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ABSTRACT

The problem of intersymbol interference and its effecfs
is considered. Of particular interest here is the transmission
of data over non—lineé; satellite channels. Existing methods
for combatting ;ntersymbol interferente, in the form of equal-
izers, are surveyed. The applicabllity of some equaliéation
concepts, categorized as non-linear, is investigated. An ex£en—
sive analytical development, considering some of thé contribut-
ing factbrs, such §s,AM/AM and AM/PM, due to thé’presence of
non—lineé} elements in the satellite channel, is presented.

'A hybrid equalization schgme, incorporating a decision
. feedbaék equalization section followed by a reduced state
maximum likelihood estimator, is here proposed: It is shown
that such a combined appfoa;h efféctiVely reduces the intersym-
bol'inﬁerference) Consequently, the probability of error is

also reduced. The performance of the proposed system has been

evalué@gd y computing approximate upgir.and lower bounds of v

the probabilit of error vs, signal—to-Zoise ratio. 'Further—

more, the transmiission system, which ing¢ludes the earth and

o
Al

space segmenﬁ@ of, a non-linear satellite channel, as well as
the proposed hybrid equalization scheme, has been modeled in
a compﬁter simulation. .

The simulation results indicate a good:agreement with the
analytical oﬂes. A comparison is also.made between the per-
formaﬁce Pchiefgd when a bit detector is used -and the one with

.the proposed hybrid scheme: The improvement achieved with

the later one is noticeable. ’ , : r)
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- L CHAPTER I
INTRODUCTION
1. DATA COMMUNICATIONS (

The rapid develdpment of data communication systems
in the past se@e}al years 1s largely due to the increasing-
ly morereconomical.developﬁgnt of the digital integra%ed
circuits. The‘eqsuing widespread use of digital sign&l
processing techﬁiques increased@ the demand for speciglised
transmission facilities. Some examples where digital data
have to be tréﬁsmitted from one point to another diséant
point include the extensive computing facilities to be found
in business as well as educational institutions, the digital
techﬁiéues employed in the (contemporary) telephone systems,
sonar sy;;ems, computer processing of medical data, signal
(voice, image and/or data)-processing in space communications
and a host of others. These various data sources create a
large volume of data which have to be transmitted very faﬁid—
ly and received guite accurately. These conditions deménd
an efficient utilisation of the already existing transmission
facilities (through sometimes their upgrading) or the crea-
tion of new ones (where indicated economical}y) utilising

newer concepts in the field wherever possible.

A major problem in data transmission is the presence of



Intersymbol Interference (ISI). This interference is crea-
ted primarily due to imperfectiong in the- physical realiza-
' tion of the various subsystems, such as filters, amplifiers,

etc., and the characteristics of the transmission media.

»

In crder to understand the nature of the ISI"problem, some
basic data transmission concepts are presenéed in the next

section.

2. DATA TRANSMISSION SYSTEMS

The physical channels used for data transmiésion in-
clude the telephone channels, overland or satellite micrawave
links, and radio channels. These channels tend to be limited
in their use for data transmission at high rates due to band-
wigth and noise restriétions: Bandwidth availability, as it
is well known, is limited; whereas.the noise is everpresent
and affecting the data. The channel resp;;;; is no longer
restricted to the time éllocated to the transmitted pulée:
There is some (energy).spreading or, a time dispersion, to
the adjacent symbols thus introducing intersymbol interference
(ISI). This time dispersjon is due to the bandlimited fre-
guency response of the channel. Adding to it the noise cor-
rupting the signal, one may visualise the "state"‘of the
received signal. Inc?ease pf the data (transmission) rate
results in even more distorted received signals conseguently

limiting the overall system reliability. .

In the eariy development stages of data transmission,



equalization of amplitude and/oXx ph&éé of the transmitted
pulses was achieved in a relatively simple and upcomplicated
way: In most cases, the influence of the (already known)

channels @ould easily be compensated for through the use of

existing (receiver) filq@ring-techniqueé, %mimarily of linear-
: . -8 .

nature.
.

As the higher transmission rates were in greatef demand,
the equalization problem became more compiex. This-proﬁleﬁ
is particularly pronounced in the digital communication envi-
ronment whereby a sequence of discrete sampleé, of some pe-
riodic pulses, are transmitted over ‘dispersive cha;nels.

The received pulses are highly affected by the dispersive

- 5

channel characteristics because the latter introduce ISI.

In essence this ISI is nothing else but sympol overlapping,
which can be very severe, resulting at a significaptiy de-
graded system error rate performance. The main design chjec-
tive of such receiver filters (= eéualisers) is the minimiza-
tion of the probability of e}ror, by reducing the ISI and

~

the noise interference.

To cbtain an insight‘as to £hé nature of intersymbol
interference, consider fig.-1l.1l. The time intgrval To df
_ the signal pulses épplied to the input of the channel is
shorter when compared with the ﬁime interval T separating
them (for a certain transmission rate), with most of the

energy concentrated around To' At the receiving end, i.e.

S
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having passed through the channel, 'one observes that this
energy is spread over a longer time intervai thereby intro-

ducing overlapping between the pulses. In other words, some

- amplitude and/or phase distortion has been introduced by the

physical channel. Also, the received signals are further

contaminated by noise, which adds to the overall distortion. -

However, we neglect for the moment, further treatment of the

noise component.

Of paramount ;mportancerin data communications is the
pioneering work of“Nyquist [1] who formulated that for inter
symbo} interference free transm{ssion, signaling through an
ideal iow—pass filter is possible at a rate of 2fc indeéend—
ent symbols/sec, where fC is the filter cutoff frequency and
provided the signal is sampled at the correct sampling in-

stant.

In essence, intersymbol interference occurs whenever
there is bandlimiting. An extensive analysis is to be found
in {2]. The signal at the Sutput of the receiver after

sampling, will be [3]

.y
Yo = Zan Heen N (1.1)

n

where aK==received signal component

xK==the input sequence

nK=5additive white Gaussian noise



Eguation ( 1.1 ) may be rewritten as

n
Y, =X, ar+% ath_n+§5 (1:2)
o] o}
n
n# «
where
X, = attenyation or gain of the signal passing through

the system. Eqﬁation ( 1.2 } describes the received signal
in terms of its desired component (first terﬁ), intersymbol,
interfe;ence {second term) and noise (third term). As the
pulse is transmitted through ;hg channel, a frequency depend-
‘ent time delay is introducedNZaUSing its‘tail'samples to in-
terfere with previéus as well as forthqoﬁing pulses thus
causing intersymbol interference. The effect, which is pro-

duced by the last two terms of equation ( 1.2 ), is mini-

mized by designing suitable equalization filters.

The bandwidth restriction imposes further constraints.
on the dimensionality of the signal [4]. ihus, orthogohal
pulses (i.e. non-overlapping) when transmittéd in segquences
throﬁgh physical channels suffer distortion thereby losing
their strict orthogonality property and consequently result-
ing in intersymboi interference which, in turn, forces a
reduced trangmission rate. Considering the overall (data)
transmiésion system in our study, the generated signal at the
source is propagated through some telephone channel, randomly

selected, over land and space microwave links to the sink,



Co
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via anqther telephofie channel, which is also randomly select-
ed: All these time dispersive links have iﬁpul%e or frequency
characteristics which are unknown.. ‘In addition, there exists
‘a’'variation of the channel characteristics with time. Tﬂis
time variation may be slow (on the telephone channels) or,
significant (on the radio channels). These facts pbint.to
the additional recgiver requirement of monitoring these char-
acteristics so that adequate compensatién may be performed °

{adaptive operation).

Emphasis is then placed in the suitability of the equal-
izing(f;ltéring)scheme to compensate for intersymbol inter-
ference, The demand for higher efficiency as well as the
limitations of the available physical channéis, have neces-
sitated the designing of such équalizer.systems capable of
reducing the intersymbol in£erference. It is in this area

!
where th}s study effort is directed. 1In particular, the
effort will be Qirected towards the investigation of the
suitability of the décision theoretic approach towards equaf{
ization in connection with a Quaternary Phase Shift Keying
(QPSK) modulation scheme as applied to a typical -satellite
communication channel. There are, basically,.r two categories
under whicﬂ-these equalizer designs are classified: Linear
and non-linear. The fundamental concepts, particularly of
the latter category, will be .reviewed in the next chapter,

whereas the forms of the treated signals are reviewed in the

next section.



’

2.1 SIGNAL CHARACTERIZATTON

—
~

The Phase-Shift Keying (PSK) signals to be used in this
work arise ﬁrom rectangular pulse modulation of a carrier-wave
to which one of M phase positions is assigned. gihe chosen
value of M = 4 results in a Quadrature-Phase-Shift Keying
(QPSK) modulated carrier. A steady séquence of these p’lses
is provided at the symbol rate W'=-%— where T is the syﬁbol
interval. The QPSK signal exper}gnces distortion and crea-

tion of interference components due to the channel filters

that are inserted hetween the data signai source and the data

signal sink. Tke simplified low-pass model of a QPSK systeﬁyh‘j”

is as shown in fig. 1.2. Coherent detection is assumed.

Using complex envelope notation [5], the QPSK bandpass signal

may be representéd as

s(t}) = Re u(t)exp[jznfot] , 0<‘t <t (1.3
where ‘ .
u(t) = complex envelope
fo. = carrier frequency

exp[.]= complex carrier

One avoids the use of sinusoidal carrier ffequencg terms by
using the complex envelope notation in the treatment of the
signal and noise quantities. Conceptually, the structure of
the quadriphase signal evolves from the sum of two quadrature
carriers (sine/cosine), each of which has been biphase modu-

lated with an independent random data pulse. The resulting

.
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guadriphase symbol will then be represented by the complex

envelope )
u(t)= tu_(8) £ ju_(£)= £V 2 expl(+2d Ju (£) (1.4)
N '
* where _
ur(t) = Rectangular pulse with unit envelope,

~defined oyer { 0,T ). =

The QPSK cbmpleé signal envelope consists of a continuous ée—
quence of symbols. The information is conyeyed’via the phase
positions [f n/4 and % 3n/4]. fhis seguence passes, Subse-

qﬁéntly, through the transmission filéer, thch introau esl\
ISI: The data signals be¢ome distorted and lengthened i du-
ration céusing an overlapping between adjacent symbols.. The
signal at the filter output, i.e. the-modulated pulse wave-

form, in complex envelope notation and in response to u(t) is
~_ repfesented by \ .
X . 1
j Znik . : . . ‘
xp [ ———— | p(t + kT)exp(ijkfoT) { 1.5)

0 <t<T," i, =0,1,...4-1

=
1]

p(t)

I

main, desired pulse envelope K

The resulting pulse p(t) in equation (1.5)

11
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T ‘
) | plt) = J[;(t)h(t—r)dr o -( 1.5a7).
‘ - f

or, equivalentlyj in terms of low-pass equivalent spectra, by

= im
P(f) = U(E)H(E) = 2/explx )Urif)H(f) ( 1.5b )
4
L .
A fundamental assumption is made here in order tc make the .
results independent of the carrier frequency: It is assumed
that

exp[ j2n kaT:I =1 for all k

implying that an integer number oOf carrier frequency periods

is cbntéined within the symbél length T. Using this assump-

tioh\ the distorted pulse envelope plus intersymbol interfer-

ence at the filter output, will be represented as :
j2w.ik

pl{t} + exp | ——— ] p(t + kT) { 1.5c )
. M ’

k=~K

Viclation of the above assumption, i.e. fof\f\integer, will

result in an increased number of possible com:‘:::ans of
interference pattefﬁs\\ In particular, for th signals
k=4k such possible combi-

treated'here‘(M=4), there will be M
nations, since each of the k information cafrying previous
symbols may have been, independently, in anyone of the

M-phase_positions relative to the Sprreqt pulse.
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The uée of coheren@idetection pe;mits the low-pass data fil-
fer to be treated, via the multiplier operation, as though
it were a (symmetricél)'bandpass one.. The predetection and
data detection filter, as shown in fig. 1.2, will then be
lumped togethe;,'as.one filter, describ%f by the low-pass
impulse response g(tY. With an input then represented by

equation {1.5¢), the data filter output, at time t = T, will
be given by

L j2ni, |
p(t) + exp,| —— | p(t+kT) | g(T-t)dt { 1.54")
M .

k=-K

T

v(t) =f

-kT
In order to account for the effect of ISI from the sequence

of K past and future symbols, the following function is in-
troduced [5]: , ’ 3

S e
2 (£) = 1+ ) expl j2m (£KT * x4  (f1.5e ) -

M
=-K
i,0=0,1,...,M1

Consequently, equation (1.5d) may be re-written, in a more

complete form, as follows:

» 4>

v(t) = J[-P(f)é(f)zk(f)exp[ j2r£(T) ] df ( 135€ )

-0
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An extensive analysis of the intersymbol interference, from
the geometrical point of vieﬁ, has been introduced by Mes-
serschmitt EG], establishing the equivalence between the
strﬁctéfe of ISI and a wide-sense stationary discrete random
process. Also, the linear and decision feedSack equalization
methods are being equated to the prediction of a random) pro-
cess; in [7] the analysis is extended to that of/;;;\;;ximum
likelihood  detectors (MLD), for combatting ESI, whereby a
canonical relationship is established between the minimum
distance concept of MLD and the pexformance of the decision

feedback equalizer.

The ‘above discussions [6,7], allow for ar\insight, from
a mathematical as well as physical viewpoint, into the nature

of the intersymbol interference.

-

3. SCOPE OF WORK AND THESIS ORGANIZATION

The transmission of digital data signals over non-lin-
ear channels, ‘sueh as the ones associated with a satellite
communications liﬁk, pdses a more difficuit task, froﬁ equal-
isation point of view, than the transmission over linear
channels. To-date, most efforts towards equalisiné such
chaﬁnels, have been oriented towards the linear channel en-
vironment. This is due to the fact that, the presence of the
non-linearities create additionaltd tersymbol interference,

pérticularly at high transmission rafés, thereby complicating
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the study of sych channels: The ensuing analytical complex-

ity is quidkly discouraging efforts towards extensive study.

However, it is the author's belief that, extensive
theoretical study of an analyticél nature, is of primary
importance in attempting. to 0ptim;ze and bredict the per--
formance of a satellite communication system beforé.its

implementation.

Analysis and simulation, ;s accurate as po%sible, is
more economical than the trial and error approach with hard-
ware, Heﬁce the motivation for undertaking this work. Natu-
rally, the former approach has been adopted in the course of
this investigation. On a more technical side, efforts in
étudying and/or simplifying various equalisation approaches,
as applied to the problem of intersymbol interfefence, have
been mainly directed towards the linear channel environment}
In particular, effortsﬁtowards application of one such algo-
rithm ﬁresented by Viterbi [33] , in the presence of the
non-linearities in the tranémission path, have been met with
increased analytical complexity, [67]. Conseqguently, attempts
in applying this algorithm, in some modified form or another
[41,42], have been limited. Given the optimality of the
algorithm and the inférest\i: reducing its complexity, further

efforts in that direction & ‘of interest.

The theésis presents a method to combat the ISI created

when high-speed data are transmitted via satellite channels.

~
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As a contrlbutlon to the solutlon of equalization problem of
high-speed data transmltted via satellite channelsy, the work
presented here addresSes the problem of simplification of the
Viterbi algorithm, in its simulated form, and in the presence

of non-linearities of the ch;nnel. More specifically, the
application of decision feedback as the pre-equalizing stages,
results in a new hybrid equalizer configuration of reduced com-
plexity and therefore more economical. The thesis work is
organized in such a manner Qs to present the related topics,

from the simple to the complex, defining new terms and‘concépts
as they appear. Thus, the text proceeds with the background
summary of the related wqu which is presentgd in chapter 2.

In the samé chapter, an iﬁtroduction to possible'equalization &
methods is presented -while emphasis is placed in reviewing,

in soﬁe detaill the two main methods to be further employed,

i.e. ghe decisioﬁ feedback equalization and the maximuﬁ likelihood
detection. The -application of these concepts to the equal;zatlon

-

of data over satelllte channels, u51ng QPSK signals, is presented
in chapter 3¢ The analytical development of the proposed re-
ceiver structure as well as its performance analysis is studied.
That these two methods are chosen in combination is a new feature.
In this way the desirable properties of the two methods are
combined, while each one is kept simple in structure and therefore

—

practical to apply.
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The simulation of the satellite channel and egualizer is

presented in chapter 4 where pertinent data, to both the satellite

- channel and the hybrid equalizer, are also provided. In the

same chapter an overall flowchart of the total simulation is’

alsc provided.

The simulation results are summarized in chapter 5:

These include performance curves, in tgrms>of Probability of

Error vs. signal-to-noise ratio, as well as eye diagrams, The
latter are provided as a gualitative indication of the signal

as received, over a satellite channel, in its distorted fdrm

at high bit rates. A summary and & concluding discussion,

along with some suggestions for further research work, are to
be found in the same chapter. There are also two appendices

included: The probabilistic development of the likelihood
ratio will be found in Appendix I, whereas Appendix II contains
listings of the simulation programs used.

