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ABSTRACT

The problem of deriving symbol synchronization information from the received signal for a
class of bandwidth efficient continuous phase modulation (CPM) schemes transmitted over a fast flat-
fading channel is studied. The modulation class considered is. M-ary CPM with a modulation index
h=1/M. A particuiar synchronizer structure which generates a tone at the symbol rate in a manner
which automatically cancels the fading phase effects is proposed and analyzed in detail. The practical
aspects of implementing this synchrorizer using digital signal processing methods are discussed,
Finally, simulation results showing the root mean square jitter produced by this synchronizer fer a few
well-known cases of medulation and fading channel parameters are presented to illustrate the

performances of the system,
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Chapter 1

INTRODUCTION

The evolution of communications over the last three decades hes given birth to a tremendous
varieties of modulation schemes, signal processing techniques and system configurations. Associated
with this progress is the diversity of applications developed over the years to fulfill the growing demand
for communications all over the world. At the same time, changes in the cconomics of digital
technologies and the flexibility inherent to d%scret.e systems have lead to a pronounced shift towards

digital communication systems.

Fortunately, the mathematical foundation for digital communication had been established by
Shannon [1)-[3] in the late 40’s. This provided an understanding of the fundamental limitations on the
performance of digital communication systems and through this some of the goals in the design of these
systems. A great deal of effort has been expended to find means of approaching the limits set by
Shannon and others for efficient communications. The results of this extensive effort can be seen today
in the assortment of digital systems available to transmit and receive information. Among the most
popular, are the digital cable telephone networks, the linc-of-sight radio systems, the digital satellite
communication systems, and the land-mobile radio systems. This thesis deals primarily with a
difficulty found in digital communications, especially here in digital Jand-mobile and satellite-mobile
radio systems, and specifically with the practical problem of determining timing information from the
received signal which is necessary for successful recovery of the data. The introduction presents the
three major components related to the thesis i.e., the fading channel, the modulation scheme, and the

synchronization problem.
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In (4], Lee defines mobile radio communications as a “radio communication link between two
terminals of which one or both are in motion 0.1.' halted at unspecified locations and of which one may
actually be a fixed terminal such as a base station™. This definition applies to satellite communicatiois,
and even morc so to the planned systems for mobile-satellite communications [5][6). Mobile
communications is in general associated with time-varying channels. The radio transtission system
must be designed to insure reliable transfer of information despite the channel variations. The first step

toward understanding the mobile radio channel, is to examine a few basic characteristic of such

channels.

1.1 Mobile Radio Channel

The mobile radio channel is characterized by a time-varying structure inherent to many non-
man made propagation medium, The fluctuations are called short-term changes if the duration is much
shorter or in the order of the shortest period of interest to the communication application (typically the
symb?l period). Long-term changes occur relatively slowly and relate to time periods of an hour, & day,

a manth or even seasonal.

To explain the behavior of the channel, a theory based on unmodulated radio frequency
carriers affected by multipath propagation has been constructed. Because of geography, the signal
propagation between the transmitting and receiving points usually occurs over several different paths.
Each signal path is characterized by an attenuation, a phase change and a delay which depend on the
nature of the scatterers and the path length. Therefore, the received signal can be seen as a sum of a
finite number of attenuated and shifted version of the transmitted signal. A small change in a path
length relative to the carrier wavelength will result in a delay change that will preduc~ a significant
carrier phase change for that component of the reccived signal. Since the length of the paths and the
scatterers vary randomly, the received signal changes randomly in amplitude and in radio frequency
phase, Therefore the general approach taken is to characterize the time-varying multipath chaune

statistically. When the number of paths is large and all of comparable magnitude, the received signal
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cnvelope can be shown to follow (with the direct path) a Rician probability density function and the
radio frequency carrier-phase a known probability density function [8]. The number of paths necessa;ry
(no line-of-sight path) to observe a close similarity for the envelope and phase with the above
distribution is as few as six sinc waves with independently fluctuating random phase, In certain
conditions, the delays between the paths are small and it is appropriate to model the channel as a
multiplicative noise process. For engincering purposes, the Rician statistics are expected to be a very
good approximation for the resulting cn\lfgln[ge fluctuations uncder multipath propagation. These
statistics correspond to the short term fading mentioned above. The resulting envelope mean is
associated with the long-term fading and is modeled by a random variable having a log-normal
probability density function (log-normal shadowing) [10]. In this thesis, only the short-term fading is

considered for the analysis and the design. Rayleigh (a special case of Rician) statistics are assumed to

characterize the envelope statistics throughout most of this thesis.

Given the channel characteristics, a natural question to ask is what modulation scheme is most

appropriate in this environment. We shall briefly consider this question next.
!

1.2 Modulation

Digital modulation techniques have also found many applications in mobile communications in
the last few years. Transmission through the mobile radio channel results in distortion of the
transmitted signal in both the amplitude and the phase, making some digital schemes more attractive
than others. Furthermore, nonlinearities are often encountered in mobile transmitter equipment
necessitated by the need for power efficiency and physical constraints., For these reasons, it is
recognized that constant envelope modulation schiemes are highly suitable for this kind of application.
Thus schemes like M-ary frequency shift keying are candidates for use in time-varying nonlinear
channels. Another practical coustraint in mobile communications arises from the difficulty in designing
a good carrier recovery circuit because of the rapid carrier-phase changes due to multipath, Non-

colierent systems represent a potential solution to this problem al the expense of some degradation in
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the probability of error [15]. For example, in the Advanced Mobile Phone Service systewm, binary
frequency shift keying with discriminator detection [7)[10] is used. However beeause of the increasing
demand and interest in mobile communications, new bandwidth efficient constant envelope medulation

schemes are needed which have higher transmission capacity.

One approach to decrease the signal bandwidth is by the use of digital frequency modulation
with continuous phase. An important class of such modulation techniques is the class of techniques
known as continuous phase modulation (CPM) [11),(17],{18]. These techniques are generally instances
of nonlinear modulation with the properties of generating signals with a constant-envelope and
continuous-phase. The average power spectrum of several CPM signals have been shown to have good
main lobe characteristics as well as acceptable small sidelobes to minimize co-channel interference {12].
CPM signals are often classified according to the pulse shape used to smooth the frequency or/and
phase transitions. Nyquist proposed three criteria {13] for distortionless baseband transmission. The
pulse shapes resulting from these criteria of importance in the context of CPM are those -tisfying
Nyquist third eriterion [21] which have interesting properties similar to Nyquist 1 criterion .in linear
modulation. Because of this interesting property, attention will be paid to CPM Nyquist IJl pulse

shaping in the context of a fading channel.

In order for successful detection to occur, any digital CPM detector has to acquire and

maintain symbol synchronization This thesis will investigate the synchronization problem in the given

signal environment.

1.3 Synchronization

Applied to digital communication, synchronization can be defined as the alignment in time of
frequency and time. The hicrarchy of synchronization levels is usually divided in four categories:
network, frame, symbol and carrier synchronization, Network synchronization is concerned with systen

access time, and frequency-time distribution among various subsystems. The format under which the
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data bit stream is transmitted is called a block, a packet, or a frame. It is of importance to know when
the frame is beginning and ending so that proper reconstruction of the message is achieved. Frame
synchronization addresses this problem. Network and frame synchronization problems are usually
solved by multiplexing messages, words or bils solely for synchronization purposes. The next level is
symbol synchronization and the problem is basically lo determine the instants in time when the
medulation may change states. From the implementation point of view, a timing signal is required to
convert the continuous-time signal into a discrete-time sequence of data symbols. The last level is
carrier-phase synchronization where restoration of the carrier in frequency and phase is carried out from
a carrier-suppressed wavelorm, The restoration of the carrier-phase is not always needed. For example
the non-coherent detection techniques mentioned earlier for the fading channels do not need phase

alignment of the carrier.

This thesis is concerned with the problem of symbol synchronization. More specifically, we are
concerned with the “sell-synchronization problem” where we try to recover symbol timing directly from
the received data-bearing signal (as opposed 1o data-aided synchronization recovery techniques or the

-use of a separate synchronization signal). Synchronization recovery is usually handled in two phases: in
the first instance we try to acquire the initial synchronization *lock™ in what is termed the “acquisition
mode”, which is followed by procedures which try to refine and maintain the synchronization lock in
the “tracking mode”. Acquisition of synchronization must be performed at the start of a transmission
and whenever the system loses lock. It is usually accomplished with the aid of a preamble of a specific
known pattern of symbols to speed the process of acquiring lock and thereby improve the system's
efficiency. In tracking made, the task is different in that the synchronization recovery system is only
trying to follow the small and slow variations that occur in the symbol timing clock. The discussion of

synchronization recovery here is limited to a discussion of synchronization recovery in tracking mode.
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1.4 0Objectives and Organization

The task of determining optimum timing schemes is a very difficult one and is not pursued at
length in this thesis. Instead most of the discussion on synchronizers here is concerned with the analysis
of a particular synchronizer structure which seems to posses a variety of good prope:iics for the
modulation schemes of interest in this thesis. These modulation schemes are those of CPM with
modulation index of A=1/M for AM=2, 4, and 8 specifically. This synchronizer represents a
modification to an approach taken by de Buda [14]. The aim of this thesis is to consider these schcmés
in the context of a fast fMat-fading channel with adaitive white Gaussian noise and relative to other
synchronizers, and to characterize the synchronizer’s performance. It is shown that under appropriaie
conditions the synchronizer will recover symbol timing with errors which are only a small fraction of

the symbol period.

The discussion in this thesis is organized in a further four :hapters. Chapter 2 presents a
detailed background discussion of the channel characteristics, modulation involved and the potential of
the different CPM schemes for self-synchronization. Chapter 3 then discusses the principles of operation
of the proposed synchronizer in the envisaged cnvironment, its parameters, and its analysis, Chapter 4
then provides some simulation results on the performance of the synchronizer. Finally, Chapter 5
concludes with the resuits achievable for the defined system and indicates some improv.emcnts that
may ameliorate the overall performance. Future work in the domain of digital mobile communication

is also discussed. -



Chapter 2

SYSTEM DESCRIPTION

After the qualitative discussion of Chapter 1, it is important to describe formally the mabile
radio channel, the modulation scheme and the symbol synchronization problem. The sections describing
the channel and the modulation scheme of interest are intended mainly as background theory while the
section on symbol synchronization contains some results on the power available for timing purposes for
several types of CPM signal. These results highlight the relationship between the power available for
timing and certain ge..eral parameters specifying the CPM signals. First the signal representation, used

throughout this thesis, will be introduced.

2.1 Representation of Bandpass Signals

In the analysis of communication signals, real-valued bandpass processes are often described in
terms other than their ordinary time-domain form. With the appropriate choice of representation of
these signals, the analysis of the signals often simplifies and becomes more general. A very useful
representation expresses the signal in Lerms of its lowpass equivalent. It is appropriate to briefly discuss

this representation since extensive use of it is made throughout the thesis.

2.1.1 Equivalent Lowpass Representation

Consider the real-valued bandpass sigual s(f) bandlimited to (fo— W/2,f5+ ¥/2). This signal

can always be written as

s(t) = N2 §(4) cos [2afyt + 0(2)], (2.1.1)
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where the two lowpass signals B(f) and 0({) are the envelope and phase of s{{) respectively, with fo the
carrier frequency. The signal s(¢) is called a narrowband bandpass signal, or simply a bandpass signal if
the condition W< f; is met. It is assumed that this condition is true for many of the signals treated in

this thesis. A second representation can be obtained by expansion of the cosine in (2.1.1), leading to
s(t) = {2 u(1) cos O(t) cos 2mft — ¥2 T(t) sin O(1) sin 27,
= 2 uy(1) cos 2mfyt — Y2 ug(t) sin 2 fyt, (2.1.2)
where u;(#)=%(?) cos 0() and uQ(t)=z‘:( t) sin 8(t). Now, defining

u(t) = uy(t) + juglt) 2.13)

= () e, (2.1.4)

where (1) is the module of u(t), and 8(f)=arg[u(?)}. It is casy to show [15) that

s(t) = B8 () 0] (2.1.5)

where u(f) is called the complex envelope or equivalent lowpass representation of s{t) with inphase
component u;{?) and quadrature component uglth and R[] denotes the real part of [-]. It is important
to note that the power of u(t) is double that of s{f). The three representations (2.1.1), (2.1.2) and
(2.1.5) can be used either for decerministic signals or sample functions of a stochastic process. In the
second case, it is useful to relate the second order statistics of the bandpass stochastic process to those
of its equivalent lowpass form. Let s(2) be a real-valued bandpass stationary stochastic process with

zero mean; then u;(?) and uq(t) are also zero mean. With the assumptions of stationarity and zero

mean, it can be shown [15] that

Ras(r) = 9] Rualr) 77 ), (2.1.6)

where H,y(7) and Ry (r) are the autocorrelation functions ol the real-valued signal s(f) and the
complex envelope u({), respectively. Thus, the autocorrelation of a bandpass process can be represented
in a complex envelope forim alse, This result implies that the power spectral density (PSD) function of

s(1) is related to the PSD ol its complex envelope u(f) by [15]
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Saulf) = % I: Suxlf~fo) + Swl—=f-15) ]| . (2.1.7)

because of the Fourier transform pair between the autocorrelation R(7) anc. the PSD §(f), namely

re) = [ syt g (2.1.88)
SH = [ &r) e ar, (2.1.8b)

Now, given that the autocorrelation and PSD of the equivalent lowpass process u(t) are known, it is
possible to determine the autocorrelation and PSD ‘of the response u(1) of a deterministic linear time-
invariant system with impulse response ¢(f) to such an input process. Fig. 2.1 illustrates the situation
with C(f) the Fourier transform of ¢{r). Using basic linear system and stochastic process theory, it can

be shown that

my = my C(0), (2.1.9)
Re(7) = {7} % c*(—=7) % Rus(T), (2.1.10)
Self) = Sunlf) |CNN%, (2.1.11)

where % denotes convolution and * denotes complex conjugation. By looking at (2.1.11) it can be seen
that the PSD of a random process can be altered in a predetermined way using a linear filter. If the
process u(f) is Gaussian, then it is found that ¥#) is also Gaussian. We shall make use of this

itaportant property in the system analysis.

u(r) —0| (@ = FHCU)} F—> v

4 |

R0 = FH{S,(1) R, = F1{5,(£)

Fig. 2.1. Linear transformation of a random process.

- 9.
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2.1.2 Probability Densitr Function for Equivalent Lowpass Stochastic Processes

The random signals encountered in this thesis originate from two groups of processes: random
modulation and noise. Random modulation processes result from modulating a carrier with a random
signal which in turn depends on “random” data, While the “random” data probability density function
might be known, the resulting modulated signal probability density function at time te[0,T] is not
trivial to find in general. Often the modulating signal statistics are partly characterized in terms of the
autocorrelation function or PSD, particularly in the case considered here where the modulation scheme
is nonlinear. For noise processes which are assumed to be stationary, the probability density function is
& simple way to represent the random signal statistics, The probability density function of a real

Gaussian random variable X is given by

~(z-m)?

Pxlz) = \T?lr'_o' e 207 (2.1.12)

where m is the mean and o? the variance of X. Now, suppose that X is a random variable describing

the state of a given real Gaussian random process z(f) at time £ Then we can define a complex

Gaussian random process

) = 39 + jzq() (2.1.13)

where z;(1) and zQ(t) are real @nd independent stochastic processes associated to the real independent
Gaussian random processes Z,(1), Zq(t) with mean m and variance ¢ at time & The joint probability
density function pZI ZQ(ZI':Q) lis. of course, Gaussian and is often used to represent complex Gaussian
noise. We can also define a real-valued scalar probability density function of the complex random
variable Z to describe the complex random process 2(f), namely

—I..',—i'll;l'J

LS

g

pyls) = ;‘17- e (2.1.14)

i 2

This probability density function also has a Gaussian shape but with mean m,={2m e/ and

. a . . ) -
variance ¢3=20" The complex Gaussian process can he expressed in terms of a random envelope 3(4)

- 10 -
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and a random phase #(f) as scen in the previous section. The joint probability density function of the

modulus ¥(#) and the phase #(1) is given [45} by

—(2%¢Imal®)  2{ms| zcos(a-n/4)
- P 1
z o ¥
- ¢ e 1
To:
P1s(30) =
0,

2
g <2m

N o

H
0<
{2.1.15)

elsewhere,

where m, and o3 are the mean and variance of z(1) respectively. The marginal probability density

function of z and & when m,=0 are known to be given by Rayleigh and uniform densities

2% ¢ °‘;,. >0
g: :
p3) =
0, elsewhere;
1/, 0 <8¢ <2
pe(0) =
0, elsewhere.

(2.1.16)

(2.1.17)

Furthermore Z and ¢ are independent and thus the joint probability density function pgy(3,8) is simply

the product of p(3) and py(d). More generally. the probability density function of 2 is found to be

given by a Rician distribution

—(E",+ |m;|2)
LB Lol 4

2|m
e X1 [0( I ;l

(2]
Ir}

y
Q
L
at
S

=
=
&
o
i
q
Y

and @ is found to have a distribution

211 -

i20
(2.1,18)
elsewhere,
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-lm,lzll + 5in2(0-1/4)] .
2 G
e 20% D_;,(——Ea[:"'l cos(ﬂ—:r/d)). 0<0<2m
pe(0) = (2.1.19)

0, clsewhere,

I

where (-} is the zeroth-order modified Bessel function of the first kind and D_,(-) is the parabolic
cylinder function [45). The envelope and the phase of :(#) are no longer independent. Thus the study of

non-zero mean complex Gaussian process is significantly more involved mathematically than the zero

mean case.

2.2 Fading and Dispersive Radio Channels

The discussion in §1.1 on mobile channels introduced the reader to the kind of channel of
interest here and presented a few general concepts. The same concepts will now be described in a more
formal way to facilitate quantitative evaluation of the distortion associated with the channel. The

description is based on a structural representation of the impulse response [9)[15].

2.2.1 Channel Impulse Response and Channel Transfer Function

The goal here is to describe a model for the channel in a way that will permit the
determination of the response of the channel to a known transmitted signal, defined in the time or

frequency domain, A classical way to model a radio chaunel is to associate with it a linear time-varving

filter with a randonly time-varving impulse response and/or random transfer function. This approach

leads to a statistical characterization based on the properties of an operator representing the channel.

