channel
Symbol State
Extraction Estimation c(K) Reference Grid

Fig. 1.2 Block diagram of ageneral PSAM system [16]

Known pilot symbols are periodicaly inserted into the data sequence prior to

pulse shaping, and the composite signal is transmitted in the usual way over a

channel characterized by fading and additive white Gaussian noise. The resulting

frame structureisillustrated in Fig. 1.3.

Po | DATA | P1 | DATA

Pna | DATA

«— Lp—le— Lp —»

«— Lp—»

Fig. 1.3 Frame structure with pilot symbol inserted



After matched filter detection, the receiver splits the symbol samples into two
streams. The reference branch decimates the samples to extract only those due to the
pilot symbols, and interpolates these symbols to form an estimate of channel state. It
then uses the estimate to scale and rotate a reference decision grid (such as a 16-
QAM grid), and feeds the modified decision boundaries to the data branch.

1.4 Objective of Thesis

Synchronization plays a very important role for the proper operation of a
PSAM system [17]. One practical problem in designing a PSAM receiver is how the
receiver can distinguish between pilot and data symbols, in other words, how the
receiver can identify and locate the position of pilot symbols in distorted received
signals. Because this technique of identifying pilot symbols is similar to the
technique of frame synchronization in digital communications, we cal this
procedure as “frame synchronization for PSAM”.

Although many traditiona frame synchronization techniques have been
developed, frame synchronization for PSAM is often neglected in most literatures.
Through literature search, we find the most applicable publication on this aspect is
proposed by Prof. J. Gansman [9]. In his work, Gansman presented two frame
synchronization techniques for PSAM based on coherent signal detection.
Motivated by his original work, we think it is valuable to do further research on the
frame synchronization algorithm and design an improved frame synchronizer for
PSAM. Compared with the frame synchronization methods developed by Gansman,
this work solves the problem in a different way and two novel frame

synchronization approaches based on non-coherent detection have been devel oped.

1.5 ThesisOrganization

Thisthesisis organized in 6 chapters.



Chapter 1 provides a brief history of frame synchronization techniques and an
introduction of the PSAM system. The motivation and the objective of this thesis

are presented as well.

Chapter 2 describes the background theories that are important to this study.
This chapter introduces the preliminary knowledge such as 16-QAM modulation
scheme, band-limited Nyquist pulse shaping filter (squared root cosine filter),
transmission channels and pilot symbol sequences. The detailed description of the
fading channel provides a theoretical foundation for the development of frame

synchronization techniques.

Chapter 3 presents how the frame synchronization criteria are developed for
this study. The non-coherent scheme is introduced first and then the maximum
likelihood (ML) and maximum a Posteriori probability (MAP) frame
synchronization techniques for an AWGN channel and a Rayleigh fading channel

are presented.

Chapter 4 provides a description of the prototype of the simulation system in
Simulink® and shows how the performance is tested through computer simulations.

Chapter 5 describes the simulation parameters and the performance of frame
synchronizers is evaluated. Simulation results for both AWGN and frequency non-

selective Rayleigh fading channels are illustrated in figures.

Chapter 6 presents the conclusions of this study based on the results obtained

from computer simulations. It also identifies some directions for further study.



Chapter 2 Background Theory

In this chapter, the essentia background knowledge on modulation schemes
and transmission channel models is presented. Pilot symbol assisted modulation
(PSAM) and some pilot sequences are also introduced.

2.1 16 State Quadrature Amplitude Modulation (16-
QAM)

To transmit data and voice information from one location to another without
physically connecting together, as in wireless mobility, it is important to choose a
suitable modulation scheme to accomplish this purpose. A modulation scheme is a
process that uses an information signa to alter some properties of a higher
frequency carrier waveform. By modulating each information signal into a different
carrier frequency, many information signals can be communicated between distant
sender and receiver. Radio waves are used as the transmission medium between the
sender and receiver. The choice of modulation and demodulation used for the radio
communication system is dependent on the required information transfer rate, the

available spectrum to convey the information, and the cost.

There are many types of modulation formats used for the transportation of
information. Three fundamental modulations techniques are used mostly: amplitude
modulation (AM), phase modulation (PM) and frequency modulation (FM). In AM,
the magnitude of carrier is varied according to the magnitude of message signal.
While in PM and FM modulations, the angle of the carrier are varied with the

magnitude of message signal and the magnitude of carrier is constant.

10



AM has many unique qualities with it. However, this form of communication is
not used directly in mobile wireless communication system primarily because it is
more susceptible to noise. However, a variant of AM, quadrature amplitude
modulation (QAM) is recently used predominantly for the demand of higher
bandwidth efficiency. The major difficulty of using bandwidth-efficient multi-level
QAM schemes is that, over fading channels, the transmitted signal magnitude is
attenuated and the phase is rotated by channel, which causes big trouble for signal
reception. As introduced in Chapter 1, by using a PSAM system, the impact from
fading can be reduced and it makes the use of QAM possible. In this study we
choose 16-QAM as the modulation format. 16-QAM is one of the smpler forms in
the QAM family and it provides more capacity by transmitting 4 bits per
information symbol and hence it increases bandwidth efficiency relative to binary
phase shift keying (BPSK) or quadrature phase shift keying (QPSK). A simple
block diagram of a 16-QAM system is presented in Fig. 2.1.

In the QAM system illustrated in Fig. 2.1, it is assumed that the input
information is a stream of random binary bits. This bit stream is first mapped into |
and Q QAM symbols. In a 16-QAM system, the binary bit stream is mapped into 4-
bit symbols and the square constellation using Gray coding isillustrated in Fig. 2.2,

11
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Fig. 2.2 16-QAM sguare constellation using Gray encoding [18]

In this square 16-QAM constellation, each point represents a 4-bit symbol,
which is constituted by two in-phase bits on | axis and two Quadrature bits on Q
axis. On the quaternary quadrature components | and Q axis, Gray encoding is
performed by assigning the bits 01, 00, 10, 11 to the levels 3d, d, -d, -3d,
respectively.

It is noted that in Fig. 2.2, the Hamming distance between any two neighboring
code points is aways one. For example, points 0101 and 0111 would have a
Hamming distance 1. The Hamming distance between any two points other than
neighboring points is larger than one. For example, points 0101 and 0011 would
have a Hamming distance 2. This is a fundamental feature of Gray coding process
so that when a received symbol is corrupted by noise and it is misinterpreted into a
neighboring constellation point, it ensures the demodulator will only make a single

bit error. This minimizes the error probability.
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There are many possibilities for selecting 16-QAM constellations. In practice,
this square constellation in Fig. 2.2 is widely used. According to the discussion of
Proakis [20], this square constellation has the advantage of being easily generated as
two PAM signals impressed on phase-quadrature carriers. In addition, they are
easily demodulated. Compared with other commonly used 16-QAM constellations,
this square constellation has higher minimum distance at the same average phasor
energy and thus it is frequently used in an AWGN channel, where noise is the

dominant channel impairment.

In this study, random binary bits are used as the input information signal. The
input data represent a discrete time, complex random process. Given the random
characteristics of the input bit stream, each 4-bit symbol will fall on each point of
this square 16-QAM constellation with equal probability. The probability density
functions for each symbol are independent, identically distributed (i.i.d). Asin [19],

the mean and variance of constellation points are:

:zxipi
0, 4 4 1]
E%?(——J d( ) 3d(——0 3d(16)Er'JE$(——) d( ) 3d(——0 3d(——)EE
=0+j0=0
= Z(Xi _,Ux)2 P,

= (a7 +d?) B—H+[ ? 4 2] Z%[ (3d)2]Bi§

L6
=10d?

In frequency domain, the power spectrum of input data has a constant value of
100 over (-1/2Ts, 1/2T¢), where Ts is the symbol time.
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2.2 Nyquist Filtering (Square Root Raised Cosine Filter)

Rectangular pulses are used as input data to the 16-QAM modulator because in
the time domain, this pulse shape is convenient because it is wholly contained
within its allocated interval and does not interfere with pulses in adjacent intervals.
However, the frequency content of a rectangular pulse has a sin x/ x shape and the
tails of the sinx/x function decay very slowly, thus a very wide bandwidth is
needed to ensure a rectangular pulse is transmitted without adjacent symbol
interference. However, this is not applicable for most communication channels that
are bandwidth-constrained. Therefore, if these rectangular pulses are not pulse
shaped appropriately, it may cause severe intersymbol interference (1SI) with
adjacent pulses. Hence, proper pulse shaping is important and this process is well
known as Nyquist filtering.

A comprehensive theoretical description of Nyquist filtering is provided in
references [20], [25] and [26]. Hence here we restrict our discussion to a
rudimentary introduction. An ideal linear low-pass filter (LPF) has a cut-off
frequency of f, = f,/2, where f_ =1/T, is the symbol rate, T, is the symbol
interval duration and f =1/(2T,) is the so-called Nyquist frequency. Such a filter
usually has a (sinx)/ x shaped impulse response with equidistant zero-crossings at
the sampling instants n[T,. When sampled at the correct instants, this low-pass

filter avoids intersymbol interference (I1SI) between consecutive symbols.

A particular pulse shape that satisfies the above-mentioned ideal low-pass filter
characteristic and has been widely used in practice is the Nyquist raised cosine pulse.
The raised cosine frequency characteristic is described by Proakis [20] and Barry
[25] as
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The corresponding time domain impulse response of a raised cosine filter
aboveisgivenasin [20]:
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The raised cosine pulse spectral characteristics and corresponding pulses
for =0, 0.5, and 1 areillustrated in Fig. 2.3.

X, (t) = (2.2)
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Fig. 2.3 Nyquist pulse and raised cosine spectrum (adapted from [20])

Because of the smooth characteristics of the raised cosine frequency response,
it is possible to design practical filters for the transmitter and the receiver that
approximate the desired frequency response. In the special case that channel isideal,

we have
X F) =G (f)Cg(f). (23

where G; (f) and G;(f) arethefilter frequency responses at the transmitter and at
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the receiver respectively. In this case, according to optimum detection theory from

[27], if the filter for receiver is matched to the filter for transmitter, we have

X o (F) =G (1)Gr(f) =[G (1) (24)

ideally,

Gy (F) =X, (e ™.

and G,(f)=G/(f), where t, is some nominal delay that is required to ensure

physical realization of the filter. Thus, the overal raised cosine Nyquist filter is split
evenly into the cascade of two identical filters, a transmitter filter and a receiver
filter, each characterized by a square root of raised cosine shape, asillustrated in Fig.
2.1. In an idea channel, i.e. no distortion and ISl, two square root raised cosine

filters in combination have the same performance as one raised cosinefilter.

The frequency response of a square root raised cosine filter is given in [25] [26]

and expressed as:
- S
0
-
_ T 1-B +B
Xge(F) = —%H:os @f - % E;Es E;E(Z.S)
0 2Bt | Ifl< o
0
5
00 ] > +ﬁ§
B 2T

A finite impulse response (FIR) square root raised cosine filter in the time
domain may be synthesized directly from the impulse response, which is aso given
in[295] as:
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2.3 Transmission Channel

XS(I’C (t) = (2'6)

Once | and Q baseband signals have been generated and filtered by the band-
limited Nyquist squared root raised cosine filter, they are modulated by an I-Q
modulator with two quadrature carriers asillustrated in Fig. 2.1. This process allows
these two signals to be transmitted and received over a single channel within the

same bandwidth.

The transmission channel is often the limiting factor that influences the
performance of any communication system. The objective of this study isto develop
frame synchronization techniques operating in the land mobile communication
environment, thus mobile radio channel is the emphasis of our discussion. Two
commonly used channel models are introduced in this section. They are the additive
white Gaussian noise channel and the multi-path Rayleigh fading channel. The latter
will be introduced in more detail, because it is the dominant case in a land mobile
communication system. This channel model is fundamental to the development of

frame synchronization criteria

2.3.1 Additive White Gaussian Noise Channel

The simplest type of channel is the Gaussian channel. It is often referred to the
additive white Gaussian noise (AWGN) channel. Basically, it is the noise generated
in the receiver side if we assume that the transmitter isideal and noiseless. This type
of noise is assumed to have a constant power spectral density over the whole
channel bandwidth and its amplitude probability density function (PDF) obeys the
statistics of a Gaussian distribution.
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Gaussian noise is very important in the analysis of communication system
performance. The classica AWGN channel is aways considered as the starting
point to develop basic systems performance. Also, according to central limit
theorem [22], even when there are a larger number of non-Gaussian independent
noise sources, the mobile channel noise may still be approximated with a Gaussian

distribution. This feature allows for ssmpler analysis of the communication system.

2.3.2 Multi-Path Rayleigh Fading Channel

In a mobile radio communication system, one of the most devastating
phenomena is fading. Fading is the direct result of multi-path propagation where
radio waves propagate along different paths before arriving at the receiver antenna.
These radio waves may arrive at receiver after different delays, with different
amplitudes, and with different phases. Because there are so many different received
signal components, constructive and destructive interference results in fading. This
sort of channel is called a multi-path fading channel, which isillustrated in Fig. 2.4.

Received
Pul ses

Transmitted
Pulse

-
—-
—

Antenna
S/

Fig. 2.4 A simple multi-path channel model
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Thus, in a multi-path fading channel, when a signal pulse is transmitted, the
mobile receives the superposition of many pulses. These multi-paths cause a wide
fluctuation in the received signal magnitude, which makes reliable transmission of
information a challenge. The received pulses shown on the Fig. 2.4 makes a good
illustration, however, multiple received pulses are not the problem that is being
addressed. The problem is the path length difference causes destructive interference

and very small received signal.

There are extensive introductions of multi-path fading channel in many text
books such as [20], [24] and [27]. In the following subsections, rudimentary
knowledge about the statistical characterization of multi-path fading channel is
briefly presented. The definition of frequency non-selective, slow fading is given as
well.

2.3.3 Characterization of Fading Channel

As mentioned previoudy, if an extreme short pulse, ideally an impulse is
transmitted over atime-varying multi-path fading channel, the received signal might

be aseries of pulsesasillustrated in Fig. 2.5.