The ﬁovel approach in this thesis thus.lieé in a combi-

nation of two equalization methods; each of which alone would

require more complex, i.e. higher order, structures to achieve

the same result for the equalization of the satellite channel.

5
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CHAPTER II ’ -

EQUALIZATION METHODS /TECHNIQUES

1. GENERAL
L]

In data communications, the efforts for combatting
the intersymbol interference have been mainly concentrated
on improving the pérformande of the receivers.. These efforts
consisted primarily in devising various equalisation schemes
to counteract the effects of the mainly linear channels.
Several techniques have been developed and their principles
and applications are presented in numerous publications,
e.g.[2,3,9,12,14,5]. These techniques have been widely
exploited and adapted to suit the purposes of particular
situations. In a very general manner, £hese methods have
been categorised either as linear, whereby mainly_transversal
filters are used, or as non-linear, whereby the use of

quantizers and feéd—back techniques are employed.

The éim of the linear methods is to minimize the mean-=
square error or the éverage probability of error, whereas
that of the'nonulinear ones is the minimigatioﬁ of the proba-
bility of error of either the individual s&mb;l or of an entire
sequence. The intersymbel interference intreduced during |
high-sgeed data transmission over non-linear channels, as in

the present case, is considerable. It has been demecnstrated

+
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that, at high speeds [18,41], the linear type equalization
methods, are not effective. Non-linear methods have proven

more effective [15] in improving the overall system perform-

ance.

This work is mainly directed towards the non-linear
equalizers. 1In particﬁlar, of the various apprcaches so far
invest;gated, we will briefly review in this chapter, the
basic operation of the decision-feedback equalizer as well
as the maéimum likelihbod sequence estimation/equalizer.

The first is classified as a:. symbol-by-symbol type whereas ,
the second one is of the maximum likelihood sequence esti-
matér type, i1.e. it operates on sequences of symbols. It ép—
pears to be a reasonable approach,‘as it will be shown on
chapter 3, to use these. techniques in combinétion. In ad-
dition, we will present in summary form in the next section,

the historical as well as the technical background of the

related work on channel equalization.

2. BACKGRQUND SUMMARY

The introduction of the transversal filter for equal-
‘ ' J
ization dates back to 1935 and is due to Wiener and Lee [3].
It was not until 1940 when Kallmann [9] actually made use of
a - A

such a device.

This type of filter can be ﬁsed to minimize, in the time

domain, the intersymbel interference occuring in bandlimited

[
s
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channels. However, the demand for higher data transmission
rates, in the last decade or so, has really spurred an in-

creased activity [3].

Concepts and techniques introduced by Lucky [10], [11]
dominated and, to some extent still dominate today, the field
of adaptive equalization, i.e. minimization of IST based on
continuous observation of the ti@e varying linear cﬁannel.
This technique, although quite effective in the case of
private-line use for data transmission, is regarded as less
s0 in.the switched (telephone) network case. Indeed, various
_attempts"by the industry to implement these concepts resulted
in bulky and, occasiocnally, not so effective modems to be
used in connection with dial-up facilities [11]. Further
work by R. Gitlin [12] resulted in some improvements to the
"design of the proposed least-mean square algorithm. Here,
the main concern is the choice of the correct algorithm form
which is used for adjusting-the tap-coefficients of the equal-
izer. Furthér investigation, by A. Gersho [13], dealt with
the problem ﬁf equalizing an "unknown" channel, i.e. one that
is selected randomly. The main idea of his proposal was the
introduction of the concept of operating the equalizer in a
tracking mode so that, its coefficienfs are continuously up-
dated and @inimization of the error criterion at the output
is sought. This contribution is considered as a fundamental
solution for adaptive equalization in digital communications,

along with previous similar work, of é:more general nature,
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by M. Di Toro [19].

~An equally fundamental paper on the random variation
aspects of the linear channels {s that by P. Bello [20].
This work is primarily directed to the characterization of
the channels, resulting in ‘the derivation of some useful
channel models. A significant dévelopment in the desién of
equaliser-structures is the work reported by W. Steenaart
and R. Ramachandran [14] &hich applies to discrete time sig-
nals transmi£ted through randem channels. The resulfing

Simplified equaliser structure seems to be particularly suit-

able in the environment of the dial-up (automatic? switched

" telephone) network. Extensive analyticai work has been pér-
formed by many researchers in the design aspect of the various
networks associated with data transmission. A good exampler
of such work is the one reported by F. Assal [21]: Here, the
analytical as well as practical aspects of linear channel

transfer functions are discussed.

So far the equalization methods mentioned are linear.
However, linear methecds ére less effective when large and
extensive intersymbol interference is present. More efficient
methods have been developed utilising non-linear approaches.
One of the most important such method igydecision feedback
equalization. Of particular interest here is the work re-
ported by P. Monsen [22], where he considers the non-linear

equalization concept for data transmission through a fading

Jo
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dispersive channel: Furthermore, he demonstrates the superi-.
ority of the decision feedback receiver. Work by K. Abend
and B. Fritchman [23] and R. Price [24] develops the symbol
detection through the use of decision feedback equalization-
further. A more recent contribution, by R. Gitlin and'E;Y.
Ho '[25] extends the concept of decision feedback équalization
_in conjunction with maximum likelihood pit detection. The
concepts of decision feedback gqualizatioh and maximum like- -
iihood bit detection are presented in sections 3 and 4.

re5pectively.

The interest in adaptive equalization is sustained, as
evidenced in the Qbrk repcrted by H. Berger and H._Epza [26]
as well as that of D. Falconer et al [27]. The first relates
to investigation on data transmission at very high data rates
in space transmission environment, whereas the second one
reports on work related to data transmission on two-wire
dialed lines. There have been some advances and developments
in both linear and non-linear equalization techniques. The
most representdtive work has been reported in [36], DB],
28], [29], (30]. Furthermore, some new approaches to the
equalization aspects have been reported by K. Mueller and

Spaulding [17] and by P. Butler and A. Cantoni B1].

All previously mentioned methods have been based on the
symbol by symbol detection technique. A different approach,

~mased on the observation of the entire received sequence, was

>
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introduced by Forney [32]: The maximum likelihood sequence
estimator (MLSE) uses, for efficient computation and sequence

decisions, the Viterbi algorithm (vA) [33]. Although this

- algorithm is primarily a concept for decoding convolutional

codes, the idea that the operation of the channel can be view-
ed as that of a convolutional coder [34], [35] gained accept-
ance. Its natural consequence was that, the equalization
process, for reducing ISI, could be ‘considered as that of
decoding. Consequently, the VA could be successfully used

as the optimum equaliser/de?oder for an é‘tire‘recéived
sequence. It is to be noticed, however, that the VA algo-
rithm itself is a spécial form of dynami¢g programming iﬁtro—
duced by Bellman [36]. Application of this concepf had also
been reported by Kobayashi [37] , [38], while its exténsion,
in adaptive configuration has been reported, among others,

by Ungerboeck [39] and Qureshi [40].

Recently, Mesiya et al, [41] and Hermann [42] have in-

vestigated the suitability of the maximum likelihood sequence

_ pstimation as applied to receivers which attempt to compen-—

sate for intersymbol interference in the case where the
transmission channel is of non-linear nature: In [41], the

application and performance of MLSE for binary phase-shift-

_keying (BPSK) is investigated for input data segquences with

equal a priori probabilities; in [92] an attempt 1s made to
examihe, always through simulation, the performance of MLSE,

for a finite memory non-linear channel, and compare it to a



known receiver structure with bit-by-bit Qecision rule. The
‘work outlined indicates that there is a sustained interest
in the "equalization" aspects of déta transmission. In par-
ticula;, as the demand for higher bit rates and the prolif-
eration of satellite communication systems increases, further

efforts and interest seem to be well justified.

-y

3. Decision feedback equalisation

The-mai conceptmof the decision feedback scheme is
based on the cgh ellation of the tail associated with the
received pulses tg eliminate the ISI‘of these pulses at the
sampling time of % presgnt pulse, which is sampled at the
peak of the matcheézfilter output. The structure of suéh

equalizers using digital filters is as shown in fig. 2.1

In the configuration shown, the filter taps of the feed-
forward and feedback section are spaced at equal symbol in-

tervals T.‘ Denoting the sequence of the detected symbols as

Y "\
{ Yi_l ; oees g Yi_nz }
th

the estimate of the i

—

symbol as vy , and
the sequence of the tap-gain coefficients of the filters as{ck}

the output of the equalizer may be expressed as

 etterm——
Py
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?
Where {x;} is the input sequeﬁée, and the feedforward filter

section is assumed to have (n; + 1) taps whereas the
L

feedback has n,.
The calculation of the coefficients Cy is facilitated by us-
ing the mean-square error criterion and their selection is
based on a set of linear equations as shown in [15], where

it is shown that the values of the feedback filter coefficients
are given in terms of the coefficients of the feed-forward
section. It is claimed, in [15], that these values of the
feedback eoefficients result in cancellation of the ISI due

tc the preceding pulées under the assumption that the de-

"cisions on their polarities were made correctly.

The uncertainty in the decision-directed detection of
the symbols, combined with the residual ISI 'and the channel
noise, is.bf primary importance in eﬁaluating the performance
of such an equalizer. There are various criteria of perform—
ance requiring oPtimal tap gain séﬁﬁing of both, the feed-'
forward as well as the feed-back digital filters. The adopt-
ed criteria are: B

-

Z () The minimum mean-square distortion (8]

o

(2) The zZero- forcing[ﬁsomplete elimination

of ISI) criterion- [24]
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(3) The minimum' mean-square error [6,22]

(4) The minimum probability of error [7]

In comparing thé performance of the decision feedback
equalizer yi;h that of the linear type, a convenient assump-
% jion is made i.e. that the input signals to the decision
feedback equalizer are correct and therefore no errors have
occurred. Later on, this assumption will be waived and the
effecf of decision errors will be egamined. Under this as-
sumption then, the cglculation of the average probability of
error will produce a lower bound. It has been shown (3],
tﬁat in considering a M-¢ communication system, cperating

over a linear channel perturbed by Gaussian noise, the B({e)

is given by

Ple) ‘=2(1-§)Q_[\/;]' (2.2)

dt ; the ern&i ﬁxuﬁjgm

E=( 3>a(%) , equalizer cutput SNR

a = s;gnal—to-noise ratio enhancement factor. Since
considerable detail is involved in the expreésionn
of this factor, the reader is referred to (3] for
further particulars. .

M = 4 for a QPSK system

27
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Now, the resulting signal-to-noise ratio for the decision
feedchk equalizer, i.e. the parameter § in equation (2.2),

for a system operating over a.noisy channel, is given by [24]

™

2T e
2. " k
£ = exp {2T | 1n | R(E ==
o m

N T-
o

2

| |a£ (2.3)
o - k= - =

where

R(f) = Fourier transform of the received pulse.

-

Furthermore, it has been shown [24] that £, as given in (2.3),
is always greater than the one given in (2.2) under the
stated assumption, i.e. there are no decision errors present
in the input to the decision-feedback équalizer. Cdnsequent—
ly, one may state that the performance of a-decision feedback
equalizer is superior to that of a linear equalizer when

employed in systems operating over bandlimited channels.

Further comparison is possible by examining alternative
performance criteria. Thus, considering minimisaticn of the
mean-square error €, it has been found [52] that

Ezl(FEEDBACK EQUALIZER) = 52 (LINEAR EQUALIZER)

t
The above statement applies when comparing the respective

operating equalizers over a linear channel.
As an alternative criterion consider that of minimisation of

' /
probability of error [7]. Comparative studies [54] have in-

s
4
/‘
{

_
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dicated‘a_good dgreement between the performance of a decision
feedback equalizer operating over linear as well as non-linear
channels with severe ISI, under the mean-square error crite-
rion and that of the same equalizer under the probability of
error criterion. The overall conclusion then may be drawn
that the feedback equalization scheme will perform better

than a linear .equalization scheme.

The above discussion was based on the assumption that
the symbols presented tc the input.of the equalizer had been
correctly decided upon. By waiving this assumption, however,
the indicated superiority of the DFE type of equalization is
somewhat lessened.. This is due to the fact that, if there 1is
an error made on the decision of the input sigpals, then th}s
error. tends to propagate through the feedback loop, thus
reducing the effectiveness of tfe equalizer in cancelling
entirely the ISI. Reduced effectiveness, hdwever, is inter--
preted also as increased possibility of making additional
errors on the subsequent symbols. This error propagation |
then, due to residual intersymbol interferenée, reduces the
.margin against noise and decisions for future symbols are

prone to errors.

Lest we believe that the above paragraph cancels out
the superiority of the decision feedback equalizer when it,
1s empioyed in real channel situations, we hasten-to'mentipn
some further developments. In dealiné with the error propa-

gation problem, upper bounds on the error probability have
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" been dérived analytically [55] and further extensive compar-
ative studies have been made of standard equalization tech-
nique§<over bandliﬁited éhanneis [18,54]: It has-beenkdemon—
strated that, assuming identical conditioms for both, the
linear as well as the feedback equalizer, as far as the noise
sequence samples are concerned- {i.e. independent, hence,
uncofrelatéd) and Qtationary and Gaussian channel'noise, the

. "error probability of the decision feedback equalizer is
smaller-than that of the linear equalizer at high signal-to-
noise ratios". Furthermore, the decigién feedback eéual;zer
apparéﬁtly is insensitive toltiming and carrier phase [18]
and Dopplef‘shifts [22]. Thede\results seem to cover the
conditions for most of the practical channels. Hence the

superiority of performance of the decision feedback equalizer

is maintained.

4. Maximum likelihood detecéion

The concept of detection based on the maximum likeli-
_ hood rule is well documented and has been extensively dealt
with [56]. However, its applicability to decoding of cénvo—
lutional codes was identified by Viterbi [33]. Subsequently,
Forney fEZJ realized that this methdd could be used as an
effective means in combattigg/i;tersymbol interference in
—~

digital communications. .Since the concept of maximum likeli-

hcod detection (or, sequeﬁEé estimation) incorporating the
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computationally efficient Viterbi algorithm (VA), will be
. b
used in the proposed hybrid equalizer structure, we will

review it here briefly.
’

This approach differs from the previously described in
that, the detection is based not.on the symbol-by-symbol
minimization of the probability of error, but on a decision
made on an entire sequence of N symbols. OEserQing a re-

ceived signal sequence'(acting as input to the equalizer)

’ Xis Xgr Xggeenns X r the most probable sequence will be re-

tained and its a posteriori probability will be computed !
with the aid of the VA. Assuming that al; sequences are
équally likely, the maximum a posteriori detection scheme is

equivalent to the maximum likelihcod criterion: The "surviv-

_ing" (detected) sequence will be the one possessing the

maximum joint probability density. HéGing for QXamp$e, a
sequence {yi} of k symbols, these symbols being chosen from
a Q alphabet, then there will ke o* pcssible such sequences.
It is clear that QX a posteriori probability calculations
are required. However, application of the_VA reduces this
amount of calculation, as it will be shown later on. The
decision then as to which sequence, from éll the Q@ equally
likely ones, will be the correct one, is made in favour of

that sequence that will maximize the expression [15]

A N -
p [xK|yK]=p[xK,-xK_l, e 4 xl[yK,.yK_l, vee s yl] ( 2.4)
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+

Further to the fundamental assumption that all sequences
are to be equally'likely{ we also assume that the noise se-
guénce is Gaussian, white and statistically independent of
the signal., Based on these assumpt%ons, the joint prob§bility
density, for real valued symbois transmitted through a non-

linear channel with impulse response samples hk’ will be

given [15]
N
1 1 2
[x 1= -— X - h. . 2,5
plx |y, g exp i ey (2.5)
' J=o k<N

Equation (2.5) suggests that, if no inte;Eymbol interference
i1s ' present, there will.be cnly Qk prebabilities calculated
for the detection of k symbols, instead of bK : Th}s is
primarily due to the fact that the signé{I“xK depends only on
the signal Yier i.e. there is a requirement for maximizing
only she individual probability densities p[ iKlyK].

Thus, one may also write

N

plx|y]l= I I JENTIPE NPT S O (2.8)
j:

If there is intersymbol interference present with N ihfer-
fering componeﬁts, maximization of the quantity indicated by
equation (2.6) will be most effectively performed by applying

the va [33].

Many articles have been published on the VA. Forney
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[57] ‘and Proakis [15], among others, presented in a rather
detailed format the application of VA in digitalJcommunication.
A practical modification [15] to equation (2.6) is to consider
the natural logarithm of both sides of the egﬁation.

From QN+1 oossible sequences, which have been subdivided into
Q gioups, there is one sequence, from each group, that has
the largest probability. This sequence is retained and a
quanticy, calleo metric u, is assigned to it. The metric,

in its general form, and for yg. . symbols is given by [15]

4 Wy = TER R PO Vi e ¥i) F i W) 7 (2.7
1

The metric values calculated according to the above equation,
will provide the probabilities of the QN surviving sequences.
In its actual operation the VA computes, for each received

signal sample, the QN+1 probabilities, i.e.