Consider the transmitted signal
s(t) = {2 ae[ u(y ! ] (2.2.1)

Suppose that under multipath phenomena, the received signal is composed of attenuated and delayed

.12
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versions of Lhe transmitted signal, Then

’J(!) = Z f)n(f) s(i_rll—lﬂ)l (2.2.2)

where pn(f) and ry, are real random variables representing the atienuation and delay associated with
the nth path and t, is some convenient representative value of the total propagation time. By a shift in
the time origin for the received signal it can be assumed that ty is zero without loss of generality.

Under the assumptions of §2.1 and substituting (2.2.1) into (2.2.2), (1) can then be written
(1) = V3 %] v() ] = ??{(E pult) U(i—74) e""”""’") ejg'!"'}. (2.2.3)

The expression (2.2.3) implies distinguishable paths corresponding to very distinct scatterers. In several
actual channels of interest, the scatters (paths) are not distinguishable and it is more appropriate to
think about a continuously distributed scattering. With this approach a sum of randem processes
becomes a single random process whose complex envelope signal can be written as

(1) = /p(r:r) u(l—T) eI dr, (2.2.4)

where p(7;1) is the complex attenuation at delay T and time t. Note from (2.2.4) that the discrete
multipath components have been transformed into continuous multipath components in the 7 variable.
This explains why the attenuation is now dependent. It is easy to see that the complex envelope

impulse response! of the channel is
=j2xfyr
o(rif) = p(rit) e . (2.2,5)

'The dependence of ¢(r;f) on 7 represents the usual filter response variable while the ¢
dependence indicates that the impulse response changes with time. From the statistical point of view,
this impulse response is often modeled as a complex-valued Gaussian random process in the { variable

under the assumption that a sufficiently large number of paths contribute to the received signal in

lNole here that the impulse response concept is used in a time-varying environment which is more
general than the notion encountered for the time-invariant systems,

- 13-
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Rayleigh distributed and its phase has o uniform distribution in the interval [0,27]). When ¢(7;1) is non-
zero mean, then the envelope of ¢{7;t) (in the ¢ »l:arinb]e) has a Rician probability density function and
its phase distribution follows (2.1.19)., The Fourier transforn: of ¢{7;¢) in the r variable represents the
cquivalent lowpass transfer function? of the bandpass channel and can also be modeled as a complex-

valued Gaussian process because of the lincar property of the Fourier transform. Therefore,
oo
Clf:t) = j (i) e 4r (2.2.6)
-0

and in C(f;1), f represents the offset from the nominal band center frequency f; and ¢ again indicates

that the equivalent lowpass transfer function is tisne-varying.

2.2.2 Autocorrelation Function of the Complex Envelope Impulse Response and Transfer Function

C(f;1) and c(r;t) are two stochastic processes defined over two-dimensional parameter spaces.
It is of interest to determined the autocorrelation function of those two processes in an attempt to

characterize the channel. First, let the space-time autocorrelation function be defined as
Ree(ry 7oty la) = E{c(rl;t,)c*(rg;t._,)}. (2.2.7)

where E{.} denotes expected value of {-}, and the frequency-time autocorrelation function defined as

Regliofitute) = E{ Gt )C*(aita) - (2.2.8)

These two autocorrelation functions are the bases for further characterization of the processes ¢(r;t)
and C(f;?). Interpretation of both (2.2.7) and (2.2.8) is a bit tedious, but they can provide distortion
measurements of the transmitted signal in r and in f at time { From relationship (2.2.6),

Ree(Tys7aity,ly) and Ron(fyufailyuto) ate related by a two-dimensional Fourier transform. Explicitly

[
RCC(TI’T?;tl‘tI) = //Rcc(fl'f'-';tl'tﬂ) cjzf(ff_lf'_’_fl"'l) dfl dﬁz (2-2.911)
~oles

2s:nme remark as foothote 1 with the transfer function concept,

- -
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= =T ]
Roclhnhaityty) = f /R“(r,,r._,;t“t,) aﬂ'(‘ﬁr'_!’-’rg) dry drq. (2.2.9b)

Zeoea
To this point, no assumptions have been made about the processes ¢{7;f) and C{fi{) other than that
they are complex-valued Gaussian processes in the ¢ variable. Three assumptions can be made that will
simplify the correlation functions and will give an intuitive interpretation of the space-time and
frequency-time autocorrelation functions, Namely,

1) Wide-sense stationary channel (WSS channel): When the input signal is stationary, the
output signal is also stationary, This is a simple result based on the linear assumption for the
channel,

2} Uncorrelated scattering channel (US channel): The signal at delay r, is uncorrclated with the
signal at delay T,. This assumption can be justified using the same arguments leading to the
complex Gaussian nature of ¢(r;¢) in the { variable [9].

3) Wide-sense stationary uncorrelated scattering channel (WSSUS channel): Both assumptions
1) and 2) are applied.

In most radio channels, assumption 3) is realistic {15] and t}fle rest of the analysis will be based on it.

"The impact on the space-time autocorrelation function is to reduce it to a bitemporal function

Reo(T3 A1), TE=T =Ty

Ree(m ,Toit+ALY) = |: ; (2.2.10)

whereAt =1, ~1; and {={,. R..(7;Al) represents the channel average output power as a function of the
delay t and the difference time observation instant At. The special case At=0 gives the channel

average output power at time £, delay 7, and is Lhus the variance of ¢{r;1)
Ree(ri0) = E{[erst)"} = Reelr). 2.2.11)

Rec(7) is named the multipath intensity profile and the value over which it is non-negligible® is called

the multipath spread of the channel and will be denoted Ty. Turning now to the frequency-time

3The non-negligible range of an autocorrelation function is often based upon the ranée in which the
normalized correlation coefficient exceeds 0.5 [10].

-15-
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autocorrelation function, it can be shown using (2.2,9b) and assumption 3) that
RoolfiJit+A41) = Roo(AfiA). (2.2.12)

Roo(Af3AL) is stationary in both time ¢ and frequency f (in f due to the US channel condition).
R po{ Af;AL) represents the average power of 2 tones separated by Af as a function of the observation
time difference Af. Looking again at the special case Ai=0 leads to the two-frequency autocorrelation
function R,n(Af). This function provides a measure of the frequency coherence of the channel and the
bandwidth over which the function is non-negligible is called the coherence bandwidth, denoted B,.
B represents the bandwidth over which all signal components fade “together”, and C{f1) is the
random frequency response of an all-pass filter (over B,) that applies to all signal components. The
Fourier transform pair of (2.2.9) can be simiplified to give prominence to the link between Reo(7) and

ReolAf)

Ree(r) = f RoolAS) 7747 df (2.2.13)

o0
Rpp(Af) = / Reelr) 27817 47, (2.2.14)
o
As a result, the reciprocal of the coherence bandwidth can be approximated using the multipath spread,

Tm & “Bl‘(; . (2.2.15)

2.2.3 Channel Time Variations and the Scattering Funclion

In the last section, the characterization of the channel was examined in the 7 and f variables of
e(m;t) and C(f;t) respectively. This lead to the multipath intensity profile and the two-frequency
autocorrelation which characterize the channel. In this section, the effect of time variations of the

structure of the channel will be described,

Starting with Roa(Af1A0) and setting Af=0 (single spectral position) gives the time

autocorrelation function Rpna(Al). This function describes the time dynamics of the process and the

- 16 -
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value over which it is significantly dilferent froin zero is termed the coherence time T.. The Fouricr

transform of Rn(Af;At) with respect to At is a two-dimensional frequency function given by
=]
Scoldfiv) = / Roo(Afi1) P74 dp, (2.2.16)
—-o3

This function is named the Doppler cross-power spectral density and little is said in the literature on
the interpretation of this function, The special ~ase Af=0 provides however significant amouni of
information on the frequency shifting introduced by the channel. Indeed, unless R ,(0;At) is constant,
Scgl0sv) will display a spectrum called the Doppler spectrum with fading bandwidth B,. A pure sine
wave sent through such a channel will be received as & non-monochromatic waveform. In general, the
channel response to any signal contains frequencies not present in the transmission, Clearly, because of

relation (2.2.16}, the coherent time and the fading bandwidth are approximately related by

T, = f+¢' 2.2.17)

The same result could have been obtained starting with R..(7;At) but it is easier to visualize

the individual results proceeding with R,,(Af;At). Therefore, the Fourier transform of Rec(r;At) in

the Af, yields
o3
Seelrw) = j ReelmiAL) e84 4, (2.2.18)
—oy
which is called the scattering function and provides a measure of the average power of the random
processes, perturbing the channel, as a function of the multipath delay = and the Doppler frequency v.

It contains all the information needed to predict the nature of the distortion in power due to the time-

varying channel.

The inverse Fourier transform relationships of (2.2.16) and (2.2.18) can be written as well as a
Fourier transform pair between Sc.(riv) and Spn(Af;v). Because there are four distinet variables r,
At, v, Af as well as special cases of the functions involving these variables, it is difficult to follow the

different relationships between all these functions. A summary is presented in Fig. 2.2 linking the
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different functions discussed in the last two sections, which hopefully will help keep the relationships

clear,

2.2.4 Channel Classification and Systern Channel Model

The statistical characterization of the channel presented in §2.2.2 and §2.2.3 is applicable to
most channels in radio communication systems. The important factor to know here is the extent to
which these channel fluctuations affect the transmitted signal. As an example, a time-invariant channel
is one in this form with an infinite coherence time and zero multipath spread. In general, channel
distortion is a function of the transmitted signal bandwidth and time duration (symbol period). The
bandwidth W and symbol period T of the transmitted signal relative to the channel parameters,
derived from the statistical characterization, determine the class or the type of channel of interest and
the approximations made to simplify the analysis. Looking at the different possibilities, Table 1

summarizes the classification adopled for this thesis.

Table 1. Channel classification.

Frequency
Flat Selective

W8 Wa B
Slow [ or C | and T§ T. or | and T‘gg T.

T Tw W» B d Tx=Tn W»B d

Time

Wl “Pong W B o
Fast nor, .C and Ior Te or and Tor Te

> 7T W=D, T Ty, =B,
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Once the class in which the channel falls is determined, a simplified model can be adopted on
which analysis can ’llJc based. In the case of interest here, the carrier frequency is expected to be in the
low gigahertz band ie., =~1-10 GHz. A small variation in the path length will causc a significant
carrier-phase change causing broadening of the transmitted signal, and consequently a fast fading
environment is representative. The symbol rate, however, will be fairly low, (less than 10 kbaud/s) and
the multipath delay difference is expected to be very small because the scatters are usually located near
the receiver in mobile communications. Consequently, the multipath spread should be negligible. The

. channel of interest here can thus be classified as a fast flat-lading (FFF) channel.

The model for such a channel is relatively casy to derived. Using the assumption that T T,
¢(7;1) can be expressed as

()] ¢ = (1), r=0;
orif) = (2.2.19)
0, T #0.

Substituting (2.2.19) into (2.2.4) yields
2(0) = u(t) le(t)] D = u(t) (1) . (2.2.20)

If the lowpass equivalent additive noise contribution n(4) is also considered, the lowpass equivalent for

the total received signal can be wriiten as
(1) = u(t) <(1) 4+ a(t). (2.2.21)

Remember that c({) is modeled as a complex Gaussian process, and if ¢(f) is non-zero mean, one can
write c(t)=mc--c'(?) with ¢'(¢) being a complex Gaussian process with zero-mean, Equation (2.2.21)

can then be rewritten in a normalized way such that
of) = u(f) [} + ()] + »(1). (2.2.22)
The real received signal will then be given by
) = s(0) [0.707 + K] + u(1), {2.2.23)

where A'(f) and u{t} are the real signals associated with the complex envelope ¢!(t) and n(t)
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respectively. Figure 2.3 illustrates this general Rician equivalent lowpass FFF channel model and as it
can be seen, the transforination process of Fig. 2.1 has been used to mo:!el c'(1). As a final note, a
Rician channel is often specified in terms of the A factor defined as the average power in the fading
components over the average power in the steady component. In terms of the Gaussian process c(t) in
(2.2.19), this definition is equivalent to the reciprocal of the ratio |me)?/c3 in the probability density
function of [¢(t)| and 8(1) (see §2.1). The K factor is then the ratio of the variance to the mean square

of the real Gaussian process used that describes c(1).

n(t)

u() ‘ V() = u([1+c'()] + n(o)

¢

C(f)

T

N(0,1)

Fig. 2.3, Rician fast flat-fading channel model.
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2.3 Modulation Scheme

2.3.1 Continuous Phase Modulation

The transmitted signal generated by CPM can be written as [11](12]

s(t) = J? cos [2nfot + ¢{La) + ¢o]. (2.3.1)

where f; is the carrier frequency (assuming fyI°® 1), ¢, is the “starting angle™ (which is set to zero
without loss of generality), E represents the energy per symbol, T is the symbol period, and ¢(1,8) is
the continuous time excess-phase function corresponding to a data stream {. ., a_;, a5, a;, s, . .}

denoted by a. The excess-phase function can be expressed in the form

[
é(L,a) = 27h f S ; olr—iT) dr, | (2.3.2)
° i

where k is the modulation index, and the g;'s are the data symbols taken from a set of M possible
symbol values £1, £3, ..., £(M—1) (M is normally a power of 2 but can be any positive integer),
and g(1) is the frequency pulse shape. The function g(!) is assumed to be non-zero unly over the finite

interval 0<{< LT for some integer L, and Lo meet the equality constraint

o) dt = % . (2.3.3)

I:L..___‘:

While the analysis will be kept as general as pocsible, binary (M=2), quaternary (M=4) and 8-ary
(M=8) CPM schemes will be primarily considered here. The frequency pulse shape g(1) plays an
important role in many aspects of a CPM system performance including timing recovery and therefore,
it is going to be an important function in this study. Using the finite pulse length condition, (2.3.2) can
be written to highlight the memory introduced in the phase of a CPM signal. The phase ¢(1,a) during
the interval nT<t<(n+1)T for a rational modulation index h=2k/p (k and p relatively prime) is given

by

y i=n=L+1 i=0

it n~l,
o(la) = ‘..-.'ﬂhf Z a; glr—i7) dr + [ﬂhZu{' . (2.3.4)
' modulo 2x
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The first term represents the present symbol and the past symbols that still have an influence on the
state transitions, T£Ie L—1 last symbols represent a memory built into the signal and can be used to
improve spectral efficiency and reduce error symbol probability. The second term in (2.3.4) represents
the past symbols that have no effect on the present state transition and can only assume p different
values. A state is a possible value of ¢(1,a) at the sampling instant modulo 27 and is defined as a
vector (Wony Gp_yy Gpoge + + 5 8y, ) that can have pM(L_l) values at most with w_, representing

the second term in (2.3.4). Note that even if some symbols do not have any influence on the present

. state transition they stitl affect the phase state,

The complex envelope representation can be exploited to define a baseband CPM signal u(t,a)
that is going to be used extensively in the analysis throughout the thesis. Using (2.1.1) and (2.1.5),

equation (2.3.1) becomes
s(t,a) = 12 SE{J_P JH(he) cﬂd“‘}, (2.3.5)
wlhere P=E/T and from which it is found using (2.1.4)
w(ta) = P #8), (2.3.6)

This baseband constant envelope signal can be interpreted as an FM or PM signal l?ecause of the phase

continuity. The generation of u({,a) can be considered as being the output of either of two conceptual

CPM baseband modulators as shown in Fig. 2.4 . In the case of the FM-modulator the signal at the

input of the multiplier is 3 « ; 9(1=iT), a pulse amplitude modulation {PAM) signal. The real signal
i

s(1,a) is obtain by multiplying u({,a) by 7! gnd taking only the real part. One possible approach to

implement (2.3.5) is to take advantage of equation (2.1.2) and implement an inphase-quadrature (1-Q)

modulator with input ¢(4,a) and output s(4,4).

As with other modulation schemes, signal design plays an important role in many practical
aspects of system performance. The classification of CPM signals is usually done according to one of
the parameters previously described, (i.e. (), & or L). A subclass often encountered is “full response

signalling”. This terin refers to the case where L=1, while “partial response signalling™ refers to the
P
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q() Complex baseband ,

a ' Filter '| PM-modulator u(t,q)
2xh
a) PM conceptual view

8(r) Complex baseband

4 " Fiter FM-modulator [~ u(t.0)
2rh
b) FM conceptual view

Fig. 2.4. Conceptual CPM baseband modulators.

case where L>1 (17][18]). This partitioning of CPM schemes is simple but can lead to confusion for
certain pulse shapes, as will be seen later, because of the context in which the expression “partial
response” is usually employed. Commonly, schemes are also defined according to the pulse shape g(1)

(as opposed to just the pulse shape duration). A widely used family of pulse shape is the LREC family

defined by
TA 0<t< LT
Ipec(t) = (2.3.7)
0, elsewhere.

Other common pulse shapes are defined in Appendix A. The most well-known CPM scheme using this
pulse shape is probably minimum shift keving (MSK) which employs @ 1REC pulse with h=1/2. A
more general class of signals is the MSK-like [20] scheme (L=1, A=1/% with any pulse shape) some
members of which‘ can achieve better speciral roll-off at the expense of ‘a wider main lobe compared to

MSK [12]. Continuous phase frequency shift keying (1REC with any £) has also been widely studied.
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Note that MSK is a particular case of both MSK-like and continuous phase frequency shift keying
schemes. Many others schemes can be found in the literature which differ in the pulse shape g(?) used.
Now that the transmitted signal is well-defined, atlention is turned toward the other end of the system,

the receiver.

Symbol
Synchronization
nT '
r(t.a) Front-end Detection .
Processing — Processor —

Fig. 2.5. General receiver structure.