_ Transmitted pulse Received pulses

>
Il

>

Fig. 2.5 Response of atime-variant multi-path fading channel to a pulse

The time variations of the received pulses train appear to be unpredictable and

random to the user of this multi-path channel. Thus it is important to characterize
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this channel statistically. For this purpose, first we examine the effects of the

channel on atransmitted signal in genera as:
s, (t) = Rels(t) e"*""']. (2.7)

where Re[ ] means the real part of a complex signa, s,(t) is the bandpass
transmitted signal, s(t) is the baseband input signal band-limited by the transmitter
filter and f_ isthe carrier frequency. Assuming that there are multiple propagation
paths and associated with each path there are a propagation time delay 7(t) and an
amplitude attenuation factor a(t) . Both propagation delays and amplitude

attenuation factors are time-variant because of changes in the structure of the
medium in the wireless mobile communications system. Thus the received bandpass
signal after multi-path propagation may be expressed as the sum of signals from
different pathsin the form of:

X = 2,0 s,[t-7,()]. (2.9

where a_ (t) isthe amplitude attenuation factor of the received signal in the n" path
and 7 (t) is the propagation time delay for n" path. Substitution for s, (t) from

equation (2.7) into equation (2.8) yields the result
X(t) :Reﬁz a, gt -7, (t)]e! 7T ﬁ (2.9)

and therefore the equivalent low-pass baseband received signal is obtained as

r(t) =y a, e’ Vs [t-7, ). (2.10)

Since r(t) is the response of an equivalent low-pass baseband channel to the
equivaent low-pass baseband input signal s(t) , the equivaent low-pass channel can

be described by using the time-variant impulse response as h(z,t) anditisgiven as
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h(r,t)=Y a,(t) e”*"" nO8lt -7, (1)]. (2.12)

When an unmodulated carrier at frequency f_ istransmitted, and if s(t) =1 for

all t, then the received signal in equation (2.10) reducesto

)=y a,(t)e’?*n0 =5 a (t)e*". (2.12)

where 6, (t) =2 f_r,(t). Thus, it is clear that the received signa is composed of

different time-variant vectors that have different amplitude factors and phases.
Because the change of a,(t) and &,(t) is in a random manner, this multi-path
propagation model in the above equation (2.12) results in severe signal fading when
the random changing vectors add destructively. When this situation occurs, the

received signal is very small or nearly zero. It is caled fade. Due to the randomness

of a,(t) and @, (t), the received signal r(t) can be modeled as a random process

too. We rewrite the fading channel response equation (2.11) to

hz,0)= a,(t) €%Vt - 1,(V)]. (2.13)

This means the time-variant fading response h(z,t) is arandom process of variable
t too. According to central limit theorem in [22], when there are a large number of
paths, the r(t) may be simplified to a complex-valued Gaussian random process.

Thus the channel fading response is a complex-valued Gaussian random process
based on t variable as well.

The random process of multi-path channel fading can be modeled by several
probability density functions [24]. Some of the most common models in the
literatures are Rayleigh distribution and Rician distribution. For example, when the
process is modeled as a zero mean complex-valued Gaussian process, the envelope
of such a received signal is usually described by Rayleigh probability density
function (PDF) and the channel is said to be a Rayleigh fading channel. This mostly
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happens in urban areas, where there are multiple reflective paths and no direct path,
i.e, no line-of-sight (LOS) between the transmitter and the receiver. While the
process is modeled as a non-zero mean complex-valued Gaussian process, the
envelope of such a received signal is statistically described by Rician probability
density function (PDF) and the channel is said to be a Rician fading channel. This
mostly happens in rura areas, where there is a direct path, i.e., line-of-sight (LOS)

between transmitter and receiver [19].

Although in practice, there are more models than the two mentioned above [20],
in this work we will model the fading process as a Rayleigh fading, since it is

typical for the urban environment.

2.3.4 Frequency Non-Selective Slow Fading

When the transmitter, recelver and al other objects in the multi-path
environment are fixed, the fading channel is time invariant. While all or some
objects in this communication system are in motion, which is the most possible
situation in wireless communication, the channel becomes time variant. Doppler
shift is introduced in at least some of the signal paths when the length of a
propagation path is changing.

Radio waves with different Doppler shifts can combine destructively to cancel
at one time and combine constructively at another time, and this produces a time-
variant channel fading. Simply, time-variant channel fading can be classified into

fast and slow fading based on the normalized maximum fading rate f,, which is
described in [23] as:

f f.v cosa

fo=_m 2.14
«= g B (2.14)

where f_ isthe maximum Doppler shift, B is the bandwidth of the baseband signal,

v is the velocity of the mobile user, f. is the carrier frequency, a is the arrival
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angle of the path that has maximum Doppler shift, and c is the constant of light
speed. Slow fading refers to fading rate f, << 1, which means the Doppler
frequency shift is much smaller than the bandwidth of the signal. Typical fading rate
for ow fading is less than 5% of the symbol rate according to Cavers paper [23].
The slow fading implies that the fading process may be regarded as a constant
during at least one signaling interval.

Channel fading can also be classified as frequency selective fading or
frequency non-selective (flat) fading. As indicated in Proakis [20], if the maximum
difference of any two path delays is T,, in a fading multi-path channel, the

coherence bandwidth of the channel, denoted by (Af,, ) can be expressed as

1
=

m

(Af ooh.) =

If the coherence bandwidth (Af, ) of the fading channel is less than the bandwidth

of the transmitted signal, the channel is said to have frequency selective fading. In
this case, the signa is severely distorted by the channel and may cause intersymbol
interference. On the other hand, if the coherence bandwidth of fading channel is
larger than the bandwidth of the transmitted signal, the channel is said to be
frequency non-selective. In a frequency non-selective fading channel all frequency
components in the transmitted signal undergo approximately the same attenuation
and phase shift.

According to Proakis [20] and Cavers [23], in such a frequency non-selective
fading channel, the received signal appears to arrive at the recelver via a single
fading path and therefore the received signal can be simplified as the multiplication
of transmitted signal with a random process, which models the time-variant
characteristics of the fading multi-path channel.

It is necessary to note that in previous discussions, the noise term is missed. It

is left out for the ssimplification of analysis. Also, unlike the signal, noise does not
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necessarily propagate along multiple paths of the fading channel. Usually we think
that it comes into the system at the front end of the receiver since most noise is
thermal noise from electronic circuits. In this communications system, we assume
additive white Gaussian noise (AWGN), which has a flat power spectrum, and shifts
of the center frequency of it will not change its statistical properties. It is generally
assumed that bandpass complex Gaussian noise has circular symmetry, i.e. the red
and imaginary parts of random variable are independent with identical Gaussian
distribution. The carrier frequency and phase offset will not change its statistical
properties. Consequently, noise can be expressed as an additive term in the
expression of received signal. Hence, we can first leave it out of our discussion and
consider it at last.

Given al the discussions above, the frequency non-selective and slow Rayleigh
fading channel can be approximated into a multiplicative factor of the transmitted

signal. Therefore, with the noise, the received signal can be expressed as
r(t) =c(t)s(t) +n(t) . (2.15)

where r(t) is the baseband received signal, c(t) denotes the multiplicative fading
distortion and its envelope has a Rayleigh distribution, s(t) is the transmitted
baseband signal and n(t) is the additive white Gaussian noise with zero mean and
power spectral density N,. In this study, our development of frame synchronization
will consider only this type of fading channel. The channel model also can be
illustrated asin Fig. 2.6.

s(t) r(t)
o X

c(t) n(t)

Fading AWGN

Fig. 2.6 Transmission channel model
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24 PSAM and Pilot Symbol Mapping

Pilot symbol assisted modulation (PSAM) is used to ease the application of
bandwidth-efficient QAM scheme in this study. As mentioned in Chapter 1, PSAM
is effective to compensate the fading effect in land mobile communication and can
make the use of multilevel modulation format QAM possible. A PSAM system
block diagram isintroduced in Chapter 1 and illustrated in Fig. 1.2.

According to the PSAM system model in Fig. 1.2, known pilot symbol
sequences are periodically inserted into the data sequence prior to pulse shaping,
and the composite signa is transmitted over a channel characterized by frequency

non-selective, slow fading and additive white Gaussian noise.

After passing through matched filter detection, the received per-symbol
samples are split into data and pilot paths, as seen in Fig. 1.2. The pilot path
decimates the samples to extract the pilot symbols, and then interpolates the
sequence of pilot symbols in order to derive a channel state estimation. Decisions
are carried out against a decision reference grid that has been scaled and rotated

according to the instantaneous channel estimate.

In this PSAM system, a sequence of pilot symbolsisinserted into the 16-QAM
data symbol stream and then transmitted together with data symbols through the
fading and noisy channel. A general PSAM frame structure is depicted in Fig. 2.7.

— Pilot — (Lp-1) Data
Symbol Symbols
A 4 A 4
P, | DATA | pP. | DATA | p, | DATA P.-.| DATA
«— L —» - «— L —» ----- «— L —>

1 frame = N subframes= N x L, symbols

Fig. 2.7 Frame structure for PSAM input signal
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In Gansman's paper [9], frame synchronization techniques for PSAM were
developed based on coherent detection. A 16-QAM modulated data set and an 8-
PSK pilot symbol set were combined together. Because in the coherent
communications system, both phase and magnitude information of received data is
needed to achieve the estimate of channel state, this algorithm is somewhat
complicated.

In contrast to a coherent communication system, a non-coherent receiver does
not require the knowledge of the carrier phase and can tolerate small inaccuraciesin
the carrier frequency [25]. By using a non-coherent receiver, the magnitude of the
information is transmitted without being affected by phase errors. If we apply this
idea on frame synchronization, it is possible to design a frame synchronizer based
on non-coherent detection that is independent of phase and frequency errors. To
implement such a non-coherent frame synchronizer, a pilot symbol must be
identified only based on its amplitude. Once you have identified the pilot symbols,
you can use both their magnitude and phase information to obtain accurate estimate
of channel state information.

From the sguare constellation of 16-QAM in Fig. 2.8, we find that there are
only three different levels of amplitude. This gives us an inspiration on how to
identify the pilot symbols by transmitting a pattern in magnitudes. As discussed
below, we use one of the several binary sequences for synchronization. As
illustrated in Fig. 2.8, we select the innermost circle contain 16-QAM codes 0000,
0100, 1000 and 1100 to represent logic O in the binary sequence. Similarly, we
select any one of the symbol codes 0011, 0111, 1011 and 1111 from the outermost

circleto represent logic 1 in the binary pilot sequence.
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Fig. 2.8 Pilot symbol mapping into 16-QAM

Since the pilot symbols can be looked as a subset of all 16-QAM symbols, a
pilot sequence can be easily introduced into a sequence of 16-QAM data symbols.

It is generadly desirable to choose a pilot symbol pattern with good
autocorrelation properties. Usually in the techniques of frame synchronization,
speciad PN sequences, such as Barker sequences [26], are used for frame
synchronization in digital communication systems. They are applied in Massey [5],
Liu and Tan [6] and Moon [7]. In these papers, 7-bit Barker sequence (-1, -1, -1, 1,
1, -1, 1), 13-bit Barker sequence (-1, -1, -1, -1, -1, 1, 1, -1, -1, 1, -1, 1, -1) and 13-bit
Neuman-Hofman sequence (1, 1, 1, 1, 1, 1, -1, -1, 1, 1, -1, 1, -1) are used as
syncword pattern in frame structures. The autocorrelation function of the pilot

sequences (without 1SI) is given by

N-j
¢; = kZlXjX;+k : (2.16)
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where X, is an individual code symbol taking values +1 or -1, for 1< j<N

andO< k <N - j. The correlation values of the Baker sequences and the Neuman-

Hofman sequence have a high peak value at j =0 and very low sidelobe values.

In this study we will use 7-bit Barker sequence (BK7), 13-bit Barker sequence
(BK13) and 13-bit Neuman-Hofman (NH13) sequence as in [5 - 7], and also
introduce 11-bit Barker sequence (BK11) and a 15-bit PN (PN15) sequence as pilot
sequences for the PSAM system. The 11-bit Barker code sequence and the 15-bit
PN sequence also have good autocorrelation properties. We introduce these two
sequences in order to investigate the performance of our system with more pilot
sequences and find out in which case the performance of frame synchronizer works

best. These pilot symbol sequences are listed in Table 1.

Tablel: Listof Pilot Sequence

Sequence Polar Binary Sequences
BK7 [-1,-1,-1,1, 1, -1, 1]
BK11 [-1,-1,-2,1,1,1,-1,1,1,-1, 1]
BK13 [-1,-1,-1,-1,-1,1,1,-1,-1,1,-1, 1, -1]
N-H13 [1,1,1,1,1,1,-2,-1,1,1,-1,1,-1]
PN15 [-,1,1,1,-1,-2,-1,-1,1,-1,1,-1,-1, 1, 1]
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Chapter 3 Frame Synchronization

In this chapter the mathematical relations for PSAM frame synchronization
techniques in both AWGN and Rayleigh fading channels are presented. The
requirements of design are first addressed, and it is followed by detailed discussions
of how each requirement is accomplished. Two non-coherent frame synchronization
approaches are proposed. One is a standard maximum likelihood (ML) formulation

and the other is maximum a Posteriori (MAP) probability criterion.

3.1 Design Considerations

Pilot symbol assisted modulation (PSAM) is used to reduce the effect of
channel fading in mobile communication. It tests the channel by periodically
inserting known pilot symbols into the data stream. The receiver uses these pilot
symbols to determine the channel state information. One of the most important
aspects of this procedure is the method used by the receiver to locate timing position
of the pilot symboals, i.e., frame synchronization.

The purpose of frame synchronization for PSAM is to identify pilot symbols
among received data symbols. Since in wireless mobile communications, the
received signals are distorted by noise, multi-path fading effect and carrier
frequency error, it is important that this frame synchronization design can manage
al these distortions and to properly identify the position of the pilot symbols
amongst the data symbols.

As we have discussed, residua frequency errors are unavoidable even after
good carrier recovery. Therefore, this design is aso on improving the
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invulnerability of frame synchronizer to the frequency error and avoiding the design
of another superior carrier synchronizer inside this frame synchronizer. The frame
synchronizer must have good performance in presence of arange of small frequency
offsets.

The PSAM system is applied to combat the fading effect, thus this frame
synchronization design should also work well under fading conditions. Since the
channel is linear (properties do not change with changes in the signal amplitude),
the channel can be denoted by the multiplicative factor c(k). To obtain a good
estimate of c(k) and use it to reverse fading effect could result in a complicated
algorithm. Therefore, this frame synchronization agorithm should have minimum

complexity and be simple to implement.