In p (kg o l¥gnreere ¥y) F Bio (g ~oot2.8)

These probabllities correspond, of course, to the Q +1 signal

sequences which are thought of as the continuation of the Q
previous (and, therefore, surviving) sequences. Subsequently,
the QN+1 gequences are subdividea into QN groups. Each and

every group contains Q sequences (with the only difference

from sequence to sequence, being the symbol’ yi) From each



of those Q.groupsg the sequence with the largest probability
or, equivalently, the sequence with the minimum assigned
metric, is selected and the remaining Q - 1 sequences are
ignored. The-end.résult is that QN sequences are, again,
left with their corresponding metric assignments. It is easy
to see that, for « symbols to be detected, a total of KQ
probabilities’ calculations are necessary. This contrasts
with the Q'< probabilities that they would have been necessary
to calculate if the symbol-by-symbol detection/estimation
method were to be used. .Typical values of all pérameters'

3
are given in chapter 4.

In adopting the VA for solving the problem of intersym-
bol interference, Forney [32] introduced the concept of the
channel representation as a Finite State Machine (FSM). Thus,
in its most general form, the concept considers the machine
as having oV finite states, for a Q - size symbol alphabet.
The VA is then to be viewed as the proce@ure which identifies,
at all times, the state of that finite-stete machine (i.e.
the channel) producing the QN most probable sequences. The
error—rate\performance of the above a;gorithm, is expressed
[32%/;ith reéher tight upper and lower bounds.

In its most general form, the probability of error p(e) for

such\a system, oSErating over a linear channel, will be

——_

given B?\{i?] _ ST ‘}

KEQ [ﬁ]\\s Ple) < KuQ [Pa'_—l re] /2 (2.9)

34
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where

[y

Kﬁ, K, are constants, independent of SNR
Ty is the effective signal-to-noise ratio

o[.] is the complementary error function

The concept of an error event is of particular interest
in analysing the algorithm's performance. An error event .
occurs when there is a deviation between the actual state
sequence and that estimated by the VA. The usefulness of
this concept is tha% it permits us to calculate [57] the er-
ror p;obability per unit time, thus facilitating the calcu-
lation of the error pfobability for a lengthy seguence.
These calculations lead to upper and lower bounds for the pro-
bability of error events. This concepts will be utilised
extensively in the next chapter in deriving thé performance

bounds.
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PART II

A HYBRID EQUALIZATION METHOD
FOR

DATA COMMUNICATIONS VIA NON-LINEAR SATELLITE CHANNELS
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CHAPTER III

HYBRID EQUALISATION/SEQUENCE ESTIMATION

1. GENERAL

?
\J/
The application of the DFE and MLSE concepts to the

reception of data transmitted via satellite channels will be

presented. ‘

We propose a new hybrid equalizer structure which will
be analysed and it will be shown that, this structure is
quite effective for the purpose of minimizing the probability

of error in the presence of down-link noise and inLersymbol

interference due to a non-linear TWT in a satellite data link.

Applicability of the non-linear equalization is suitable
because of the fact that intersymbol interference between
noiseless -signal pulses is discrete (32] . The e#ploitation
of this aiscreteness through the use’ of non-linear methods,
such as DFE and MLSE (or VA), as opposed to the use of linear
ones, results in considerable noise suppressicn and reduced
intersymb9l interference. In addition, the optimal_perform—
ance of the VA, albeit with aﬁ ingreasing complexity as the
number of intersymbol interference terms inc;eases, merits

an attempt to reduce this complexity. Efforts to that effect

)

padun o
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have been initiated by Forney [32], whose structure includes
a whitening matched filter for "pre-equalizaticn" purposes
and by Qureshi [40] who used a decision feedback scheme to
“pre—equaliée"'linear channels. Others [39, 59—62]have
studied the possibility of reducing the complexity of the
VA by analysing various approaches to optimizing individual
stages for shaping the channel impulse response presented
to therVA. However, attempts to apply these concepts in the
saéellite transmission enviroﬁment, for counteracting the
"effects of intersymbol interference, have been limited to-
date” The non-linear nature of the channel makes attempts
to preciself analyse it difficult. Thus the accepted re-
course is the use of digital simulation so that a'relat{vely
complete model can be studied. For BPSK, .the maximum like-
lihoéd sequence estimation conqgét,rfbr minimizing the pro-
bability of error of the received sequences over non-linear
channels, has been studied [41) whereas in [42] an extension
has been attempted, for comparisen purposes, to other modu-
lation schemes, e.g. OQPSK, MSK. However, the equalization
schemes pfoposed use linear elements as their pre-equalizing
stage (brior to VA) with the exception of [40,62] where, al-
though non-linear (DFE) equalizing methods are proposed
(similar, in principle, to the one we will apply), they are

applied towards linear channels.
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2.  DESCRIPTION AND ANALYSIS OF HYBRID RECEIVER STRUCTURE

-

The received sigpal is distort due to ISI and ddwn-

%ink noise: This*disgofted signal will be represented’by

»
’

s, (t) = s;(t) Page) (3.1) -

Il

* - . .
where so(t) the complex baseband equivalent representation
of the transmitted signal, described by equa--

r tion (4.14).

I

n(t) the downlink noise

. . ‘- ‘
" We assume that the channel is characterised by a finite im-
pulse response of v—symboi intervals, i.e. v is the smallest
integer such that .
h(nT) = ¢ for t > vT (3.2)

In accordance with Forney [32], this impulse response may

further be viewed as a sequence, 1l.e.
' &

_hift)' h(£) - ﬁi(t—T)$.y.+hv(t—vT) ‘

h{it) &§(t-iT) {3.3)

>k

=
If
o}

#

The géneral fepresentation of the proposed hybrid edualiser

.structure is as shown in fig. 3,1, Referring to fig. 3.1,
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s_(t) represents the received input signal, with'{xi} the
input sample.sequence to the equalizer receiver section,
whereas {;i} will be the (tentative) output sequence c!(the
decision-feedback sgction and'{Ii} the input sequence to the

. VA (here termed "Maximum Likelihood Detector (MLD)} Algorithm"}.

The. use of the filter which is equal to the transmit

) filter, is for bandlimiting and whitening the noise'séquénce
. sample.. The %ampled output of the filter, represented by
{xi}r is v
v
ERNEID NS S ' (3-4)
k=0 1
4
// \
where
a;_; = amplitude samples of the ‘transmitted pulses -
* -
= 8, (%) ‘
hk- = total channel impulse response
n; = additive white noise samples

The structure of the DFE, as shown in Fig. 3.1, consists of
two' sections: A'feedforward section and a feedback section.
The feedforward section is a transversal filter with taps
spacéﬁ agnEhe symbol intexrval T and with_input segquence {xi}.
Thejgeedback section 1s also a tranﬁﬁprsal filter with taps

_spaced at the symbol interval. The inputs to the feedback

section are decisions cn previouslg detected symbols.

Functionally, the feedback section is used to remove that
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_ portion of ISI caused by previously detected symbols from

the estimates of future symbols.

The equalizer output, in analogy with equation (2.1},

can be expressed as

ta

-M, M, ) ﬂ{§
D N T Y e, (3.5)
k=o k=1

v

where &, is an estimate of the ith

5 information syﬁbol,

{c,} are the tap coefficients bf the filter,

~

‘{a..,},1 < k < M,, are previously detected symbols and,
i-k - - 2

{xi—k} is the input sequence tc the equalizer, a functiocn
. of the channel response, as indicated by equation (3.4). It
~ is to be noted that, the equalization proceés is performed
in ‘a continuous manner in ordér to obFain the.best tentative

decisions {;i};

The equalizer has (Ml + 1) taps in its feedforward
section and Mz.taps in its feedback secticn, as indicated by
gl equation (3.5). A practical means for determining the co—'
.efficiénts {cy 18 the use of the mean square error [15]
criterion. Based on the assumption that previously-detected
symbols are correct, the minimization of the mean square

error leads to a set of linear eqpétions for setting the

tag,coeffibieﬁts of the feedforward section:

A



(3.5a)

L)
z °Pkn =h ,  m=0,-1,...,M
= | |

_‘I . N
Where h is the complex. conjugate of .the channel response h

as/given by equation (3.3), and

Y L B k,.
bkn ? hn hhﬁh-k + Nodkm , m, —o,...—Ml

n=o

' The coefficients of the feedback section are given +in

terms of the coefficients of the feedforward section accord-

ing. to the following equation [15] f

;M'l . L
i = z c,h i=1,2,...M (3.6)

=0

i-k ! 2

The operation of the proposed new hybrid structure will bé
exp;ained with the aid of Fig. 3&2, which shows {a) the im-
pulse response of the whole channel (length y) and (b) the
impulse response presented to.the MLD input. We define as
complexity constraint, denoted by C, that only C+l samples
pr%ceding and including the reference sample, are tg be
oézrated on by the MLD algorithm (signal section identified
as~"MLD" in Fig: 3.2a). Then, given this constraint, the
pfevious samples must be equalized by.the‘decision—feedback

equalizer (signal section identified as "DFE" in Fig. 3.2a).

43
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-
To achieve this, the decision—fee@back eéualizer, having set
the taps of its feedforward section, makes a tentative deci-
sion ;i on the transmitted symbol. This tentative decision,
based on the "DFE" signal portion shown in Fig. 3.2a, is
used as input to its feedback section where the setting of
the transversai filter taps of this section will remove that

portion of ISI caused by previously detected symbols from

-the estimates of future symbols.

The output of the feedback section of the equalizer,
together with the remaining signal portion, identified as
"MLD" in Fig, 3.2a, constitute the input to the MLD algorithm.
Referring to Fig. 3.1, ' .

‘ N
I, =x; -y a, ., h : (3.7)

k=c+1 v

A
c v
Ii = E{: ai _x hk + ny + ZE: (%i—k - ai_k)hk (3.8)
=0 k=C+1
— B ;
) - YV
Equation (3.8) suggests that, when a; = ay, for Cc+l < i < v,

or, in other words, there is no intersymbol,ihterference in
the output of the DFE, all the intersymbol interference terms,

after the C term, will disappear at the input to the MLD



Fig. 3.2 Hybrid equalizer input sequence
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C ~ |
algorithm: Thus, the MLD algorithm is designed %}r the:igual-
ized channel of reduced length of v = C+l response terms, as
shown in Fig. 3.2b. The MLD algorithm ‘then performs maximum
likelihood sequence estimation, on this equalized signal,

in the usual manner.

The choice of the complexity constraint index, in terms
of the channel response, is further discussed in chapter 4,
where the concept is applied to the equalisation of the
satellite channel used in this work. |

v

The proposed eéualiser structure could be made adaptive,
as an extension of this‘work, by incorporating a channel
parameter identification algorithm and subsequent filter tap

adjustment.

Using the state representation of the finite state
machine (ch. 2, sect. 4), denoted by Sy s One may conveniently
répresent the function to be maximized by the MLD algorithm,

as shown in chapter 2 (sect. 4} in the following manner:

N .N
ol Lls, (a}l=ep({-—) (I, ~ha -ha. _; -..mha, )°
ilSer 9T N 17 %% T R 7T itk

i=¢ ’ i=0
) (3.9)
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or, 1f we use the‘log.likelihqu function, equation (3.9)

may be rewritten as

N N , v. )
( _ 1 . 25 -
l.n P[ Iilskl {ai} ] - T ( Ii - hiai_k ) ( 3-10 '_) . -
Q .
i=1 i=1

1

where
N =v, the length of the channel response .
I, is the given input signai to the MLD algorithm .
h is the channel impulse response (in complex form)

a, is the equalizer output signal

The objective then will be to estimate {ai} from the given
signal Ii' The development followed here, as far as pos-
sible, is analogous to that in [32, 39]. Using the metric yu

and defining

nisy,q) £ maximum likelihood function of the path between

0 < kAé k + 1

e

' one may write this metric as follows 1o
N
) = Inp 3.11
M (S , > pl L Isa 1 S (3.1) -
max =1 :

B I P
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For a Q-level system, the function expressed by equation

(3.11) has Q¥ values. Using equation (3.10) one may also

say that for Q states Sy s
.- N
ulsy ) = sy ) - ( Ifi{}?fai-k )2 (3.12)
max i:O

Al

<
By inspecting equation (3.12) we can observe that the term
Ii 1s independent of a, and therefore, by ignoring it, we

may rewrita equation ‘(3.12) as follows

u(sk+1) = u(sk) + ZIi(hOai + hlal + .. ¥ hiai—k) -
rax

AN

. . 2
= (ha; +hja; +...+ hia; 4 (3.13)

It has been shown [63] that, by following similar arguments,
the number of met}ic computations required may be reduced to

ca.50% of those required in the origihal algorithm.

The graphic representation of the various paths that
describe the transitions from one state to another, may take
the form of a trellis diagram. We will briefly describe this

LS

operation, with the aid of fig. 3.3.

48
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We define the overall class of states as

i “:’

Q
s,k = s (k) - ( 3.14 )
n,k=1 |
It is evident that there will then be a total of Qi classes.

In.the trellis diagram, a trace towards the upper half
of the diagram signifies a ' 1 ' whg;eas a trace towards the
lower half siqnifies a o', Theloperation 1s described;
by progressing in time (horizontally) from node to node,
(i.e. the same state class) and from one state clasé to an;
other (vertically}. The algorithm_is used to compute the
path histories of the state transitions. There is a tendency
among‘them to merge to some common path. The metric associat-
ed with each symbol, as previously defined, is the branch
length betqéén nodes. The algorithm then calculates these
metric assignment’s, for each branch, and looks for the short-
est path between them, i.e. each instant in time-retains thaf
path that possesses the minimum metric value. Consequently,
among all thecse paths converging at each nodg, only cne will
be assigned the smallest metric value. This path thén will
form part of the ovgrall'shortes£ route, wéich, in turn, will
possess the (overall) minimum metric value in the trellis
diagram. The remaining paths are then eliminated. The retain-
.ed (shortest) bathiis also called the survivor. ‘If, by
chance, there exigts a minimum value for more thanaone shortest

*
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paths then, the survivor is arbitrarily chosen between them
For additional insight into the operatiOn of the algorithm
we note that the survivor up to each node is really a symbol
sequence whereby each jndividual symbol is considered as a
temporary decision. 'When_the overall survivor path has been
determined, i.e. the minimum distances have beeh calcglated,
then one may declare the corresponding final symbol sequence.

as the estimated one for the one originally transmitted. ?\\

The shortest path or, the.merged common path history is
indicated by the solid line in fig. 3.2. The calculation of
the various‘paths from state to state, as éesc iped above,
requires a considerable amount of atoragé and computing time.
However, application of Bellman's [36] dynamic programming
principle reduces considerably the computational effort
required. To indicate the method, we prooeeded as follows.

The likelihood ratio definition is being:given by

pl I,la, =1
A = 1% ( 3.15)
pl Iilak':"

where

I, the input signal to the MLD algorithm

ay the equalizer output signal amp;itude

and the log likelihood ratio given hy
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Now, if we approximate equation (3.15) by

rmax p[ I.|la,_ = +1] : :
N 1% ( 3.16 )
max P[J%J?k = =] ]

i

"and proceed in a manner analogous to the analysis presented
in [32] by restricting the analysis over I adjacent signals,

.—/

we obtain "

a

p[I[ak ] =K exp P :E::a [ I, EE:}%gk_l ( 3.17 )
' - i=-L |

1 -

. The general derivation of (3.17) is to be found in Appendix I.
2 - :
Substituting (3.17) into (3.16), cancelling identical terms

and taking the logarithm for Ay, we get [63]

A, = 21o + K( I_

s poreeer Top 0 Tp seeds I ( 3.18 )
where
/
- K=1In EexP‘—Ea(I*s_i)— Zaiaksk—i
i=-L i=1 k=L -

kF#L

1 /
‘lnze’@ -7 a(I+5i ZZ B aSK-i (319)

i==1, L~{,k=eL
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Thus, the calculation' of the log likelihood function, based s

“on the received signal, requires solution of equations (3.18)

..

-and (3.19). By applying now the maximization approximation,

indicated by equation (3.16), we may rewrite equation (3.19)

as follows. . s o s '
(L oy
/ . ”
. 1 ) _ .
K%Jg:” 2 E a; ( Iy - s § Z 1aksk—3. ) _
i=L o 7=l k=L
\ . N
. [',)\Q
3 -
: NPTy
1 S \ %
- — + - Ny
-max ¢ 5 a, ( I, +s_ zg: lgkgk_l i 3 ZQ
% : |
A i=L i=-L k==L .
k#L
* It must be noted that,.it is at th17:§oint where the dynamic ’
- . Q-‘ . N 2 -
programming method becomes a valuable tcol for calculating

the constant K a8 expressed by equation (3.20). It has been
)

shown [63] that alternaté applicatidn of the recursive formulae-

- - - (3.21)
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-\/ -l

g
.‘ -
will produce as a result
S
- / 1
& 9,0 L -as; ) -7
i=L

K= =]
bl iU

4

2L,
Z‘ Zaiakskri_ (3.22)

i=-L k=L

ki

- max Wb,O(ad= -1)

%

which, when compared with equation (3,20), suggests that

<

(3.23)
S

Substituting equation (3.23) into equation (3.21), we get

n-m

Wrm-l,n' = a Wm,n +.am‘( In -Zam-i-ksk )

=1

( 3.24)

Thus, starting the calculation from a point where W_, , = 0.,

the successive application of equation (3.24) will ultimately
5 ‘

produce the value of W,",

r

-
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calculation of the probability of occurrencge oé/a

~

The analysis has been based on the assumption that,

‘the partially equalized sequence segment, presented by the

decision feedback section to the MLD, is error free. That

55

is, it has been assumed that the decision feedback equalizer

section has been operating without errors. However, in

actual practice, there will be occasional decision errors made

.on the polarity of a particular symbol. Consequently, the

MLD will operate on sequences which contain error events
which, in turn, will affect the performance of the overall
vreceiver. In the next two sections, an elaboration of the

notion of an error event will be developed as well as the

error event leading to the calculation the performance

bounds for the overall propcsed receilver structure.