Optimum coherent demodulation of CPM can be accomplish by means of the maximum
likelihood sequence estimation (MLSE) procedure. The receiver structure consist of a bank of linear
filters sampled every symbol interval, which produce the information used by the Viterbi algorithm to
perform the MLSE. This receiver is very complex,' often not realizable because the complexity grows
exponentially with signal memory. For the additive white Gaussian noise (AWGN) channel with high
signal-to-noise ratio (SNR}, an interesting alternative is the coherent linear [-Q receiver. Also, non-
coherent receivers are often considered because they tend to be simpler, and less expensive. For
example, the differentinl and discriminator detection techniques are commonly used as they are more
robust to fading and phase noise, In contrast to the MLSE recciver, these reccivers operate mostly on a
symbol-by-symbol basis and are thus suboptimum even within the non-coherent receiver class. These
two techniques are nonetheless used in mobile communications to avoid carrier-phase recovery as

discussed in Chapter 1 [4]. A common point to all these receivers is that they require symbol
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synchronization to perform the detection. Since the purpose of this thesis is not to look at a particular
receiver, a general receiver structure is presented in Fig, 2.5 where it is shown that the timing clock is
derived from the signal itself. In this figure, (! is the received signal, nT the sampling instants and &

the detected symbols. In §2.4, a general approach to estimate the timing instant will be presented.

2.3.2 Nyquist Pulse Shaping

The pulse shape defined in the preceding section can have any form as long as it meets the
constraint (2.3.3). The use of pulse shaping techniques to improve different aspects of modulation
scheme such as PAM can also be applied to CPM since it is a PAM signal which feeds the FM
modulator in the FM conceptualization of CPM. Nyquist pulse shapes [13} for distortionless
transmission are often used in PAM and application to CPM is logical although the interpretation is

now quite different. The three criteria formulated by Nyquist will be briefly summarized.

Let a Nyquist filter be defined by its impulse response gm(1) and its frequency response G, (f)
where m=1,2,3 specify Nyquist I, I or IIl criterion. If this filter is excited by a sequence of weighted
delta functions [a,6(1)] at rate 1/ T, then the output signal y(?) can be written

W) = Z 8; gm(t—iT). (2.3.8)
]

The Nyquist criterion are just constraints on 9m(1) to achieve certain goals for y(t). The constraints

that the three criteria represent on y(1) are [20], [21]:

Nyquist I: Constraint ensuring y(#) has undistorted amplitude at the sampling instant t=n7,
Nyquist II: Constraint ensuring y(f) has undistorted pulse width,

Nyquist I1I: Constraint ensuring y{f) has undistorted pulse area in a time unit 7\

Each of these constraints can be translated into o constraint on the time-domain or frequency-

domain of the pulse shape, These equivalences are sununarized on the next page:
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Nyquist
criterion Time-donjain requirement I"requoncz-(lom_ ain_requirement
. 1, =0 S T
I 9, (i7) = {0' :.#U ;:Zm Gif—4) =1 (2.3.9)
. L) — = %] . s
1 pa(di=l ) = {‘{] ;g‘l > (-1 Gylf—4) = T cosnsT (2.3.10)
¥ b .'.__ -00
(2i+l)% oo
_J1, i=0 . jerfiT 0 )T, i=0
111 f ga(t) dt = {0’ i=£0 / Gy(f) sinc(fT) ¢ df = {0' i£0 (2.3.11)
(2i-1)% e
sinwfT

with i integers and sinc(fT) = . From these equivalences, it is casy to find pulses satisfying the

xfT

various criteria with additional constraints imposed on the bandwidth of the pulses. It can readily be
seen that if a pulse is restricted to a spectrum [— W, 1], then there are an infinite number of pulses
satisfying these criteria if W>1/2T, but only one pulse when W=1/2T and none for W<1/2T. The
minimum bandwidth sitnultaneous solutions of Nyquist I and II, Nyquist Il and III have been found in

[20],[22].

An interesting relationship derived in [21] links bandlimited Nyquist I and III pulse definitions

in the frequency domain as follows:

G
Gy(f) = s—illéfﬁ)- (2.3.11)

This relationship can be very useful since a lot of Nyquist | filters are known and thus have a Nyquist
I representation. The expression is simiple in the frequency-domain and has an equivalence in the

time-domain in a form of infinite series representation [23]

nif =Y o dghy) 91{2”’(1 - -,Llr,)} (2.3.12a) .

k

T

where We [1/271, 17 is the one-sided bandwidth of Gy(f) and
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T/2
1opk oy = 4l [ Zcos(2ks)
i Haip) = T[ sin(2 Wz) dz. (2:3.12b)
0

This expression has been found using the sampling arguments and the case 8=1/27T represents the
minimum bandwidth solution®. Often this expression is of limited uscfulness because of the infinite
sum (although it can be well approximated by including only a few values of &) and the more
complicated time domain representation of Nyquist 1 pulse shapes. Ta end this section, Fig. 2.6 shows
the Nyquist IIT Cosine Rolloff (N3CR) pulse shape in the time and frequency domain. This pulse is

defined as (see Appendix A for other Nyquist 111 pulse shape definitions)

Cacall) = e, (23.13)
where
| ) N < 8
Cyerl) = | beo?{Z0A + %57} R (2.3.14)
B 0, clsewhere,

with a€[0,1] the excess bandwidth. In general g{1) decays faster with increasing excess bandwidth. Note
in Fig. 2.6a that the pulse shapes meet at the same point on each side of the main lobe in the interval

~0.5<t/T<~0.5 and that in Fig. 2.6b they meet also at fT=0.5.

2.3.3 Nyquist III Pulse Shaping in CPM

The significance of pulses satisfving Nyquist lirst criterion has been recognized in baseband
transmission systems. In the context of CPM however, duc to the integration of the PAM signal in
forming the excess-phase function, pulses satisfying Nyquist third criterion become important. Nyquist
Ill pulses exhibit nice properties making themn an attractive choice for bandwidth cfficient mabile
communications systems,

4|n this case g,(f) can be reprecented as an infinite sum of scaled and delayed versions of a sinc

function. The similitude in shape between sinc(t} and g,(i) becomes more and more pronounced away from
the main peak.

T
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Fig. 2.6. N3CR pulse shape with «=.01, .5, and I.
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The first property associated with Nyquist [I1 CPM is its nice phase behavior at the sampling
instant. To sec this, gq(?) is dcﬁned"for CPM. According Lo constraint (2.3.3), ga(?) is of finite duration
and therefore truncation to L symbol intervals must be done on the ideal pulse shape. Now shifting
g3(1) to the right by LT/2 makes it causal and symmetric about the main peak (desirable properties in
most systems although not conceptually necessary). The frequency pulse ga(?) is thus of odd length and

must be properly scaled to meet (2.3.3). Looking now at ¢{t) defined as

t

o8} = / 9(7) dr. (2.3.15)
oo

Fig. 2.7 shows the particular case of NJCR L=T (TN3CR) and reveals the phase pulse values at the
sampling instant. Observe that the phase response values at iT (i integers) are zero before the interval
I‘—;—l and 1/2 after it. This feature is characteristic of all Nyquist III waveforms, and is equivalent Lo the
periodic zero-crossings of the Nyquist | criterion. The phase values at the sampling instant for a CPM
signal associated with Nyquist IIl pulse shape will only be due to a single symbol interval even though
the puise shape is of length greater than one. This is an inter-symbol interference (1SI) free behavior at
the sam‘bling instant. For binary signalling with h=1/2, this class of signal is referred as MSK-type
modulation [25]. The multilevel case has a similar equivalence where the modulation index is fixed to
1/M. Here, the interest in mainly in the results for this type of scheme but the system description and
analysis will be kept as general as possible so that other classes of signals can be studied in the same
way. A second nice property of Nyquist Il signalling comes from the length of the puise shape which
permits achievement of good side lobe reduction, similar to partial response schemes. Thus Nyquist 111
signalling combines the advantage of no ISi full response signalling with some of the bandwidth
efficiency of partial response. The bandwidth efficiency of Nyquist III CPM with A=1/2 has been
investigated in [22] where promising applications are shown for these schemes. A third advantageous

property is highlighted in §2.4 .
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T * gq(t)

Fig. 2.7. CPM 7N3CR phase pulse shape with a=.0t, .5, and 1.
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As far as demodulation is concerned, the optimum coherent receiver remains the MLSE
procedure because of the memory introduced in the modulated signal. A potentially attractive non-
coherent receiver might be the differential detector because of the full response chiaracteristic of the
modulated signal [16]. Most of the work on Nyquist Il based CPM is related to Tamed Frequency

Modulation (TFM) [26]-[28] and generalized MSK {25]{29].

2.3.4 Autocorrclation Function and Average Power Spectral Density of a CPM Signal

The problem of computing the spectrum of an FM signal has been considered in the past and
several methods have been deviloped. For digital FM, there are basically the following three theoretical
approachs to solve the problem:

1) the direct approach [31]: where the Fourier transformations of the segments of a transmitted
signal are calculated. For each frequency the magnitude is squared, averaged, divided by the
segment length, and then the limit is evaluated as the length increases towards infinity. This

is simply express as

E{|F D)2
Uy = Jim —{#’%—(M, (2.3.17)

with ¥[.] denoting Fourier transform of [-] and

sopll) = [s(t), t  [0,NT;

0, elsewhere.

From the computational point of view, this method can be very time consuming and for this
reason was not considered.

2) the Markov chain approach [32]: where a finite Markov chain model is derived for s(i)
characterized by its state probability and transition probability distribution. Once this
characterization is found, it is possible to express S(f) as defined in (2.2.17) dircctly in terms
of those distributions.

3) the autocorrelation function approach [33)[34): where the autocorrelation of the average signal
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with respect to the data is evaluated, a time average over one symbol period is performed and
finally a Fourier t.mns!'ormatic;n as defined in (2.1.8) is computed to get the average power
spectral density (PSD). This method is computationally cfficient and it was found to be
appropriate for the kind of analysis dealt with here, i.e., correlation and spectrum of a signal

passed through deterministic systems,

2.3.4.1 Autocorrelation function

In §2.1, it was seen that a bandpass signal and its autocorrelation can be represented in a

complex envelope form. Recall that the complex envelope of a CPM signal is given by

w(ha) = NP P08, (2.3.18)

In preparation for looking at the autocorrelation function, let us examine the expected value of this
signal with respect to the data sequence. Assuming that the symbols are independent and M is even, it

is found that

i
j'.’:rhfz 8; g(r=iT) dr

my(f) = E{u(t,g)} = E{e’.é“'ﬂ’} = E{c 0: }’
(M-1y - \
my(l) = H Z P, elzthkq(t-‘n. (2.3.19)
i k==(M=-1)
kodd

where P, is the a priori probability that o =# Now, assuming that a CPM signal has wide sense
cyclostationary second order statistic in 1 with period 1" [12)[19], the interval 0<1< T can be exclusively
studied without loss of generality. Also when i>0, ¢(t—iT}=0 and when i<L, ¢(t—iT)=1/2. Thus,

(2.3.19) can be simplified to

0 (M-1) wxblet i T (M-1) - i
md) =[] 3 P T gy P, e ), (2.3.20)
i=l-L t==(Af-1) PO N dkse(M-1)

kodd kodd
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For non-integral & and practical symbol probability distribution, the value in the parenthesis, labelled
Ca can casily be scen to have a modulus less than unity from the triangle inequality. Thus, the

expected value reduces to 0. When 4 is an integer it is found that

(Mw1) _
= jeék _ {+1,  heven integer;
G = k—-(M-l)P “ T |-L hodd integer, (2.3.21)
k odd

and consequently, the case where % is even reduces to find the expected value of a product of L terms.
The case of & odd secems to lead to the failure of the limit to exist due to the sign alternation. This
result only implies that the phase changes due to old data are odd multiple of = radians., As a result,
the value of my(t) in the interval iT< t<(i+1)T is the sign reverse value of m,({) in the interval
(i—1)T<i<iT. Therefore, it can be concluded that mu(?) is periodic with period T when 4 is an even
integer and with period 2T when & is add integer. This is an important result that will be used later in
the synchronizer description. Note that although w(4,a) is a eyclostationary process, no periodic

waveforms are present in u(t,a) when h is non-integer.
Consider now the autocorrelation function Ruu(t)y1a) with respect to the data sequence,
Rualtity) = E{u(t,,0) v*(t2,0)} (2.3.22)

4

j2eh3s a; q(y=iT) =20k} o glty=iT)
= E{e ! : }

(A=)

Ruttt) =[] Y P zhgty =i D= gt tg=iT] (2323
i bzagd-1)
& olel

The purpose of this function is ultimately to compute the power spectral density {PSD). The usual
approach for cyclostationary processes consists to average the process with respect to a uniforinly
distributed random shift {€[0,T] to generate a stationary process [35). This approach shall be used for
most of the power spectral analysis while for the signal analysis the cyclostationary form will be kept

for reasons that will become obvious later. It is known that the statistics of a cyclostationary process
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u(1,a) are periodic along ¢, —{;==7, Thus setting ¢, ={-++7 and {,=1 yields the new function

(M-1) . . .
R.-(f)=<]_-[ S ,:=rulcu+f-m-ev-=ﬂl>, (2:321)
l‘ k:—(M—l) i
k odd

where {-), denotes average with respect to ¢ uniformly distributed [0,T]. Using the finite length
constraint of g(#), (2.3.4) and the fact that R[Ryu(7))=R[Rus(—7)], S[Rue(7))=—8[Ryu(—T7)} where

-] denotes imaginary part of {-}, the infinite product of (2.3.24) can be reduced to [34]

T ma (M=) ; ; ;
R =k [ 5 p, Smesr-mmDo-in] g (2.3.25)
To i=l=L k=-(M-1) ’
kodd
r =1+ mT (2.3.26)

with 0<7'< T, and m=0, 1, 2, ..., co. This expression is valid for any CPM signal as long as the
data are uncorrelated. A useful property of (2.3.25) is derived in [33] where it is shown that Ryy(7) can

be written in the form
m~L }
Reu(r) = Ruu{v' + mT) = Co ~ R(7'), (2.3.27)

when m>L (i.e., it is scparable in the arguments m and 7/). The function R(7') corresponds to
(2.3.25) in the interval LT<r<(L+1)T. This means that Ry(7) only has to be calculated in the
interval 0<7<(L+1)T to know the value of the function from-(] to infinity. The value of Ryu(7) from
(L+1)T to infinity can be subtracted from its value in the interval LT<7<(L+1)T. To understand
the impact of (2.3.27) on the interpretation of Ryu(7) it is appropriate to go back to Ryy(i,,2,) where

it is known in general that

Reu(tty) = Cual(tyty) + mu(ty) mu(te), (2.3.28)

where Cyy(#),%y) is the autocovariance function of u({). This simply means that Ruy(1;,5) is formed out
of a continuous part (i.e., the autocovariance function) and a periodic part (i.e., the product of the

means). Since we are interested in stationary processes we can define two stationarized processes in Lhe
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same way that we have defined R{7), namely

ReonlT) = ( Cu(t+T1,1) )!, (2.3.29)
and
Ry fr) = ( my(i+71) m¥(1) >‘ (2.3.30)
that allow to write
Ruu(7) = Reonl(T) + Ry (7). {2.3.31)

Two cases of (2.3.31) can be identified: case A my(t)=0 (h non-integer) and case B m,(1)%0 (h

integer). By inspection of (2.3.25) (2,3.27) and (2.3.31), the characteristics of Ryy(7) become apparent

and they are summarized below:

“case At - Ryy(r) is real and has duration of (L+1)Tif the a,'s are evenly distributed.
- Ruu(r) is complex and has infinite duration if the g;'s are not evenly distributed. The

value of Ryy(r) for 7> LT has a geometric decay from symbol interval to symbol

interval, given by C:1 -t m>L,

case B: - The duration of Re,u(7)is LT.
- R4, (7) has peried 2T if ) is odd and period T if & is even. This can easily be seen with
Ca==11in (2.3.27).

- Both Reon(7) and R, (1) are complex if the a;’s are not evenly distributed.

The vatue of Reon(7) and R 4is{T) can easily be computed using (2.3.23). Since Roon(7)=0for 7> 17,
Ry (7)in LT<T<(L+1)T can be computed and its periodic property can be used to extend it over all

7. Since R ;; (1) is now completely known, the continuous part can be computed using

n Ruu(7) = Ry (7) 7| < LT; (2.3.32)
con({T) = 2,3.32
0, Irl > LT.

An example of case A for MSK with symbol probability distribution P_,=.25, P,,=.75 is shown in
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Fig. 2.8, It can be scen that (2.3.27) holds with C;=j/2. Figure 2.9 shows case B for binary 3IN3CR

h=1 with equally distributed o’ ;5. For 7> LT, observe that R 4ir(T)=Ryu(7) with a periodicity of 27T.

2.3.4.2 Average power spectral density

Consider the computation of the PSD of a baseband CPM signal using the autocorrelation
function. Since u(t) is not stationary, it is necessary to average the autocorrelation along r=t,—1, to
form an average representation of Ryy(f3,3). The Fourier transform pair of (2.1.8) can now be used to
get what will be referred to as the average PSD Sy4{f). The numerical solution for Sus(f) depends on
which case is being dealt with, i.e., case A (& integer) or case B (h non-integer). It has been shown in

[33](34] that for case A, the exact expression for the average PSD is given by

Lr T
; -i2xfLT :
Salf) =2 R j Rua(r) 2 dr 4 _e_.’_.'."__.m f Ru(r+LT) e g}, (2.3.33)
o 1 - Cn [ 7 ()
This expression was derived from (2.3.25) and is valid under the same constraints. For the B case, since

Reon(r)} is of length LT and R, (7) is periodic

"o LT

Seonlf) = 2 *{ / Reon(7) ek dr}, (2.3.34)
0
Salh) =Y 14280 - 7, (23.35)

1=—0c0

where the Id;|2 are the Fourier series coefficients given by

]dh -(Erir)

-7
d.[?2 = 1 j R, I dis dr . 2.3.36
I |[ ’I‘d'_‘ / d"(r) ( )

The cycle period T, cquals T or 2T according to whether % is even or odd, and of course
Suu(f)=Seon(f)+85,(f). Figures 2.10 and 2,115 show the average PSD of the examples illustrated in
Figs. 2.9 and 2.10 representing case A and B respectively.