3.2 Non-Coherent System

In [9], Gansman's frame synchronization techniques for a PSAM system are
designed based on coherent detection. Both amplitude and the phase of pilot
symbols are used to estimate the fading process and this estimation is used to
achieve coherent demodulation and data symbol decision. Although this coherent
approach shows great performance in locating the pilot symbols, the algorithm is
somewhat complicated. In order to reduce the complexity of the frame synchronizer
as well as to improve the immunity to frequency offset, a non-coherent frame

synchronization scheme is proposed in this study.

As mentioned in Section 2.4, in a non-coherent system, information is
transmitted independent of the absolute value of carrier phase; hence the receiver is
not sensitive to any carrier phase and frequency error. In this PSAM system, the
receiver only estimates the magnitude variation of received signal to obtain the
frame synchronization. According to Fig. 2.9, thisis not a problem for a 16-QAM
scheme. We choose the symbols on the outermost circle of the 16-QAM square

constellation or those on the innermost circle to be the pilot symbols. Thus, in this
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frame synchronizer, pilot symbol and data information symbol are both selected
from the same 16-QAM data set. This differs from the Gansman’s work where pilot
symbols are selected from 8 PSK data set and data symbols are transmitted using
16-QAM [9].

At the start of frame synchronization, the system is working in a partially
functiona state, in which only signa magnitude can be reliably transmitted and
signal phase is not reliable. Therefore, it is reasonable to use only the reliable
portion to achieve the time location of pilot symbols. One might think that a non-
coherent scheme is a waste of system capacity for only carrying the magnitude
information, and thus the non-coherent design is inherently inferior to the coherent
one. However, the non-coherent detection is only used for the frame synchronizer
and detection of each data symbol still makes use of both magnitude and phase
information in the whole PSAM system.

According to equation (A.5) (see Appendix A), the sampled received signal
with frequency error is given as

r(k) = c(k)e/2™ (k) + n(k) . (3.1)

where f, is the frequency offset after carrier recovery. Taking the squared

magnitude of the received signal, we obtain

r)|° = |e(k)[*[s(k)| "+ 2Re{c(k)ejZ”fOTS"s(k)nD(k)}+ In(k)|” . (3.2)

where Re[ ] indicates the real part of a complex signal. From equation (3.2), for the
same value of c¢(k), s(k) and n(k), the receiver will have different values of |r(kK)}
when different frequency offsets f, are applied. It seems that a non-coherent frame
synchronizer, which is expected to perform equally on different frequency errors, is

@127 foTok

an impossibility. However, if we combine and n"(k) in second term of

equation (3.2) together, we can think e'*”"*n"(k) as a frequency-shifted version
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of noise n“(k). Let n'(k) denotes e'*""*n“(k). This frequency shift transforms
one random process to another random process. However, since n(k) is zero mean
Gaussian noise with white spectrum, it can be proven that n(k) and n' (k) have same
power spectrum, i.e. they are statistically identical. Because |n(k) |°=|n (k) [*,
substitution of n'(k) into equation (3.2) gives,

()| =[c()|[stk)f” + 2Refe()son’ (k) +|m (k)] (3.3)

Equation (3.3) shows that there is an equivalent combination of a receiver that

has zero frequency error and a channel noise n'(k) which can be used to replace the
combination of the receiver that has a frequency error f, and a channel noise n(k).
Asn(k) and e'?"""*n"(k) are identical random process, it isimplied that a scheme
with a certain average performance on a receiver without frequency error will have
the same average performance on a receiver with frequency error f, over the same

ensemble of n(k). In other words, this non-coherent frame synchronization system is

statistically immune to arange of carrier frequency error.

3.3 Fading Estimation

In the last section, we eliminated the effect of carrier frequency offset by using
a non-coherent system and thus the equation (3.1) can be replaced with the
equivalent equation as

r (k) = c(k)s(k) + n(k) . (3.4)

So the following problem is how to eliminate the fading effect of c(k). Channel
fading estimation is considered as a major task of the frame synchronizer. In this
non-coherent scheme, we only need to estimate the channel fading signa
magnitude, which means the computation requirements are not as large as those in a

coherent system.
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Assume a mobile communication scenario where a mobile unit moves to a
fixed end point along the different route with different speed repetitively. Each time
a random signal s(k) is transmitted. The receiver records one sample for each run.
This scenario has been repeated infinite times and finally we obtain a ensemble of
all sample records r(k). Using the channel model in equation (3.4), the ensemble
r(k) can be expressed as

r(k) = c(k)s(k) + n(k) . (3.5)

where r(k), c(k), s(k) and n(k) are marked in boldface to indicate random process.
Furthermore, since c(k), s(k) and n(k) are stationary random processes, r(k) is a

stationary process too.

The baseband power spectrum of |r(K)f adapted from [28] is developed in
Appendix B and given as

S.(f)=0,'[S.(f)-a()+ (20, +20 0, +0,") + (0" +0,")?8(f). (36)

Term 1 Term 2 Term 3

The first term in the equation above is a scaled version of the power spectrum
of |c(k)?, which is to be estimated in the following discussion, so we call it fading
signal spectrum. The second term is called the noise term because it represents the
variation in |r(K)f caused by s(k) and n(k). Finally, the third term represents a dc
value, which is the dc component of the squared magnitude of the fading signal,
[c(K)F, in time domain. The power spectrum of the squared magnitude of received
signal isillustrated asin Fig. 3.1.
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Fig. 3.1 Components of the power spectrum for |r(K)|? (with permission from [28])

where f_ is the maximum Doppler shift of the fading channel and the B is the

bandwidth of transmitted signal.

Equation (3.6) shows that there is an additive relationship between the
spectrum of |c(k)? and that of noise. This additive relationship is only for the
sguared magnitude of the received signal |r(K)[, and this relationship implies that
the components can be separated by proper linear filtering. From the spectrum of
[r(K)[in equation (3.6) and Fig. 3.1, we find that the power spectrum of |c(k) has a
narrow band and is located at lower frequency, therefore an estimation of channel

fading signal can be achieved by proper low-pass filtering of |r(K)[.

As illustrated in Fig. 3.1, the bandwidth of |c(K)}? is 4f,, four times the

maximum Doppler shift, while the bandwidth of noise is spread over the entire
signal. For a frequency non-selective slow fading channel, if a typical maximum
fading rate is stated in Chapter 2 as 5%, then the normalized bandwidth of |c(K)F is
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20% (4 times 5%). This means by simply extracting the |c(k)] from |r(K)]? using a

low-pass filer, we obtain areasonably |ow-noise estimate of the fading signal.

3.4 DataModel

In the PSAM system as illustrated in Fig. 3.2, the transmitter periodically
inserts a specific pilot symbol into the data sequence at the interval of L, symbols.
With a specific sequence of N pilot symbols, this results in a combined pilot and
data frame as illustrated in Fig. 2.7. The composite symbol sequence s(k) is
modulated by a square root Nyquist pulse, p(t), and then transmitted over a channel
characterized by flat slow fading and additive white Gaussian noise channel. Pilot
symbols have the same pulse shape as the data symbols. The transmitted signal has

acomplex envelope given by,

Pt Periodic sk) .| Pulse S

A

> |nsertion "| Shapin
b Gl
r’(t)
Matched
Filter
Data R
r(t) r(k) b(k) + p(k)
Symbol —/E/ L> Decison ———»
Sampler . Delay
R —
= Pilot T
- : Channel v(k)
Frame  }euuos State 4@4—
Synchronizer Estimation
Reference Grid

Fig. 3.2 PSAM transmitter and receiver structure [29]
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S(t) = kis(k) Pt —KT.). 3.7)

where s(k) is the input pulse signal, Tsis the symbol time, and p(t) is a unit energy

pulse, which can be described in following equations:

[.Ip@fdt =1 3.8)
R,(7) = J’_"; p(t) p°(t - T)clt . (3.9)
R, (K) = R, (KT,) = 8(K). (3.10)

where R () is the autocorrelation function of the pulse waveform p(t) and (k)

isthe Kronecker delta function.

For frequency non-selective fading, the delay spread of the channel is much
less than the symbol duration, i.e. all of the multi-paths arrive at receiver
approximately at the same time. Therefore, the channel has no inherent intersymbol
interference (ISlI) and the multi-path distortion can be combined into one

multiplicative distortion process c(t) as we have discussed in Chapter 2. The
received signal isthen given by

r'(t) = c(t)s(t) +n(t). (3.11)

where n(t) is the zero mean AWGN with one-sided power spectral density N, /2.

As discussed in Section 2.2, passing this signal through a matched filter p“(-t) that
is matched to the pulse shape p(t) inthe transmitter yields

F(t) =r' () Cht). (3.12)
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where [ means the convolution operation and h(t) = p“(-t) . Substituting equation
(3.7) and equation (3.11) into (3.12), the output signal of the matched filter can be

further given as

r(t) = [ r'(n)h(t - 7)dr
= [ c(0)s(r) p°(r -7 + [ n(@) p(r ~t)dz

= _[_°°w i s(k)c(r) p(r —KT,) p(r —t)dT +n(t) . (3.13)
k=-o
and sampling this received signal at the symbol time t = nT, gives,

r(n)= i s(K)[_.,o(7) p(r —KT,) p™(z = nT,)d7 +n (n). (3.14)

where r(n) is the response of the matched filter and symbol sampler. For slow
fading, c(t) is approximately constant over a symbol duration, so it may be pulled
out of theintegral. Thisyields

i s(k)c(7) fw p(r —nT,) p"(r —KT,)dr +n_(n). (3.15)

r(n) =

According to the properties of the Nyquist pulsein equation (3.8) to (3.10), we have
r(n)= k_z S(K)c(K)R, ((k—m)T,) +n.(n). (3.16)

when n=k , and because the property of noise does not change with these

transformations, the equation (3. 16) isfinaly ssimplified to
r (k) = s(k)c(k) + n(k) (3.17)

This model is not strictly valid when variation in the received signal produces ISl;

however, it is appropriate for awide range of scenarios [23].
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The synchronization structure developed later in this study is not limited to a
specific fading process. In computer simulations the Rayleigh fading process is

model ed as isotropic scattering,
Elc.c’, } = 023, (2 f,) (3.18)

where J,(¢) is the zero™ order Bessel function, 0?2 is the variance of the fading

component, and f, isthe maximum fading rate as stated in Chapter 2. This process

is simulated based on Jakes' model [24].

With this data model, the basic idea behind PSAM is quite clear. If the fading

component c(t) can be estimated accurately, then this channel state estimation can

be used to counteract the fading effect and make the data decision more accurate.
Frame synchronization is required in order to implement such a process. Asin Fig.
3.2, frame synchronization observes the received symbols and identifies the timing
of the pilot symbols. Each pilot symbol gives a sample of channel state and these
samples are then interpolated to form a continuous channel state estimation. This
estimation is used to scale and rotate a reference decision grid and thus optimize the

data output decision.

3.5 Maximum Likelihood Frame Synchronization

For a PSAM system, the frame synchronization must estimate the relative

position of the first pilot symbol P, which corresponds to the start of a frame.
Consider a full frame observation, X, having length L =L xN with symbol index

starting at O,

X =[Xg s Xys Xoeery X ooy X 4] -
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Let ¢ be the index of the pilot symbol P, within the full frame, where t/is an
integer in the range [0, L-1]. The beginning of the frame (i.e., pilot symbol F,)
appears in any of the L positions in x with equa probability. Therefore, the

O
maximum likelihood estimation is to search for the value of y that maximizes the

function f, (x| ) asgiven by

o
M =argmax f, (x| ). (319

HI0,L-1]
where f (x| ) assessesthe similarity between the known pilot sequence P and the

N received pilot-spaced symbols denoted x" starting at position ,LD/ and expressed
as
xP = Nz_lx . (3.20)
k=0 Klp+u

The benefit of a precise estimate of channel fading signal is that, given channel
state information, detection of pilot symbols could be achieved more easily and
could be treated by using the traditional frame synchronization methods for AWGN
channels. Assuming that we have perfect knowledge of channel fading signal, i.e.
ignoring the error induced during the process of fading estimation, we can think of
the fading channel as the combination of a hypothetical transmitter and a Gaussian
noise channel. In this hypothetical transmitter, data symbols |s(k)| are first
modulated by fading signa |c(K)|, then the modified signal |c(K)||s(K)| is transmitted
over an AWGN channel. For simplicity, |c(K)| is first dropped out in developing the
PDF of |r(k)>. After the final expression is obtained, we substitute |c(K)||s(k)| for
Is(k)] and give suitable results for afading channel.
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3.5.1 Synchronizationin AWGN

Let r denote the complex received signal, s denotes the complex transmitted
signal, and N, denotes the power spectral density of zero mean complex additive
white Gaussian noise. Assuming the received signal is an N-dimensional vector and
the components are assumed to be independent and identically distributed (i.i.d) to
each other. It is well known that, for an AWGN channel [27], the joint conditional
probability density function of the received signal isgiven as

f(r|s):ﬁlf(ri|§), i=01---N-1 (3.20)
where
_ 1 HIi-slF
f(rls)= T, epo N, 1] (3.22)

For simplicity and convenience, we will denote the component r, and s by

r and s in the following discussion. After we obtain the desired probability density

function of r, we will change it back with r,. Some of the mathematic devel opment

isfound in [28].