3. PERFORMANCE ANALYSIS

The performance of the system will be analysed wi
the aid of the concept of the error events as introduced
below. The probabllity of occurrence of such error events

will be first calculated. Subsequently, the bounds for the

rticular

symbol error probability will be derived. This analysis is

presented in the following sections, respectively.

3.1 ERROR EVENTS

The decisions made by the MLD algorithm are directly

k.

\\
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-affected by the performance of the DFE section. ng, the
tentative decisions made by :EEJDFE, forming a-.reshaped

pulse sequence to the input .

the MLD, might be incorrect
due to noise and ISI: This leads to the concept of an error

event.

An error event £ is said to occur from time k to m when
the estimated state sequence S(D) is the same as the correét
state sequence s(D) at times k and m but nowhere in between.
Thisqﬁeﬁinition implies that a decision error ha§ been made
at t&a{!particular time and it applies to both input as well

as output signal error sequences.

: . L
.The notion of the error event is required in order to

.be able to include the effects of the errors in the calcula-
tion of the performance bounds of the receiver structure.
\b,—sbnSider an error event ¢ which is defined [32] as

2 3 con=]

e (D) eo + e,D + é D‘ + e3D F oee.. + en—lD (3.25)

1 2

Equation 3.25 is the error seguence Aescription, in the form
of a polynomial, for both the input error sequence exTD) and -.
the output signal error sequence ea(D) which are associated

with the error event.

LS

The error event may alsc be viewed as a change from.a
correct to an erroneous path, when refering to the trellis

diagram. To illustrate the concept, refer to Fig. 3.4.

=3



57

-~

ped Juane I1oxxy g *b1g




58
The assumed correct path is labelled C whereas the as-
sumed incorrect one as C'. The two paths diverge at the
node k in order to merge again at the node m. Using the
state transition notation, we denote the state correspond}ng
to the erroneous path by S whereas the correct one is Sk'l
We may subsequently write
sk(i) = sk(i) for 1 = k and for i = m
sk(i) # sk(i) for k < i<m - (3.26)
At the node m, the equglity~
" ’ &
s, (M) = s, (m) o \ (3.27)
allows the symbols, at that state, to be
- a ' 3.
®m-i qm-1 (3.28)
for i =1,2,3,...,v and .0 < v <N with N being the signal
sequence length. / TR '
The length of an error event is defined Bz]as being
A ‘
ng =m -k - 1 (3.28a)

/

Now, considering coded ﬁfquences, for an error event to
occur, the following subevents must occur:

(1) for an input sequence x(D), the associated input

PRl
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error sequence will be such that

x(D) + ex(D) ‘

4

(3.29)

will be an allowable sequence x(D). This subevent is defined
as El.

For uncoded sequences this subevent is the only event
occuring.

k

(2) the contribution of the noise terms Dyr for
1

<k <k +m, is 'such that it permits the estimated
sequence x(D) to survive with maximum likelihood than any

other sequence. -This subevent is defined as e,

-

(3) again, the contribution of she noise terms is such,
that x(D) has a greater likelihood of detection (survival)
than the time sequence x(D), but not necessarily the maximum

l1ikelihood. This subevent is defined as Ege

—
Considering then the subevents g, and 93,Qone may also
state that

€2 € €3 (3.30)

t

Before proceeding with the calculation of the probabili-
'ty that the error event might occur, we will deﬁinq_the
concepts of the Euclidian weight and Hamming weight.} “
The Euclidian.ggfﬁht‘dzie) of an error, event is defined

as the energy in the associated signal-error vector sequence

. {
{(defined by equation 3.25). Specifically, '

1

. ‘_J_..._..‘..-..-:‘a#‘"‘" "
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ate) = Ileym|] - O s

2
= Z ek ‘ (-3/.31)

The Hamming weight N(e) of the event is actually the number

of errorsthat are assoclated with the input error sequence
eg(D). In other words, -the Hamming weigﬁt may be expressed

as

-

N(e) A Number of non-zero ccefficients
L.zJ

_associated with the ex(D). (3.31a)

3.2 pProbability of error event

fl

The probability of an error event, using the above

-

concepts of subevents cén be stated as
Ple) = P(el)P(ezlsl)éP(s;;;(e3|al) (3.32)

i.e. the probability of a particular error event € is

weighted by the P(gl) and upperbounded by the P(e3[sl).
Assuming independent and equally likely input symbols,

it can be shown [32] that -

n-v

R T '
P (e ) = ‘ | "—JTT_“l | (3.33)

i=0
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where

L = number of states-of finite state

machine
exi = input error sequence .

n = length of error event

v = channel span.
Using now the log likelihood function of s, (D) from time .
k, to k; + n+l, the term P(c;]e ) in equation (3.32) is
giVen by .

A 4t ] kil ( 3.34")
s @™ r s ] e
P(E3I81? Sk K X L5y 1

~

Using the sampled output of the whitening matched filter as
well as the noise @tatistics (Gaussian, wi;h variance ci),

equation 43.34ff ay be rewritten as:

&

s k. 4n
l 2 ~ 2 kl
= 5= [x@ -z@]] - []x© - O]
el

ky

P ( 3.35)

One can see, from the last equation, that r(D) will be the .,

more likely sequence, being closer to x(D) than r (D), beth

_—



with reference to the (n+l)-dimensional Euclidian space cor-

responding to times k1 to kl+n.

Using the concept of the Euclidian weight, one may express

4 (3.35), that is the conditional probability of the subevent
: 63 as:

P(eyleq) =0t %é&l?} (_3'36 )
n

where =

2
Q(x) = 1 J[;y /2 dy ; the error function
- ‘/ 2w
t

Returning to equation (3.32), we may now express the pro-

bability of an err&t\?vent, using the results of "equations
(3.33) and (3.36) as being

P(e) £ P(el)P(e3| el) - .
—~
) L -|e,. | .
< 35l Q(——-—gés) )| (3.37)
\ L n
. i=0\../’

{
3.3 Probability of symbel error ,

We are now in a position to calculate the overall

probability of error of the receiver structure proposed here.

r
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‘Using the results obtained for the\probability of error-

NE

events, we may say that the computation of the symbol error

‘probability could be expressed in terms of weighting the
error event € with the actual number of decigion errors,i.e.

the Hamming/ﬁézggz- N{e), due to e (as given 3{///E1a)

The equation (3.37) can be rewritten as

- | \
| L ~le | d(e)
Be) g | |[—2) n@ncfl)) ¢3.38)
n N

L
i=

By denotind\ as E the set of all possible error events start-

ing at time k; and by D the set of all possible distances

d(e), and by using the unioh bound approach [32] (i.e. 'the
probability of a union of events is not greater than the
i

sum of their individual -probabiljties'}, the probability of
ﬁymbol error is given by . '

Ple} < P(e)N(e) ' (3.39)
IL~-|e_. /(
. ZQ( ale), Zﬂ l’“ Nie)
deD e€E i=0 '

At high signal-to-noise ratios, the minimum values of d(e),

i.e. dmin’ will dominate (exponential decrease of Q),

63
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S

équation (3.39). Thus an approximation, at the same time

serving as’ an upper bound for the'symbol error prdbability
is arrived at: Y

>

dhnn(e) . .
Ple) — Q e — Ka. - (03.40)
n .
[«4
where
L - ]
K= byl N(e) . and .
- .EQE
Ed = set of error events having minimum
min

N distance

This upper bound, for high-signal to noise fgzios, provides,

in many cases, a good approximation [32] to the actual per-

formapce of the detectors, i.e. the MLD. In a similar manner,

a lower bound for the error symbol probability may be derived,

’
Thus by denoting with K " the probability of an error event,

starting at time k, as being at least

Q(—Eia) , we will hg&e

d (&) \ :
P(e) = Ple) 2 KO %‘“G— ( 3.41)

o



Clearly, the two bounds as expressed by equations (3.40)
and (3.41) differ only in the parameters Ka and Kk respec-

tively. These two bounds were computed and the results are

to be found in chapter 5, Fig. 5.8.

Since the satellite channel is considereq as a finite
state machine, the concept of the minimum aistance dmin
apblies in the case of the non-linear channei, i.e. the
satellite channel as considered here. Thus, the inpht se-
guence presented to the MLD algorithm, for final decision,.
is'the one charac%g;ized by the 6utput sequence ‘of the non-

linear TWT transponder. ‘

-

S
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' CHAPTER IV T

SIMULATION OF A QPSK SATELLITE DATA LINK

1. GENERAL ‘“m,

+

A

»

In the study presented in this work, digital computer
simulation was used to evaluate the system performance‘degra
dation due to Intersymbol Interference, non-linearities and
Gaussian noise.

. ’ *

Ehase~Shift-Keying-(QESK).

The additive white Gaussian noise as well as the trans-

-

ponder non-linearities are included in the simulated systenm

L)

so that a realistic operaticnal condition is obtained. 1In

addition, operating conditions of the satellite transponder,
the filter characteristics, the.channel bandwidth as well as
the data rate and the noise>power level into the receiver

may be altered and the effects are Observed in the form of a

probability of error P(e) vs. signal -to-ncise. ratio (SNR)
curve. The simulation permits direct plotting of this curve.

. - , ' ~
Another criterion of the quality of the transmission 1s the

eye-diagram at the receiver output. The present simulation

allows for the calculation of such an "eye" diagram as well

as its direct displaying on an X-Y recorder.

The description of the simulated system and the simulation

The modulation scheme used .is the Quaternary-

66
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pProcess are preseﬁted in the next éection} whereas the third

section ?resents the'performance considerat@ons of this
system. The similation was-eonducted using Fortran IV and
APL programming languages on an IBM 360/65, model J comput-'
er, located 72’%QF Computing Centre of the University of

i

Ottawa. Use ade- of systems subroutines which are stored

in bulk memory.

L

2, SYSTEM SIMULATION DESCRIPTION

The presentation will follow in a parallél way the

block diagram of the simulated éystem (fig. 4.1)-as well as

the simulation scheme depicted. in fig. 4.2: Transmitter

.chain, satellité transponder, ‘receiver chain and output

" display.

‘The overall simulated system will be first described.

" After thig,'a more detailed account of the éistinct system

. blocks will be given in the following subsections-together

—

with the underlying theoretical.coqcepts. . . -

The digital binary input data, from the signal source,
(eqn. 4 L, are converted to baseband signal waveforms in
quadrature (egns. 4.2 and 4.3). A quaternary-phase-shift
keying  (QPSK modulator) signal is chosen, filtered, and

-y

converted fﬁ%?%ﬁime to’ frequency domain and vice versa by
ﬂ)

67

the Fast Fourier Transform (FFT), for;the filteringvoperation.

The signal is expressed in complex baseband form (eqn;l4.5)«
L b ,

i

— e iy e

e
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The filtered signal is transmitted to the'satellité trans-

. ponder. It is at this stage of the simulation where the

non-linear elements are introduced. The TWT is first mathe-
matically modelled  and, subsequently, similated as a bandpass

non-linearity (éqn. 4.7). .This form of non-i;nearity, in

\
h}

its qugdrature form(eqns. 4.15 d 4.16), is Eh%\;epregenff

" ation of the two envelbpe non-linearities in the\EEE/model:

The amplitude limiting action and the amplitude-dependant
output phase shift. The signal is now delivered to the

receiver where the system performance wili be compﬁted.

The received signal is processed by the simulgted
receiver bandpass filter: This process is similar to the one
at the transmittérf Both trénsmit and receive letérs are.
of the same type; however, the simulation allows for inter-

changeability with oﬁhefﬁgglters, should this be required.

7 % .
Following the receiver bandpass filter, the signal is

brocessed by the demodulatdr:‘ Here, an iptegfate-and bump‘
(IsD) filter is simulated. To comglete the demodulation \
process, the satellite down-link noise is added: It is at
this stage, i.e., at the output of the integrate @nd duﬁp
filter that this noise is added, rather than a& the\in A to
the receiver, because this practice~is preferable to intro- -
ducing thé noise element at the receiver input. It is to

be noted that both are equivalent [48]. However, éomputa-

tional efficiency dictates adding Qf the noise at the output

v dearienaded-
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’ puted noise anf (b) simulated noise. 1In (a), the signal is 4

‘quires only a few seconds to accomplish the same. function.
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of the receiver. This is further explained by considering X
~ [}

the two known approaches [43] of noise simulation: (a) com- _ 3
- L
simulated withbut noise. The equivaient noise power is
computed, [48,50] and the noise inserted at the output of
the filter. Having specified the signal-to-noise ratio, the
probability of error of each digital signal is computed, as
a function of its sample value and the noise variance. The :
ouerall probability of error of "the sys is thi average
probebility of error over a long signal sequence. 1In (bf,
i.€%, with simulated noise, working wiﬂp both signal and
nolse samples, the number of symbols required for processing

at a p(e), of 107> to 10”7 would be in the order of 10’ to 10° ¢

b

symbols. In addition,-noise-must be generated for both,
the in—phase asvellasthe quadrature channel for each signal

sample separately. This procedure requires more computing

# §

time in the order of approximately 10 hrs/single point on .

b

the output c ve,; whereas}ithe one with computed moise re-s

The simulation of the “eye—diagrams" has been provided

" as a qualitative alternative for assessing the system per;

formance by examining the eye opening: The simulated base-
band signals at the output of the receiver filter are .
utilized for thls purpose. The superposition of the entire
recelved sequence, whereby the samples of ‘the iﬁdividual
symbols are traced, forms the required eye\diuﬁ;éﬁ:. The '
“ ‘ . — . .

r
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eye opening relates to the amount of Intersymbol Interference.
(ISI) present. The simulation-includes plotting of eye ﬁat-
terns on either an X-Y recorder for‘f detailed, line draw-
ing, or on a high—spegsxprinter copnected to a digital com-

puter, for a ‘rapid indication’ assessment.

The overali descriﬁﬁioh of the simulated system above

is summarized in block diagr#m.form,,in Fig. 4.3, Here, the
basic subroutine-based coﬁfigufation is depicted alpng with
the signai processing path (heavy so0lid line). The efficient
se of the discrete Fourier transform requirés that a finite
umber of symbols be processed at a timg.-‘Thg computer
implementation of tﬂe discrete Fourier transforms'is~restrict:
ed to a fiﬁite number of terms N. Thus,fhe maximum number
dfllpcations, infthis.ease, for the QPéK signal data array
and the filte% transfer function is N = 256. Since the W2
'sil_nulat@ s carrieé out at complex baseband (B/B), two
locatioh/sample are required, for a total of 512. Consequeﬁtf_
ly, the data sequence.is'procéésed ip parts and at .stages
reconstructed as a total kdashed 1inesf% There are 12
symbols pef Fourier;transformati?n. Thué‘for a signal
sequence of 127 symbolsg 11 (Fourier Transformed) parts are
requiredy/'Using 16 samples/sym§gl, 192 {gggtions array, for
ggignal samples, are required. These arfangements, allow

£ efficient use of the:éomputer cdgé stoiﬁée.'
— .
: N -~
’ - g
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‘as shown in FPig. 4.4.

-

. | . ¢ ’ —
2.1.1 Data genErator - iw\

In actual operating conditions, the igput signals

(data stream) to be transmitted, are.of a random nature:
That 1s, the input sequence is generated by being selected

from a "sample space" in an unpredictable fashion [Sﬂ . In.

other words, if the obtained output signal from a generator

»

1s the result of an a pfiori random process, then this signal
N ) ‘

is considered as random in nature.

Such a random signal is.then representative of alkt

a

possible input sequence combinatiops. However, ogs may in-
/
troduce statistical tests which will check whethgrja partic-
P :
ular Zéquence wgéxgroduced by a specific random process.

Any sequence that passes these tests, for the appészénce of
) - J [ K
randoméﬁss, is defined as pseudoramdom. Specifically, oné
) [ . ’ : - )
may introduce a deterministic process to generate pseudo-

-

random sequences which pass the tests.

5o
‘One of the simplest gnd most- effective devices for
'genEtating pseudorandom (PN). sequefices, is the shift register:

- Such a device has been simulated here. The genera#or‘copsists-

~ b s '%
- .
N

it

R P P

.
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Fig. 4.4 ' Block diagrams of Transmitter chain similator

. £

<t

e

4

Fig. 4.5 Generaor of a Pseudorandom sequence gith p = 27 - 1>

e\
.