5Formally Scon(f) and 5, (/) cannot be shown on the same graph since §,..(f) is not a density. In

this graph, the amplitude of the spectral lines of § dh(]) are set to be equal to the integral of the delta
function at that frequency and represents the power at that frequency.
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2.4 Symbol Synchreonization

The ability to efficiently detect a digital sequence often depends on obtaining a timing signal.
In many studies, perfect synchronization information is assumed to be available. In practice however,
this is not the case. As shown in Fig. 2.5, the timing signal is usually derived from the received signal
itself which means that the synchronizer will be affected by the same distortion that is affecting the
detection processur, Therefore, we face the problem of estimating the sampling instants from a signal
disturbed by additive and multiplicative noise. A general approach is to use the maximum a Postariori
{MAP) criterion which can be adapted to the symbol synchronization problem. The approach will be
briefly discussed and the complexity of using it in a fading environment will be considered. Afterwards,
the reader will be introduced to the approach that is used here as well as some important
characteristics related to it. This will be done by first establishing the role of the continuous and
discrete part of the spectrum in synchronization. Once this is understood, the synchronizer structure

used to solve the problem will be presented.

2.4.1 Maximum a Posteriori Approach

The timing recovery problem over the AWGN channel using the MAP approach has been
studied in [36] for a general partial response scheme. The likelihood function averaged over all
equiprobable oulcomes a for estimating the timing error ¢ is given by

D
L&) = % ) cosh {T\I’E /;(:) {18 ,¢) dt} (2.4.1)
1

m= RT
where D=(number of initial phases of the signal) ,oquio 20 X 2 » ¢€[0,T] is an estimate of ¢, N is the

length of the sequence in symbol periods and g, is one of the possible transmitted sequences of length

NT. To derive this expression, it is assumetl that

1) the eye opening of a coherently deiadulated CPM signal is symnetrical with respect

to the time axis,
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2) an AWGN channel with double-sided spectral density f;g Watts/Hertz,
3) carrier phase synchronization, and

4%} all signal trajectories are equiprobable.

The synchro-position is the value of # that maximizes L(¢). A digital implementation of (2.4.1) will
require quantization of & and a direct implementation would lead to a practically unacceptable solution

due to hardware complexity (complexity increases exponentially with N ) [36].

For tis FFF channel, the timing error likelihood function must be derived according to the

equivalent complex received signal
W) = c(t) u(t,ae) + n{1), 0<t<T (2.4.2)

where ¢(t)=|c(2)| cja(‘?, n(t) are complex gaussian processes and ¢ is again the timing error. As was
discussed in Chapter 1, estimation of 8(1) in a FFF channel is almost impossible because of the rapidity
of the phasz fluctuations. Thus, even il the noise n(1) is absent, the received signal would still be a
random process if NT is in the order of magnitude or larger than the colierent time of the chanpel. So
the problem is one of estimating a random process in noise with a composite hypotheses in g, 0(1) and
()] [30). The solution to this problem is not in the objectives of this thesis and therefore, will not be
investigated. The implementatics of such a synchronizer is probably even more complicated than the

one discussed for the AWGN channel. Thercfore, a simpler synchronizer is needed. A candidate

synchronizer is developed in the next section.

2.4.2 Nonlincar Spectral Line Method

One common way of obtaining a timing signal from a modulated signal is to try to regenerate
it at the receiver by removal of the modulation, fully or partially. This can often be accomplished
threngh the use of a nonlincarity. This will yield an imperfect timing signal if the modulation cannot
be fully removed, and the result is a degracled detection performance, The choice of the nonlinearity to

achieve the best performance is a very difficult problem; fortunately simple operations often give
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adequate performance. One particular class of nonlinearity often encounter is the instantaneous or zero-

memory nonlinearity defined by an operator ([-] linking the input u(1) and the output w(1) by
W) = la(t). (2.4.3)

The power law devices are members of this class and the special case where the power is a positive
integer is of particular interest for a CPM scheme with rational medulation index h:gﬁ-"' ='p‘° (x and u

relatively prime integers). In particular, the operator ¢[+)=(-)" applied to the complex envelope u(f,g)

yields
¢
j'.'wﬁfz a; g(t=iT) dr H
u'(t,ﬂ) = (e L) )
[
jE:xIE a g(i—~iT) dr
wta) =e¢ % . (2.4.4)

Looking at this last expression. it is evident that w'(L,g) is also a CPM signal but with integer
modulation index k. From §2.3. it can be seen that ¢'({,a) will exhibit discrete components in its
spectrum with frequencies separated by the syinbal rate. Here, CPM schemes with modulation index of
the form h=ﬁ=7"7 will be studied, and therefore the signal v’(f,a) with modulation index A=1 will be
studied extensively. Also, the results for the Nyquist III pulse shaping will be emphasized and the
advantages relative to other schemes will be shown. This will also indicate potential schemes that

might be suitable for the given synchronizer structure.

2.4.3 Power in the Discrete Components

The discrete components in $yu(/f) represent the timing information signal. Obviously, it is
desirable to lave as much power as possible in those discrete components to mitigate the elfects of
noise, and although it is not a sulficient comlition to ensure good synchronizer performance, it is
strongly believed that it is a necessary condition for bandwidth efficient schemes. So, the first concern

here is to examine the total power available. As (2.3.35) indicates, the power is spread over the

-4 -
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spectrum in an infinite number of discrete components in general, The sum of the Idl-l2 in (2.3.35) is
simply the periodic autocorrelation function evaluated at 7=0, 'hus
-~ 2
Total power in discrete componcnts = Ry (0) = Z l4;] . (2.4.5)
i==~00
An expression for R, (0} in terms of the signal parameters is desirable so that the parameters that
significantly affect the results can be identified. Using R, (r) definition, (2.3.30), and (2.3.19) with 4

integer, it is found that

R, (0) = < my(1+7) mu(l) )

r=0

T (M-l) 0 (-1} *
j( ‘Pl. cj!.’rhl‘q(l-irj)( H z P cj'.'r:'lmq(t-nT)) dt
n \i=l- L k—-(:\f—l) n=l=L m==(A-1)

kodd m odd
T 0 (M=1) (M-1) _—_ .
Rd’.‘(O) = T,/ IT Z Z PP e P2wh{k=m)g(t=iT) dt. (2.4.6)
o i=l=L  k=a({M=1) m=-{M-1)
kodd m odd

This expression is in general difficult to evaluate because of the product term and the nonlincar nature

of the exponential function. However, for the particular case L=1 and o t)=;,—%\,

M=1)  (M-1 T
awh(k- 2T
Ry (0) =%‘ > 3 PkP,,./ J2rh(k=m)t/

k==(M=1) m==(M-1) ()
k ocd m odd

(Af-1) " 1

= P >4, (2.4.7)
k=
k:—%’-l) i
kodd

This well-known result [31] was easy to derived becanse the argument of the exponential in (2.4.6) is a
linear function, and as a result there will he only M discrete lines in Sy, (f). The mininum is reached
when the a;'s are equally distributed and even thongh a general solution of (2.4.6) i terms of the

probability density function of the a; is not known, this observation is expected to be true for most
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schemes. Therefore it is expected that the total discrete component power is minimum for equally
distributed data when everything eclse is fixed. The solution of (2.4.6) was found using numerical
methods, Tables 2, 3, and 4 show the results for a few time-limited pulse shapes (see Appendix A) with

M=2, 4 and 8.

Table 2. Power in the discrete components for time-limited pulse shape
wilh equally distributed data and M=2.

Rdr’:(o)
Pulse Shope

L=1 L=2 L=3

REC 0.500 0.125 3.125%x1072
HCS 0.625 0.319 0.125
TRI 0.687 0.382 0.177
RC 0.720 0.442 0.222
CRC 0.732 0.464 0.239

Table 3. Power in the discrete components for time-limited pulse shape
with cqually distributed data and M=4.

”.ns(")
Pulse Shape
=1 L=2 L=3
REC 0.25 1.6x10™2 9.8x10~1
Hcs 0.4 3.9x107? 1.1x10~2
TRI .18 5.9%10-2 1.6x10"*
RC 0.5 0.12 2,9x10°?
CRC 057 0.15 2.5x10-?
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Table 4. Power in the discrete components for time-limited pulse shape
with equally distributed data and M=8.

R0}
Pulse Shape
L=1 L=2 L=3
REC 0.125 1.9x10-3 3x10-%
HCS 0.31 5.0x10~2 3.9x10™4
TRI 0.34 7.9x10~3 6.7x10~4
RC 0.12 1.3x10~2 2.2x10~3
CRC 0.46 1.8x10"° 3.3x10~°

Table 5. Power in the discrete components for TFM and N32.

Ry;,(0)
Pulse Shape
M=2 M=4 M=8
TFM (L=5) 0.125 9.7x10~2 2.9x10°*
N32 (L=3) 0.57 0.316 0.165

From these results, it is observed that the power in the discrete components is related to the
pulse shape peak amplitude/Matness or equivalently, the deviation of the catrier from its nominal
frequency. Since the flattest possible pulse shape is LREC, it Las the least power in R, (0) (it also has
the narrowest main lobe in its spectrum). Note that some pulse shapes still have good power in their

discrete components for M=4 and that L=1 is the only potentially attractive case for M=8. As an

- oty -
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indication of the minimum power involved, f,,,(0) for LREC was computed for L<5. From data

€

analysis, it was found that a very good approximation for the total discrete tone power is given by

L-1

R yip(0) = (fi)q ‘ (2.4.0)

This indicates that R, (0) is a decreasing function of M and L. This behavior is true in most cases for
a fixed integer A and g(1). Table 5 shows R,;,{0) for two particular band-limited pulse shapes. A
similar study was conducted for Nyquist 111 pulse shapes to establish its potential performance from the
synchronization point of view. For band-limited pulse shapes, (2.4.6) was computed with M=2, 4, 8§
and L=1, 3, 5 as a function of the excess Imnd-wiclth a with uniform probability density function for
the a;'s. The results are shown in Fig. 2.12 for N3CR pulse shaping. Observe that for practical pulse
shape length, the total discrete tone power is approximately equal to 1/M, and thus almost
independent of L. The degradation due to longer pulse shape length is mostly apparent for low values
of excess bandwidth and scems to be lower hounded. Also note that the main lobe flatness is again
related to R, (0) in the same way that time-limited pulse shape were (see Fig, 2.8). This observation
and the constraint (2.3.3) explain why the pulse shapes with large excess bandwidth are less affected by
an increase in L. The hehavior of R 450} i approximatly the same for different M when L is increased.
To check the performance of other Nyquist 111 pulse shapes, it is possible to select for example, M=2,
L=1 and expect that the behavior between the different Nyquist 1II pulses will be épproximatly the
same for other M and L. Figure 2.13 iliustrates R 4is(0) behavior for six Nyquist III pulses. The discrete
tones total power is similar for all pulses except the N3ME? pulse. Although this last pulse is the one
that would have the most power available for synchronization, its spectral efficiency is dramatically
worst than the others at a=.9, and for this reason N3ME! is not a good choice for many applications.
This last figure also shows that N3CR is the one with the smallest R, (0) in most of the excess
bandwidth range (0 to ~.85). This is why most of the results will be presented for the N3CR since it
scems o represent the minimum diserete cotponent power for the Nyquist 1II pulse shapes shown here,

and therefore demonstrates “worst case”™ performance for this class of wavefornn.
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The good results obtained for some thne-limited and Nyquist III pulse shape’s discrete tone
total power do not fully justify by themselves the use of those pulse shape for synchronization reasons
in the context of multitone combination. Two other factors must be taken into account: the remaining

power distribution S¢on(f) and the phase relationships between the discrete tones d;. The next section

is concerned with the former factor while the latter is discussed in §3.2.

244 Tone to Self-Noise Ratio

In the preceding section, the power available in the discrete components was examined. This
power is distributed between several discrete tones and contains the timing information that is going to
be used to generate a timing signal at the symbol rate. However the nonlinearity does not remove all
the modulation and the result is a continuous spectrum  Seon(f) present at the zero memory
nonlinearity output. This spectrum represents noise for the synchronizer and is present in the system
even in a perfect channel. This noise will be called self-noise throughout the thesis. In general, part of
this ;noise will degrade the synchronizer performance since it is processed with the timing signal up to

the system output. .

Obviously the total power in the continuous spectrum is given by R.on(0). This power is
distributed across the frequency axis depending on the modulation index, the number of levels M, the
pulse shape, the pulse shape length L and the probability density function of the data. Genera!
observation reveals that the continuous part of the speetrum Seou(f) roughly tracks the magnitudes of
the discrete frequency components. The strongest [requency components are in most cases located at
the frequencies f==#4/2T in the binary case. at f=xh/2T, £3h/2T in the quaternary case and at
f=Xh{2T, £34/2T, £54/2T, £7h/2T in the 3-ary case. Thus in general for h=1, the M strongest
tones are located near the carrier frequency following approximately the shape of the continuous
spectrum in amplitude. A narrowband filter centered around one of these tones must reject most of
Seon(f) in order to yield a good estimate of a multiple of the symbol rate. Let the tone to sell-noise

ratio (TSNR) at the output of one of these bandpass filters be defined as

- ol -
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d. 2
TSNR; = 10 logio 475 14 . (2.4.9)

T / Sconlf;+f) df
~ W/ ’

where f; is the location of the discrete frequency component, |d;|? is the corresponding magnitude
squared, and W the filter bandwidth. The TSNR is given in decibels. Figure 2.14 shows the TSNR for
MSK with equally distributed data. In this simplest case the value of TSNR as WT—oo is 0dB.
Figures 2.15, 2.16 and 2.17 give TSNR calculations for 3N3CR, h=1, a=.5 with M=2, 4, and 8,
respectively at [;=%1/2T, . .. ,%(M+1)/2T. Observe that the TSNR is relatively good for the M
tones of a given scheme and that the reduction in the strengths of the remaining tones decreases as M
increases, Verification of this behavior as a function of the excess bandwidth might reveal some
particular scheme where the TSNR. is especially good, The choice of a=.5 results from the fact that

this scheme has relatively good bandwidth efficiency (22] and small R, (0) (see Fig. 2.13),

2.4.5 Synchronizer Structure

The description of the signals given in this chapter allows now to set the objective of the
synchronizer. In short, it is to perform multitone recombination timing recovery for CPM transmitted
over a fast flat-fading channel. The multitox;e recombination must provide a good timing signal at the
rate 1/T at the synchronizer output. The synchronizer is in a baseband form and will thus be operating
on a complex signal. The structure is a modified version of a bandpass synchronizer studied in a few

papers [37]{38] that was first proposed by de Buda [14]. The synchronizer structure is presented in Fig.

2.18,
v(¢) —1 zonal “aw » tone »] envelope f—] ‘Larrowban A
filter device filter detectgr filter at 1T

Fig. 2.18. Synchronizer structure.




System Description

where (1) is the received lowpass signal and A({) is an estimate of the symbol rate frequency and
phase. The input zonal filter simply removes the extrancous (out of }.;azld) additive noise components
while causing negligible distortion to the information bearing part of {f). The transmitted signal has
modulation index 1/M and the M-law nonlinearity produces a signal with faded timing information,
The purpose of the faded tone filter is to remove as much timing noise as possible. This noise term will
be defined in the next chapter. The filter is an M-passband Glter with passband center frequencies at
odd multiples of 1/2T. This will allow 3 tones to pass the filter without being attenuated. The
following block is again & zero memory noniinearity device with operator ¢i+]=I-]* with complex input
but real output signal. This nonlinearity will perferm the tone recombination at the symbol rate 1/7 of
the M tones of the faded tone filter output and will compensate for the frequency shift of the same M
tones. Note that even though the input is complex, the synchronizer has not been describe in terms of
an I-Q channel model. This is because the I-Q channels of the synchronizer are not related to the I-Q

information channels of u(?,4) since #(f) can be a non-coherent signal with this synchronizer structure. |l



Chapter 3

SYSTEM ANALYSIS

3.1 Analytic Model

The analysis pursued in this chapter is based on an overall system model. This global model is
itself based on the three components described in the previous chapter, i.e., the channel model, the
modulation scheme and the synchronizer. Linking together those components leads to the system model
lustrated in Fig. 3.1a. The transmitier is viewed as a complex baseband modulator (Fig. 2.5) followed
by an up-converter to generate the real signal s{f,a). This up-converter is a pair of quadrature-driven
mixers. The signal 5(1,g) is sent through a fast flat-fading (FFF) channel as explained in §2.2. At the
receiver’s input, the signal is first filtered to reduce the AWGN power without distorting the faded
information signal. The filter output signal r{#)® is then down-converted to complex baseband with a
non-coherent I-Q down-converter composed of quadrature mixers and data filters to remove unwanted
mixer products. The operation yields the complex signal #{t) which is further processed to give an
estimate of the data sampling instant. Such a system however, does not lend itself easily to
mathematical analysis because of the Rician channel characteristics and the two nonlinear devices in
the system. So to case the analysis, the Rician channel is replaced by the Rayleigh channel which can
be regarded as the worst case instance of the Rician channel. This facilitates the use of the complex
envelope representation of the real fading process as deseribed in §2.1. The up and down conversion can
be removed by introducing the wquivalent lowpass representation of (1) Le. c(t)=c'(t). The
equivalent processing in terms of the comples lowpass equivalent signals is illustrated in Fig. 3.1b. This

model is more convenient for the analysis and will be cmployed throughout the subsequent sections.