Let the component r and s be expressed in polar form as

& =|rlexp( j6,)

%s _ |S| expl [ 6.) . (3.23)

Expressing equation (3.22) in polar form yields

s 6, -6
f((|r|,0,)|(|q,95)):\/J;LNexp%deNﬁﬂ )%p@ﬂr”%ol\ls( : S)E (3.2
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Because pilot sequence is presented here in magnitude, our interest is the

probability density function of |r| conditioned on [s|. Integrating equation (3.24)

over 8. [1(0,2m1) for aspecific value 6, :%,We obtain

F(r]103.6. =70 =L, 1. 6)1(3.6. =) 96,

L et 524"*05(6’ 25,
e, %0 %X i

i ELW)E o0 -
g

0
I, ] N Z”expﬁ N,

Let 6, =6, —g and then d6. =d@,, aso, because the cosine function in the

above equation is a periodic function with a period of 2/7and the interval of the
integra is dso 277 6 and 6, —% have the same property asé@. . Thus equation

(3.25) issimplified to

. _ H‘ i +l97) |sicos(6,)
(11036, =) = AR, B!;Ei (3.26)

Using the modified Bessel function of the first kind and zero order from [30]

I, (X) = %T _[mexp(xcose)de. (3.27)
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Substituting this modified Bessel function into the integral of equation (3.26)

r
and let x =%, the probability density function under the signal phase equal to

0

TV4 becomes

£(r[1(s. 6, :77:)) _ 2\/*/@ expE‘ (|f|;:|42)EOEP|IL|(|J94H (3.28)

In the similar way, we can show that the probability density functions for cases

where phase 6is 3/41t, -4/, and —3/41tare as same as the form in equation (3.28).

To derive the PDF of f(|r| ||s]), we need to consider all the symbols with the

same magnitude but different phases in the 16-QAM constellation. For convenience,
we represent the constellation below in Fig. 3.3,

Fig. 3.3 Different magnitudes in a square16-QAM constellation



Based on the assumption that al the symbols in 16-QAM constellation are
equally likely to be sent, the probability of sending a symbol with a specific phase
conditioned on same |g] is equal. For instance, for the innermost circle when |g|

is+/2d , as shown in the most inner circle on the constellation graph, the conditional

probabilities for each possible phase are
Plb, = 1is = 2d = pl, = 3 jg = v2a]
=Py, =-711|4=+/2d3
:PEQS:—%”HsI:x/EdQ =2, (329)
The PDF f(|r|||s) for the |si=v2d is

(18 =v2d)= 1 r||@q:x/§d,6§ :IZT%DEHS =20

+ f

g < IR, 3
a1 q—ﬁd,es_4%>E9s o

il
+ f%r“@s{ = /24,6, :_77:%3%95 =-2H
il

(|18 =/2d,6, = —%’T%E@ = —37”@

- f@r“@q:ﬁd,@s :’ZT%. (3.30)

For the outermost circle when |s| is+/18d , the PDF f (r[1|s) for the |s|= J18d is
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£ (r[1]s = v18d) = f@r“@q:@d,e@:g% (331)

It is clear that for each circle in Fig. 3.3, with the different magnitudes in the

sguare 16-QAM constellation, no matter the value of signal phase, the probability
density function of f(r|||g])is

(i + )8 H @QMH
£(r1I8) = (3.32)
i =2 e
Changing the random variable in equation (3.32) from |r|into |r[ and |g] into |s]?
yields
/ H‘ H s
HURIERE No H oEN (3.33)

Under high SNR, from [6] the modified Bessel function in equation (3.27) can
be approximated as

() = eXp@)q 7In|X|H _exp(x) (3.34)
’ Jorr Jorr '
So the modified Bessel function in equation (3.34) is approximated to
o214
|EPMHE= No O (3.35)
"B N, Jam

Thus, under high SNR, f(|r|||s) can be simplified to

f]119)= @ H(”NOH)%XEPIIHH
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sf'
\/7 r |exp No H (3.36)

And therefore f(|r|2 ||s|2) can be approximated as

JURERE J%exp% qr',f')z E (337

Equation (3.37) indicates that, under high SNR, the conditiona probability
function of the squared magnitude of the received signa |r|* is similar to the
Gaussian density distribution in terms of symbol magnitude |r|. Note that this
Gaussian function is not expressed in |r|>. This function does not integrate to 1 and
is therefore not, strictly speaking, a probability density function. However, it serves
well in our study because this makes it very easy to ssimplify the computation and it
approximates the conditional probability density function for a sequence of

symbols.

As mentioned in Chapter 2, in this pilot symbol assisted modulation system, an
interleaved frame format isused and it isillustrated in Fig. 3.4.

PU DU Dl DLp-l Pl DU Dl DLp-l "t PN-I DU Dl DLp-l

— [ e L, — — [, —

1 frame = N subframes = N x L, symbols

Fig. 3.4 Input signal structure for aPSAM system
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Pilot symbols are represented by P, where i is the index of pilot symbol into
the pilot sequenceR,,P,,......RP,_; . A subframe is consisted of a pilot symbol and
L, —1 data symbols. One frame contains N subframes. N is the Iength of a pilot
sequence. Thus one frame has tota L =L, x N symbols. One frame of received

symbols is called a full frame observation. If we space L, symbols apart from each
other, then we have pilot-spaced observations of a full frame observation. There are
N-1 different pilot-spaced observations in a full frame. In simulation, every pilot
symbol is inserted into the first position of every subframe at the transmitter as
shownin Fig. 3.4.

To maximize the likelihood function, as in [31], the following notations are
defined:

P --- Pilot symbol sequence
P =[R|"|P) s [Puce| ]

dP --- Random data symbols spaced L, symbols apart from each other when
they appear in afull frame observation. The superscript p stands for the pil ot-spaced.

d? =[|do|”,|dy|” e [dye| ]

rP --- The pilot-spaced observation, which isthe collection of symbols within a
full received frame starting at the 1% position and spaced apart from each other by

L, Symbols.

=] |r0|2,|r1|2,..., |rN_1|2]

Note that the elementsin P must be the symbols located on the outermost circle
or the innermost circle defined in the 16-QAM constellation. Both rP and dP are
obtained by sampling the symbol stream at the pilot symbol spacing L.
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Therefore, by equation (3.21) and equation (3.37), we can express the joint
conditional probability density function of N-dimensiona pilot-spaced random

variable r? on N-dimensional pilot symbol P as

N-1 5 5 1 Ny N ( r|- PI )2
JUEIE S O

ZLN Nt ( |ri|_|Pi| )’ 3.38
(m) xpr 3 N ﬂ (3.38)

t("|P)

Then the frame synchronization problem of finding u , the index of the pilot

symbol P, within the full frame, becomes,

ﬂML=argmaX% Ly eyt LRI (339)

V2N, B N, %

where it is understood that pilot spaced sequence r,,r,,r, --- begins at the offset .
The received symbol index u +iL , ismodulo L and the pilot spaced symbols “wrap

around” within the observed full frame.

By taking the logarithm of equation (3.39) and neglecting terms that are
unrelated to |P|, we obtain the maximum likelihood criterion for the AWGN

channel,
Al awen = @9 Max gol— (In|=|P])? H (34029
or it is expanded as
oo = g x5 21 [P <[ [ =[P (3.40b)

When viewed in N dimensional space, we select the received pilot-spaced

sequence that has the minimum Euclidean distance to the pilot sequence.
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3.5.2 Synchronization in Fading

We now consider the frame synchronization problem in a Rayleigh fading
channel. As discussed in the beginning of Section 3.5, we assume a transmission
model where data symbols |s(k)| are first modulated by fading signal |c(k)|, then the
modified signa |c(K)|[s(K)| is transmitted over AWGN channel. This gives the same
received signa as if data signal has been transmitted over a fading and noisy
channel and thisis consistent with data model (equation 3.17). Thus, the probability
density function suitable for fading, noisy channel is given as

U 191 = ool UL o

In the similar way, as in the development of maximum likelihood metric for the
AWGN channel, we give the maximum likelihood metric for the Rayleigh fading
channel as

. N-1

Bu_raarg =agmax 13 = (] - le| R| ] £ (3423)
or it is expanded as

N _ N—l((2 3 2 ) 2)) 2 b

Hua_raang =GMX 5. Inlic IR I=In " =1c IR ). (342b)

In next chapter, Simulink® models are used to test the performance of both
frame synchronizers with various pilot symbol sequences. The models implement
the ML decision criteria above - an “argmax” structure indicates the most likely

position of pilot symbol B, within a window length of L .
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3.6 Maximum A Posteriori Probability Frame

Synchronization

In order to design aframe synchronizer to make a good decision on the location
of pilot symbols based on the pilot-spaced observation of received signa rP, we
consider a rule based on the computation of the posterior probabilities defined as
P(P|rP). This decision criterion is based on selecting the pilot symbol corresponding
to the maximum of the set of the posterior probabilities {P (pilot symbol was
transmitted|r®)}. Accordingly this criterion is caled maximum a Posteriori
probability (MAP) criterion.

Using Bayes' formulain [22], the posterior probabilities may be expressed as

f(r” [P)P(P)

(PRI ==

(3.43)
where f (r? | P)is the conditional probability density function (PDF) of the pilot-

spaced observation of the received signal rP given pilot symbol sequence P, and
P(P) istheapriori probability of the pilot signal being transmitted.

3.6.1 Synchronizationin AWGN

Using the notations of r°, P, and d° defined in section 3.5.1, the MAP
formulation (3.43) may also be expressed as

f(r® | P)P(P)
f(r?)
_ f(r* |P)P(P)
S S E(PdP)P@P) + 3 TP [P)P(R)P(P,) + f(r? [P)P(P)

f(P|rP)=

(3.44)

where the pilot spaced received signal r? may consist of pilot symbols P, data
symbols d” and in some cases Ps, which is the shifted version of pilot symbol
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sequence P and can be expressed as P, =[|P,”

[Pl s [Pl Rl [P T A

the elements of the vectors in equation (3.44) are the squared magnitude of pilot-
spaced observations. Before the development of this MAP decision criterion, we

need to define several probabilities firstly. SinceP,, the first symbol of a pilot-

spaced observation, can fall in any position within afull frame observation of length
L=L,xN symbols with a uniform distribution, the probability of observing the

pilot sequenceis

P(P) = ﬁ, (3.45)

The probability of observing a specific shifted pilot sequenceis

P(P,) = N-tpipot (3.46)
HL,N HOIN-10 L,N
And the probability of observing a specific data sequence d is
L N—-N 2
Py = 2N NS bl ). (3.47)
H LN H=

where P(|di |2) is the prior probability of sending the squared symbol magnitude of
k.

Dividing both numerator and denominator in the right side of equation (3.44)
by the numerator gives

1

Hy 1 1d7)PE”) Hﬂ%f(rpIPS)P(PS)H

O o+ 1
f(r° |P)P(P f(r° |P)P(P
H (r® |P)P(P) HH (r® |P)P(P) H

f(P|rP) =

(3.48)
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Maximization of the posterior probabilities is equal to the maximization of the
equation above and is equivaent to the minimization of the first two terms in the
denominator. Considering that for a pilot symbol sequence that is long enough,
there will be many data sequences that are closer to pilot symbol sequence than
shifted pilot sequences in terms of Euclidean distance in the multidimensional signal
space. Therefore correct detection of pilot symbols relies more on using the decision
metric to exclude data sequences close to the pilot sequence rather than the shifted
pilot sequences. Thus, the second term in the denominator of equation (3.48) can be

ignored reasonably and rearranging the equation (3.48) gives

o Fr7d7)P(d®)

S . (3.49)
f(Pr?) f(r® |P)P(P)

Inverting the equation (3.49) gives

f(PIr?) _  f(r*|P)P(P)
1- f(P|rP) ;f(rﬂdp)P(dp)'

(3.50)

Thus the maximization of posteriori probability f(P|rP) is equa to the
maximization of the right side of equation (3.50).

The denominator in the equation above requires calculation over the set of all
possible data symbols, which may be a terrible task for large frames. To further
reduce computation, we notice that contributions from each term in the summation
are not equal. The data symbol sequence that is closest to the pilot-spaced
observation r® will contribute most significantly to the sum operation. We call this

term the dominant term df_. , and use the dominant term as an approximation to the

sum, i.e, sequence df =~ generates the maximum value for the expression
f(r? |d”)P(d®) among all possible data sequences. This approximation gives good

performance in high SNR conditions. Thus the right side of equation (3.50) is
further reduced to
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f(r” [P)P(P)
f (r |ddom)P(ddom)

_ (3.51)

In order to calculate this posteriori probability, there is only one remaining

question: how to determine the dominant data sequenced® . Since eements in

dom *

di,,, are assumed to be independent random variables and in additive white

Gaussian channel, we use the hard decision of data sequence s to replace it and
calculate the likelihood ratio in equation (3.51). This is because the hard decision is

supposed to be the data sequence closest to the received sequence, hence contributes
predominately to the sum of al data sequence as df_, does. We expand the

abovementioned expression as
N-1 9 2 2
(P 100 )P(fan) = 7 00" I [ )Py ) - (352)

Replacing the dominant data sequence df . with hard decision s and combining

equation (3.38), the likelihood ratio (3.51) isfinally given as

1
P
£(r° | P)P(P) :D i 1) LN (359
f(r |ddom)P(ddom) = .

A

Therefore, our next concern is that how to obtain the hard decision sequence s.
As illustrated in Fig. 3.4, there are three levels of data symbol magnitude on the
square 16-QAM constellation. The sguared magnitude of these symbols are

2d?,10d? and18d? respectively. We define following hypotheses as
Ho: Jsf? = 2d? was transmitted,
Hi: |sf* =10d? was transmitted,

Hy: |sf? =18d? was transmitted.