»
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@

then of \Eﬁift-register of degree n} i.e._consisting'of n

consecut ve?binary storage positions.

~

&he output sequence is periodic with a mé&;mum périod
2#—1, since, the linear shift reéisters have a maximum
period of 2" -1, Any_outpﬁt sequence generéted by this
shift register with such a period is called a maximum~length- [#’
shift-register sequence [MLSR]. The basic configuration of . %

the generator used here is shown in Fig. 4.5, with a period

p = 2" - 1, wheren =7, or p = 21 -1 =127. 1In the

simulation, two such registers are created: one for each

channgl of the QPSK modulator. ‘Iqitial contents of the

registers are set such that they are shifted relative to

-

each other for a uniform distribution of seguence patterns.

Two~binary'input,data pulse sequences‘are being used and

are of the form . o
- ™. -- ‘ +
| } ' ‘
}J: - . 4. *
e, (t) A, gltkT) e (4.1)
- CREN W .
k== T :
. LI ) f-' \\\\\\
where S - ' : _ _
Ak = amplitude of the random variable ( 1) . ? .

square pulse
pulse duraticn

g(t)

T4

I

The above éignals garrying the information, will’ subse-

quently modulate thg phase of a'carrier.(the carrier itself .

1

T

L <.

DY - IR S
.
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(01) Q
+135¢ - 1 * "

+-225°
- (00) "

- Fig. 4.6 QPSK signal constellatioy™ "

+ 315°
(10)
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carries no information), resulting in fodrz(d), equally

spaced,phases since QPSK is used, as shown-ln fig. 4.6.

-

2.1.2 Modulator and filter

The Quaternary-phase-shift-keying (QPSK) technique
- ' M .
is here chosen prfimarily because of its wddespread use in

conjuntion with data transmission at high bit—rqtes [43].

'In addition, an efficient bandwidth utilisation, is achieved.

The signal phase diagram is.shown in fig. 4.6. It is to be
noted that, in thé?simulation bf the system, the signals

are considered at baseband (B/B). Conéequently the complex
B/B‘represenéation form w#ﬁl be used throughoﬁt the simulation

process, ' g

Initially, the r.fl modulgted signal is given by “

sp(t) = Alt)cos[ & t + 6 (£) ] (4.2)
: = A(t)cosmct cosé (t) - A(t)sinmdt sing (t)
—= At [ cosw jt cos¢(tf.— sinuw t sin¢;;) 1 » N
Let t
v -
Agt)éos¢ z x{t) represént the In-phase B/B signal

A(t)sing = y(i) represent the Quadrature B/B signal

.
I .

'Equation (4.2) above may be re-written as

I

[/'"

\ - ‘. . | ' - . o ] '_.‘.
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| . | -
sm(t) = ZAK.'QOS[ ‘f‘ct +. ¢k ] { .('4 ) 3).
K= == B . ~
where )
* = phase ~gamples

¢k ’ -

gquation'(4.3) is further developed by introducing the

complex signal function:

s (£) = Re{u(t)expjwct} = Re{[ x(t)+jy(t) ]expjwct} (4.3a)

_ : , — , o
where x(t) and y(t) are the in—ghﬁée and quadrature signal

eﬁvelope-components, respectively, of ém(t).

As shown in fig. 4.1, the modulated signal sm(t) is the o
real part of (4.3a), and may be re-written as:,

*

§m(t) ='ﬂg{-u(t)expjmct }
~\ : . . .
- Re - _ ; - T (444
= Re exp[Jmc;il}{)1'::2’tke«xpn¢}c o | (4.4)

. . v
The signal described by (4.4) is passed through the earth

1
station transmit filter.

The transmit, as well ‘as the receiveJ filters are con-

sidered as the filterg-that?mostl% affect the performénce of

the system. Their effects, separately and jointly, is to ,“’1~€

. —-
s
. '
. u@‘ - P
. v . L.

o SR

,‘EJ
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dégrate‘fﬁe system performance due to filter distortion and
the associated intersymbol interference. . Use of an.equaliz-
ing structure, at the receiver, is made in order to comple-

ment these filters and counteract the distorting effects.

, .
S SE UV “MM‘M

The .transmit filter considered is a typical 1/2-dB\ripple,
4
4-pcle éhebyshev.filter type, described by the denominator

polynomial of its tranémissdign function. The equivalent low-

pass expression is given by _ . . ' ' )
p(s) = b +'b.s + Db 52 + +.b sn-_l + B - (4.4a) ;
o l 2 . “« 0 n_l " L "
. .
Lo )
The coefficients bo,bl,...,bt;_1 are taken from standard '

!

tables [44].

The coefficients used are: for n = 4, bo = 0.37905, bl =
‘1.02546, b2'= 1.71687, b3 = 1,19739, é4 = 1.

Finally, the transmitted signai"ég(ﬁ)l‘as described by equa-

tion (4.4) and modified by the transmit filter, will be of"
' - T o .

 the form ‘

. -

s_(£) = Re{[ x_(t)+jy_(t)]e?¥" )

= x_{t)cosw _t - vy {t)sinu_t : .- (a.8)
. o . ‘ 'y
Equation (2,5) ¢an also be written as

5o4t) = Re{ c(t)exp[ jmct.fteFt) 1 }

o ‘=7\94‘€)_ch\[ wat + 8(t) ] | - We

]

L . . N
W .
[ - . ‘
- . .
v
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where '
e %ﬁ(t) + y2(e)

N yo(t) ]
_e(t) = tan _— -
xo(t) .
Xq = 'Real in-phase baseband signal component
Yo = Real quadrature baseband‘signal'component

The signal after convolution with the filterimpulse re-
sponse function, produces the filter output. This is accom-
plished by multiplication of the spectra in the frequency
domaid. -The signal is then transformed to the time domain
by taking the inverse FFT. This procedure is carried out on
seccessive Sections of the input data stream of iength 127.
In the simulation, this-is accomplished in such a manner as
to allow for'efficient use of storage, as it was shown in

section 2 of this chapter.
s———

It.is to be noted that the phase ¢(t), of the quadrature

. phase modulated signal, will take on four (4) different

values, i.e. 45°, 135°, 225°, 315°, as shown in Fig. 4.6 and

are related to the state of both, in-phase and quadrature
signals, as determined by the incoming data. In the actual
simulation, it is assumed that the signal power is normalized
al() >

2

to unity, i.e. =1, A(t) = /2, so that the programming

parameters may be calculated (for reference, see section 4



. ' /\\

: I
below, system flowchart). .Having generated a periodic /
éeqﬁence of symbpls, the nﬁmber of samples/symbol must now
be determinégz This number of samples. is so chosen that the
resulting bandwidth of the simulated signal is large enough
with respect to the filter andwidth to accommodate a wide
range of signals. 1In addition, the number of samples should
also bélsuch that'signa; resolution{ in the time domain, is
satisfactory. 1In this case, 16 samples per symbol proved
satisfactory. Having chosen a filteé bandwiath of 85 MHz,

;and 16 éamples/symbol, for a data input at, say, 140 Mb/s,
the time domain sample spaéing is

6

At = 1/(140x10°x16) = 0.45 nsec %

resulting<;n a simulation bandwidth of
SB = 1/(4.5x10" %) = 2222 mug

For 256 samples/simulation segments, the frequency domain

sampling spacing is

Af = SB/256 = 2222 MHz/256 = g MHz/sample

At this point we should mention that, owing to storage
limitqtion requirements, the generated symﬁol sequence, 1is
divided into smaller bY¥ocks for processing. A biock length
of 12 symbq;s has been here chosen. . Thus, the simulation
process is'carried out by loading sequentially these indi-
vidual blocks and at seme critical stage, the total signal /

Sequence is recreated by cascading the sections. -This method
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is required also for the transformations from the time to
, the frequency domain and vice-versa, by use of the Fast

'‘Fourier Transform technique.

Arjb | T
2,2 BSatellite Transponder

¢

: ~
’[‘ .
The modulated signal, after filtering, EE transmitted

the sétellite for processing by its Travelling Wave Tube

) transponder. At this stage of the satellite chénnel,

th&no :%ineafities are introduced., The TWT is being utiliz-

ed as thé mailn RF amplifier, in applications where both a ‘

164§E§§se factor as well as iarge bandwidth and power are

A oper%tidnal requireﬁents. The RF signal amplitude increases
up to a maximum value whereby ﬁéximum energy transfer occurs:
One speaks then of the saturation condition. At the same’
time, the signal ocutput exhibits a phase-lag corresponding
to and depending on the instantaneous amplitudé cf the input

signal: this is known as AM to PM conversion.

Operation of the TWT at saturation or, near satu%gtion
will produce an amplitude limited signal due td the limiting
amplifier action. If, on the other hand, the TWT.is operated
at some back-off point from saturation as, for example, in
the case of multiple carrier access operation in high capaci--
ty satellite systéms, then the effect of the AM/PM conversion
is more pronounced. The effect on the AM/AM conversion is

relatively negligible, when operating at or near saturation

- /I \
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~and may, therefore, not be considered. Furthermore, when
more than’one modulated carrier is present‘(multiple aécegs),
the non-linearities mentioned above produce intermodulation
noise which adds to the thermal noise encountered in the
up-and down-links. To minimize the intermcdulation noise ﬁhe

traveling wave tube is operated at a back-off quasi-linear -

mode.

The basic anal‘ c 1l model of the TWT, used in the

simulation, will now/be described. A development and an
-insight of the es§entially non-linear phenomena‘of amplitude
limiting and AM]PM conversion, has.beenjgfesented in [46].
These non-linearities may also be referenced as a non-linear
input-output'power relationship ‘and a non-linear output
phase-input power relationship, respeétively. It is assumed_
[46] phat, these effects act simultaneously on the pignal
and therefore are not independent. From the theory of the
TWT, it can be concluded that the amplification non-liﬁéari—
ty originates in the end part of the electron beam-helix

wave interaction ;ather than at the input connector. In con-
trast, as a first approximation, the phase non-linearity
appearé.to exlst evenly(distributed over the whole helix
length. Consequentiy, it is reasonable to connect both ef-
fects in cascade, as shown in fig. 4.7. A general expression
for the TWT transfer characteristic may now be arrived at.

Refering to fig. 4.7, the amplitudeJamplitude non-linearity

is represented by the transfer function él(x) whereas the
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v
amplitude phase-shift non-linearity is given by gz(x).

The overall transfer function then may be written as

gi{x) = [gl(x), gz(x)] » (4.7)
\ |
Thus, for a bandpass signal dinput to the essentially non-
linear TWT, represented by -
\. \
x(t) = A(t) expjlut + 8 ()] (4.7a)

’
+

the instantaneous output is expressed by

Ly = [gltA(e}lexp [<-j)g2mtn]] el ut + 6(t) F (4.8)

It is’to be noted that this non-linear behaviour of the
device is responsible for, often serious, distortion effects
for pulse transmission at or near the Nyquist rate. Analy-
tical studies regarding the non-linearity and its effects

have bheen Qerformed [§7,4§], thus only the results will be

- reviewed here.

2.2.1 AM/PM non-linearity’

The TWT as main amplification device of the satellite

transponders, is used extensively regardless as to whether

the satéllite system is designed as a Frequency-Division-

86
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Multgple-Access (FDMA) or,’

.(TDMA), and whether analog gignal modulation or digital -

ihe-Division—Multiﬁle?Accéss

signal modulation techniques are Used. For calculation

A .

purposes one uses the phase transfer characteristic which

describes the relationship between small phase shifts and
7 , ’
instantaneous input power.

The calculation of the relative ‘phase shift can be per-
o .

ed by an equation of the form [46],

&
¢ = kl[~l - exp(= kP ) 1 + kqaPip (4.9)
where
N kl, k2, k3 = tube qonstants
Pin = normalized instantaneous input power ) /)

o

¢ = relative phase shift

The constants kl' kz,'k3 characterize the AM/PM conversion
factor of the tube. Equation (4.9} has been found [46] to
produce reasonably good agreement over the whole range, but
best agreement is obtained for small input power. We are
now in a position to more éccurately'define the TWT model .
which is adopted for simulation purposes in the course of

"this work. B

]



2.2.2 TWT model. . -

Based on the above discussion, one ma§\4educe that,
.the TWT may be described by the input/output tr;nsfer char-
_acteris;ics. In particular, the AM/AM'anq AM/PM conversion
factors are emphasized, as éhéwn‘in equatioh (4.8) where the

gl(.) presents the AM/AM and the gz(.) the AM/PM,,convers%on

- .~

factors.

The approach hefé follows that in [49] where the overall
representation of the non-linear device (the TWT in this

case) 1is based on the analysis of a quadrature model of an

' - equivalent bandpass device.

The main;éffort wdé directed ‘intc developing a model
whereby use of an envelope transf function is made, as
opposed to the instantaneous voltzzl\transfer function [46]
used ih‘previous aﬁalytical.york[49]. The_énvelope tranéfer
fuﬁction'apprdgch has the advantage of epcompassing a large
degree of non-linearities when both, amplitude non-lineari-

t

_ties as well as AM/PM conversion, must be considered. This

envelope transfer function is then.deriﬁed as a polynomial'
expaﬁsion thdh is directly preoduced by the-quadrature model.
) Cénsider fiqg. 4.5. The effect that a bandpass non-linear
device has upon a {(narrow-band) 1npﬁt signal, is described

[49] by the equation

roo
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s, (t) = 5[ 8, (t) ]cos [mot +o(t) + ol Si(t)_.]] 40
| WR— | N——T
output AM/PM
aweh;n conversion

where

Si(t) 1s the input bnvelope voltage, related to the

input signal Si(t) by the folloﬁing‘equation ¢

x(t) = s, (t) = S, (t)cos[ w_t + 6(¢t) ] (4.1

and ¢ is given by equation (4.9).

As it can be séen from equation (4.10), the output en- o
velope voltggé as well as the phase shift are dependent on
tge input envelope voltage, ss it was previously indicated.
in the general expression of the TWT output éignal given
by equation (4.8). Having a narrow—band.bandpass signal
being described by .equation (4.11), the output of the non-
linear device will be given by eéuation,(4.10). Re-writing

{4.10) one obtains

s, (t) == s_(t)cos[ w t + 8(t) + ¢(t) ] {4.12)
where
So(t) = So[ Si(t) ] represents the output envelope
distortion,
and

g(t) = ¢f gi(t) ] represents the AM/PM conversion.



.
.
’
. ) el

- :
- Using trigonometric identities, development of equation
(4.12) will result in
so(t) = 8_I S, () Joosel S, (t) ]cos; wt+e(t) ] -
- So[ Si(t) Ising ( Si(t) 151n[w°t + a(t) 1]
= SIE S (t) ]cés[ wt+oe(t) ] -
o' “i ) >
-9 g - , ' (4.13)
So[ Si(t) Isin( mot + 8(t) ]
rd
where “"‘"""7\ '
Si = s, [ - ]dbs¢[ . ] represents the In-phase non-
. : linearity envelope component
\s .
Sg = 8_[ . ]sin¢[ . ] represents the Quadrature non-

linearity envelope component

It is evident, from eqidgtion|(4.13) that the power spectra
of the two separate éomponents (see'fig. 4.8) will be added
at the output of. the device to form the final output signal

spectrum.

Since the signal processing is carried out at bgseband,
in the simulation, the complex baseband equivalent represeqt—
. atlon of the signal-described by equation (4.13), will be
 given by |

N ' : ..  | . ; )

—
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stt) = [8,0 8,0 1consl 8; (1) Joosa(e) - 5,1 5;(8) lsinel Sy (&) 1sine ()

]+

+5 [so[ 5, (&) Tsinel 5, (£) loosa(t) + 5, 5, (t) Joosel s, (£) Ising (t)]

¥ ~ - (4.14)

To simplify the model for computational purposes, the
non-linearities are presented in the form of series instead

" of analytical functions. The method developed in [49], which

‘ -5,

we use in;the simuléfiai;:arrives aE'a.polynomial represent-
ation for each of the non-linear envelope components. It
has been determined then thgt, the instantaneous envelope
voltaée transfer function S[ gi(t) ] is an odd functijon of
‘the input voltage Si wgereas ﬁhe phase chéractefistic'~

o[ gi(t) ] is éﬁ even function of S, . Aigebraic manipula-
tion of the respective expressions, results in odd-order
polynomials. It has been found [49] that, the in-phase

L .

envelope component may be represented as

bl

A
s[5, (8) Jooss [ S, (6) ]

0
I

alg;_(t)_ + agl §i(t) 1°+ ac §.l(t) ]5 bt 2y 4 gi(t) ) 2i¥1

. J |

- 2i+l ) .
a4l 58] ' (4.15)

= - !

\/--
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whereas the quadrature envelope component may bhe rebresented as
' . . v : .