%The & dependence of ) has been omitted because the estimation of this sequence is not of
interest here,




System Analysis

/1
dd€N

1opow wANsAS [endy (e *1'¢ 81

331114
SaU0 L

paped

(*)

(M

UOISIIAUG))
umoqg

(M

L
jeuoz
nduj

(T°0IN

(ND.H

(OR]

@)n Fiowmpon
xapdwo)
UOISIdAUO))
dn
@iy

Hm



1apout andeuy (q 3¢ “Siy

System Analysis

Karanbary
i L 1z s Al L
[outreyd
T Wjeamnbo ssedmor]
g _....IIIII....IIIII_
e e/ _ (roN
I I
g PIMpURq Yim SpUEq gy _ _
| |
T _ (o _
I I
. I (» )
FETE | | 101|NpO
e AN Il [ (3h J&—] (o) [euoz X3 ﬂ__:__uc_z < D
449N 4 W d | @'Hn I )
oy % (i) '8 (a (Indup : :
o o I
. J
v
01 JugjeAainbyg

RO

(i




System Analysis

3.2 Faded Timing Signal

3.2.1 M-law Device Qutput Signal

The model of Fig 3.1b begins with the complex lowpass equivalent of the modulated signal
u(t,g):ﬁ J#(he) (complex CPM signal with medulation index 1| JAD, where for uotation
simplification it was assumed, without loss of generality, P=1, This signa! is sent through a Rayleigh
channel viewed as a multiplicative noise process ¢(f)=|c(f)| SO (¢complex Gaussian random process),
where |¢(2)| is Rayleigh distributed over the interval [0,0c] and 0(#) uniformly distributed over [0,27]).
Note thet the information signal is affected by an additive phase noise #{f) and has now a Rayleigh
distributed envelope instead of a constant envelope. On top of this, is the additive Gaussian noise
process given by n'{f)=|n'(1)| V' (complex Gaussian random process) where |n'(#)] is Rayleigh
distributed over the interval [0,00) and v'(¢) uniformly distributed over [0,27]. The resulting received
signal is of the form c(1) u(f,a)+n'(t} passed through an input zonal filter that bandlimits the additive

noise process power, leaving negligible distortion on the faded signal part. Thus

() = c() w(l,a) + n(d), {3.2.1)

where n(?) is bandlimited to [%.B'] with a rectangular shape, The processes u(t,a), ¢(f) and n(¢) are
assumed to be independent with u(f.g} cyclostationary and c(f), n{{} stationary ergodic. The received
signal ©(1) is therefore cyclostationary in general and one can easily see thatl it has zero mean. The

process v(1) is then passed throught the M-faw nonlinearity to yield the process

o) =[]V = [0 u(ra) + a(]". (3.2.2)

Using the binomial theorem, y(#) can be rewritten as

M T, \
wn =3 (-, ) A1) w(ta) nM=1(), (3.2.3)
=0
where (’y) = ;'(—ﬂ_'_—!)' Among the M+1 terms constituting y(1), three types of terms are identified:

the signalxsignal {sxs) term (e= M), the signalxnoise (sxn) terms (e=1. 2, «++, M=1) and the
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noisexnoise (nxn) term (¢=0). In (3.2.3), observe that the sxs term of y(1) is the product between a
CPM signal with unit modulation index, and the Mth power of a complex Gaussian process. This
means that the tones present in u‘"(!.g) are amplitude and phase modulated. To better understand
this, consider the followiny statistical characterization of the process y(f). This charactetization will
show that the signal y(f) conteins a faded timing signal, and it will also provide a quantitative
indication of the bandwidth required for the bandpass region of the faded tone filter. For obvious
reasons, it is very difficult to derive the probability density function of y(t). So to find an expression for
the mean and autocorrelation function of the process (2}, it is desirable to find a relationship between
y(!)'s sccond-order propertics and the second order properties of u(f,a), ¢(t), n{t} which are known from
Chapter 27, Using the independence assumption on u(t.a), c(t) and (1), the cxi:ectcd value of y(1) can
be written as

Af

E{y(t)} = E{Z (¥ e w(ra) n“--(z)}
=0
M

= (J‘j) E{c‘(f) w(1,a) u““(t)}

=0

o

!

=Y ('1’) E{c‘(t)} E{u‘(f,g)} E{n‘"“‘(t)}, (3.2.4)
=0

where E{-} denotes expectation over data symbols, multiplicative noise and additive noise. The

expected value of y(#) is thus given by a smm of products involving moments of the complex processes

u(t,a), e(t) and n{¢). Looking at each of these monsents separately, it can be seen that

E{c'(!)} - E{|cu)|‘} E{H"’“’}: o . (3.2.5)

7"I'I'ne autocorrelation function of il is simply the inverse Fourier transform of the Doppler spectrum
which is usually found by channel measurements.
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1. t = 0
E{u‘(f,g}} - 0, t=1,2 ., M=l (3.2.6)

Mm.(t). t=Mand0 £t < T,

with (see Chapter 2 §2.3.4.1)

0 M=

i) = [ Y py BT, (3.2.7)
izlef k=-(M-1)}
kodd
and finally
0, ¢t=0,1,2.--.,M=1
- M= j( M= )v
E{nM (t)} = E{l"(‘)[( )} E{e’( ) (‘)} = (3.2.8)
I, L= M,
resulting in
E{y(f)} =0, (3.2.9)

because the product E{c‘(i)} E{n”“(t)} is always zero. With (3.2.5), it is explicitly seen in (3.2.4)
that the periodic signal Mm.(t) vanishes because of the phase of the fading process. This phase
variation will have to be removed from the sxs term to extract the timing information. If ™ (L,a) is

rewritten as a sum of its mean and its difference from the mean
wM(ta) = malt) + Bud (1),
then it can be written that
y(f) = M) Mm,.(!) + A1) (3.2.10)

where A(#) is the sum of c(#)AuM(t,a) and all the sxn and nxn terms. Consider next the

autocorrelation function of (). Using basic definition,

Rty(hty) = E{.’J(‘l) 5’(’2)*}
= E{[c(!,) wtya) + o(t)]" ([c(l-_.) (1) + n(ty)] '”) }

- 60 -



System Analysis

M
(At{) c{fy) u'(l),g) "M-‘(tx) X Z (‘;;{) ¢"(ty)* ¥"(ty,0)" "M—"(‘z)*}
1=0 n=0

5™ (A1) (H) ) e)* w(ta) Wt w1 a1 ‘?’*}

1=0 p=0

= (%) (3) e{etw )} E{wtng) (07} E{m¥ ) 7)),

(3.2.11)

*
where the notation ¢’(1)* is equivalent to {[c(t)] ”} [same for n(#)} and the independence assumption
was used again. Thus, in general R,,(1),4,) will be formed out of a sum of (A+1)* terms. The problem
of estimating the joint moment of two complex Gaussian random process:s, and similarly, the joint

moment of two complex CPM signals must be addressed. It is shown in Appendix B that

) n Ru(hity), =
E{:‘(:i) (1) } = . , (3.2.12)
s i 1)

where 2(!) is a zero mean complex Gaussian process and R:s(1;413) is the autocorrelation function of

2(?). Also in Appendix C it is shown that

,,Ruu(tuiz)u t =15
E{v'(t0) v"(tna)'} = 0, t#E L= g # all, (3.2.13)
1,?]0““(1]“2)’ i # mt—n= "J‘I|

where n is an integer, oftus(fy.f3) the autocorrelation function of u(t,a) raised to the power 7 and

IIJ
T M=1 . sy i
1.!;0&'(’]"'_‘) - H z P,l- cJ-!"ll{lq(‘l-lT) ’7?('2 17')]' (3.2.14)

Ao

with | -] denoting the largest integer smaller then or equal to. Regrouping the terms in (3.2.11) leads to

-6l -
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M 2 n M-
Ryy(tyty) = Z (A’{) 0! (M—mn)! Ree(t),1y) nftun(fislz) Ran n(‘p‘:). (3.2.15)

7=0
where Ree(,1;) and Rpn(!),fy) are the autocorrelation functions of c(t) and n(f) respectively, The
simplification from (3.2.11) to (3.2.15) is attributed to two factors: I') ¢(f) and n(1) are zero mean
processes, and 2°) all the terms in y(t) summation form i.c., in (3.2.4) are independent, Therefore, the
8Xs, 8xn, and nxn terms are independent as well as the (M—1) terms in sxn. Ry,(1),8,) in (3.2.15) is
an important result linking the input and output autocorrelation functions of the A-law device. The
same approach can be used for higher order nonlinearities leading to the same general form of

Ryy(11)12). The expression (3.2.15) can be averaged over one period of the process u(f.a) in a similar

fashion made in §2.3.4 to give

A )
Ryy(7) = <RI'!("+""!£)>r = z (Aqf)2 ot (M=n)! RZ:(T) nBu(7) R::\ l',(1"). (3.2.16)
n=0

where Ru('r)=(Rce(i+'r))t, R,.,(r):(R“(Hf))t, and qR“(r)=(qR“(t+'r))' for t€[0,T). Ryy(r)
can now be used to compute the PSD of y(t). But before doing so, it is worthwhile decomposing

MR“(-r) into two componerts which give rise to the discrete and continuous spectral components;

MR“(T) = Ry(7) + Reon(7) . (3.2.17)

such that Ry, (1) is rewritten as

n=0

M M A=) 2 " M-n
Byy(r) = MY (Ree(r) Ryy(7) + Reclr) Rean(r)) + D () 0t (M=)t REr) ,Reunlr) om '(r)
(3.2.18)
M
Ryy(r) = M! Ree(7) Ry(7) 4+ Rya(7). {3.2.18h)
The first two terms in (3.2.18a) are the sxs terms. Equation (3.2.18a) emphasizes that this term

] r . Fl . d‘
contains a faded timing signal term R::('r) f,,(7) and a faded self-noise term !f::(?') Reon(7). The

faded timing signal is therefore embedded in three types of noise disturbance: the faded self-noise
¥l
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Rf: (7) Reon(7), the sXn terms and finally the nxn term. With this, the PSD of ¥{(1) is simply given by

Sf) = F[Ryy(r)] = M(MSeclr) * 5,0} + 1), (3.2.19)
where
Suall) = MYMSeelf) * Seon(7)) + :i_';(é{ )t ()t ["Seel) e Sunl) M50 ] (3.2.20)
and
sty = F[R()]= s % S(0) (3:2.21)

with n;l denotes the -1 fold convolution of S(f), and nS.,,(f) is the Fourier transform of o Rux(T).
The first term of (3.2.19) has been computed for a few CPM schemes to show the shape of the faded
tirqing sighal PSD. For this purpose, two Doppler spectra or fading spectral shapes were used as shown
in Fig, 3.2. The land-mobile spectrum is an approximation of the mobile radio fading spectrum
amplitude modulated by a Gaussian process (40]. The aeronautical Doppler spectrum® [41] is simply
given by the Gaussian shape with variance 33/2. Figures 3.3 throught 3.5 illustrate the spectrum of
the faded timing signal for the CPM schemes discussed in Chapter 2, e.g., 3.N30R a=(0.5, M=2, 4, 8
and equally distributed data. Note that the spreading and the amplitude of the spectrum increase as M

increases while the general spectrum shape approaches one of a Gaussian shape for large M.

3.2.2 Filtered Faded Timing Signal

The next step in the synchronizer analysis involves a multiband filtering operation as shown in
Fig. 3.1b. The ultimate purpose of this filter is to remove as much as possible the disturbance power
Sxalf) without cutting off the faded tones signal. At the same time, the filter also acts as a periodic
envelope builder for the block processing that follows, i.e., the squared envelope detector. By
eliminating part of the disturbance process A(#), it emphasizes the amplitude and phase modulated

tones in u‘"(l,g). It is therefore likely that the squared envelope detector will recover a relatively strong

8The aeronautical channel is only a FFF channel for low signal bandwidths (i.e., less than a few
KHz).
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Fig. 3.2. Fading spectrums.
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---- Aeronautical spectrum

Magnitude
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Fig. 3.3. Faded liming signal PSD for binary 3N3CR with 2,7'=0.1.
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amplitude modulated signal with carrier frequency related to 1/T. To achieve this goal, a real linear-
phase multibandpass filter with the bandpass region centered at odd multiple of 1/2T, is employed.
The linear phase requirement ensures a constant faded tone delay in each bandpass region of ¥(f). This
is & desirable property as will be demonstrate in the next section, The shape of the bandpass region can
be chosen in several different ways, and for simplicity we will assume a rectangular shape for the
amplitude response®, Next consider the bandwidth of this filter. The bandwidth depends basically on
three factors. The first one is obviously the fading bandwidth B, of C(f). As was scen, the faded tones
PSD expression containg the term MS,c(f) which obviously widen as B, increase, The second factor is
the number of possible data symbols, i.e., M. *S.c(f) is the (M—1) fold convolution of S.(f), and
thus has bandwidth of approximately MB,. This limits the amount of fading the synchronizer can
correct for a symbol set because we must meet the constraint MB,;<1 to ensure proper operation, The
third factor and last factor to consider is the shape of S..(f) itself. Given those factors and assuming
that the tone interference is negligible, the bandwidth B, is defined as being the bandpass region
bandwidth of ¥(f) which lcave negligible distortion to one of the M faded tones in MScc(f) * 5,.(f)
The range of the normalized product B, T is then 0< B, T<1. It appears that this spectral spreai:ling of
the faded timing signal is the limiting phenoinena in the synchronizer chain. If one or a combination of
the mentioned factors causes the faded tones to overlap significantly or to require a multi-bandpass
filter having passband widths larger than stopband widths, then it is unlikely that the synchronizer will

exhibit good performance.

The PSD of the signat at the filter output 2{t) can be expressed as

AM=1 .
Seslf) = M!(“s“m * Y |4 6(f—fﬁ)) + Sl [#. (3.2.22)
i=—{AM-1)
i odd
9Two other logical choices for wif) would be a filter matched to MS“{,I) and a Wiener filter. The
filter matched to MS“(J) shape would attenuates the timing signal and A(f} depending on the frequency shift
to hopefully achieve a good average timing signa!l to noise ratio. The Wiener filter minimizes the difference
between a desired response, first term in (3.2.10), and the actual filter output z(t) using the minimum mean
squared error criterion, This ensures the best or optimum linear filter in the minimum mean-square sense,
The reason why those options are not considered now is because they complicate the analysis, and do not
guarantee the performance in the specified sense at the synchronizer output {due to the squared envelope
detector).
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To get a feeling for the relative power of the information signal compared to the disturbance terms, the
faded tone to noise ratio can be computed for cach faded tone of Figs. 3.3., 3.4, and 3.5 as a function of
2
%?. The faded tone to noise ratio would be an increasing function with saturation occurring at high
2
E . . H * . '
%f. Depending on By T, the saturation value of the faded tone to noise ratio would be given by Figs.
2.16, 2.17, and 2.18 for the given schemes. One can see that negative faded tone to noise ratio are

possible for M=4 and 8. This may limits furthermore the amount of fading correctable by the

synchronizer, and this due to self-noise only.

3.3 Timing Extraction

3.3.1 Tone Recombination Concept

In Chapter 2 it was scen that the expected value my(2) of a CPM signal with integer
modulation index is periodic with period T or 2T. Such a signal can thus be express in terms of a
Fourier series expansion, Limiting the number of Fourier series coefficients to M, for reasons explained
in the Chapter 2 and in the previous section, it is assumed that this signal is multiplied by a random

phase phasor with relatively slow phase variations O(1). Let us express the sum of these components as

M=y i
2xf l+8(1) X
(1) = d, ¢ EHltren) Sy = o (3.3.1)
k==(Al-1)
Ltodd

where d,‘=|dk|ew"‘ are the complex Fourier series coefficients. Applying 2/(f) with a fixed, but

unknown, delay from the origin to a squarcd envelope detector, yields

M=l M=) i( 0
HU7) M (thr) = Y R CLTCL TR
k=e(AM=1) m=~{A-1)}
i odd m odd
M=l M=l

—
-_

ld‘.! o ei!:(fl.—fm)t cjhuk-fm)reﬂ"k""m)

k=—( M=) m=={AM-1)
£odd m odd
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2AM-1) A=y N

= Y 2D cos(2mfE+ 207 b gy, (3.3.2)
=0  k=-(M-1)
leven ;.44

with ﬁ:f,+,—f,,=§-l?|, Pu=9,,,—v: and Dy =|d, | |d.]. Concentrating on the symbol rate tone,
(1, fy, =1y difference of 1/T), it is seen that there are (M—1) tones adding at 1/7. These tones have
phases depending on the phase difference B,;, and on the fixed delay 7. The (A{—1) tones at 1/ T all
have a phase shift of 21}‘}'—’- Therefore the phase difference between 1/T tones does not depend on the
fixed delay 7. This means that the phase shift cause by a linear phase filter will not affect the tone
recombination. The fixed delay r was introduced previously to point out that linear phase (i.e.,
constant delay) is a system design requirement for ¥(f). The tone’s phase due to the difference 3,, are
however not necessarily equal between all 1/7T tones (i.c., different values of £). To enhance the
synchronization possibilities, it is desirable that the phase relationship among the Fourier coefficients
d, be such that the sum of the (A/—1) tones at 1/ T occurs constructively without mutual offset phases.

This situation will be verified shortly. For the moment, looking again at (3.3.2) and assuming that a

constructive signal summation occurs, then the total amplitude Dy of the 1/7 tone is then given by

A=3

Dy, = z 1 gl 19542l {3.3.3)
k= (M=1)
k odd

In the binary case, the maximum value of (3.3.3) occurs when the data symbols are equally likely. This
contrasts with the results of Chapter 2 where the power in the discrete components increases when the
symbols PDF was not uniform. For the il-ary case, (3.3.3) increases when the |d| at k=x(M-1)

have relatively decreasing weight in /(¢) Fourier series expansion.

3.3.2 Phasc Relationship

The phase of the complex Fourier series coefficients can affect the performance of the
synchronizer as was seen in the preceding section, It is necessary to cnhance the synchronizer

performance to find the phase behavior of the d, for the particular case of a CPM signal with
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symmetric pulse shaping. In §2.3.4 it was mentioned that

Mm“( =1, h even;
My —1) =
A

0<t< T,

(3.3.4)
._an( T—1), h odd,

and the expression for armu{t) is known (3.2.7). Looking first at the A odd case with an expansion of
(3.3.4), we get

o A=y ; .
Ixhkg{-1401-0)T)
my(—1) =— P, e’ . (3.3.5)
M |'=11—‘-[L k=~(M=1)
k odd

For a symmetric pulse shape one can see that

qt=iT) =1 - ot 4 (L49)7),

(3.3.6)
and using the change of variable t=—z+ T we get
=24+ T=iT) = L — g(z—=T + (L+9)T). (3.3.7)
Substituting (3.3.7) in (3.3.5) results in
(et = o 0 M=) P, Jnhk e...,'2“&.!:.;.(!+(L+:‘—1)T')_ (3.3.8)
M i=l-L b=—(M=1)
k odd
For & odd, ej'hkz—l, and letting n=—(i+L~1),
L+1 A= ~jamhkg(i-nT) L+l
pnl=1) = (-1 P, e T = (=1)""  mi(). (3.3.9)
n=l-L b=—(A-1)
kodd
Yollowing a similar procedure for & even,
”m;(r). h even;
Al —1) = 0<tgT. (3.3.10)
(= 1)k Um:(t). h wld,

This result indicates that far h even, and (4 oddy L odd}, the d; are purely real while for (k odd, L

even), the d, are purely imaginary, Another puint to note is that the result is independent of the
symbol probability densit: function.
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These results do not prove that the arguments of the coefficients are all the same sign, since a
180° unc.ertaint.y in the arguments remains. However in the examples considered which involve pulses
satisfying the Nyquist Il criterion [21], the signs of th: d, have been found to be the same and it is
conjectured that this result holds for all such pulses. It follows thercfore that P41 =0 (due to the signal
phase) so that the resulting generated tone has zero phase. This assumes that the phase response of the
multiband filter is zero, but providing the phase response is linear, the reconstructed tone will remain
phase aligned. For Nyquist 111 pulse shaping, the [d| for k=1, £3, ..., £(M—1) yield large values
relatively independent of L (see Chapter 2) making it a desirable class of pulse shape from the
synchronization point of view. Several examples of the values of d, for unit modulation index
quaternary CPM with LREC and N3CR o =0.5 pulse shaping are shown in Table 6 and 7, and the two
particular cases of 2REC and 3N3CR is illustrated in Fig. 3.6. One can sce that the d; are in complex
conjugate pairs and that the real tones are all of the same sign even for non-Nyquist II} pulse shapes.
This seems to be a general behavior for all CPM schemes meeting (3.3.10) condition with A odd.
Consider for example 2REC A=1, Taking the differences $,, yields three tones with phase 0, x and 0
radians. Obviously, destructive interference between the tones is occuring. On the other hand, N3CR

a=0.5 gives three tones with 0 radian pliase, thus resulting in constructive tones.