Let R denote the squared magnitude of the observed symbols|r|2. The
posteriori probabilitiesP(H, |R), P(H, |R) and P(H, | R) are obtained in similar

way as

Frm, (RTHG)P(H,)
fr(R)

fr(R)

P(H, IR) =

(3.54)

frm, (RIH,)P(H,)
fr(R)

Lo} R

) fo(R)

P(H, |R) =

(3.55)

frm, (RIH,)P(H,)
fr(R)

Lo} SR

= R (3.56)

P(H,|R) =

It is assumed that the 16 symbols in the square 16-QAM constellation are
equally likely to be transmitted, the probabilities of the three hypothesis are: P(Ho)
= P(H2) =1/4 and P(H1) = 1/2. Since f;(R) is a common denominator in the
above three equations and only the relative values between three hypothesis are
interested, these three a posteriori probabilities can be changed to
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fan, (RIH)P(H,) = L exp%(\/ﬁ;\lﬁd) %@ (3.57)

2N,
fr, (RIHYP(H,) :TLEXPE@%@ (3.58)
fan, (RIH,)P(H,) = \/%expﬁ (\/E_N*/Ed) %@ (3.59)

These a posteriori probabilities diminish very quickly in high SNR conditions
when the observation is far from the hypothesis value (i.e., the squared magnitude
of the transmitted signal). This means that when an observed received signa
magnitude value is between two adjacent hypothesis values, the third one has very
little influence to the detection probability. Thus this three-hypothesis can be
simplified to two threshold test. The first threshold test is between Ho and H; when
the observed value is less than10d?. The second threshold test is between H; and H,
when the observation is more than H;. The case where the observed values equals
H; can be arbitrarily combined with either threshold test, the probability to combine
with either of them is /2. These thresholds can be obtained by following step:

If the a posterior probability f;(R|H,)P(H,)> fz(R|H,)P(H,), we select

Ho as the transmitted signal; otherwise, we select Hy, it may be expressed as

fo(RIH)P(H,) %

fo(RHo)P(Ho) < (59
But, from equations (3.57) and (3.58),
fz(RIH,)P(H,) zz@xpﬁx/ﬁ—ﬁd) - (VR -+/10d) .
fr(RIHo)P(H,) No
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Replacing ¥R with Ir|, the magnitude of received observation, thus equation
(3.60) may be expressed as

2(v10d - v/2d)|r| - 8d* S 2]
R0

N (3.62)

0

Or equivaently,

 NoLn} B+ 8a?
(o = —
< 2(+10d ~+/2d)

(3.63)

Similarly, if the posteriori probability fi(R|H,)P(H,)> fs(R|H,)P(H,),
we select H; as transmitted signal; otherwise, we select H,.Comparing the ratio of
these two probabilities, it can be derived in same process as we used to derive
equation (3.63), so the other threshold can be expressed as

% N,Ln(2) +8d”

r Y. 3.64
||H<12(x/ﬁd—\/ﬁd) (364
Therefore these two thresholds are listed below as
. NOLn% §+ 8d’
Urhreshold 1= — \
g 2{v10d -+/2d)
( ) . (3.65)
N,Ln(2)+8d
DThrashold 2=—2 \
. 2{\18d - /10d)
H

It is interesting to note that in order to compute these thresholds; we need the
knowledge of value of power spectral density of additive Gaussian noise, or,
equivaently, the signal-to-noise ratio SNR. Also, we note that the thresholds apply

to the magnitude of the receiver observation instead of squared magnitude of the
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received observation. This is because the independent variables in the posteriori
probabilities are expressed in the magnitude of the received observation. To
illustrate the use of equation (3.65), let consider a simple example. Assuming that d
isequal to 1 and SNR is 20 dB, the thresholds in (3.65) are

v
Urhreshold 1= =227
g 2(V10-+72)
(3.66)
. ;) Ln(2)+8
Threshold 2 = =3.73
E 218 - /10

And the thresholds value can be demonstrated in Fig. 3.5 as

Thl Th2

Assume Hy Assume H; Assume H,

| | |
141 227 316 3.73 4.24

v

i

Fig. 3.5 Thresholdsillustration

Using this two-threshold tester, the hard decision of data sequence is obtained
to server for the maximization of the posteriori possibility. Expanding equation
(3.53) with conditional probability in an AWGN channel gives

Ijleri|2||R|2)EEL:NH MICGIR HlARL Y E NE

|i|lf0ri|2||§|2)[905|2) (" ﬂexpE( H_'S' EQ )
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Taking the logarithm of the above equation, dropping constants and collecting
terms gives the MAP synchronization criterion in the AWGN channel:

ove_sen =aramax 55 (s =[P J+2 (RI-ls)-Lels P @)

3.6.2 Synchronization in Fading

The thresholds expressions in equation (3.65) need to be modified to be
suitable for the fading channel model. As we have discussed in the data model, we
can replace data symbol d with |c|d, however, by this way, |c| will appear in the
denominator of the threshold equations. Because |c| is the estimate of fading signal,
estimation errors may cause it to take zero or negative vaue. Since |c| is a
magnitude and cannot be a negative value, we set |c| to be very close to zero but
lager than zero when it is estimated as a negative value or zero in simulation. By
doing this restraint, we can aways have positive estimation of fading signal |c|.
Adding the fading signa |c| into threshold functions and the MAP frame
synchronization criterion (3.68), we have the suitable metric of MAP for Rayleigh
fading channel,

Fse_asry = v0max 35" (e (s[” ~[R ")+ 21 (7| -[s ) - Lop(s OB @69

This asymptotic function is a function of pilot-spaced observations and an

“argmax” structure is used to indicate the most likely position of pilot symbol P,

within awindow length of L.
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Chapter 4 Simulation Implementation

In this chapter, Matlab/Simulink®, computer simulation software for this study
is briefly introduced. Then the system simulation models are described from top to
bottom levels in hierarchy.

4.1 Simulink® Introduction

In this study, Simulink® was chosen as the simulation software to test the
performance of frame synchronization scheme. Simulink is a program that runs as a
companion to MATLAB®. As a very popular simulation software, Simulink is
widely used in industry and academia.

Simulink® is used to model, simulate, and analyze systems that change over
time [32]. These systems are usually dynamic systems such as electrical circuits,
braking systems, and many other mechanical systems. Simulink supports linear and
nonlinear systems modeled in continuous time, discrete time, or a hybrid of the two.
These systems can also be multirate. Simulink provides a graphical user interface
(GUI) for building models as block diagrams which means the models can be drawn
as we do with pencil and paper. Compared with previous simulation programs such
as C and C+ languages that require complicated programming and debugging to
formulate equations, it is easier to model these equations with Simulink by using its
block libraries. Models in Simulink are hierarchical and they can be built by using
both top-down and bottom-up approaches. The system can be viewed at a high level,
and then the increasing levels of model detail can be seen by double-click blocks to

go down through the levels.
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Generaly, simulating a dynamic system is a two-step process with Simulink.
First, a graphical model of the system is created by using integrated blocks. The
model depicts the time-dependent mathematical relationships among the system's
inputs, states, and outputs. Then, Simulink is run to simulate the behavior of the
system over a specified time span. The simulation results can be viewed while
Simulink is running. Because MATLAB and Simulink are integrated together, the

models can be simulated, analyzed, and revised in either environment.

Although running Simulink sometimes means more machine time and higher
demands to the power of the computer, when compared with the human time spent
on building and debugging models in other program languages, Simulink is still an
economical choice. The cost of human time is high and computers continue to

become more powerful and cheaper.

4.2 System Overview

In this simulation system, our simulation mode! is built by top-down hierarchy.

The block diagram of Fig. 4.1 shows the top-level of the simulation models.

Fading &
Transmitter > AW(gN —» Receiver |, Frame
Synchronizer
Channel

Fig. 4.1 System structure (top level)

61



At the top level of the simulation system structure, a signal is first generated
and modulated in the transmitter and then transmitted over a frequency non-
selective, sow and noisy fading channel. On the receiver side, assuming perfect
symbol timing, the received signa is first processed through a matched filter and
then sampled by the symbol sampler. These sampled discrete received signals go
into the non-coherent frame synchronizer to be processed and then the
corresponding statistical performance evaluations are calculated. Please note that in
simulation we use baseband linear modulation and avoid the stages of high
frequency carrier modulation and carrier recovery, therefore we can simplify the
Simulink structure and make the simulation analysis easier. However, the carrier
frequency and phase error cannot be neglected. Because, even after good carrier
recovery, there is still some residual frequency error and this error will rotate the
received signal and distort the received signal severely. In the subsequent discussion,
the effect of frequency offset will be simulated and the impact of this error to the
performance of frame synchronization algorithms will be tested.

421 Transmitter Overview

The first block in the top level system structure is the transmitter block. In the
transmitter there are two general parts: the input signal generator and the Nyquist
pulse shaping filter (square root raised cosine filter). A discrete uniform distributed
random data sequence and a specific pilot sequence are generated in the signal
generator first and are mapped into the 16-QAM data set respectively by using a 16-
QAM mapper. These two sequences then interleave together and form the input
frame structure as introduced in Fig. 3.4, in which every pilot symbol is located in
the first position in every subframe. This serial sequence is input into the system as
the raw input signal for the whole ssimulation. Since the data sequence and pilot
sequence are all mapped by a 16-QAM mapper, they are all discrete complex
signals. The Simulink block diagram for the transmitter isillustrated in Fig. 4.2.
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I 1
1 1
! |
. Sequence Mapper I
! | Pilot Symbol | SRRC Filter
! i + ' & < Transmitter_Output
! p» DataSymbol [!] ™| Modulation
1
i Frameinterleaver |
I Random .| 16-QAM ! Pulse Shaping
| Integer | Mapper [ :
1
1
L e e e ! > Signal Generator_Output

Signal Generator

Fig. 4.2 Simulink block diagram of transmitter

The “random integer” block generates uniformly distributed integer data in the
range of [0, M-1], where M is the M-ary number. In this transmitter we use 16-
QAM, so M = 16. The 16-QAM constellation of the random data simulated by

Simulink is shown asfollowsin Fig. 4.3,

|deal 16 GAM Constellation

T

] * * * +

0.5 * * * +

-5 + + * +

Quadrature Amplitude
=

25 -2 -1.5 -1 -0.5 0 0.5 1 1.5 2 25
In-phase Amplitude

Fig. 4.3 Constellation 16 QAM from Simulink
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In this square 16-QAM constellation, the distance between symbols is
normalized to minimum 1. As illustrated in Fig. 4.4, there are three different levels
of magnitude according to the constellation of 16-QAM. According to the
discussion of pilot symbol mapping in Chapter 2, logic 1 in the pilot sequence is
mapped to an outermost symbol, and Logic 0 in the pilot sequence is mapped to an
innermost symbol.

o5 ” e t *

as ¥ Y 4 M

Quadrature Amplitude
=

-2.5 -2 -1.5 -1 -0.5 0 0.5 1 1.5 2 5
In-phase Amplitude

Fig. 4.4 Mapping of pilot sequenceinto 16-QAM symbols from Simulink

In the ssimulation process, we use 7-bit Barker code, 11-bit Barker code, 13-bit
Barker code, 13-bit Neuman-Hoffman sequence and 15-bit PN sequence as pilot
sequences. These sequences are combined with random 16-QAM data symbols. The
insertion rate of pilot symbol is 1/10, which means pilot symbol is inserted every 10
symbols and the first symbol in each subframe is pilot symbol. For example, for
pilot sequence 7-bit Barker code (-1, -1, -1, 1, 1, -1, 1), the length of a full frame
observation is 7x10 =70 symbols. A composite sequence of un-shaped symbols



from the signal generator isillustrated in Fig. 4.5. Pilot symbols occur at interval of
10 symbols and are indicated by a dot.

Composite Input Signal

0 10 20 30 40 50 60 70 80

Fig. 4.5 Pilot (BK7) + Data composite input signal

The composite signal is first filtered by a band-limiting Nyquist filter. The
baseband Nyquist pulse filtering is achieved by using a square root raised cosine
(SRRC) filter. This Simulink block diagram isillustrated in Fig. 4.6

. SRRC .
Signal Generator_Output > Filter ‘><ransm|tter_0utput
Nyquist Pulse Shaping

Fig. 4.6 Pulse shaping block
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In this transmitter SRRC filter, the input signal is linearly modulated and
upsampled by a factor of 16, the roll-off factor is set to 0.5. The output of SRRC
filter is then ready to be transmitted over the communication channel. The
quadrature signal of Fig. 4.5 is passed through the SRRC filter of Fig. 4.6 to
produce the “Transmitter_Output” and this is presented in Fig. 4.7. The in-phase
signal issimilarly processed.

Original Input Signal and Output Signal of Transmitter SRRC filter

2 Quadrature! : : ! :
Input
1 p
O ...................
T o
'2 | I | 1 | |
0.6 T T T T
Quadrature : : : : : ;

B it oF - g i . oyl g R il e s i
ool SRRCAE.. .} | R Y SR 1 B0 RS B oot 8 vk e 1
0 S SO . B 0N 0 O W 0 Dl s SR L

0 10 16 20 30 40 50 60 70 80

Fig. 4.7 Input signal and output of transmitter SRRC filter

4.2.2 Channe Overview

To smulate the effects of multi-path Rayleigh fading channel, the signal
“Transmitter_Output” is used as the input of the channel block asillustrated in Fig.
4.8.

For the ssimplest case, we use the AWGN block in Simulink block library to

simulate additive white Gaussian noise. The AWGN block in this simulation runs in
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signal to noise ratio mode, i.e. E/No. SNR is defined by the ratio of the average

power of input signal to the noise power.

For the multi-path Rayleigh fading channel case, we will consider both fading
and additive white Gaussian noise. Our channdl is modeled as in equation
r(t) =c(t)s(t) +n(t) , where c(t) is the fading signal approximated as a
multiplicative factor of the transmitted signal s(t), and where s(t) is from the data

set of 16-QAM and n(t) is the additive white Gaussian noise with zero mean and
power spectral N,. According to the channel model, additive Gaussian noise is

added to the baseband signal after it first passes through the multi-path Rayleigh
fading channel. There is a “Multipath Rayleigh Fading Channel” block in the
Simulink blockset which processes complex-valued baseband signals. Within this
block, the magnitude of channel gain obeys a Rayleigh distribution. In a multi-path
channel, relative motion between the transmitter and receiver causes Doppler shifts
in the signal frequency. In this block, the power spectral density (PSD) of the
Rayleigh distribution is determined by the Jakes Model [24]. Using this block, we
can set the number of paths, the maximum Doppler shift of the channel, magnitude

gain of each path and different time delay of different path. The channel model is

giveninFig. 4.8
i e
Transmitter_DutpLdth__‘x} I AVEHN e Channel_Outputi
f:hr1ultip:|ath L
™ Rayleigh Fading Channel_Output2

A 25
A dditive
white Ganssian

Fig. 4.8 Multi-path propagation channel
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Theidea 16-QAM constellation is simulated and shown in Fig. 4.9 (@) and the
received 16-QAM signal corrupted by a time-varying Rayleigh fading channel is
shown in Fig. 4.9 (b).

Ideal 16 CLARM Scatter Plot
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16 QAk Scatter Plot with fading effect
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(b)
Fig. 4.9 16-QAM signal corrupted by multi-path Rayleigh fading
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The fading channel rotates the 16-QAM constellation and the magnitude is aso
changed. In Fig. 4.9 (b), it is clear that transmitted signal is severely attenuated by
fading effect.