-

Q
Sa

s,L §;(8) Isinel S, (&) ]

,

]

- 3 - 5 ~ 7 - 2i+1
byl 5;(6) 1% +bgl 8,6 12+ b0 5,8 17 # oL + by, 11§, (1))
N , '

2441 .

b2%+l[ S; (&) ] \ | (4.16 )

The coefficients a land b in eguations-(4.15) and (4.16)
are determined from numerical-data for a given TWT. Curve -
fitting techniques are-then used to pfbduce the typical
haharaéter;stics, as shown in fig. 4.9,

For a‘valué of N =17, i.e. an &rterm series, the Galues of
the coefficients. a and b. in ;he abqve eﬁé?tions-are )

determined from numerical data and are given [49] in Table I.

L

The simulation model is as shown in fig. 4.10. 1In this
simulation, a separate subroutine performs the TWT operation,
whereby a predetermined number of sampled symbols (see-sec- . &
tion 2), 'is processed to produce the required output signal.

The characteristics ‘of the non-linear amplifier chosen are-

those of a typical INTELSAT-IV transponder. Provision has

been‘ﬁade for substitution of othe{rsimilar data, namely the

coefficients of the pblynomial representing the in-phase and
L 9

quadrature non-linearities, saturated values of the in-phase

-and quédréture non-linearity and the maximum input envelope

voltage. F
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QUTPUT VOLTAGE
“———CHARACTERISTIC —m

v]

[in degrees]

QUTPUT PEAK VOLTAGE, sn(s].)
OUTPUT PHASE SHIFT, qb[si]

0 . INPUT PEAK VOLTAGE, S, [w] .

/

Fig. 4,9 TWT Envelope characteristics




TABLE I

Values of the in-phase (a)

and qgadrature (b) envelope component coefficients

L3

(volts/ (mv) i

‘ b4y (VOlts/(mv)

i

1.76245 -1.99286 x 1073
~1.53871 x 1071 *  1.81398 x 1071
1.35508 x 1072 ~3.43698 x 10”2
-9.07704 x 1074 3.37647 x 1073
4.20410 x 107> ~1.93769 x 1072
-1.28062 x 107° 6.67438 x 107°
2.41983 x 1078 ~1.35523 x 107’
-2.55080 x 10 0 1.49262 x 10”2
1.14074 x 10712 ~6.86914 x 10 12
o
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The data stream is processed tﬁfaﬁéﬁ the TWT in sections.
At the output, the entire etream is reconstructed before it is
further processed by the receiver filter. It is to be noted
ithat care must be taken to normalize, to unit power, tﬂé‘tnﬁgt
as well as the output signal to the TWT so tN , it may be
brought up to the normalized operating point. fhis is accom-
plished by dividing, both signals by V[;T The output signal of
{the TWT will consist of a first spectral component centered on
the higher frequency W, together with components centered on
harmonics of.mc. In communications usually.@48], only the first
spectral component is of interest, whereas the higher harmonics
are effectively -filtered and, consequently, one may neglect them.
The simulated TWT model preserves the quadrature character-

istic§ of the signal after it is passed through it. Conse-

quently, it is considered as a suitable one.

2.3 Receiver chain

The transmitted signal, after orocessihg and translation
at the satellite transponder, is retransmitted, usually at a
lower frequency, to a teceiving groufid terminal. After demodu-
lation and equalization, it is decided whether or not the
received bits are correct. We assume that the carrier frequency
conversion does not Eistort the signal. Similarly, correct
synchronization is also assumed. v

The in-phase and quadrature signal componehts, (see eqgn.

4.2}, in complex baseband ( B/B ) representation are obtained

1



.\ )
éfter low-pass filtering in a simllar manner as descfibed
for the transmit chain. The received signal is distorted by
the additive down-link noise and ISI. This signal is band-
limited by the BPF and further processed Sy the demodulator.
Here,.it will be determined as to which .symbol was originally
transmitted. To faciiitate this process additional filtering
is required whereby Qne éttempts to maximize tﬁe signal-to-
noise ratio. In the simulated receiver this filter is of
the Integratefigd—Dump type (I&D) and there is no equalizer
present. Use of the equali?er will be made later on, replac-
ing the IsD (see ch. 3). The test receiver model considered .
is as shown iﬁ fig. 4.11. .

The down-link noise power is computed [50] according to

40

Q
1

N, | H(E) 12| 6(8) (% af . (4.17)

1 H(f) = Receiver filter transfer function

I & D filter transfer -function

G
e

—
"

b=
Il

one-sided noise power spectral density
The receiver bandpass filter is here also approximated by its
low-pass equivalent, in much the same way as at the transmit-

ter: A 1/2-dB ripple, 4-pole Chebyshev typical earth station

98~

7



99.

-

( W juaxy) Tepaw TeATEo TI'y *b1d

~T

TYNIIS LN4E00

~

—T

[__

R . 1 I
. ' (3 t1)T's TYNDIS
MALTEA d % I - Add INaNT I0dNT
9AAITOAY
, . -  NOMY
v MNTIT-NMOJ




P

<;\\,’f, 100

The processing of the simulated signal is performed in

filter is used [44] .

hY

a similar way to that in the transmitter chain: TIndividual
signal sections are procésseduthro&gh the receive filter and
finally the total data stream is-feconstructéd. fhe,deci~
sions are perforﬁed for each signal segment separately and
on a bit-by-bit basis. :Filtering introduces some de}ay iny
the sampled signals. Depending on filter memory, this “
aﬁﬁunts to several sample positions. Thus, the optiﬁum

sampling position for each segment must be determined. This

is accomplished in the simulation by forming test sums. By

selecting the largest sum, the starting (sample) locations,

‘at the transmitter as well as the receiver filter outputs,

are determined. 1In this manner, decoding of the correspond-

. »
ing samples is ensured.

In simulating the equalizer structure propqsed in

chaptef 3, the received diécrete sequence, distorted by the
presence of the transponder.non—linearitiéé as well éi the
down-link noise, is presented to the decision feedback equal-
izer portion, of the proposed receiver, for partial equalization
and a first, tentative, aecision on a particular transmitted
symbol. The simulated signal, as the input signal to the TWT ’
is that of the unit pulse résponse.of‘the channel. It was

found thﬁt, this response gontained terms that are of extreme-

ly small magnitude after 10 symbol samples. Therefore, in
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the numerical computations these, small terms, were neglect-
ed. The normalized sampled input sequences to the equalizer

are as shown in Fiqg. 4,12, »

The oggzhgf‘fggrating point of the TWT is baoked-off
: %

from saturation to reduce the level of intérmodui;%ion
produc}s. As the operating point of the TWT is backed-off
from saturation, the effects of non-linear phase-shift, i.e.
‘the AM/PM cofiversion factor, become more pronounced. Conse-
quently, one may say that the'non—linear behaviour of the TWT
is chapécterized mainly b} these effects. To examine the
effectiveness of the proposed equalisation scheme, an operat-
ing condition ig established such that a significaﬁt amount
of ISI will be introduced. This condition was achieved by

backing-off the operating point of-the TWT by 1 dB.

In*simulating the hybrid equalizer, one decides first
on the number of terms in tbe sampled response at éhe input
to the equalizer khere, v = 10) and on the number of those
terms that will be operated upon by the MLD (here, C = 3),
The remaining intersymbol interference terms will be equal-
ized by the. feedback section, in the usual manner (see
chapter II). To achieve this, i.g. the first step, one has
to consider the cost implications of‘implementing the MLD:
It was previously shown that the number of computations and

storage locations, as a function of channel memory, increases

in an exponential manner: With an increased number of terms,

-~
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Fig, 4.12 Normalised sampled input sequences to.the equalizer.
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for the MLD, the implementation complexity and cost become

extreme,

The way this problem was approached was by examining
the performance obtained with increased complexity, identified
by C. Thus, having simulated the DFE and MLD, based on the
analysis, the C'was varied between o and v. The response of
the channel wae approximated by retaining the first 10 terms
(i,e. v = 10). It must be noted that the remaining sampling
terms are insignificantly'small ( <0.0012) and therefore the

truncated version represents an acceptabgebapproximation to
. ’ >

the original channel.

For pure DFE operation, i.e. complexity C = 0 or, no

input samples to MLD, the calcnlated performance (for compar-
ison purposes only)‘is as shown in Fig. 5.9. However, by ,—
gradually increasing the value of C, i.e. allowing the MﬁE//,,
to operate upon the response samples (=C) we observed that
there was vexry little to be gained, in terms of perforﬁance,
by 1 creasing from ¢ = 2, to C = 3. Translating this value
in “terms of complexity constraint, we had a 4 state (C = 2)
or 8-state {(C = 3) viterbi algorithm to deal with. We decid-
ed that a 4-state algorithm, i.e. C = 2, is a reasonable -

-compromise between complexity and performance; with a more

oomplex equalizer being of little interest.

\

In summary then, from the 10 samples of the signal
response, seven {(7) terms are being operated upon by the DFE

section i.e. M, + M, = 7) and the remaining three (3) including
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the reference tap (i.e. € = 3), by the MLD section. The

channel response terms are shown in Table II.

it is emphasized that, the performance of the DFE section’
alone ("DFE" curve in fig. 5.9) has been here calculated as
an indication only that this simulated séction is indeed .
functioning correctly. Of interest here is the performance
of the combined simg;ated {(hybrid) section, 1. DFE/MLSE.
Syétem perform;ice calculations are based upoﬂiELe pefformance

of the hybrid section ("DFE/MLSE" curve in fig. 5.9).

The opgrati'n of the MLD, as simulateé'here, follows
the analytical déﬁelopﬁent of the dynamié programming -arguments,
as présented in chapter 3. To effect a final decision on a
particular transmitted symbol, a "merging of states" proéedure
was implemented, whereby the states are examined, within the
allowed symbol stbrage limitation,ﬂas to whgther th%?'merge
or not. It may happen, though, that despite the reasonable
survivor léngth allowed here, there will be no such merging
of states. 1In this case, the simulation allows for re-exami-
nation of the first half of the stored symbols. The final
decision now will be made on the basis of this half by
choosing as the detected sequence,‘the one with the maximum

-

. log likelihood.

3. System performance

The evaluation of a communication system usually con-
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TABLE II

Channel response .terms

.
Sample Input X, (Normalized) for
No. Data rate
Y 80Mb/s 120 Mb/s 140 Mb/s ~
0 1.0000 1.0000 1.0000
1 '0.5323 | 0.4722 0.2985
2 0.1950 0.1664 0.1458
3 0.3336 0.2986 0.2241
4 0.1230 0.1120 0.1007 ’
5 0.0250 0.0184 0.0152
6 0.0330 0.0292 0.0226
7 0.0198 _ 0.0177 0.0143
8 0.0200 0.0181.. ° 0.0098
9 0.0150 0.0095 0.0054
10 0.0023 0.0018 0.00%12
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sts of calculations and measuremé?%s of its performance

in terms of Probability of ErrofvP(e) vs,. Bit-energy~to-noise

. ratio, Eb/NO .

In the system under study, the modulated received

T
signal plus noise can be represented by
sr(t) = sI(t)coswct - sq(t)sinmct + nI(t)coswct - nq(t)sinmct
= [ sp(t) +n () Joosw t - [sq(t) +n (8) ]simct | "(4.18)

where sp = Sg and sq = Sg denote the in-phase and quadrature
components respectively. This signal is pre-amplified, down-
converted, to the IF frequency of 70 MHZ, amplified by the

IF amplifier and is detected., The combined vector of the
detected signal plus noise, will be in one of the four (4)
decision regions (for QPSK modulation) of the phasor plane.
Now, if this combined signal or, reﬁeived symbol, is located
outside tﬁe {correct) decision region, then, thisisignal is

in errof: The probability that this composite signal vector

will be lying outside the given region, is the probability

“that the received symbol is in effect in error.

It has been shown [3] that in coherent detection of a
four phase modulation signal, the probability of error for

the signal and Gaussian noise only is given by

P(e):l—[l—Q'\/:]z (4.19)
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where
+o=
1 272 ..
Qv) = e dt , the error function
\wa
v
and - ¢
\/‘\-\
A2
p = 5 "y the signal-to-noise ratio.
20

Most of the results regarding syst performance are
given in terms of either the average symbol energy or, the .
signal-to~noise ratioc. The relationéhip between signal-to-
noise ratio (s/N) and bit energy-to-noise ratio (Eb / No),

for a 4¢-CPSK system, can be stated as ,

- S _
= 5-3 [aB] (4.20)

It is to be noted that equation 4.20 is valid only when the
theoretical case is qpnsidered, i.e. the noise bandwidth cf the

receiver equals the double sided Nyquist bandwidth [45].

The performance characteristics ha&e been evaluated
following the analysis presented in the previous section.
The operation is repeated on a segment-by-segment basis until
the entire signal has been processed. The simulation facili-
tates the display of the results in two forms: (a) the |
probability of error vs. signal-to-noise ratio performance

curve and, (b) the eye-diagram. The produced characteristic



. curves as well as the eye diagrams have been plotted with
the aid of a CALCOMP plotter, évaiigplerat,the University

» of Ottawa computing centre.

-

4. System flowchart

The previously described simulation procedure will

now be presented in the form of a flowchart. Although

specific programming statements. are not included, the logic-

of the complete simulation.iélpresented, as shown in fig.

L

T 4.13,

-

108
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- INITIALTZATION TO ZERD
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Fig. 4.13 (@) System flowchart -
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Fig. 4.13 (¢) System flowchart
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CHAPTER V

-SIMULATION RESULTS

1. SUMMARY OF RESULTS

The simul@tion described in the previous chapter has
been successfully implemented. There were two TWT operating

conditions considered:

(a) Operation close to the saturation point, i.e.

operation at 1 db input power backoff, and

(b) Operation at a linear region of the TWT, i.e.

operation at 12 db input power backoff.

Simulation runs were performed at various data speeds for each
of the above conditions. The results of these computer simu-
lation runs are presented in this chapter under two separate

sub-headings:
(1) Bit-by~Bit decision results, and

(2) Hybrid equalization/decision results.

1.1 Bit-by-Bit decision results

The performance of the satellite transmission system,
using QPSK modulation format, has been calculated in terms

of the probability of error vs. signal-to-noise ratio or, vs.
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bit-energy-to-noise ratio, at various bit-rates.
R

The obtained performance characteristics aredshown in
figures 5.1 to 5.4. The satellite gystem was, at first,
simulated without any filters and without the presence of
the non-linear TWT, i.e. without any pulse constraints: the
resulting performance characteristic is as shown in Fig. 5.1.
By adding the filtets-and the bit detector, the performance
characteristics of Fig. 5.2 were obtained: the degradation
of performance, with increasing bit rate, is evident from
that figure. Subsequently, by adding the non-linearity of
the TWT operatiné at 1 dB input backoff, i.e. near saturation,
‘while retaining the filters and the bit detector, the perform-
ance characteristics of, Fig. 5.3 were obtained: Comparing
these last two figures ohe observes that, for bit rates up to’
100 Mb/s thefe is a system petfbfmgnce degradation (fig. 5.3),
i.e. increased probability of error with the non-linear
system element prese?t, as expected.. However, for higher
bit-rates, i.e. above lOOMb/s and for the same signal-to-noise
ratio, there is some relatively small system performance
degradation (fig. 5.2) even though the non-linearities are
not included in the system configuration. At these high bit
rates there is, of course, higher ISI created due to the

N~

‘degradation, at these high bi

transmit f¥lters. Now, the p radox of the system performance
3 rates (fig. 5.2) might be at-

tributed to this very absence of the non-linearity which,
essentially, acts (when present) as a limiter—-amplifier

o
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thereby mitigating (to some extent) ﬁhe effects of the trans-
mit filters. 1In a simulated operating condition of TWT in

its linear region, i.e. at 12 dB input backoff, the resulting
characte;ietics are as shown in Fig. 5.4. Comparing now

fighres 5.3 and 5.4, one observes that, there is a higher

‘probability of error when the input signal to the non-linear

amplifier (TWT) is reduced wsll below saturation (fig.5.4).
This degradation in performance i§ldue to the distortion
created mainly by the AM/PM conversion effects. It has been
shown [68] that these AM/PM effects often dominate the ampli-
tude non-linearity (AM/AM) effect when the non-linear amplifier(;
system element is operated in the linear region of its char-

acteristic. 1In contrast, operation close to saturation

(hard-limiting) results (fig. 5.3) in an AM/PM distortion

effect which increases with input power at a relatively slower

rate. Hefe, the hard-limiting amplifier action is compensat-
ing, in a sense, th® more pronounced non-linear emplitude
variations [43, 49]; . Furthermore, under.both TWT operating
conditions, there is a degradatien in performance with in-

creasing bit rate, as expected.

Using the baseband signal of the in-phase channel, the
eye diagrams, for each of the above operating conditions,
were plotted on an X-Y recorder, The results are as shown
in Figures 5.5 through 5.7. Here, one can see clearly the.
degradation of the P(e) pefformance-due to increasing inter-

symbol interference and down-link noise, as the bit-rate
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increases. ThisAis done by inspecting the eye-opening

{at the middle of the diagram) which-becohes narrower as the
bit-rate increases. As it can be seen, quite Satisfactofy
system performance 1s obtained even at very high b}t rages
(fig. 5.7). Namely, at 180 Mb/s, the eye is still openu
although with a quite reduced noise margin. Similar remarks
apply here, as in the case of the performance characteristics

regarding the differences between TWT operating conditions.