3N3CR

Re

Fig. 3.6. Phase values of the d, for quaternary 2REC and 3N3CR a=0.5.
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Table 6. Complex Fourier series cocflicients for quaternary LREC and h=1.

n I+ Z: in rad
-3 0.25 0
-1 0.25 0
b=1 +1 0.25 0
+3 0.25 0
-3 0.0625 7/2
L= -1 0.0625 x/2
-0 +1 0.0625 —x/2
+3 0.0625 —/2
=3 0.0156 T
_ ~1 0.0156 T
L=3 +1 0.0156 T
+3 0.0156 T
-3 3.9x10™3 —r/2
L=4 -1 1.17x1072 /2
- +1 1.17x10"? —x/2
+3 3.9x10"3 /2

Table 7. Complex Fourier series coefficients for quaternary 3N3CR and h=1.

n [ £ in rad
-3 0.23 0
_ -1 0.316 0
=1 +1 0.316 0
+3 0.23 0
-3 0.21 r
_ -1 0.296 s
L=3 +1 0.296 T
+3 0.2t T
-3 0.207 0
_ -1 0.295 0
L=3 +1 0.295 0
+3 0.207 0
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3.3.3 Squared Envelope Detector Analysis

First it will be shown that £(t), the squared envelope detector output has periodic components
at multiples of the symbol rate. Next, the characteristics of the disturbance process, affecting the

periodic component of interest, will be determined.

From equation (3.2.10}, x(1) is redefined as

«{t) = §(8) + +(¥) (3.3.11)
with
MMy A= janfyt k -
WY = ()™ e Y, 4R fi=g (3.3.12)
k== M-1)
k odd
o~ cM(t) Mm,(t),
and

) = M) * 9(1) = Jx(0)] . (3.3.13)

Here, only the M strongest tones of Mm.(t) resulting from multiband filtering are kept and the
complex Fourier series expansion is used to represent there sum. Also, the process A(f) is introduced,
which regroups the disturbance processes of y(1), with (1) the impulse response of unit gain filter ¥(f).
The phase of () will simply delay z(t) and can therefore be dropped since it does not affect the result
at the squared cnvelope detector output. This fixed delay can be accounted for at the system outpnt,
Finally, recall from §3.2 that 6(f) and A(#) are independent (Ax?(4,8) is independent of Mm,(l)] nero

mean processcs,

The signal at the squared envelope detector output £(1), can be express as

£ty = (o)’

= {6012 + 2R[6(1) 1] + |20
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AM=-1)  ppaiy

= 10" 3 Y 2Dy cos(@afit + By)
=0  k==(A-1)
leven ) odd

A= e 2
2R M) Y 4, Tt | 4 ) (3.3.14)
k=~(M-1)
kodd

Like the preceeding analysis, consider the first moment of &(1), and by using the result of §3.3.1 it can

e shown that

E{e} = €{jiorr} + E{mor) (3.3.15)
with
' AM=1) Moy
E{u(m?} = E{|c(z)|’-'”} . Y 2D, cos(2wft + By,) (3.3.16)
loven Fodd

= E{|()|™M} Ry, (81,

E{h(:);?} = Ryp(tt) = Ryy(41) % 9(—1) % v(1). : (3.3.17)

Expression {3.3.14) explicitly shows that we recover a sum of periodic signals, amplitude modulated by
a Rayleigh random process raised to the power 2Af. The fact that the expected value of [6(2)[? is also
almost equal to the product of E{Ic(t)|"'M } and R, (1,{) makes it apparent that we are able to recover
symbol timing due to the cyclostationary character of u(t,a). The phase fluctuations that were
experienced before the squared cnvelope detector are now completely removed from the timing
information signal. Note that (3.3.16) can be evaluated exactly since all the functions constituting it

are known,

Although an appropriate timing signal can be extracled, it is necessary Lo determine the effects

of the disturbance process generated by 7(%) at the squared envelope detector output and particulatly,
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its relative amplitude compare to the timing signal. One appreach is to derive the autocorrelation
function of £(!) which can be used to computl* the PSD £,.(f). "t is known however that in many cases
this approach leads to pessimistic results regarding the evaluation of the timing jitter [38}{42]. However
in the situation here, the problem corresponds to a random phase fluctuation in the received signal so

that the PSD may represent a good estimate of the noise power. The axact evaluation of See(f) using

the autocovariance function Cge(7) is not casy. It is shown in Appendix D that

Ceelr) = Clyayyalm) + B Ry() Rra()*] + € o () (3.3.18)

2
7171l

where C.(r), C of(7) and C ) are t) tocovariance function of &(¢), |b{*® and ?
£€( )’ Iblzlblzt ) I"I?l'ﬂ..‘( ) a 1€ au ¥ 6( )’ I 1 hl

respectively. Unfortunately the term CI il
Wl

the process |y|® is very hard to characterize statistically (its probability density function as well as its

2(7) is very difficult to derive. This is due to the fact that

relationship with (1) are not well defined). Although Cee(f) cannot be easily found or approximated, a
look at (3.3.16) reveals that the M tones are affected by amplitude modulation that does not create any
time jitter at all since |c(f)|* >0 for all #. In some situations (low B,), this amplitude fluctuation
m;y have a significant contribution to the spectrum around the symbol rate tone and may therefore

influence the jitte:;. This phenomena will be examined.

The above observations tend to indicate that the total spectrum around 1/T is not a yood
parameter to derive an estimate for the timing jitter as encountered in many situations [42). In
addition, the spectrum itsell is not trivial to evaluate because of the filtering followed by a nonlinear
operation on a nonlinear modulated signal. This represents a major difficulty and the solution of the
problem is beyond the scope of this thesis. Consequently the total power spectrum orientation as a

ntean to deduce timing jitter in a fast flat-fading environment will be dropped.

3.3.3.1 Timing signal envelope fluctuations

The squared envelope detector efficiently retnoved the random phase fluctuations of the timing

signal. Ilowever, as was scen the envelope of the random process ™ (2) still effects the Liming signal.
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This does not create any Doppler effect like that present before the squared envelope detector, but acts

like an amplitude modulation signal on the timing tone. The purpose of looking at the envelope

characteristics is to establish its effect on the spectrum at the system output.

The process of interest is ¥=|¢( t)l’”, i.c., a Rayleigh random process raised to the power 24/,
Using Lasic random variable transformation techniques (16](19]) and §2.1 definitions it can be shown

that the probability density function of ¥ is given by

o1/

’— —'l_l [4 dg ' 0 S ) S 003

MoZy!' ™A

pa(¥) = (3.3.19)
0, elsewhere,
with mean

mg = oM pn1 (3.3.20)

and variance i
o3 =M [(2m! ~ (17, (3.3.21)

To evaluate the spectrum of ¥, the autocorrelation function of ¥ can be used. It is shown in [44] that
Moy B 4y (1Rl
2 2 T
Roo(r) = (E{ictt+ )M 1e0PM}) = arn? B2 (0) 3 (M) (Reld) g5
: &\ (2@
The frequency domain implication of the above expression lies in the presence of a discrete tone {due to
non-zero mean) at f=0 surrounded by a continuous spectrum. The relative amplitude of the discrete
tone compared to the continuous spectrum near f=0 is of importance. Note that in the system
discussed here, most of the power in the spectrum will be centered around multiples of 1/T. But for the

moment, consider the average PSD of ¥ for a particular fading spectrum. Defining

Ssolf) = F [Ryq(r}}, (3.3.23)

and using the inverse Fourier transform of the acronautical Doppler spectrum (as an example) Lo get
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2
~(x8,r
Ree(7) = ¢ "% ) ) (3.3.24)

Sas(f) can be computed for M=2, 4, and 8 as a function of the normalized frequency ff B, to give an
idea of the power in presence. Examining Figs. 3.7, 3.8 and 3.9, it is seen that the Jifference between
the continuous spectrum and the discrete component amplitude increases when A increases. This mean

that the amplitude variations of the tone at 1 /T are going to be more important for increasing M.

3.3.4 Timing Tone

The last block of Fig. 3.1b in the signal path is a unity-gain linear-phas. narrowband filter
centered around 1/7. It has been shown hete that the filter input signal contains a discrete tone at the
symbol rate. The purpose of this filter is to reduce the noise power around 1/T. From Chapter 2, it

was shown that the narrowband output signal B(1) (BL1/T) can be expressed as
Bt = {2 [ﬂ,u) cos 2Bt — go(1) sin2EL], (3.3.25)

where §;(t)=mg+9'()+5(1), 8 Q)= B'g(t) with 9'(1) representing the filtered modulated variations
of the timing tone around mp=2myD, due to the signal envelope variations. The terms #7(1) and

(1) are the inphase and quadrature components of the filtered process associated with the second and
third terms of (3.5.14). The derivation of 5 (1) and B q(?) (related to the inphase and quadradure
component of £() for a real NRPF) in terms of the signal and channel ctiaracteristics is a very difficult
task because we do not know exactly §(1). Likewise there respective spectrum has only been found for
particular cases [39](42]. It is suspected that for the AWGN channel a very good approximation for
B(t) would be possible because the unknown terms in (3.3.14) can be approximated, as is often done in
narrowband filtering of a single tone. Recall that there are multitones present before the squared
envelope detector. However this is not of interest in the present analysis (still it might give some

insight to an approximation for the FFF channel in certain conditions).
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Fig. 3.7. Spectrum of ¥ with aeronautical fading spectrum and M=2.
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3.4 Timing Jitter

The timing jitter associated with the zero crossings of a periodic tone can be determined from
(3.3.25). For example, if it is assumed that g Q(i):ﬂ and that §,(1)>0, then the zero crossings of g(1)
are jitter free. In the present signal, it can be assumed that 8 1{)>0, leaving jitter due to g Q(t) only.

Explicitly, 8(t) can be expressed as
Bl = B [w(t)i e"%‘!*“’“”], (34.1a)

with

18()] = \’ 30 + B, (3.4.2b)

B (1)
_ tan~l_ @
ZB(1) = tan 7,0 (3.4.3¢)
We can associate with this phasor, a timing error related to (3.4.3¢) by
- T
€(t) = 5= £B(1). (3.4.4)

Figue 3.10 illustrates a typical case for the complex phasor |3(f)] e/4#(® and the corresponding timing
jitter. The problem of finding the probability density function of (?) is once again difficult because of
the tan~! operation. For proper operation of the synchronizer, ¢(1) has to be small, and this condition

is meet when 8;(f)= mp:bﬂq(t) leading to

e(t) = ame,, Ba()  (in seconds). (3.4.5)

The above conditions are met for a particular set of NBPF bandwidths and it is up the designer to
ensure their realization. Now, it is much casier to find an expression for the first and second central
moment of ¢(t). The process ﬁQ(t) is zero mean since part of the mean of £(i) is included in S (0
while the rest is filtered by the NBPF, consequently me=0 if there is no timing misadjustment. The
other important statistical characterization of €(1) is given by its variance. With the use of the small

angle assumption, the variance can be expressed as
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Ba®) 4

L

Timing ji
o

-0.05

" Fig. 3.10. Timing jitter.

ot = E{()} = (-2—,;1)“—;—% E{a%0} . (3.4.6)

This expression is howeve; not analytically tractable for the reasons mentioned earlicr, i.c., E{,ﬁ"fa(t)}
is not casily tractable. There are probably other measuments that are indicative of the synchronizer
performance, but the timing error variance is well understood and somewhat intuitively simple. Since
further progress in the present analysis is not possible, the next chapter will look at another way of

. a . N
evaluating ¢, namely computer simulation. n

-80-



Chapter 4

TIMING RECOVERY PERFORMANCE

The analysis in the preceding chapter show just how difficult it is to analytically compute the
performance measures such as timing jitter variance. Because of this difficulty, in attempting to
numerically evaluate the timing jitter of some representative situations, it was found necessary to
resort Lo computer simulation. The means employed and results obtained are presented in this chapter
which concludes with a discussion of some aspects of the practical implementation of this type of

synchronizer.

4.1 Simulation

i

Three general aspects of the simulation approach developed in this thesis can be highlighted,
They are the simulation goals, model and method. The simulation goals are diverse and numerous.

Among the most important for the present problem, are

1) numerical computation of a timing jitter variance estimate,
2) verification of some analytic assumptions, and

3) insight to pursue analysis.

The objectives are going to be met with the help of a simulation model based on the analytic model
with a Rician channel instead of restricting ourselves to a Rayleigh channel. Referring to Fig. 4.1, the
set {a,} represents a vector of J symbols taken from a set of Af possible data values. This vector feeds
a discrete-time complex baseband CPM modulator with a given pulse shape and sampling rate

T,=§:‘I{7. where T is the symbol period. The signal block length is then of N=23fJ samples. This
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signal block is sent through a Rician channel where it is multiplied by c¢(m)z=c(nT,) 0€ngN=-1, o
dizcreic-time random -Gaussian process with mean m. (set to one without loss of generality) and
variance 2. The additive noise signal power is determined with respect to the total average received
signal power E{lc(t)lz} P so that fair comparisons can be made for different channel parameters, For
notational convenience, the transmitted average signal power P=¥ is set to wunity. Then, the signal
block is processed according to each element of the synchronizer. All the filters are implemented in the
frequency domain 1 :ing the discrete Fourier transform (DFT). The input fiiter has a root raised cosine
(with 25% excess bandwidth) shape, shown in Fig. 4.2, with a one-sided bandwidth B./2. The
multitone filter has a strong bandlimited shape with cach tone bandwidth given by B,. For the

AWGN channel, By T has been fixed to 0.01. Note that the NBPL', is not implemented and thercfore

we will derive our synchronizer performance from the DFT of £(n)=§(nT,).

The data svquence and the Gaussian noise samples are created using a pseudo random number
generator employing the linear congruential method. The cycle length of this gencrator is
approximately 2%, Since any simulation run will only use a small portion of this sequence, this

generator is adequate for a Monté Carlo block simulation of the system.

1.2

1.0

o
o

tgtdlega el eralenn

Magnitude
o
o

o
S

0.0 T T T T T T T I T 1 T T ¥ T
i.5

o
o
©
i
o

21/B,

Fig. 4.2. Input filter magnilude response (rool raised cosine a=.25).
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4.2 RMS!® Timing Jitter Estimation

4.2.1 Simulation Jitter Definition

A simulation run based on the model described in the previous scction leads to & real sequence
£(n) 0€n< N—1, from which the symbol timing jitter can be evaluated since £(n) contains a periodic
component at 1/T. However, the signal of interest is not £(n), but fA(n) the filtered version of £(n)

around 1/7. Thus for a narrow band sequence 8(a), it can be written that

aenk N7 2rai
B(n) = se{e"ﬂ' S(k+1) e‘T}, N &N and k=(M+1)J, (4.2.1)
i==N' .

where Z(k+1i) are tbe centered DFT coelficients of £(n) around 1/T. Now the complex baschand

cquivalent of §(n), defined as A(n) can be express in terms of the 5 (k+i) as

- . N J-‘.’rm'
Blny = {2[B;(n) + iBo()] = N2 ) S(k+i) € ¥, (4.2.2)
=N
with
B; = IDFT{E syen(k+ i)}, =Ny, N (4.2.3a)
Bo = IDFT{Z, ,(k+i}, Y (4.2.3b)

where IDFT denotes Inverse DFT. =Z.,yeq(k+i) and 5, ;(k+1) are defined [46] as
= 4 = 1 [= 4 d ; ' t s
...:w:n(’-'f‘l) =3 I:...(k-l-l) +4 = (k+l):|, i==N, ..., N, (4_2.43)
Eqalk+i) = § [S(k+i) — Z*(h+i)), =—N, L, W (4.2.4b)

Equation (4.2.2) is in a form similar to (3.4.2) and it is easy to definc an estimate of ¢ for a

given block i, named &2, as

2 a
.2 T2 q(®) LT T, N Bo(n)
Ta = (2r)* E{ﬁ}'(n)} T @) N ,; Bi(n)’ (4.2.5)

10|“ the present context, root mean square (RMS) is equivalent to staudard deviation in statistical

theory.
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The major difference between this expression and (3.4.6) is that in our simulation we do not have mj
but 83(n). The difference is insignificant if mg» (1) + B() which is true for medulation schemes
that can have their timing tracked by the present synchronizer. In terms of the DFT and the preceding

assumption, it can be found using Farseval’s relation for the DFT that (4.2.5) is equivalent to

NI
TN

&2, ~ 22 i=-N* (d 0 G)
2~ .
(27) (|su.n(k)|= - |s,.,m(k+1)|”)

N!
Now it turns out, after many observations, that = ,,(k+i) and Seven(k+i) i=—N, ..., N are
¢ (2N +1)

approximatly constant i <B,T. Fig. 4.3 illustrates typical shape of I, (k+i) and

Z cyen(k+1) for the AWGN channel and the FFF channel. In both cases, the above observation holds.