16 CAM Scatter Plot with AWWGH
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Fig. 4.10 16-QAM signa corrupted by AWGN channel

Fig. 4.10 shows the recelved signal 16-QAM scatter plot over an AWGN
channel with 20 dB SNR. With this amount of noise, there are still very clear
boundaries between symbols. As the noise level increases, the symbols are blurred

more and decision errors become more frequent.
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16 ClAM Secatter Plot with fading effect
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Fig. 4.11 16-QAM signal corrupted by multi-path Rayleigh fading and AWGN

In Fig. 4.11, Gaussian noise is added after the fading channel, and obviously

the transmitted signal is corrupted more severely.

As we have discussed in the beginning of Section 4.2, the residual frequency
error of carrier recovery has great impact on the received signal. Carrier frequency
offset is introduced before the received signal is processed in the receiver.
According to equation (A.5), the received discrete signal with carrier frequency
offset can be expressed as: r(k) =c(k)e!” " s(k) +n(k) , where f, is the
frequency offset. Small carrier frequency errors multiply with the output signal of
transmission channel. Fig. 4.12 depicts this process, in which “Channel_Output”
can be either “Channel_Output 1” or “Channel_Output 2" in Fig. 4.8 depending on
the channel model. By this way, the carrier frequency offset is emulated and
introduced into simulation system, which makes the simulation system close to a
real situation.
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Channel_Output >
<_Receiver_Input
Frequency

Offset

Fig. 4.12 Simulation of frequency offset

The frequency offset rotates the output signal of the fading and noisy channel
and makes reception of received signal a more challenging work. The effect of
frequency offset can be viewed in the scatter output of the received signal. Thisis
shownin Fig. 4.13.

16 @AM Scatter Plot with fading effect and frequency offset
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Fig. 4.13 Effect of fading and frequency offset to 16-QAM points
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Comparing Fig. 4.13 with Fig. 4.11, clearly the signal was rotated by the frequency
offset and phase information of recelved signal is changed because of the

introduction of the multiplicative factor e/ "™

4.2.3 Recave Overview

The receiver consists of a matched filter and symbol sampler. As discussed in
Chapter 2, a square root cosine filter (SRRC) is used in transmitter as a pulse
shaping filter and then, correspondingly in the receiver another SRRC filter is used
as a matched filter to demodulate the received signal from channel. The parameters
in the receiver SRRC filter are set the same as the ones in the transmitter. Because
the output signal of matched filter is at a much higher sample rate, we need a down-
sampler to recover the signals to the same symbol rate as the input signals. The
down-sampling rate here is 16 times the input symbol rate. The block diagram of a

receiver isshownin Fig. 4.14.

: Receiver Down- :
Receiver_Input >—» SRRC Filter "| Sampler [ »<_Receiver_Output

Matched Filter Symbol Sampler

Fig. 4.14 Simulink receiver block diagram

4.2.4 Frame Synchronizer Overview

The objective of this study is to develop a frame synchronization scheme to
identify the time position of pilot symbols in the combined pilot and data signal.
The frame synchronizer works in a non-coherent manner as discussed in Chapter 3.
It ignores phase information of signals and simply detects the specified amplitude
information. In Simulink, the frame synchronizer begins by taking the squared

magnitude of the “Receiver Output” in Fig 4.14, i.e., the incoming symbol samples.
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The first part of the frame synchronizer is the channel fading estimation filter that
roughly estimates the magnitude of the channel state information based on the
received signal from “Receiver_Output”. Symbols are transmitted with squared
magnitude of 0.5, 2.5 and 4.5 and with probabilities of 0.25, 0.5 and 0.25
respectively when they are transmitted randomly. Channel gain is estimated by
taking the average symbol energy over a period that is less than the fading interval
but large enough to mitigate the effect of random variation in the data. Note that
uniform utilization of all 16-QAM states results in an average energy of 2.5 and that
increased channel noise will aso introduce a bias in the squared magnitude. This
noise bias can be compensated if the SNR is known. By dividing by 2.5, the channel
fading signal is normalized to unity. Squared magnitude samples are delayed by an
amount that corresponds to the delay in estimation of channel fading signal.
Delayed magnitude squared received signal samples and the channel fading estimate
are fed into frame synchronizer together in order to apply the frame synchronization
algorithms developed in Chapter 3. The timing position of pilot symbols is finally
decided by the frame synchronization algorithms.

Delay
Receiver_Output % o |2 J—> Channel Fading
‘ ‘2 Estimation Filter

r (k) r(k) 2

c(k)
v
Pilot ML or MAP
Frame
= < uence |¢ , <

Decision_Output > SDegc o Synchronizer

Fig. 4.15 Simulink block diagram of non-coherent frame synchronizer

73



According to the previous introductions, we illustrate the complete simulation
processes of two frame synchronization techniques (ML and MAP) in block

diagrams Fig. 4. 16. and Fig. 4.17 respectively.

________________________________________________________________
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Fig. 4.16 ML frame synchronization simulator

It is pretty simple to implement maximum likelihood (ML) frame
synchronization scheme since the mathematical expression is simple. The equations
of maximum likelihood frame synchronization techniques is repeated here as

~ -1
P = g max 5 200 [P~ [ =[P

-1

I :argmax@z(zm e IP1-1r  -1c PP |2)@

=0
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In a similar way, the simulation process of the MAP frame synchronizer is
illustrated in the following Fig. 4.17:
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Fig. 4.17 MAP frame synchronization simulator

The frame synchronizer starts with the low-pass channel fading estimation
filter that roughly estimates the magnitude of the channel state information based on
the received signal. Because uniform utilization of all 16-QAM states results in an
average energy of 2.5, by dividing by 2.5 the channel fading signal is normalized to
unity. Squared magnitude samples are delayed by an amount that corresponds to the
delay in estimation of channel fading signal. For the development of MAP frame
synchronization metric, the channel fading signal scales a quantizer and the
quantizer gives hard decisions of received signal. These hard decisions have squared
magnitude of 0.5, 25 and 4.5, and after passing a decision table, these hard
decisions are assigned the probabilities 0.25, 0.5 and 0.25 respectively. Received
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signal sguared magnitude samples, quantized hard decision samples and channel

fading samples are placed into shift register of length L, x N with taps at interval of
L, . The pilot spaced taps yield N element pilot-spaced vectors (N is the length of

pilot sequence) that are used to calculate the maximum a Posteriori (MAP)
probability frame synchronization agorithms with reference pilot symbol squared
magnitude samples which are N element vectors as well. Note that as the registers
are shifted, the received squared magnitude vector rP, whose notation is introduced
in Chapter 3, will correspond to the pilot sequence, a shifted version of the pilot
seguence, or most probably, a random data sequence. All the pilot-spaced shifted
vectors are fed into the MAP synchronization mathematic metric. The location of
the pilot symbol P, can be decided then. Thisis the working process of MAP frame
synchronizer. It is a little bit complicated compared with ML frame synchronizer,

however, it is still smple to implement.

The maximum a posteriori probability frame synchronization approaches in
AWGN and Rayleigh fading channels are expressed as:

fse_won = x5 (s [P+ 2 (2] -[s ) - tre{s

Fiso_ass = 200max 35 [c*(s[” =[P ")+ 2 (R ~Is )~ Lre{is | 5

Pilot symbols can be identified using either of these two decision methods.
Both decision methods are based on the high SNR approximation.
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Chapter 5 Simulation Results and Discussions

In this chapter, the simulated performances of the proposed frame
synchronizers are examined. The chapter begins with a description of the simulation
system and follows with how the parameters are set. The chapter concludes with

performance evaluations.

5.1 Simulation System Description

The objective of this project is to develop frame synchronization techniques for
a PSAM system. Although PSAM is mainly used in the wireless communication
systems to mitigate fading effects, it is still insightful for us to aso consider frame
synchronization problems in an AWGN channel. In Chapter 3, we have developed
the frame synchronization techniques for both AWGN and fading channels. It is
also reasonable to include carrier frequency offset in the simulation system.
Therefore, four channel situations will be tested in our simulations: (1) an AWGN
channel without frequency offset, (2) an AWGN channel with small frequency
offset, (3) afrequency non-selective slow Rayleigh fading channel without receiver
frequency offset, (4) a frequency non-selective slow Rayleigh fading channel with
small frequency offset. Similar to the mathematical development of the data model
in Chapter 3, the matched filter and symbol sampler outputs corresponding to these
channels can be expressed respectively as
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((r(k) = s(k) + n(k) (51)
r(k) =e/®9gk) + n(k) (5.2)
< r (k) = c(k)s(k) + n(k) (53
L r(k) =" e(k)s(k) +n(k) (5.4)

where s(k) is a pilot symbol or a data symbol, n(k) is the zero mean complex
AWGN with variance Ny, foisarandom small value frequency offset and the fading
term c(k) is a zero mean complex multiplicative distortion whose magnitude has a
Rayleigh distribution. The frequency offset, additive noise, data symbols and the
multiplicative fading are statistically independent of each other.

In the ssimulation process, data symbols are from the 16-QAM constellation
data set. Pilot sequences are 7-bit Barker sequence (BK7), 11-bit Barker sequence
(BK11), 13-hit Barker sequence (BK13), 13-bit Neuman-Hoffman (NH13) code and
15-bit pseudo-random noise (PN) sequence (PN15), all of which have good
autocorrelation properties. For these pilot sequences, the length of the frame format
has 70, 110, 130 or 150 symbols respectively. The pilot insertion rate isL,= 10 and
the pilot symbols are placed in the first position of every subframe, asillustrated in
Fig. 2.8. The fading channe is modeled by the Simulink integrated block
“Multipath Rayleigh Fading Channel”. In Simulink, this block can define the
number of paths, gain of each path, time delay and Doppler shift. The channel
fading has zero mean and the variance is set to unity. Path delay is set to much less
than the symbol time as is compliant with the definition of frequency non-selective
fading. Fading rate is set to 1%, 2% and 5% of the symbol rate to test the
performance under different fading conditions (in Gansman’'s work [9] only fading
rate 1% istested in simulation). In the whole simulation process, 100,000 trials (full
frames) are run to test the statistical performance. In simulation, 1000 symbols

(about 10 frames) were simulated prior to recording the performance data. This
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“start up” time was to alow a reasonable estimate of c(t) prior to the performance

anaysis.

5.2 Simulation Test Bench

To facilitate verification of the performance of the frame synchronization
design, we build atest bench which isillustrated in Fig. 5.1.

i . Fadi ng & ) Frame i

‘—+. Transmitter AWGN 4"'Recl 4{ Synchronizer [

i Channel i
_______________________________________________________________ A\ 4

Signal Simulation Results

Generator Reference Bench Processor
Bench X

A 4

| — S Simplified | |
—»  Simplified > Ideal Simplified »  Frame :
i Transmitter Channel Receiver synchronizer | !

Fig. 5.1 Test bench for smulation

In this test bench, the input signal is generated for the transmitter, a reference
signal is also needed to compare with the output of frame synchronizer decisions,
and then the results processor collects the output of frame synchronizer to generate
the desired simulation statistics and evaluate the performance of the frame

synchronization design.

In order to generate a reference signal at the receiver, a reference transmission
system is built, which is amost the same as the simulation system model discussed
in the beginning of Chapter 4 except that there is no distortion and noise. System

delay must be taken account, therefore the reference transmission system has
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exactly the same time delay as the simulation transmission system in every process
and this ensures the simulation transmission system and reference transmission
system are working in a synchronous mode. It is very simple to build such a
reference transmission system. All that we need to do is just to copy and paste the
simulation system model in the simulation bench and simplify it by deleting all the
distortion caused by noise and fading.

In this simulation test bench, the system in the simulation bench emulates areal
land mobile communication condition, while in the reference bench it works in an
ideal condition. Thus, the simplified frame synchronizer in reference bench can

correctly detect the location of pilot symbol P..

The results processor compares the output of the frame synchronizer to that of
the ssmplified frame synchronizer and counts the number of Py symbols that are
falsely detected during 100,000 full frame observations. The ratio of the number of
falsely detected frames by frame synchronizer in the simulation bench to the number
of total simulated frames from simplified frame synchronizer in the reference bench
is thought as the probability of false acquisition.

The probability of selecting the wrong time location of the pilot symbol is
known as false acquisition. The probability of false acquisition vs. SNR will be
examined in computer simulation and, since SNR is generally not known, arange of
values are explored. As shown in test bench Fig. 5.1, the signal generator
continuously generates a pseudo-random sequence until 100,000 full frame
observations are received at the frame synchronizer. The transmitter of the
simulation bench and the ssimplified transmitter of the reference bench work in a
synchronous mode, so that they insert the same pilot symbol at exactly the same
location in the symbol stream at the same time. For each full frame observation, the

frame synchronizer generates an estimate of the location of pilot symbol P.

Once the probability of false acquisition is obtained, it is easy to calculate the
mean time to acquisition vs. SNR. Mean time to acquisition is obtained based on
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full frame observations and a verification stage that declares synchronization after
two identical frame location estimates in succession. Assuming that has been
adapted to c(t), the mean time to acquisition can be caculated using the
mathematical expression adapted from [33] and it isgiven as

— 1 1 1 P 1 1
T, =T + = T, p, A — ——E (5.5)
. f%l@? Py Z%f f% (km)%pi 2

whereT, =L =NxL_ is one full frame period, p, is the probability of correctly
detecting the true pilot symbol detection and p; isthe probability of false larm, i.e.

detection of a non-pilot symbol instead of the true pilot symbol.

5.3 Simulation Resultsand Performance Analysis

5.3.1 Performancein AWGN Channe€

This study finds that the maximum likelihood (ML) synchronizers have good
performance over a wide range of SNR (signal to noise ratio) in AWGN channels.
Fig. 5.2 (@) illustrates the probability of false acquisition of ML frame synchronizer
in the AWGN channel without frequency offset. The simulation results show that
with the increase of the frame observation length, the probability of true pilot
symbol detection increases, which is consistent with theoretical analysis. However,
in this plot, NH13 is better than PN15 when SNR is equal to 8 dB. It is an
unexpected result. But with the SNR is increased, PN15 shows stable and better
performance than NH13 and it is still consistent with the theoretical analysis. To test
the robustness of the synchronizer to frequency offset, we set frequency offset fp=
0.02 fy the same as the value used by Gansman in [9]. The probability of false
acquisition in the AWGN channel with this frequency offset is shown in Fig. 5.2 (b).
The performance of synchronizer has very little effect by this frequency offset. This

ismainly due to the non-coherent scheme we proposed. The computed mean time to
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acquisition under these two AWGN conditions are shown in Fig. 5.2 (¢) and Fig.
5.2(d) respectively. When the frame length is smaller, the synchronizer converges to
synchronization faster. The computer simulation shows that although the proposed
frame synchronization method assumes high SNR, it also works well in moderate
SNR.