I

~
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Fig. 5.5

Eye diagram - 90 Mb/s ( see legend above )
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1.2 Hybrid equalization/decision results

The introduction of the:hybrid eqﬁalizer, into the
receive chain, has been effected by incorporating-its simu-
lated structure into the basic satellite cdm@@nication éystem.
The performance of this system'configuration has been calcu-

lated anew, using the same criteria as before. |

Thg operation of the basic egualizer stages was first
examined. The resulting performance characteristics, for a
system transmitting at Sdle/s, chosen as an initial example
only, and with a TWT operating at i db input power backoff,
are as shown in fig. 5.8. These characteristics demonstrate
the noticeable improvgment one may obtain when the hybrid
equalizer confiéuratidn is used. Thus, for the sake of com-
périson, the simulated equalizer was first'copfigured in
decision feedback form, without the benefit of the VA section.
The resulting performance curve is identified as 'DFE’.
‘Subsegquently, the structure was configured-as prOpoéed, i.e.
in its hybrid form. The resulting performance curve is iden-
tified as 'DFE—MLSE'. One clearly distinéuishes, by comparing
the two curves that, pureA'DFE' operation, in EPe non~1inear
satellite channel environment, is not beheficf%i. Whereas,

.use of the combined configuration, results in improved operation.

Performance bounds calculations, as indicated in chapter
p N :
3, resulted in the characteristic curves shown in fig. 5.9,

Here, the lower bound is the same as that of the V terbi

-

[
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algorithm since, in essence, we consider the hybrid structure
as being a maximum likelihood estimator for an equalized chan-
"nel. In addition, this bound is considered [32] as the lower

bound for any receiver for the particular channel.

To facilitate further comparisons using the previous

system configuration as an example, a composite figure is pro- .

vided. Thus, by superimposing the simulation results of the
bit-by-bit decision as well as the estimated and simulated
results cbtained by using the proposed structure, fig. 5.10
is obtained. Again, the improvement in performance, when

using the proposed structure, is readily identified.

-

Tc achieve the same order of probability of error, e.g.
10_4, a smaller signal-to-noise ratic is requifed when the
(simulated) hybrid equalizer scheme is used than with the bit
detector. Further comparison of these performance character-
istics, in Fig, 5,10, indicate a tendency of the hybrid equal-
ization scheme to perform with reduced probability of error,
at the higher signal-to-noise ratios, than the bit detector.
This observation agrées well with the anaiytical results

expressed in the form of bounds, as shown in Fig. 5.8.

To demonstrate the effectiveness of the hybrid equaliza-
tion scheme at higher bit rates, further simulation runs were
performed. Thus, operating the (simulated) TWT in its non-
linear region and at high trahsmitting bit-rates, i.e. 120 Mb/s

and 140 Mb/s the performance characteristics of fig. 5.11 were
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obtained: One observes that there is é {slight) increase in
the probability of error, with increasing bit raﬁé, as expect-
ved. However,'one‘also observes thaé there is an improvement
. of the probaﬁility of error, when compared with the "bit-

detector" results, at the same bit rates. (fig. 5.3).

P

A typical qualitative indication of the’performance of
the simulated hybrid equalizer is pf;v}ded by means of an eye
diagramt as shown in Fig? 5.12: ‘in this example, the left-
hand side indicates the signal condition when a bit detector
is used whereas the right-hand side of the same figure indi-
cates the condition of the same signal when the proposed
hybrid equalizer structure is used instead of the bit detector.

The improvement, in terms of eye-opening, is evident.

2. DISCUSSION

Data transmission through non-linear satellite channels
is affected by intersymbol interference. The nature and causes
of this interference have been reviewed. 1In the case of liﬁegr
channels, well established equalization methods have.been de;
veloped to counteract such a phenomenon. However, when non-
linear elements are introduced in the signal path, additional
intersymbol interference, dué to these elements, is introduced,

thereby adversely affecting the overall system performance.

The existing equalization methods, as it can be seen from

fhe literature review, have largely been categorized as linear
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K
and‘non-linéar, depending on the circuit elements they util-
ize. The effectiveness of some non-linear approaches, such
as the decisio? feedback and maximum likelihood detection,
make them quite-attractiVe for consideration as potential
solutions to the ISI problem, in the ﬁresence of non-linear-
ities, such as those encountered in é satellite channel.
These methods héve been here, in a relatively detailed manner,
presented, Their advantages and disadvantages have also been

remarked upon.

It has been shown that, although the gaximum likelihood
detector, in its complete forﬁ, i.e. as-presented by Vi£erbi,
is the bptimum receiver structure one may aim at. However,
aue to its complexity, it is practically not feasible, with
present time technology. Consequently, efforts towards mini-

. mizing this complexity seem to bé justified. 1In such én at;
tempt, a hybrid equalizer structure has been here proposed
which consists of two sections: the first one is configured
as a decision feedback equalizer; the second oné(as a maximum
likeliﬂﬁod detector. Thﬁé, the received signal sequence is
"pre-equalized", with the aid of the decision feedback equal-
izer section, by removing part of the intersymbol interference.
In this manner, a sequence with ISI over a reduced range is
presented to the second section, i.e. the maximum likelihood
detector. The advantage of this method is that such a signal
requires only a reduced state Viterbi algorithm. This, in

.turn, leads to a redliced complexity equalizer structure.
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.

Tb study the validity of the proposed concept, avbasic
transmission system was simulated in a digital computer. A
non~linear satellite repeater was also included in the trans-
mission path. The initial detection scheme chosen was of the
well;known bit-by-bit appréach. In this manner a reference is
established which is utilized later-on for comparison purposes.
The results obtained agree well, indéed, with those in the
literature thus confirming the validity of the simulated
system model. In an effort to make the simulated system more
versaéile and useful, a performance display flexibility, in
addition to the filter and TWT Eharactefistics changing capa-
bility, has been developed and built-in. Thus, one may choose

either a quantitative or a qualitative display.

The performance of the proposed hybrid equalisation
scheme has been, first analyticaily, evaluated by computing
approximate ﬁpper and lower bounds. The équalizer has been
éubsequently simulated and integrated in the {also simulated)
basic satellite transmission system, and its performance,
numerically, evaluated. It is shown that, a good agreément
between the analytical and simulated results is achileved.
Furthermore, by studying the (hybrid equalizer)} performance
curves, one may observe a trend towards reduced probability
of error, particularly at the_higher‘signél-to—noise ratios.
The improvement achieved 1s readily identified by comparing
these results (fig. 5.11) with those of the bit detector

(fig. 5.3).
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It may then ge concluded that, such hybrid schemes are
quite feasible as well as effective, in reducing the effects
of intersymbol interference in the presenée of non-linearities
and at, relatively, high bitTrates. Furthermore, the'originai
complexity of the optimal receiver structures, may be reduced,
by considering such hybrid structures. In this manner, ;
near-optimal configuration is feasible,-while retéig}ﬁg most

of the performance advantages of the, more complicated, opti-

mal one, i.e. the Viterbi algorithm alone [32, 39, 41, 42, 63,

65)

3. SUGGESTIONS FOR FURTHER RESEARCH

The proliferation of satellite communications systems
and the advances made by technolody, seem téfpe a good justiQ
fication fdr further examining thebc0ncepts presented in this
work, One immediate area that cdﬁeé to mind and which requires
investigation, is the detailed study of the ISI problem in
the context of the new, higher frequency range TWTs: it would
be interesting to investigate the behaviour of the ISI, by
considering the non-linearities' effect in the higher freguen-
cy band and, of course, at high bit rates. As a logical
sequel, further examinétion cf hybrid equalizationfschemes,
such as the proposed one here or, similar with necessary

modifications, would also be of interest.

We believe that, careful and parallel study and consider-

‘ _/.(\
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ation of various information theoretic and communications
concepts, particularly in the area of "equalization" and '
-parameter estimation/detection, as applied to the satellite
communications enyironment, would produce interesting results

and solutions to related problems.

The applicability of such hybrid equalization schemes,
as here proposed, to other modulation formats (e;g. OPSK, MSK)
~would also be of some interest. In another attempt( the
consideration of an optimizing algorithm_fnr the channel
parameter identification, and its incorporétion to the proposed
hybrid equalizer structure, could be-investigated: it would be
interesting to see whether any substantial improvement nay be
achienea}'partiéniarly in view of its ensuing implementation
complexity. In a similar manner, it would be worthwhile,
notwithstanding the difficulties, to study the possibility of
some sort of "pre=equalization" of the high bit rate data
.sequences, on the transponder, with the remaining, "final"
equalization, on\the earth segment: it might be possible that,
for a proper combination of such a scheme, a more economical
overall system design will be the end result. In another
attempt, the hardware aspects and economics of implementation
of the proéosed scheme could provide adequate motivation for

futther work.
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APPRNDIX I
" PROBABILISTIC DEVELOPMENT OF LIKELTHOOD RATIO

" The decisicn statistic for the likelihood ratio A, will be here
developed. We have that -

7)p[ z;|s;=1 1
L 2|2, =-Ll

Ay (A1)

We will analyze the naminator and dencminator separately. Using Baye's

.rule, one may express the a posteriori probability density function as

follows:

< pl z.,;.=l 1 ~
pt Zilsj_:l ] = c i L ( A-la)
p( si=1)

" Let the previous symbol transmitted be identified as Siq This symbol

can either be +1 or -1 . Then, equation ( A2-1 ) can be written as

p[ Zi’si=l"si?"l=l ]+ P[ zilsi:'ltsi_l:_l ]

(22)

p[2i|si=l ] =

p( Sfl)

Consider the first texm of the RHS of equation ( A-2 )} . It can be written

as follows

Plz;,8;=L,s; 17U = plz;lziy, 8y=L, 55 p=11 plz; 4, 571, 8; (=11 (-3

s.%
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We stipulated,hovever, thay The-gignals are independent. Therefore, |
 considering the first factor of equation ( A-3 ), z, would also be ind-
ependent. from z;_; - This fact sinplifies this equation which now may

-~

pl zilzi—l' s;=1, s, 471 1 =pl _zi|si=l, si_l=l 1 ( 2-4 )

Similarly, the second term of equation (A-3) (based on the independence

of z; ; from S; + may be wFltten as

pl zi—llsi—l=l 1P[ s; 1711

= ( A=5)
2
Substituting, we get
A A / 1 - - ‘ - y
pl Z;e si=l, s _l=l ] = ;—p[ zi]si=l , si_l=l Inl zi-fllsi-lzl ] :?’
( A-6 )

Inanalbgous'nanner,wedeVeloptheseamdtennoftheRHSofequation
( A-2 ) and obtain

~ Lol l -~ -~ -~
pl 20 8,71, 5; =11 =—-pl 2 [s;=L, s, _;=1lpl zi_l|si__l=-l ]

LY

( A~7 )

By direct substitution of equations ( A-6 ) avd ( A=7 ) into equation
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(A:-Z ),_We get

ot 15,1y el 2[5y )
P[zi|gi=11= 7L 1.1-} i=1'"i-1 +

- LB z;|s;=1,%; ;=1 Ipl 2;_;is; ;=11 ( 28 )

2

'Iheanalysisofthedemminatorof_eqlmtjm ( A1) is performed in a
similar way to that of nominator. The final denominator expressm will

then be written as

-

pl zi|5i=-l, ;171 1ol ziTllsi_l=l ]

pl zilsi='—l ] = +

The likelihood ratio may,cmsequently,b;e obtained by dividing the two

final expressions. Thus,

A, =
l',

= Bt zilsg;l' 5171 el 25 [s; 471 ]

ol

. pL zilsi'r-l.'si—l:-l Ipl zi—llsi—l:_l ]

pl zi|si=l, s;_3=L 1pl zi—llsi-l=l 1

+

' ( A-10)

-~

pl 2;]s;=L,s; =1 1pl 2, 4|s; ;=11
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S

By further using notation and derivations developed in,chapter 2, ~\ -
one may evaluate equation ( A-10 ) in texms of probability density 2
f&xcti.onoverﬂ»emtimsignalsequenceforﬂuegivmbasis q. i
Thus, considering the: cutput sequence vector Zkandthefactthatt‘r:ae '
noisesanplesukarealsoassmredtobeindepaﬁmtandofnomaldist—

ribution, in the general case, equation ( A-10 ) may be written in the

following form

. X ) |
- 3 1 ' 2 _
J2n0 o Z
k=1 =0

= K is a nomializing constant
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/
APPENDIX- IT . 7
SIMULATION PROGRAMS ' ;

r

The listings of the computer programs used in this

L}

study are included in this appendix.

The programs are written in FORTRAN IV language.

To facilitate the use of these programs, additional information

- is to be found in chapter 4. It must be noted that, where

applicable for standard operations, such as the Fast-Fourier
transforms and the random number generator, the already
available at the éomputing centre, IMSL subroutine package

was used.

To further facilitate the understanding of the logical
process of the main simulation program, reference to the

system flowchart {chapter 4) is recommended.
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c FRDGFAM CPSK(IhFLToCbTPbT)
. CIMENSICN NX{L1) oY (11)eNRXCLL) ONRY(L1L1)¢CATA(S12),0ATALI(EL1Z)
CIMENSICN TATAL(E12)
CIMEASICN C(15) .
CLTUERSTEN TF(SIEZ s TFTIXTEICT S TFR (ST ZIHFElcE T FEIXUES TS ERFCETZET
LOIM=512 \
MN=LCIM/Z
cAaTA NTCTAL yAERRCKRSLCCFR s 114 IK/CsCalrle0/
CATA NY(l)'I\Y('E)ONY(3)oh?(:&)of\Y(E,c\Y(E)vh\‘(?)/ lo—1lalwisl elyey=1rs
CATA JLAST UTAFSLLTACMyFEANCW/T 9145048
r
- FRINT 1
I FCRMATUIHI25H S IAGLATICK CF CUFESERT G=F=K]J
FRIMT 2
2 -FCRdAT(QOP HtCLE‘T(ElnATE.AVANP TATINSTwTCUT s FSFIFT.LSANFL )/ »
Sl FURMATIFG. 2 rlXtF“)oﬁ'lonC--.IXiFonolXIFS.ﬁthDIE)/’
REAC 13|EIRAT:i AVAMFE s THTIN e TaTCUTSFSFIFT SLSANFL
33 FORMAT(F‘:‘-c!leFg’&'111F§03.lx-FE-avIFQFﬂoﬁoIX'[2,
FEAL 24 4F3Wl FEWZ2sKMK+KLC
34 FCRMAT(FE a2 sl XsFE, 2. XelZ2slXxo[2)
R AT 45-(C(IK)-IK= KG) -
as FCRMAT{(S(F28.Ss1x})
CC 2Cé TK=1,KC
FRINT 3C3,C(1IK)
3¢5 FOEMAT(EXsF18a4)
ACE CCNT INUE
AVAMF=SCRT(24)
~yt FNCANI=TATIN/AVANE
FRCFNG=TRICGUT/AVANE
c FSHIFT=C.
BA=5,
. CERATE=LC .
/" Ik=¢Q
- CC 1C7 KM=1 +KNK
~ VAL=EQ
FRINT 20 RIRATCE JAVANE, TRTIN, TWTLyT FSEIFTLSANMAL
‘ 20 FCHMAT(1X+FE. 259)"7‘-9-0163'!‘6.3})( EelsSXWFEaEWTXWI207)
C
CC &4 -I=1,JLAST )
NX(T)==-1
MY (L)=AY(T)
4 NeX(1)=e}
o
c .
NShH=11
CSNR=1,
! CENRLB=C.
CC S5 I=1,NSAR
FE{I)=Q.
FESI{1)=C.
SNRUE(I )=4 « +CENRCE
CSNFCB=CSNRCE+LSHNK
5 CENTINUE
C . -
TALL CALCCN(LSEANFLsLLTACH sKKKsLLTsNSYNE W JLAST sLCCPM+LL INs=IRAT=E,
¥SANCW)
CALL CFA4PS(SEANCAIFEWLsTFTXsLLINWKC,C)
CALL CFaPS{SEANDWIFEWZ s TFRWLLCIMIKEC ,C)
CAL L, HMCC(TFS S yFNCISELLSANMEL LLCINV)
CALL BISINC{DATA,TF TX s TFR sLSANFL sNSTART JLETART S LCIN)
CALL LOADA(CATA KKK 4L SANEL s AXanY s [l s JLAST sJTAFJLLIN) -
CALL FILTER(DATA.TFTX-hh'LDIN)
CALL LuADa(uATM.KKK.LHNFL.M.NV.II.JLA‘T.JTAD.LDIM
CALL FILTER(CATAL+TFTXsNNsLTIM)
CALL ADTAIL(CATAWATAL oLLTsLCIM)
CALL THTIICATALEANFC RETAR Ty KRR JFRLAF I FRCRFCS LTI V]
- cacy, FILTER(uATA,TFF NNSLCIM)
£ CCNT INUE
Cc
CC 12 [=1+LCINM
TATAL(I)=CATA(I)
.12 CATA(I)Y=CATAL(])
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CALL LOACA(CATAL erkKK LSANMFLsAXsNY s I s dLAST yuTARLOIN)

CALL FILTER(DATALTFTXsMMNSLCIM) _ .