Thus, equation (4.2.6) can be rewritten as

2 S 1% oad W)
~2 T Vi “~ odd
83 = 5 (4.2.7)
(2") (|Ecv=n(k)|2 - ]E,,,m(k+1)]2)
N2

with B< By and B<1/T. Expressed in this way, B represents the bandwidth of the narrow bandpass
filter centered around 1/T. For a typical application, the restriction on the bandwidth B is naturally
satisfied and in the case where it is not, equation (4.2.7) can be viewed as an upper bound on the jitter
variance because of the narrowband shape of = .yen(k) for practical B (see Fig. 4.3). Finally, the results

will be expressed in terms of a normalized RMS timing jitter defined as

= 2

P T J 12 ,44(R) :

G = 3=a|—= — (in second/{BT). (4.2.8)
‘ JFJL:'- even(K)2 = 1Z even(k+1))°

As the last expression indicates, &,, is an estimate of .. The nature of the simulation leaves

us with variations in the S(k+i) from one simulation block to another. To improve the quality of the

cstimate, an average of &,, over several blocks is performed to get a reasonable confidence interval for

the results. Explicitly, to determine &, at a given E, /Ny, 30 estimates & 1<1<30 is generated and &
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Fig. 4.3. Z(k) coefficients magnitude squared.

- 806 -



‘fiming Recovery Performance

is be the mean ﬁ,ﬁi &+ The precision of the resulting estitmate is monitored by a 95% conlidence
interval, computed assuming a Gaussian probability dcnsitty function for the &, even though it is
known that this is not a possible probability density function for a variance estimate or standard
deviation (a Rician disliioution would be more realistic). However, for small variance estimates, this
approximation is reasonably good as shown in Fig. 4.4. Unless otherwise stated, ihe RMS timing jitter
confidence interval results will assume a Gaussian probability density function. As a last point before
looking at the results, the accuracy of the simulation is limited by the assumption that
|Z cven{B)? 2|2 even(k+1)]* which bf:'comes less realistic for low E /Ny Knowing this, it was
established that no results larger than &.=1.25 will be accurate enough and therefore this value

represents the simulation’s upper limit even though the actual system may operate properly for higher

values of o¢.

3
y

.5 .6 g B 9 1.0 11 12 13 14 15 16

Intervals of &

Fig. 4.4. Distribution of &, for MSK at E,/N,=0dB (&:=1.05).
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424 Results

The first resuits are shown in Figs. 4.5 and 4.6 for a few well-known schemes (defined in
Appendix A). Before comparing the results, a design example is provided to give the reader some
insight for interpreting the results. The symbol rate is chosen to be 2400 symbol/s (T=0.418 msec)
and the point of operation is at an E,/N, of 10 dB. Finally, the allowable RMS jitter is o.=0.03 (3%
of the symbol rate). For MSK in Fig. 4.5, according to these data and the constraints B,T=2,
By T=0.01, the bandwidth of the input zonal filter is B,=4800 Hz, and the bandwidth of the
multitone filter is By =24 Hz. At E,/Ny=10 dB, &.~.21 and the bandwidth of the narrow bandpass

2
{0.03) ~49 Hz, Now, returning to Figs. 4.5 and 4.6, some of the

(3)°T
simulation results are compared with previous theoretical results found in [38]. For the binary AWGN

filter at 1/7 is given by B=

channel, both sources of results give comparable performance. They diverge only at low and high
E; /Ny because the effect of the input zonal filter was neglected in [38]. For high E,/N, the saturation
is typical of many practical systems and was found to be sensitive to the bandwidth of the input zonal
filter B;. The divergence at low E,/N, is more troublesome but is characteristic of npnlinear systems.
Note that the theoretical curves are not exactly linear either at low E,/Ny. The dt;gradation for an
LREC pulse shape at high E;/N; iy more significant. In the range 8-25 dB, the jitter approximatel.y
doubles for each increment of L. MSK and 2RC have similar behavior in terms of timing jitter, despite
possessing different signal bandwidths. The same observation holds for 2REC and TFM [26]-(28) except
that this time the two bandwidths are comparable. As one can also see, 2RC performs better than
2REC probably because there is more power in the periodic components of 2RC than in those of 2REC.
Fig. 4.6 also shows the performance of 2RC in two FFF channels. The degradation is more important
for (|mc|?+0c?) E,/Ng>20 dB while below this range the degradation is almost constant compared to
the AWGN channel. The performances are almost identical for the Rayleigh and Rician (K'=0 dB)
channel below 20 dB which implies that the additive noise is the primary source of degradation, while
above 20 dB, the self-noise passed through the multiband filter, ¥(f), is responsible for the large timing

jitter. Recall that the passband width of the multiband filter has to accommodate the fading process.
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1000p MSK Ref. 538]
as» v+ MSK Simulation, B,T=2

asaasas 2REC Simulation, B,T=1.2
esesee 3JREC Simulation, B,T=1

I.l—.l_l-

10"

Loag

RMS timing jitter {in sec/(BT)"?]

107 =

Ey/No (in dB)

Fig. 4.5. MSK, binary 2REC and 3REC RMS Lliming jitter in an AWGN channel.
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QAPAD 2RC AWGN, Ref. [238]
xesxe 2RC AWGN, B,=1.

aapap TFM AWGN, Ref. [238]

Adaas TFM AWGN, B,=1.

esese 2RC Rician K=0 dB, BJT=.1, B,T=1.5, B,T=.38
anmws 2RC Rayleigh, B,T=.1, B,T=1.5, [,T=.38

10 20 30 40
(im S +a?)E/N, (in dB)

. +1.6. Binary 2RC and TFM RMS timing jitter.
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waxws AWGN, B,T=1.2

2 ussew Rayleigh, B47=.1, B,T=1.5, B,T=.38.
srxrar Rayleigh semi-analytic, B,7=2, B,T=.38.

-
Lol

4asara Rician K=0 dB, B,T=.1, B, T=1.5, B,7'=.38.

107 —

10! —

1T rT71T TrT T T 1 T 1T T 1T T T T T
e 10 20 30
(Im P +03)E/N, (in dB)

Fig. 4.7. Binary 3N3CR RMS timing jitter.

40



Timing Recovery Performance

The 3N3CR pulse shape in Fig. 4.7 performs similarly to MSK but with a smaller signal bandwidth
(B:T=1.2). Nyquist Il achieve good performancrs because they have a lot of power in their discrete
components. Also shown in Fig, 4.7 is the performance for a Rician (K=0 dB) and Rayleigh channel.
The degradation is not highly dependent on K when it is larger than 0 dB, as for 2RC. For
—oco< <0, the range of &, is much more important particularly at hiah (Im,['-’-l-a'i)Eb/No. In
general the saturation occurs at lower (|m.|?+02) E;/N, than for the AWGN channel but is still
acceptable in the overall range. The variance of the estimate is increased because the envelope
fluctuation now affects the timing tone. Note also that for binary signalling the results are slightly
worse than those for 2RC in the same channels, at high (|mc|*+02) E,/N,. The dashed line shows 2
semi-analytic result where the denominator in (4.2.5) has been replaced by the theoretical value mg
mentioned in §3.3.4. It behaves as cxpected ie., better than Rayleigh with B.7=1.5 at high
(Imel*+02) E,/ Ny and worse at low (Im,|2+e2) E,/N,, and indicates that the assumption made in

the analysis is realistic.

The performances for quaternary schemes are shown in Figs. 4.8 and 4.9. Note that the
performance shows a slight degradation, relative to the binary case, for the Nyquist III pulse shapes
IREC and 3N3CR pulses in the AWGN channel for the midrange of E,/N,. Also, the plateau is in
general at a higher value of &, compared to the binary cascs. The effect of bandlimiting at high E,/N,
is now more severe and is again a reflection of the input zonal filter action on the CPM signal. For
example, the dashed line in Fig. 6 shows the timing jitter for IREC with B,T=1.6 and comparison
with the result for B;T=2 illustrates the degradation at high E,/N, where self-noise dominates. At
low E;/Ng, the degradation increases faster compared to the binary schemes. For 2RC the degradation
is more significant. IREC and 2RC were similar for the binary schemes while 2RC has now twice the
RIS jitter of IREC in the lowest half of ({m.|?+03) E,/N,. 3REC and TFM are not shown because of
poor power in the periodic component after (-)M. On the other hand, 2REC has acceptable power but
the four phases of the tones result in destructive interference for the tone at 1/7T after the squared

envelope detector. In the FFF channel, 2RC and 3N3CR suffer major degradation compared 1o binary
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aassa |REC AWGN, B,T=2
axewnx 2RC AWGN, B,T=1.4
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assss IREC AWGN, B.T=1.6
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Fig. 4.8. Quaternary IREC and 2RC RMS tliming jitter.
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Fig. 4.9, Quaternary 3N3CR RMS timing jitter.
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performance and compared to the AWGN channel, For the small K factors used here, where most of
the received sign;l power is {rom the direct path, better results can probably be obtain by choosing the
bandwidth of the multiband filter based on the direct path only. 3N3CR is now better than 2RC for
comparable channel distortion. A semi-analytic trial was made for 3N3CR in the Rayleigh channel and
although the jitter was still acceptable (a2), the tone to noise ratio in the inphase component of
(4.2.2) was very low making the small angle assumption unrealistic. The effects of the envelope
variations at the system output must be reduced by averaging the inphase noise in addition to only the

quadrature noise in the preceding cases.

Eighth-order modulation suffers a major loss in performance. The increase from order 4 to
order 8 has dramatically affected both 1REC and 2RC shown in Fig. 4.10. 2RC degradation is due to
partial destructive behavior in the construction of the 1/ T tone from the seven tones present at the M-
law device output, combined with weak discrete frequency component power. 1REC is less alfected
because of better periodic component power and full constructive interference. For IN3CR, the
degradation is not drastic for medium and high E,/N, in the AWGN channel. The tendency obscrved
for M=2 and 4 at low and high E,/Ny is now cleatly apparent. A semi-analytic trial leads to an
unacceptable timing jitter for SN3CR in the Rayleigh channel (B,T=0.04). Also, all the trials in the
Rician channel failed to permit the computation of reliable estimates of the timing jitter for the large
fading bandwidths of interest here. This is an indication that the self-noise passed through the

multitone filter, ¥(f), is the dominating factor in the jitter computation for eighth-order modulation.

05
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To conclude this section, the design example has been carried on for several of the CPM

schemes studied above, The different filter bandwidths, B:, B, and B are given below:

Binary

AWGN (B,=24 Hz)

MSK: B, =4800 Hz B~49 Hz (d.2.21)

2RC: B,=2880 1z B~03 Hz (&.~.185)
TFM: B,=2880 Hz Be213.5 Hz (6> .4)
3N3CR: B,=2880 Hz B~~110 Hz (&¢=~.14)

Rayleigh (B,=240 Hz, B, =912 Ilz)
2RC: B.=3600 Hz B~12 Hz (#2.43)
3N3CR:  B,=3600 Hz Bx18 Hz (&¢x.35)

Quaternary
AWGN (By =24 Hz)

1REC: B,=4800 Hz Bd5 Hz (5¢2.22)
2RC: B,=3360 Hz B~12 Hz (0 =.42)
3N3CR: »=3360 Hz Bx110 Hz (6c2.14)

Rician (B,=120 Hz, K=—5 dB, By =720 Hz)

3N3CR: B,=3840 Hz B~3.3 Hz (&,~.81)

AWGN (B, =24 Hiz)

3N3CR: B:=3360 Hz Bx~3.3 i1z {5,~.82)

In the cases where B> By the actual RMS timing jitter is going to be smaller then the specified value

of 0.03 since the assumptions made to derived the results are not fully satisfied (see preceding section).
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4.3 Practical Considerations

The baseband synchronizer studied so far has been described in terms of analog signals. For
low symbol rates, the synchronizer is well suited for implementation in the discrete-time domain, Such
a realization has little impact on the synchronizer performance for appropriate modulation schemes.
The complexity of the synchronizer can be significantly reduced if some of the blocks in Fig. 3.1 are
well designed, for instance the multitone filter and the NBPF;. To give a brief idea of the importance of
such a design, I will point out two possible techniques appropriate for efficient implementation. There
are alse a few other aspects of the system that have to be mentioned such as oscillator accuracy,

sampling shifting devices and signal dynamic range.

4.3.1 Multitone Filter Design

The multitone filter has M bandpass regions of bandwidth B, centered at odd multiples of
1/27 from —(M—1)/2T to (M—1)/2T. The design of such a digital lincar phase filicr can be carried
out using standard techniques like windowing, frequency sampling, and equiripple approximation [46].
While each of these techniques have their respective advantages and disadvantages, the direct structure
filter tap length of the designed filter is inversely proportional to the transition bandwidth. Since it has
been decided to use a bandpass shape approximating the ideal bandpass filter, the resulting filter
impulse response () may end up with an unreasonable number of taps, especially for the AWGN
channel or when M gets large. To reduce the computational requirements, a filter structure based on
muitirate digital signal processing [47][48] may be used. This structure reduces the proportionality
between the transition bandwidth and the number of tap multiplications to get acceptable computing
effort. Fig. 4.11 shows the basic idea in a block diagram form. The complex sequence y(n) coming from
the M-law nonlinearity is first decimated by 2. The decimation filter will in most cases be a very
simple filter, in particular if halfband filter design is used (allowing aliasing in the transition region of
the decimated signal). For a filter length of N, taps, the number of multiply and add computations per

second is (N, +3) F,/2 where F,=§l; =’%¥. The decimation filter will simply attenuates the frequency
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y(@®) - y'(n) x(n) : x(n)
Decimation Interpolation

i by 2 filter ————M Multiband filter |———) by 2 fil —P

F, EJ2 Ef2 F,

Fig. 4.11., Multirate multitone filter structure,

components above -?+6f such that the decimated signal y'(n) does not have sigrificant aliasing in the
region below %—6}2 The next filter is & multiband filter which can efficiently be implemented by using
the property of an upsampled sequence. To show this, a design procedure is given and illustrated in
Fig. 4.12. First, the design of a highpass filter with appropriate shape and bandwidth B, is performed
at the sampling rate of 1/T. The bandpass region of the filter is then at 1/27T [Fig. 4.12 a) and b)).
Now, by inserting (M—1) zeros between the N, taps of the designed highpass filter, the samnpling rate
is incretis.sed to M/T with bandpass region at odd multiples of 1/2T. This is the desired frequency
response for the multitone filter at sampling rate F,/2. It is this zero padded impulse response that is
used to filter y'(n). The computational effort is therefore 2N, multiply-add operations per sample at a
sampling rate of F,/2. The implementation would involve M input buffers of length N, filled sample

by sample alternatively and convoluted at there respective filling instant. This is simply expressed as

N
?(n) = Z¢(i) y'(n — iM). (4.3.1)
i=1

The signal z’(n) is then send to an interpolator to get back to the original sampling rate for the next
operation. The interpolation filter therefore operates or an input signal with every secoud sample set to
zero. Again, halfband filter can be used to further reduce the computational effort. Doing so we find
that (N3+43) F5/2 multiply-add per second must be computed for this filter where Ny is the filter

length in tap. The overall computational effort is then
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# multiply-add/sec = (Nﬁ- 2Ny + Ny + 6) % (4.3.2)

To give an idea of the savings achievable, an example is now provided. The bandpass shape
has bandwidth By T=0.2 with transition bandwidth of 1/10T on cach side, The desirable ripple is of
0.05 in the stopband and passband region. Note that the decimation filter, the multitone filter, and the
interpolation filter would have to have ripple of 0.05/3 to get an overall ripple of 0.05 in the passband
retion. Using for this example the Kaiser window design method, it was found that the saving increases

with M as shown in Table 8.

Table 8. Computation comparison between direct and multirate filter structure.

# multiply-add/sec
Level Direct structure Multirate structure Gain
M=2 110 39 2.8
=4 222 55 4.0
M=8 446 79 5.6

As one can see, the gain over the direct structure is substantial and can easily be larger for very small
transition bandwidths, particularly for the AWGN channel. This saving in #multiply-add/sec is
achieved at the expense of a more complex filter architecture but it is felt that the price is sufficiently

low to favor the multirate structure for most applications.

4.3.2 Narrowband Filter Design

The timing jitter of the sampling clock is directly proportional to the bandwidth of the NBPF
at 1/T. For acceptable jitter, we face the problem of designing a filler with a very narrow bandwidth
and a very narrow transition band. As was mentioned in the previous section, a direct structure to this

filter design problem will lead to a filter with a very large number of taps which would require
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intensive computational effort. To reduce the computational burden, other structures have to be
examined. The r;aultimte structure combined with digital down conversion is an clegant solution to the
stated problem, that provides narrowband filtering with a constant delay (i.c., lincar phase). The basic
idea is illustrated in Fig. 4.13. The down conversion will shift the tone at 1/T to DC along with the
signal components surrounding it. The complex signal generated is then feed through a chain of
deimation filters. An efficient realization of this chain would consist of several stages of decimation-by-
2 using halfband filters. The output signal B(n) is simply a noisy DC phasor with an angle (assuming
that the phase corresponding to the synchronizer’s filter delay has been removed) proportional to an

average sampling misadjustment. This angle can then be used to delay or advance the sampling clock.

This structure is found to be very simple, linear and computationally -efficient. The
computational efficiency compared to the direct structure can-be appreciated by locking at an example
with specification:

normalized bandwidth BT':  0.001

normalized one sided transition bandwidth :  0.0005

stopband and passband ripple :  0.01.

§0 N decimaon Hlters [ A0

e-jz:nIT

Fig. 4.13, Down conversion and multirate filter structure.
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With the direct structure it is found that the number of multiply-add/sec {Kaiser window design) is
35718 F,, which does not make sense from the practical point of view. The same filter spcc.i.ﬁca.t.ions can
be met using the multirate structure with a computational effort of 14.09F, (10 stages of filtering).
This approach results in significant savings in both computational effort and memory requirements.
The filter structure can easily be made modular so that modification to increase or decrease the number
of stages is straightforward. Therefore, the filtering of the timing tone does not represent a major

problem in an efficient implementation of the studied synchronizer.