The similar performance evaluations of the maximum a posteriori probability
(MAP) frame synchronization technique are tested as we have done with the ML
frame synchronization technique. 100,000 simulation trials are used to get desired
statistical evaluations. Fig. 5.3 shows the probability of false acquisition of the MAP
frame synchronizer under the AWGN channel without frequency offset. In this
MAP frame synchronization metric, we use threshold detection to obtain the hard
decision of data symbol first and then use this hard decision to help the detection of
pilot symbols. Considering the range of SNR > 6 dB as appropriate for 16-QAM
transmission, and comparing Fig. 5.2 with Fig. 5.3, we find that the simulation
results of the MAP frame synchronizer show slightly better performance than those
of ML.

We further investigate the immunity of the non-coherent frame synchronization
schemes to arange of frequency offsets up to 60% of the symbol rate. Asintroduced
in Chapter 4, carrier frequency error happens after carrier recovery stage and
because of the carrier frequency error; the receiver signal frequency is shifted. The
mismatch between the shifted signal frequency and the band limits of the receiving
sguare root cosine filter results in performance degradation. Our purpose is to
examine the effect of carrier frequency error, not fading or noise. Therefore in the
simulation process, SNR and fading factor are fixed and different values of carrier

frequency error are used to investigate the performance degradation.

Fig. 5.4 (a), (b) and (c) show the results of performance degradation in the
AWGN channel, where SNR is set to 10 dB and the 11-bit Barker sequence is the
pilot symbol sequence. In Fig. 5.4 (), the probability of performance degradation of
ML and MAP synchronizers is plotted based on the roll-off factor 0.5. Roll-off
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factor has been introduced in Chapter 2. The acquisition performance degradation is
obtained by dividing the probability of true acquisition under different carrier
frequency offset values to the probability of true acquisition under zero frequency
offset. This plot shows that in the presence of different frequency offset, MAP
synchronizer has better performance than ML synchronizer. Fig. 5.4 (b) and (c) are
the acquisition performance degradation of the ML and MAP frame synchronizers
under different roll-off factors respectively. It is clear that from the simulation
results, the large roll-off factor allows operation with large local carrier frequency

error.

5.3.2 Performancein Fading Channel

The performance in the frequency non-selective slow Rayleigh fading channel
is more complicated than the performance in the AWGN channel. However, based
on the high SNR signal processing approximations, the frame synchronization
criteria for fading channel, equations (3.42) and (3.69), are as easy to be
implemented as those in the AWGN channel. The simulation results shown in Fig.
5.5 (@) illustrate the probability of false acquisition of maximum likelihood (ML)
synchronizer in Rayleigh fading channel when Doppler shift and SNR are known.
The design parameters were fq = 0.01 of symbol rate, frequency offset fo =0, and a
range of different SNRs values are used to test the performance. The probability of
false acquisition of ML synchronizer with carrier frequency offset which is set to
2% of symbol rate is plotted in Fig. 5.5 (b). The performance of synchronization is
poor under low SNR; however it becomes quite good in moderate to high SNR
range due to the high SNR approximations. In Fig. 5.5 (c) and Fig. 5.5 (d), the mean
times to acquisition calculated based on the probabilities of false acquisition from
Fig. 5.5 (a) and (b) are illustrated as well. It is apparent that the longer the pilot
sequence is used, generaly the better the performance of correct pilot symbol

detection, however the longer timeis taken to converge to synchronization.
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Similarly, the performance of MAP frame synchronizer in fading channdl is
investigated as well. The probability of fase acquisition under Rayleigh fading
channel without frequency offset is depicted in Fig. 5.6 (a) and the probability of
false acquisition with asmall frequency offset fo = 0.02 fs, is depicted in Fig. 5.6 (b).
In the simulation, the fading rate f, was set to 1% of the symbol rate. Mean times

to synchronization vs. SNR are computed using equation (5.5) and plotted in Fig.
5.6 (c) and (d) correspondingly.

These two proposed frame synchronizers are working based on the pilot-spaced
observation instead of the observation symbol by symbol, thus they are suboptimum
synchronizers theoretically, however their performances to synchronization show
that the pilot-spaced suboptimum synchronizers are working properly under
moderate to high SNR range. Also, comparing the simulation results without
frequency offset with those with frequency offset, it is clear that this small
frequency offset fo = 0.02 fy has very little effect on the performance of the
synchronizers and this is largely attributed to the non-coherent signal processing

used in the development of the frame synchronization metrics.

As discussed in the last section, the mismatch between the signal frequency
shifted by carrier frequency offset and the band limits of the receiving square root
cosine filter results in performance degradation of the frame synchronizer. The
performance degradation due to carrier frequency offset is also tested in fading

channdl.

In the fading channel verification, SNR is set to 10 dB and the fading rate is
fixed and set to 1% of the symbol rate to be consistent with [9]. Fig. 5.7 (a), (b) and
(c) show the acquisition performance degradation of ML and MAP frame
synchronizers in fading channel, where 11-bit Barker sequence is used as the pilot
symbol sequence. In Fig. 5.7(a), the probabilities of performance degradation of ML
and MAP synchronizers are plotted where the performance is tested when a fixed
roll-off factor is set to 0.5. The probability of performance degradation is defined
same as it is in the AWGN channel, which is discussed in last section. Fig. 5.7 (b)



and (c) are the probability of performance degradation of the ML frame
synchronizer and the MAP frame synchronizer under a range of roll-off factors
respectively. The larger roll-off factor shows better tolerance to local carrier
frequency error. Comparing the performance in the fading channel with the
performance in the AWGN channel, it is obvious that in AWGN channel the frame
synchronization system works better than in fading channel. It is easy to understand
that, in the analysis of the performance of a communication system, AWGN is
always used to give an upper bound performance, because the AWGN condition is

the simplest case in wireless communication environment.

In the above-mentioned simulations, the fading rates were all set to 1% of the
symbol rate to be consistent with that in [9] in order to conveniently compare the
performance of these two frame synchronization methods. However, it is important
to consider other fading conditions to further test the robustness of our proposed
frame synchronization techniques. In Fig. 5.8 and Fig. 5.9, the probability of false
acquisition of the ML and the MAP frame synchronizers without carrier frequency
offset under different fading rates is illustrated respectively. In these simulations,
11-bit Barker sequence was used as pilot symbol sequence. Fading rates are set to
1%, 2% and 5% of symbol rate respectively. These plots show that with the
increasing of fading rate, the performance of frame synchronization becomes worse.
The frame synchronizer with fading rate 5% failed. According to the definition of
non-selective slow fading stated in Chapter 2, if the fading rate is too large, then the
data model (equation (3.17)) used in this study is not valid anymore. Thus the frame
synchronization algorithms developed based on this equation are not working
properly. Also in larger Doppler shift situations, the transmitted signal are distorted
more dramatically and this makes the performance of synchronization degrade very
quickly. In such cases, high SNR is needed to improve the performance and more

accurate fading estimation is required to compensate for the severe fading effect.
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5.3.3 Comparisonsto Existing Synchronizers

In this section, Our ML and MAP synchronizers are compared through
simulation to some existing synchronizers. They are the Gansman's ML frame
synchronizer, the standard correlator and the non-coherent synchronizer of Liu &
Tan [6]. The latter two are expressed respectively as,

~ N_l *
fi_=argmax| Y piX, ., (5.6)
uOo,L-1] | k=0 p
~ N_l *
lult :arg max z kakL +u - f(Xk+p) (57)
uo,L-1 k=0 p

where f (X, ) isadata correction term which we have chosen to be the magnitude of

received signal |r| in our simulations. Fig. 5.10 compares the simulated

performance of synchronizers in AWGN channels without frequency offset and
shows that our synchronizers and Gansman’s synchronizer perform much better
than the standard correlator and Liu & Tan, where COR denotes the standard
correlator. The standard correlator failed and Liu & Tan is ok in the AWGN
channel. Our MAP is dlightly better than Gansman and our ML synchronizer has
dightly less performance than Gansman in the low SNR, but ours have better
performance in the high SNR than Gansman. In each case, 11-bit Barker sequence
was used as pilot symbol sequence. Fig. 5.11 shows the comparison of the
performance of our ML and MAP frame synchronizers with Gansman with
frequency offset = 0.02 of the symbol rate in an AWGN channel. It is obvious that
our techniques are very robust under this frequency offset; however, Gansman's
synchronizer fails in the presence of this frequency offset. This is mainly because
the non-coherent scheme is applied in our study. Fig. 5.12 compares the
performance of different synchronizers in fading channel with fading rate f4= 0.01
of the symbol rate. Our proposed ML and MAP frame synchronizers and
Gansman’ s synchronizer perform well, while the standard correlator (COR) and Liu

& Tan failed in the fading environment. It is seen that Gansman’s synchronizer has
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better performance than ours in low SNR, and has dlightly less performance when
SNR becomes high. This mainly is attributable to the approximation rule used in the
development of the frame synchronization criterions. In Gansman, alow SNR rule

isapplied, whilein our study, ahigh SNR ruleis used.
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Chapter 6 Conclusions and Future Work

6.1 Conclusions

In this study, frame synchronization techniques for PASM were developed for
both AWGN and frequency non-selective Rayleigh fading channels. Compared with
Gansman’'s work [9], in which frame synchronization techniques were obtained
based on the coherent detection, this study extends the work by introducing two
non-coherent frame synchronization approaches that are tolerant to the frequency
offset. In this non-coherent approach, only the magnitude of the received signal is
used to obtain the timing of pilot symbols.

One frame synchronization approach is based on a maximum likelihood (ML)
estimation algorithm. The other frame synchronization approach is maximum a
Posteriori probability (MAP) criterion depending on threshold detection. Both
synchronization methods are computed based on pilot-spaced observations. The
models implement the ML and the MAP decision criteria - an “argmax” structure

indicates the most likely position of the pilot symbol P, within a window length of

L.

Signal processing in the receiver uses simplifying approximations that rely on
relatively high SNR as consistent with the reception of 16-QAM. Computer
simulation has been used to test the probability of false acquisition, the mean time to
acquisition and the performance degradation for both AWGN and fading channel
conditions. Severa different lengths and patterns of pilot symbol sequences were

used to investigate these synchronizers' performances where every 10" symbol was
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a pilot symbol and all the other symbols were randomly selected 16-QAM data
symbols.

The simulation results show that proposed MAP frame synchronizer has better
performance than ML synchronizer in al cases. With the increase of the length of
one full frame, i.e. the different pilot sequences are used, the performance of
synchronization becomes better. However, the longer the frame length, the slower
the synchronizer converges to synchronization and the mean time to acquisition is
longer correspondingly. Compared with the simulation results of some other
existing synchronizers, results from this study show somewhat better performance
in both AWGN and fading channels. The standard correlator failsin the AWGN and
fading channel no matter if there is frequency offset or not. The Liu & Tan
synchronizer is good in the AWGN channel, but failed in fading conditions.
Gansman'’s synchronizer works well in AWGN and fading channels when there is
no frequency offset. Gansman’s synchronizer has better performance than ours in
lower SNR conditions and ours has better performance than his in higher SNR
conditions. This is due to the difference between the approximations rules used to
develop the frame synchronization criteria. In Gansman’s method, the low SNR rule
was used, while in our methods, the high SNR rule was used. The frequency offset
is limited primarily by the bandwidth of transmitter and receiver Nyquist filters.
While al the other synchronizers failed in the presence of frequency offset, our
proposed synchronizers have significantly better performance in presence of larger
carrier frequency offsets. This is due to the non-coherent system proposed in this
study. Moreover, our methods lead to simple analysis and these methods are
somewhat simpler to implement.

6.2 FutureWork

The work presented in this thesis shows a novel scheme of frame

synchronization for PSAM. However, it is by no means the definitive work on this
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study. In this section, a number of suggestions on future work based on this study

include:
* PSAM frame structure design:

In this study, it is noted that pilot symbols in the PSAM frame structure are
uniformly inserted and spaced. Hence, non-uniformly spaced pilot symbol frame
structure could be explored in future to see that how non-uniform pilot symbols
inserted frames will change the receiver structure, how they will affect the frame
synchronization performance and if an optimum structure exists for the PSAM

system.
» Low SNR approximation Rule

Another aspect that is worth serious investigation is the alternative
approximation rule, the low SNR approximation rule. In this study, we used high
SNR approximation rule to obtain our simple frame synchronization criterions.
However, main difficulty in applying a low SNR approximation rule is that the
resultant expressions are not similar to a Gaussian distribution, which prevents
effective simplification in the subsequent development. Therefore it could result in a

more complicated mathematical expression than the high SNR approximations rule.

» Theeffect of symbol timing error

In this study, symbol synchronization is assumed to be perfectly recovered
before the investigation of frame synchronization. However, in real communication
systems, symbol timing errors exist and become worse in low SNR conditions. It is
important to further investigate the effect of this error to the performance of frame

synchronizer by simulation and mathematical means.
» Frame synchronization evauations:

A few minor extensions can be made to the frame synchronization evaluation.
First it could be extended to a Rician fading model. Second it could be extended to
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consider additive noise which is not white. However, it could be a difficult problem

to deal with, because it is hard to simplify the non-white noise to an easy model.
» PSAM in frequency selective fading:

Typica PSAM system is used in frequency nonselective fading channels where
the delay spread is small so the different multi-paths can be combined into one
multiplicative distortion process. If the delay spread is large, intersymbol
interference isinduced and some type of blind equalization technique is used instead
of PSAM. Therefore, a good project would be extended the frame synchronization
of PSAM to frequency selective channels and compare its performance to that of the
blind equalization.