4.3.3 Practical Devices

o The results shown in §4.2 and the previous section suggest that the timing clock jitter can be
specified just by specifying the bandwidth of the narrowband fi'ter. However, practical clock accuracies
are not unlimited and the filter bandwidth must reflect the constraint imposed by a particular system
clock accuracy. It is fairly common to deal with clock accuracics in the order of 107° so that averaging
over up to 1000 symbols (BT=0.001) will not cause an error larger than 1% of the symbol period. If

i
larger averaging periods are required, a clock accuracy of up to 10~2 and more can be achieved.
However, oscillator costs escalate with increasing accuracy. Fc;r fading channels, a highly stable clock

would also be appropriate to keep clock synchronization after moments of deep fade.

e The phasor at the output of the narrowband filter could be used as a means to correct the
samnpling clock. This operation is not trivial to perform if small corrections are necessary. Several
techniques may be employed but recent data acquisition products with interesting features are now
available for low data rate transmission. The Texas Instruments TLC32040 chip family [49] allows the
analog-to-digital conversion timing to be advanced or retarded by an amount much smaller than the
sampling period, appropriate for timing tracking purposes. The device also integrates a bandpass
switched capacitor antialiasing input filter, a 14-bit resclution analog-to-digital converter, a 14-bit

resolution digital-to-analog converter and a lowpass switched capacitor output reconstruction filter.
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Timing Recovery Performance

¢ The analysis made in Chapter 3 assumed that the received signal has been down converted to
baseband. A carrier frequency misadjusment will lead to a frequency offset at baseband that may
disturb the synchronizer performance. The offset tones at baseband must be able to pass through the
multitone filter for proper operation. To get close to the predicted performance of §4.2 the offset must
to be very small so that B, does not need to be increased significantly. This can be achieve through
system specification with cery stable carrier frequency oscillators or with tight down-converter and
automatic frequency control performance in terms of frequency stability requirements.

e The output signal of the ( -)M and |-[* nonlinearities will exhibit a high dynamic range,
particularly for large M in a fading channel. If implemented with a fixed-point arithmetic digital signal
proccssoru, the internal representation would have to be performed with a sufficient resolution such
that tl?e dynamic range is preserved and that rounding or truncation does not signifirantly alter the
signal. This can increase the computational requirements if extended-precision arithmetic has to be
used. Fortunately, general purpose floating-point digital signal processors exist for which high dynamic

range requirements are not a problem. [ ]

11Sin'lilar remark for analog implementation.
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" Chapter 5

CONCLUSIONS

Various aspects of symbol synchronization for CPM have been studied in this thesis, The
power available for timing purposes when a CPM signal with modulation index 1/M is passed through
an M-law device has been investigated for several types of pulse shapes. In general, this power decreases
as the pulse shape length and the symbol set size increase. For pulse shapes satisfying Nyquist HI
criterion, results indicate that the reduction of the discrete tone power is primarily a function of A,
instead of M and L. Also, the Nyquist III pulse shapes have good timing properties in the context of
CPM because they are free of intersymbol interference at the sampling instant, Then in Chapter 3, a

~study of a synchronizer making efficient use of the timing information was made. The synchronizer
| processes a signal disturbed by multiplicative and additive noise to recover a sinusoidal signal at the
symbol rate r.elated to the sampling instant. Analysis has shcwn the important design and signal
characteristics, i.c., the multitone filter, the phase relationships between the discrete tones for M-ary
signalling, and the envelope fluctuations at the system output, throughout the synchronizer path. The
analysis did not permit a complete statistical characterization of the timing signal. Thercfore a
simulation method, found in Chapter 4, was used to quantify the synchronizer behavior for scveral
known CPM schemes by estimating the RMS timing jitter. For binary signalling, a variety of CPM
schemes to be used in the AWGN and fast flat-fading channel have been compared, from the symbol
timing tracking point of view. From the results obtained, it is believed that the studied synchronizer
will give adequate performances for any binary CPM scheme with good power in its discrete
components after the (-)2 device, and this over a static or fading channel. For quaternary schemes,

Nyquist 111 pulses have good timing properties over the AWGN channel, and potential self-timing
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capabilities for moderately severe fast flat Rician channels. Other type of pulses must be studied more
carefully to find the phase relationships and the power of th'e discrete components. As an example, 2RC
gives results comparable to 3NJCR but 2REC does not show acceptable performance, For eighth-order
modulation, application of this approach appears to be limited to AWGN and Rician {snuall K values)
channels with CPM schemes using Nyquist III pulse shapes for this synchronizer structure. Finally,
practical considerations concerning the implementation of the filters jound in the synchronizer has been
discussed. In general, the synchronizer is well suited for implementation using digital signal processing

techniques.

Research in the domain of symbol synchronization is an important area for future work in
digital communications. Previous symbol synchronization techniques based on analogue signal
processing are not always attractive or suitable for digital implementation. Also, new or sophisticated
modulation schemes require symbol synchronization. Unfortunately, new synchronization algorithms
are often relegated to a secondary position, relative to symbol detection algorithms, in the study of
digital communication systems. The use of well-known modulation schemes transmitted over different

i
types of disturbing channels is also a potential area for future research. A general approach applicable
for the particular case of CPM is a statistical characterization of the timing error ¢ for a given
synchronizer structure. In many cases (as in this thesis), the measured quantity is the variance of .
Ideally, the characterization would be the probability density function of . With this function, many
other aspects of & communication system could be studied. As an example symbol error rate found with
ideal synchronization may be updated to account for the symbol timing error. Another important
characterization of ¢ is the renewal phase distribution which is used to study phenomena like cycle slips
[43] that are occurring at a very low rate (hours or days). The occurrence of a cycle slip results in a
burst of errors, and this phenomena is often not consider in the evaluation of a complete system symbol
error rate. However, this is gencrally, a very hard task to achieve. More specifically for this

synchronizer, three topics can be pointed out for future research work. First, it would be interesting to

derive an analytic approximation to verify the simulation results. This would probably require very
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good mathematical skill. Secondly, improvements in the synchronizer may be found by designing the
multitone filter according to some optimum criterion like the minimum mean square error criterion.
Thirdly, an investigation can be performed to determine if it is possible to make efficient use of the
timing information in the tone at multiples of 1/T at the output of the squared envelope detector, ‘This

could improve the synchronizer performance, at the expense of a more complicated structure. |
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APPENDIX A

List of Pulse Shapes

We assume for the present pulse shape definition that g(1) is real. The pulse shape are divided
in two categories: band-limited and time-limited. The first category are pulse shape defined in i%e
frequency domain and have therefore to be inverse Fourier transformed following by truncation to
evaluate g(2). The frequency domain filters are zero phase unless otherwise stated. The second category
are time domain defined with an analytic expression for g{f). These pulse shapes definitions ate

extracted from [22], [24) and, [26].

e Band-limited pulse shapes

Nyquist 1 Modified Cosine Rolloff (NIMCR)
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5 I < L
Grinerlf) = %‘3052(#): LE << lﬁg;
L 0, elsewhere,
Nyquist 1 Linear Rolloff (N1LR)
P 3 1 < L
GuunlD = | F[1-Fu-lm] E s < B
_ 0, elsewhere.
Nyquist 1 Modified Linear Rolloff (NIMLR)
I 1 < 15
Cpraplf) = § -, =g < <
| 0, elsewhere,



Appendix A

Minimum Energy Nyquist 1 (ME1)

L It < Lt
GME;U) = %s 1'2:13 < 1—2-*':13;
i 0, elsewhere.
Nyquist 1 Minimum Energy Nyquist 3 (NIME3)
» N < b
1—T)? l—a 1+a
Cnimes(f) = ( , <l < F
2[(1__fT)2+(m2J 27T T
B 0, elsewhere.
Nyquist 3 & 2 (N32)
(1 + fl‘lfl[sinc(2fT)— 1]) !
9 ainc(fT) 1 ]fl S Ti
Gst(f ) =
0, elsewhere,
Nyquist 3 Modified Cosine Rolloff (N3MCR)
GNIMC'R(f )

Cwsmerll) = ~Gue(iT)
Nyquist 3 Linear Rollofl (N3LR)

G S
Grarrlf) = "———sﬁ:‘f(?;-))

Nyquist 3 Modified Linear Rolloff (N3MLR)

Cyarenlf)
Cyaanlf) = %
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Nyquist 3 Minimum Energy Nyquist 1 (N3ME1)

Garei(f)
Crarrelf) = si',‘,fé}n

Mnimum Energy Nyquist 3 (ME3)

GNIME.?U)

Gyes(f) = sinc(fT)

TFM (Tamed Frequency Modulation with a pulse shape truncated to L=5)

2
o) = ¥! {;o:in(;%}’ for |f|<1/2T and zero elsewhere.

¢ Time-limited pulse shapes

I Half Cycle Sine (LHCS)

o fwd L
" 3 sm( ). 0<I1< LT
rpest) =
0, elsewhere.
L TRlangular (ZTRI)
i 2! 0<t< Ll
i 1
1 2 LT ,
= | 2p(e-F) Esis<in
L 0, elsewhere.
L Cosine Rolloff (ZCR)
.EE—T[I—COS(L‘;!)], 0<t< LT
.‘JLcn(‘) =
0, elsewhere,
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L Convolved Raised Cosine (LCRC)

Srcre(d) =

0,
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LT \
TS‘$LT,

elsewhere,



APPENDIX B

Joint Moment of two Complex Gaussian RandAom Variables

The derivation of the joint moment E{z}2;"} of two zero mean complex Gaussian random
variables of order i+n=c where ¢,7 € N is consider. The result is expressed in terms of the
autocorrelation function of those two random variables. It is known that for two real random variables
zand g, there joint moment of order t+n=c where 2,5 € N is given by [19]

5%%:-2 O(s1,8,) ) (B.1)
5y =8q:20
where ®(s,,5,) is the moment generating function of z and y defined as @(sl,sz)zE{c'lﬁ"y}. This

tesult has been applied to the special case of a 2n-dimensional complex Gaussian random vector

2T = {7, + 4y} (B.2)

where the superseript T denotes transpose. Defining a new vector
27 = {z;‘-'f;"‘- . '3:':"2::%}’
it has been shown [44] that

E{_Z’} _ 8u1+. ¢ thig+nydc ¢ ckNn ¢%§T§_§+§T_
=— %
dsyte < B Bs)h e - +Osgn

n+l’

\ (B.3)

S=0

where C=E{Z}, §,=[ Oﬁ‘. -g‘:l with ﬁ:E{(Z—Q(_Z—Q)*T}, and ST={s;, + * 525} is a real 2a-

dimensional vector. In the particular case of interest here, S is a four-dimensional vector (n=2) and

£=0. Under those conditions, the autocorrelation matrix B is simply
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2
R= E{ (;;) (sF23) }= oy Ras(ty1y) , 5.4
Bt t3) ‘732

and after a few steps the exponent in (B.3) is found to be
% .ET.Eﬁ = 8§ (53 agl -+ 54 Rll(tl,tg)) -+ 87 (34 022 + 33 R::Ul,ig)). (B.5)

Thus, for this particular case

E{ziz;"} = 8:*" e[’1(-’3°E1+l43u(11.¢2))+s2(14032+-3R;,(:1,:2))] ' (B.4)
851884 ﬁ_u
and differentiating first with respect to s, gives
b 1§T£§ £ 1= ¢ 1§T LS
5%-1 e = ('Z; (:) [ss02))  [s4Ras(tist2)) ) e =2, (B.7)

Since the final solution is the evaluation of (B.6) at $§=0, all the terms with [ssa';'l]‘_' (i) will go to
zero because the derivative with respect to s3 is not taken. Rearranging the exponent of (B.6), it is

necessary to solve

8" (32 bl ta) e['4('2“32"’15::(‘1-‘2))‘*"3('1"3,*"2“53(‘1:’2))]) (B.3)

§=0

. M_ 1o ﬂ d”—iv . s _ —et
Now, using . =3 () i g and keeping only the term i=n (u—s4 R"(!t,tz)) for

the same reason as above, yields

. 1sTes d7s,
E{457) = Rii) 2 25 22

e, (B.9)

S5=0

Noting that
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! (s~n)

= o,

0,

it can easily be seen that (B.9) reduces to the final result
n! Rix(t,1p),

E{ziz;"} =

0,
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APPENDIX C

Joint Moment of two Complex CPM Signals

The derivation of the joint moment E{cjw("'l) e-”é(‘z'ﬁ}

of two complex CPM signals of
order ¢+1n=c where ¢,7 € Z is consider. It is assumed here, as in §2.3, that the frequency pulse shape
satisfies the constraint given in (2.3.3). The approach follows [33] with the cyclostationary version of
the joint moment instead of the stationarized version. The case where t=7n is simply the
autocorrelation (or its complex conjugate) of a complex CPM signal raised to the power 5, and it will

be denoted , Ryuu(ty,12) (sce §2.3.4). For the other cases, we know that (sce equations 2.3.22 and 2.3.23)

. , M=1 . valte —i TV i
E{e:w(tl.g) e-:n#(tz.e)} = H P, cﬂt“{w(tl iT)~nq(ty~iT)) (C.1)
i k=—(M-1)
k odd

and restricting 1; to be greater or equal to 1, (the reverse condition is related to the complex conjugate
of the present development), use can be made of the constraint (2.3.3) to find the range over which the

product takes place.

In order to simplify the expression for E{e , the largest i for which

Jiglty.8) e-iné(':m)}
.tz-iTgLT is of importance and will be denote i,. Since {,>1, it is clear that {, —iT>LT when i>i,
and

ol — 41) = na(t = iT) = § (s=n), i<ih=f- L (c2)

Thus

E{e;’sé(t;.g_) e-,w(:,,_.._)} _ H M-} P, ej::-hk[tq(tl-a'T)—qq(f!—iT)] «

51y k=—(Al=1)

k odd
M=i ixk n-m
p, o"C, (C.3)
i€iy k=2(M-1)
k odd

- 115 -



Appendix C

As can be seen from (C.3), if n—~m is not a multiple of M, the limit of the second product of {C.3) goes
to zero as i decreases. If however n—m is a multiple of M, then the second product of (C.3) is one,

Finally the smallest i for which ¢, —iT<0 is named i). Since 1,21y, {,—iT will also be smaller than

zero when i24,. Thus

st — iT) — ng(t — iT) = 0, P24 = l}ﬂ +1 (C.4)
and therefore
. ; il pfe , . .
E{c:w(ll.e) c-mﬁ(tg..a.) - P c:hhk[w(tl-lﬂ-nc(fz—'T)l (C.5)
i)l" h—(M-l)
k odd

when ¢+7 multiple of M and 0 otherwise. Substituting the value of i (C.4) and i (C.2) into (C.5)

gives the result of (3.2.14).
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Squared Envelope Detector Autocovariance Function

To evaluate £(1) autocovariance function, we start by looking at its autocorrelation. Using

basic definition, we get .
Regltnta) = E{&(t)€(1)*} = E{wul)l’u(zg)ﬁ + 2§b(1)I? R[4(t2) 7(12)*]
+ 1) () + 218} Rb() v(8)*]
+ 4R[b(4) (1) IR[B(8) 1) + 21v()I* R[8(1) v(1)"]

+ )P I)I? + 2P R 1)) + l‘r(fx)lzh(‘z)lg}-
(D.1}
As was mentioned in Chapter 3, !E{b(t)}:E{‘y(t)}:O and (1) is independent of (t), so the second,
fourth, sixth and eighth terms of (D.1) are 0. The remaining terms will be studied individually in order

to understand their effect in the summation. Starting with the first term

. M- M-
E{JH)P )7} = E{P I} x Y DS 40Dy costeafiteos(2riity)
k==(Af-1)i=—(-1)

keven [even (D.2)

2 E{Ie(t) "M ()M} Ry tnth) Bltnta),

with f,= 2-%-; and fi= 2% This term represents the spectrum of the timing information signal
amplitude modulated. It can be completely determined from the statistics of ¢(t) and u(t,a). The third

and seventh (interchange ¢, and t,) are simply

E{1s(t)1? ()} = E{Is()?} i)’} (D3)

with both right side expectations given by (3.3.17) and (3.3.18). The fifth term can be rewritten as a
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sum of 2 terms, i.c.,

5{4 a?[b(mT(tl)*]ae[b(tz)v(z,)*]} = E{ase[b(znb(a)* (L) (1) J+ 2 R[b(1,) b(1s) T(:.)*v(tz)*]}.

(D.4)
The first term in (D.4) left side is simply

E{z L ONETINY m)]} = 28[E{5)8(8)*} E{v()" v()} ]

= 28 R;(11sta) Byx(tysta)*) (D5)

because of independence, while the second term reduces to

E{a Rb(4,) b(1z) 7(&)"1(*;-)‘]} = 2 [E{u(tl)l“lc(t,)l”} M) MDY L (130 (1)

) M1 ﬁf 4, dme.i2r(fuil+fm12)i|

n==(f-1) m==(M-1)
n odd m odd

=10, (D.6)

because the E{c’Ma(t‘)cjm(%)}:U [44). So the fifth term of (D.1) is simply (D.5). Up to this point
every term of £(7) autocorrelation function can be computed from the autocorrelation function of the

input z(1). The last term of (D.1) is given by

E{ () i)}, (D7)
and from the writer's knowledge, there is no aualytical or exact numerical solution for the above
expression. The problem is closely related to the problem of finding the autocorrelation function of the
envelope of & CPM signal alter filtering and nonlinear processing. It can be conciuded, from this [act,
that no exact expression can be given for the autocorrelation function of £(¢) , and by the very fact,
neither can an expression for the spectrum of £(7) be given. However, the autocorrelation function of

£(1) can be written as
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Ree(t)12) = E{“’(‘:Mz (1)1 + Ib(t|)|2|7(‘2)|2} + 23?[}255(‘1-‘2) R'r'v(fn‘n)*]
+ E{lv(tl)i"’lb(tz)l’ + Iv(tl)l’l-r(tz)!’}- (D.8)
Since Cee(tita)= Ree(tity) —me(1)) me(tz)*. (3.3.15) can be used to gel

Ceellyytz) = C,

Islzlbla(thtz) + 28?[Rbb(‘1312) RTT(‘:J:)* + CI_rlﬂl‘Tl!(iht?)' (D'g)

The stationary version of {D.9) yields (3.3.18).
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