* Implementation extensions:

In this study, we used 16-QAM to simplify our analysis and implementation.
However, according to the characterization of the square constellations 16-QAM
scheme, we think this non-coherent method could be extended to other larger
constellations, such as 64-QAM scheme. There are different levels of magnitude on
the constellation of 64-QAM. Therefore it is possible to use the similar idea we
applied in this study on how to define the pilot symbols, we can map the binary pilot
sequence into 64-QAM data set and thus design a frame synchronization scheme
based on 64-QAM format.
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Appendix A: Fading Channel with Frequency and

Phase Error

The channel model in equation (2.15) is the simplest based on the assumptions
made in Chapter 2. However, there is a quite significant problem neglected in the
previous discussion. This problem is the local carrier frequency offset and phase

error.

Although good carrier recovery is assumed before the frame synchronization
stage, it is not possible for a real communication system to have perfect carrier
synchronization. It is hard to tune the local oscillator in receiver exactly to match
the oscillator in transmitter, because both oscillators in transmitter and receiver
cannot be made exactly the same physically, and thus the frequencies generated by
both oscillators are not exactly the same. Therefore it is difficult for the receiver to
coherently demodulate the received signal precisely. To account for the effect of
carrier frequency offset and phase error in the frame synchronization scheme, it is

necessary to include it in the channel model.

According to the 16-QAM receiver in Fig 2.1 (b), the received signal can be
conveniently expressed as

x(t) = Re[s(t)a(r ;t)e!?®el?7%], (A.1)

where Reg[A] means the real part of a complex signal, x(t) is the bandpass received
signal, s(t) is the complex continuous time baseband signal, and factor a(r ;t)e!’™
is the continuous time expression of the multiplicative fading distortion
corresponding to the discrete time expression in equation (2.13), f. is the carrier

frequency at the transmitter.
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After coherent demodulation and low-pass square root raised cosine receiver
filter, the baseband signal is obtained as

r(t) = s(t)a(r ;t)e!?Wel T, (A.2)

where f, is the frequency offset of carrier recovery and ¢ is a constant phase error
which is uniformly distributed over [0, 272]. Note that both f, and ¢ are slow time

varying signals, they are approximated by constants because the variations are

negligible compared to that of the channel fading.

According to the discussion in Section 2.3.2, the statistical model of fading is
considered as Rayleigh fading, which means that envelope of a(7 ;t) has aRayleigh

probability density distribution (PDF) and phase 6(t) is uniformly distributed over
[0, 2z]. Since the phase error ¢ has the same uniform probability density
distribution over [0, 27] as that of 8(t) , the sum of these two random variables
6(t) + ¢ aso has uniform probability density distribution because the summation of
phases is modulo of 272. The sum of 8(t) and ¢ is denoted asé(t) . Thus, equation

(A.2) changesto

r(t) = s(t)a(r ;t)elf®ei2mfot, (A.3)

The baseband fading channel is denoted by c(t) in the channel model (equation

2.15) and here we use c(t) to replace a(r ;t)e'®® for channel fading. Adding the
Gaussian noise that is ignored initially for the ssimplicity of analysis, the received

baseband signal finally becomes
r(t) = c(t)e’?™'s(t) + n(t) . (A.4)

The continuous time baseband received signals are then sampled by the symbol
sampler and fed into frame synchronizer to be processed to identify the timing

position of pilot symbols.
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In the beginning of this thesis, it is assumed that symbol timing is perfectly
recovered. In Section 2.3, we have discussed the fading channel is assumed to be
frequency non-selective and slow fading for this study, therefore it can be
approximated as constant during one symbol period. Hence the continuous time
fading signal can be approximated as a discrete time function, which has constant
value during a symbol interval and only changes its value at symbol boundaries. To
derive the discrete expression of the received samples, the frequency offset
represented by f, isassumed to be small and within limits that is determined by the
square root raised-cosine filter and symbol sampler [9]. When the frequency offset
is very small compared with symbol rate, during each symbol interval, the phase
change is negligible. Thus we can approximate the frequency offset as discrete
phase change that occurs at the boundaries between symbols. Based on al these
assumptions and approximations, the discrete received signal after symbol sampler
can be expressed as

r(k) = c(k)e'?" " Ts(k) + n(k). (A.5)

where c(K) is the discrete time approximation of the multiplicative fading distortion

c(t), Tsisthe symbol time.

It is noted that although the c(k) is assumed to be circular symmetric, and so is
c(k)e!? "™ however, e/#™* and c(k) can’'t be combined together and easily
simplify the product to c(k) as in the discussion of the phase offset. Thisis because
that c(k)e'#"™* shifts the power spectrum of c(K) and represents another random

process that is distinct from the original random process.

The equation (A.5) is important for the non-coherent detection scheme
discussion and is important for the performance evauation in the computer

simulations.
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Appendix B: Power Spectrum of the Squared
Magnitude of Received Signal

In this appendix, the power spectrum of the squared magnitude of the received
signa |r(k)]’ is developed. Some assumptions are introduced before detailed
devel opment:

* c(k), s(k) and n(k) represent fading signal, transmitted signa and noise
respectively. They are baseband complex stationary random processes and

can be expressed in complex forms as
c(k) = ¢, (k) + jeg (k) , s(k) =, (k) + jsg(K), n(k) =n, (K) + jng (k).

where | denotes the in-phase components and Q denotes the quadrature
components. The in-phase and quadrature components of a baseband
complex random process have independent and identical distribution (i.i.d).

« c(K), s(k) and n(k) have variance 1, o and o, respectively. In this study,
fading signa c(k) is modeled as a Rayleigh fading, which is a zero-mean
complex-valued random process and its variance is normalized to unity. s(k)
is from the 16-QAM data symbol set, which has zero mean as discussed in
Section 2.1. Noise term n(k) is the zero-mean additive white Gaussian noise
throughout the study. Therefore c(k), s(k) and n(k) are all zero-mean random
process and each component random process, i.e. in-phase component or

quadrature component, is zero mean. Thus we obtain E(c/) = E(CQZ) =0.5,

E(s’) = E(sg) =0502, and E(n}) = E(ng) = 0.507 .

* 5(k) and n(k) are independent identical distributed (i.i.d) random variables for
different values of k. This implies that their power spectrums are constants

over the frequency range of bandwidth.
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Besides above assumptions, the following notations are defined to simplify the
discussion.

2

R.(1) =& |- ()[|r(k 1)
R. ()

R. (1) = B |s(k)|’|sk ~1)[’| Denotes the autocorreliation of [s(k)|’

Denotes the autocorrel ation of |r (k)|2

E{ |c(k)|2|c(k —I)|2} Denotes the autocorrel ation of |c(k)|2

R. (1) = E{ |n(k)[’|n(k - 1)[* } Denotes the auttocorrelation of |n(k)|
and 0,2 = E(c(k)), 0.7 = E(s(k)|*) and 0,2 = E(n(k)|) denote the variance of

signal c(k), s(k) and n(k) correspondingly.

Before starting with the discussion of |r(k)|2, we need to knowR, (1), R ()
and R, (1) . According to the definition of autocorrelation function, for a complex-

valued stationary process c(k)

R.() = Efek)e (k -1}
= ~Efle, 0+ el [e, (k=) - o (k=D
=~ Effe; (Ko, (<=1 # e (Keg (k=11 + iffe, (eq (k=] ~eq (K, (<=1}
= R 1)+ Ro) * J[Rycq ()~ R 1)

=R, (), (B.1)

where R, () and R (I) are autocorrelation functions of the in-phase component
¢, (k) and the quadrature component c, (k) respectively; R, (1) and R, (1) are

the cross-correlation of these two components. The results of (B.1) is obtained

based on the assumption that c, (k) and c,(k) are independent, identically

distributed, zero-mean Gaussian random process.
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Therefore, the autocorrel ation function of |c(k)|2 isgiven as

R. (1) = B |c(k)[ etk - [’

E{lc2(k) +c2 (] [c2(k — 1) +c2 (k- )]}

= E{c?(k)c?(k 1) + 2 (K)c2 (k = 1) + c2 (k)3 (k = 1) + 3 (k) (k = 1)}
= 2E{c2 (k)c? (k - )} + E{c? (K)c2 (k - )} + E{c3 (k)2 (k - 1)}
= 2E{c? (K)c? (k - D)} + 26{c? () JEfe? (0}

= L (1l 2
2R, ()+2%JC§

=2R

cl 2

1
)+, (B.2)

Equation (B.2) is obtained based on the assumptions that o> =1 and the in-phase
and the quadrature components are i.i.d. and zero mean.

According to Papoulis in [22], if random variable v is a normal stationary
process with zero mean and autocorrélation R, (r) , and R,(0) = o7, for another

random process z = \#, the autocorrelation of z is expressed as
R, (1) =R (7) = R7(0) + 2R} (7). (B.3)
So we have
R,.(1)=R%(0)+2R2 (). (B.4)
Substituting (B.4) into (B.2) gives
R.(1)=4R2 (1) +1 (B.5)

andwhen | =0, weget R, (0) = 2.
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In the similar way, the autocorrelation function for |s(k)|2 and |n(k)|2 are given

R. (1) = B |s@)[[stk - 1)[*}
=E{ [s7() + s (K] [87 (k= 1) + sZ (k= 1)] |
= E{s?(K)s?(k —1) + s2 (K)s2 (k = 1) + s2(K)s2 (k = 1) + 82 (1)s? (k = 1)}

= 2R, () +2(;0?)’

= 2R (0)+2R¢ )]+ S o

1 1 o, 1

—0t6()+ . (.6)
and
R. (1) = E{ |n(k)|*|n(k -1}

=g ()+ao;. (B.7)

In equation (3.3), the squared magnitude of received signal |r(k)|2 is expressed

() =[c s +n(k)” +2Ree(k)sk)n (k). (B.8)

and thus the autocorrelation of |r (k)| is expressed as
R.() = E{|r ([ r(k=1)}
= Ef e s0f” +[n(]* + 2Rele(k)sk)n” ()]
x{jo(k = 1)?[s(k = D +|n(k = +2Rele(k - sk - )n"(k - D]}
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= E{ e[tk = D[ stk = 1) }+{ ek Ik = 1)}

Term 1-1

+{ (k] st Itk =D F{ etk = 1) stk =1 ()}

Term 1-2

+4Relc(K)s(k)n”(K)] Refc(k —1)s(k - 1)n"(k -1)]

Term 2

+ 2Rec(k)skIn"(k)){ [c(k = D[ stk = 1) +[n(k - [}

Term 3

+ 2Rec(k ~ stk ~1)n(k =D [c)F[sk)|? + () |- (B.9)

Term 4

Term 3 and Term 4 in the above equation equal to zero after being taken
ensemble average, because the random processes s(k) and n(k) are zero mean. Term

2 is expanded using the real and imaginary parts of random signal as
E{4Re[c(k)s(k)n" (k)] Re[c(k ~1)s(k = 1)n"(k = )]}
= 4Ef{c, (K)s, ()N, (K) — 4 (K)s, ()N, (K) + ¢4 (K)s; (K)Ng (K) + ¢, (K)So (K)Ng (K}
x{c, (k=1)s, (k=1)n, (k=1) — co (k= 1)s, (k= D)n, (k1)
+co(k=1)s, (k=Dng (k=1) +¢, (k =1)sy (k= ng (k = )}}
= 4E{c, (s, (), (K)c, (k-1)s, (k=1)n, (k1)
*Cq (K)sg (K)n, (K)cg (k =1)sq (k= 1)n, (k =1)
+Cq (K)s; (K)ng (K)cg (k =1)s; (k =1)ng (k = 1)
+¢, (K)So (K)o ()G, (K =1)s, (k =g (k =1}
= 4R, (DR, (R, () +Ru(NRL (DR, (1)
+Ro (DR, (DR, (1) + R, (DR, (DR, (1)}

=16R, (DR (DR, (1), (B.10)
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In the above equation, ¢, (k), s, (k) and n, (k) are in-phase components of
complex c(k), s(k) and n(k) respectively; c,(k), s,(k) and n, (k) are quadrature
components. Let R (I) denote the autocorrelation function for the y components of

x signal, where x represents ¢, sor n and y represents | or Q. For instance, R, (1) is
the autocorrelation function for the in-phase component of fading signal c(k). If we
further assume s(k) and n(k) are white random processes with variance o2 and o’

respectively, and c(k) has unit variance, then B.10 can be further reduced to
16R, DRy R, (1) =20.°0,5 (1), (B.11)
Term 1-1isequal to
R.OR.()+R.()=R.()[o 5 () +0l1+[0,6,()+0T,], (B.12)
Term 1-2in B.9 can be simplified to
el otk s ntk =D+ otk =D stk =1l nciof |
= 26{|c()” JE{ stk JE] (i)
=20’0? (B.13)

S n’

Substituting equations (B.11), (B.12) and (B.13) into equation (B.9), the

expression of R, (1) isfinally given as
R.()=R.(Oloso () +o.1+[0,8,(1) +031+200, +2070,5,()
=R.()o? +[R.(0)a? +2020% +07315,(1) + 20207 + 0}
=[R. (1) -1lo¢ + (207 + 20202 +? )5, (1) + (02 + 2. (B.14)

Taking Fourier transform on both sides of (B.14), we obtain the power

spectrum of |r(n)|2as
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S.(f)=0,'[S.(f)-a(f)]+ (20, +20 0" +0,*) + (0, +0,%)?(f). (B.15)

This equation plays a key role in development of the fading signal estimation in
Chapter 3. The spectrum of |r(k)[isillustrated in Fig. 3.1.

Taking discrete time Fourier transform of (B.5), i.e. the autocorrelation of

lc(k)? , we obtain the power spectrum of |c(K)[?,

S.(f)=HaR2 () +1
=4s, (f)0S, (f)+3(f) (B.16)

=4S ()OS, () +5(f).

where F[A] means the Fourier transform of A and the symbol C represents the
convolution operation. Equation (B.15) shows that the power spectrum of [c(k) is
made of two components, covariance spectrum and a spectral linea f = 0. The
covariance spectrum is a self-convolution of the power spectrum for c(k) and it
represents the variation in |c(K)[>. Due to the convolution operation, the bandwidth

of spectrum S ()OS (f)istwice the bandwidth of S_(f). That means the highest

frequency components in [c(K)J? is two times of the maximum Doppler shift in c(k),
and this is due to the nonlinear effect of the square law device. The spectra line at

dc frequency indicates the mean value of |c(k)[.
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