CALL ADTAIL(DATALWCATAL JLLTsLCIN) g

CALL Tde{DATA-LSANFL.hETnRT-KKK.FhCFNI.FhCFMts@CIv)

CALL FILTER(DATA,TFReNNLCIN)

CALL AOTAIL(TATAl+DATASLLTSLLCIN)

CALL DECGD4(TATA1.hFx.nnv.FE.F&1.KKK.Lspn&L.L=TA=T.h<ns.h ERRCHK
#*ENRUO s IK NTCTAL FRECISESLLLP s JLAS

Ty JTAF+NEYFEWFSHIFT])
1F (LUUF-GT.LCCFNJGC TC 1co :

GCC TC S¢
100 CONTINUE
ARITE(L1+59)(SARTCB(I)s1I= IOIQ)i(pEI(J) J=1s12)
39 FCRMAT(25A4)
[F{KN.NEL1)GC TC 25¢
CALL PLCTS{2S54Cs27.C) :
CALL FECTUA T CalsnCe7+2Ce0sCel s 1]
CALL F’LCT(&.C-I.C-—3)
CALL  SCALE(SNRCE+16eColll) ’
CALL AXIS(0e09CeC222FSICGNAL-TC-NCISE IN CE+=2Z24104C
10e0+SNREEB(12)+ENRLCB(1Z)) .
CALL SCALG(PEI 1Z%«Cs1141) '
CALL L3AXS({0e4CsCeCe20FFSCEAEILITY CF ERFCFR+Z2Ce25e4SCals
1FET1(12),FEI(13))
- 25¢C CALL FLCT({0eCs2Se0Cs =)
CALL LGLIN(SNRCBWEI 115143398 41)
VAL=VAL+(KM=1)%2C,
CALL WHERE{RXPAGERYFAGE 4RFACT)
CALL NUMBER(RXFACE+WRYPACGE yJeZeVALsCal4—11) -
CAlL.L SYVBCL(SSS. 1579 e+ Ce3 Sk MEB/SsCeC S ) ’ . T
¢+ BIRATE=EIATE+LERATE
! ATCTAL=C
NERRCR=C
. LCCP=Q
II=23 ‘
IK=3
107 CONTINUE
CALL SYMBCL{B4C+29¢5+04S317FCICITAL SATELLITE sQecCs17)
CALL SYMBGL(B4Cs22+4754CeS,1E8FSYSTEY FERFLCRMANCEsCaCol2)
CALL SYVBCL(Bal1v23eZCeCelys
142H(1) FILTERPS! ChARACTERISTICS:ICHEEYSFENY TYFEsCsD 14 %)
. —LALL SYNMBCL(2413224759Ce2Z :
1 4€H 4=-FCLE;1/2 VDE RIFFLEES MFZ Z-CB EANCWIDTF+s0eCedE} "
CALL SYMBCL(B4ls+2243Z3Ce0e2
- < RANSFCANCER TaT AT 1 CcE INPUT EACKCFF sCeCy52)
C CALL SYMBCL (8414 22¢ZCesCals '
Cc 127H(2) wITHOLT NCN=L INEASITIES+CaCs27)
call, SYNECL(E-I'21-551C02027?(3) MEOCLLATICN SCHEME: CFESK.

1u-0vq.7)

CALL bYMBCL‘°01041&4brc 2-10#(4) EIT CETECTCR+1JeCylc)
CALL PLCT(QJ. C'C-C-QGG) )

STCP

END

v
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C EYE .OIAGRAM OF -
DIMENS ION

BNIY(S512)
DIMENS ION ll)oNRxlll)oNRY(ll)oDATA(SlZ)-DATAl(SIZ)

DIMENSION
DIMENSTON
Ki=1
LDIM=512
NN=LDIM/2
DATA NTOTAL+NERRORSLOOP» II+IK/030+0¢0
" DﬁWA NYCL)eNY(2) oNY(3) o NY(a2) s+ NY(S) s NY
DAYA JLAST, JJTAP LLTNOM,FBANDW/ 741 +50

A
N
DIMENSION T
C .
T FTIX{512) s TFR(S12),PE(25) +PEI(25) +SNRDB(Z25)

oNY(T)/=1ls=1slelslels=1l/

Q
6
Se/

N

’
(
8

PRINT 22 :
22 FORMAT (i1H1).
PRINT 1
1 FORMAT{(22H EYE DIAGRAM OF 4—=CPSK)
READ 3,BIRATE+sAVAMP s TWTIN,TWTOUT sPSHIFT »LSAMPL
3 FDRMAT(FG-EOIXoF906|IX|F6-3oIXOF6-3.1X0FBQGOXXO[2)
READ 34 +FBwWl +FBW2+:KNK KD

34 FORMAT(FG.2 ol X sFGe291XsT2obXaI12)

READ 35+(CLIK) »IK=14+KO)
35 FORMAT(S(FB.5+1X))
READ 31 s INDEXC+ICPTsSCALA
31 FORMAT (Ils1XellslXsFS5e2)
PRINT 30+ INDEXC,.I0PT»SCALA
30 FORMAT(/5Xs* INDEXC=

* L T13Xs " I0PT=¢,11,3Xs'SCALA=?,F5.2/)
DO & I=1+JLAST . T
NX(L)==]

NRY({I)=NY(I}
4 NRX([)=-1

FNORMI=TwTIN/AVAMP

FNORMO=TWTQUT/SQRT(2.) )
-pRlNT3’BIQATEiAVAMp-T“TIN-TWTQUTQPSH‘FT|LEAHPL

CALL CALCUN(LSAMPL;LLTNOM.KKK-LLT|NSYHB:JLAST,LDOPM*LDIM.B[RATE-
®*SBANDW)

1o TETX 2 LDIMLKOsC)

CALL CFaPS{SBANDWFBW2:TFRsLDIM+KDC)

CALL HHGG(TFRsPNOISELSANMPL sLDIM) ‘

CALL BISINC(DATA,TFTXs TFRJLSAMPL »NSTART +LSTART+LDIM)

CALL LOADA(DATA+KKKsLSAMPLsNXsNY ITsJLASTJTAPSLDIM)

CALL FILTER(DATA+TFTXsNNsLDIM) :

CALL LOAD&(DAT AL sKKK¢L.SAMPL ¢NXsNY I sJLASTJTAPHSLDIM)
CALL FILTER(DATAL+TFTX+NNsLDIM)

CALL ADTALL (DATAOATAL (L1 TaLDIM)

CALL TWTL1(DATALSAMPLsNSTART ¢KKK sFNORMI s FNORMOsLDL M)
CALL FILTER(DATA.TFRyNN,LDIM)

50 CONTINUE
00 12 [=1.LDIM
TATAL(IL}=DATA(L}

12 DATALI}=DATAL{I) .
CALL LOADG { DATAL +KKKsLSAMPL s NX e NY s LI ¢ JLAST» JTAPSLDIM)
CAll FILTER(DATAL ZTEFTX sNNoi DIMI _

CALL ADTAIL(DATA,DATALILLTLOIM)

CALL TWT1(DATA+LSAMPL+NSTART sKKK FNURMI s FNORMC.LOLM)

CALL FILTER(DATATFR+ANNJLDIM) -

CALL ADTAIL(TATAL+DATALLLT,LDLIM)

IF (LOOP.EQe0) GO TO 33 :

COSPS=COS(PSHIFT)
. SINPS=SIN(PSHIFT)

= 22

°

XB=TATA L1 (M) *COSPS+TATAL{M+1 }*5INPS
YB=TATAL(M+1)*COSPS-TATAL(M)}*SINPS
TATAL(M)=XB

B0 TATAL(M+l)=YB

wCALL DWEYELl (SCALA TATAi KK
33" 0GP=L0oPI1 ’ s KKK s LSTART s LSAMPL + INDEXC»ICPTsKL)

IF(LOOP «GT «.LOOPM) GC TO 100
GO TO sQ °. :
100 CALL PLOT(040+00s999)
cSTOP .
END




SUDrRLYI AnK krﬁr:t;cﬂnuu'rhanu-
CIMENSICN C(lS).Ih(l?).TF(SlE) .
JJI=KC . 148
AHSLEIM/2 © -

PV Pimbs hi= Y Vi P T

RKO=LTTN/74
C'=SEANCU/FLCAT(hH)/FBANCI#E.
‘CC 1 I=2.AN0

w=DW#3FLCAT(I-1) B
WS=—nkw

Su=1l., ~

CO 2 J=14sJdds2

J1=J+1

e ot e - -

AWl JI=5W
ww(Jl)=Satw
2 SWU=SwEAE
EX=0.
CO 3 J=1sdde2 i
EX=Sx+C{JIxwn{J) Lo
SY=0. . o
CC 4 J=2sJJe2

{y

4 SY=SY+C(J)l=xwwlJ)
SE=SX*SX+SYSSY
€S=s5&5/C (1)
X=EX/855
Y=Sv¥/SS

-
-
[\V]

e () et
IO T NN
i~z N~
rANEaE Eo T T o Nl R Lo llonl
b (SRR AR LI G Ll ]
ez nlne

-4

T

-

4

T

+ 4l 1 2=~
N0~ C

TSUBROUT INE SLUPE(x.Y.SLOPEs.N) ' ‘ L o T

THIS ROUTINE CALCULATES THE SLOPES AS THE AVERAGE QF THE POINTS
EITHER SI10E

DIMENSION SLOPES(SIZ)-X(SIZ)'Y(SIZ)

N1=N-1

DO 10 J=2.,N1

I=J-1 »

K=J+1 Lo .
SLOPES(J)=(Y(K)I=Y(I))I/ (X(K)-X(I)) T

CONTINUE

RETURN '
END

SUBROUT INE QUAD{AB.CeX1+¥1+X2+Y2552) o T
DELX=X1=-X2

A—(Yl—YZ—SE*DELX)/(DELX#*Z) "

B=S2-2*%A%X2 :

CSEY1-BxX1—A%X] %X%2
RETURN
END

 SUBRCUTINE CALCCN(LSAMFLSLLTNCH kKK LLT 7 he
ILCCPM LTINS BIRATE s SEANCE ) ot PREYNELILAST.

SBANCW= EIRATE*LQANPL
LL=LCIM/2

AKK=TLL-CCTRCII/CSANFL

KKK=IFIX(AKK)

LLT=LL-(KKK*_SANEL)

NSYMB=2%x%x JLAST=-| .

SEYM3=NSYMB : '
SKK=KKK

FOCL=SY¥B/SKK -

LCCRM=IFIX{(FCCL)

x=LCCPH

IF(Xel.T « PCCL)LCCFM=LCCFEN+1
FETURN !

ENG

USRI

fmew pmmm et
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ﬂUBRCUT!hE TWTT(DATA,LSAN uFL.ASTAnT.KkK.FhCﬁNI.FhCRnc.LDIM) 149
DIMENSIAON DATA(S12) +v2P($)+2C(9)
DATA ZP(1)4ZF(2), ZF(B).ZF(4).ZP(5).ZF(6)-ZF(T)-ZF(B)-ZF(G) ‘
1/1 7eza¢.-1.sse7 1E=1+143EE0BE=2+—9+.07704E~q 44 .2041E
. - - [ - . -1lcs
DATA zotl).zatal.zatzl.ZC(A).ZO(S).zatb).zc(7).zcca).zctq)
1/-1.9928€E=3+1481398E=1+=2e43EFBE-2+3,37€47E~T,=1,G37EGE=4 ,
CCeb67A30E-€y=1e35523E=741492E62E=G+~EBESI14E-12/
DATA ZPMAX»ZGMAX ¢ VMAX/3400s1431 4654/
Ja2=9
I1l=2KKK®LSANEL
o GC TC S ——
T € CCNTINUE
0Q 120 II=}711.2
' I2= [ I+NESTART=1
: =DATA( LZ)*FNCRMI : -
Y=DATALIZ2+1 )*FNCRMI :
l MR=X4X+YS®Y
! R=SGRT(RR) .
! IF{R J4GT «VMAX)GC TO 1 \\ :
3 F=ZF{L) - y
! €=2Q (1) \/ _ -
! CO 121 Ju=2,42 .
C=Q+2Q( JJ)*FRE{ yu~-1) :
i F=P+2P(JJ)aRR*x( JJy=1)
121 CONTINUE
CATA(ILI )=(P*Xx=CxY)/ENCENC . ,
/BATA(II+1)=(G*X+F*Y)/FNC§NU - -
' GC TC 120
i 1 CATA(LI)=(ZPMAX*X-2CMAX*Y )/FNORMU/R
CATA(II+1)=(ZaMAXEX+ZIEMAXRY )/FNCRMC /R
: 120 CCNTINUE
! C S CCNTINUE
. c S0 22 I1=1,11
: c 12= 1 I+NSETART=1
i ¢ CATA(II }=DATA(IZ}
i € 22 CCNTINUE
e I3=11+1 .
! 0O 122 II=I3,L0L¥
: CATA(LII )=0,
5 122 CONTINUE : .
; RETURN
END

SUHRCUT INEr ACTAILIARRAYA S ARRAYESLLT S LCIN)

CIMENSICN ARRAYA(S12),ARRAYE(S12) : -
I2=2%LLT o

CC 1 I -

+ARRAYA(IJ)

-




. - . i

cLBRCUTINE thC(
DIMENSICN TF(S12
L-LB!M/2 ’ :

IF.FhCI‘E-LSﬁMPL.LCIN

1 CCNTINUE

SUM=SAMNPLE*#2
ANG=2,141593/LL
CC 1 L=2,LL
LX=28L=1 . ‘
Ly=2s_
FHETECLX)**2+4TF(LY) #42
ANGLE=ARG#FLCAT(L-1) .
ANGLES=ANGLE*SANELE ‘ _
7E ¥2 —
SUM=SUM +HF#GG ¢ ’

SAMELE=LSAMPL . : _ \
1

SRHGG=SUM/SAMFLE*%2 ,
FNOISE=SHhGG*SAMFLE/LL . -

AETURN ‘ T
END T : .

Sl A

o i )+ et e = e 2 e

SUBRCUT INE FILTEFQSIChALoTF-h LOIN) . ' L

THIS SUZ2RCUTINE FERFCRMS, THE GPERATICN CF FCLRIE#C?EWACFCRFIhG
THE SIGNAL ARRAY SICNAL INTLC FREQUENCY LCMAIN AND MULLTIELYING IT

noanoOn

WITH THE FILTER TRARGSFER FURCTICK JTFe TFE RESULT, IS STOCRED
IN TFE ARRAY SIGMAL . \ k
CIMEhSICh SIGhAL(ICcQ).TF(ngQ)
CIMENSICN Iwk(S) . ' ‘
CCMPLEX A(S512) : _ :

: . >
CALL CONJUG(ASZSIGNAL WNsls) .

r'd

0N N0 N

CALL BITREV(As+N) . ° .
CALL FFT2RV(A+EsIwK) _ T _ M }

CALL NONCCM(A,S ' '
CALL CONJUG{A,S
CALL NONCCM(AoS

GNAL »N)
GCNAL sNe—10) . ]
CNAL o N) :

CC 1 II=1,.LD

: o _
_CONTINUE - ) . S - .-

N o 0 o |ne

TALL CORJGG (A STCRAC Ry I +)
CALL EITREV(AsN) ' : \
CALL FFTZRVUAsE,IwK) o

K:LL NONCEM(A» SIENAL WN ) Lo </-&@1

N

11

CALL CCNJUG(ASIGNALsNy=~14)
CALL NONCCM(ALSICNALIN)

.

CC 11 I=1,.,LC1M
SIGNALII)=CIGNAL(I)I/FLCAT(N)
CCNTINUE

RETLEN T - _ : ;

END

N <

CIMENSTICH SIGNAL
CCMPLEX A(S12) '

SUBRCUT NNE CCAJLC
(

CC 11 I=1.MN

11

CPXXm

CPNTJN . .
" RETURN .
"END - _ 4




SUBRCUT INE hCNCGN( +SIGNA
DIMENSIGN A(1024),SIGNALY
COCNPLEX A

ur
m?
P

CO 11 I=1,N

151

11

IT=T%2
IR=I1=:
SIGNAL
. SIGNAL
CONTINUE
RETURN
END . “»

REAL(
AlNAG

un

A

— -

1R) ALI))
1) (A(1))

<

SUBRCUT INE EBITREV(SIGNAL
IGNAL (1024) o1
COMPLEX

INDEX(L)

JLDIN)
NCEX({512),Y(E12)

,___2_‘_.&_:,,;,.‘#-—-'—‘—'-’_‘—

.20

NE
CIMENSICN S
SIGNAL WY
=1
TROEXTZ)I=1+

J=2

IDIV=1

QNTINUE . ;
fhplv IDIv*2 ~
ENCR=LDIM/ICIV

TOIN7Z

-7 IFL{INCR +EQe 1) GC TC S¢€C

K=1 -

1Q
5¢C .

CC 1¢ I=1.LUINMJIMCR

cooJd=Jd+l
INDEX(J)—IRDEX(KI+INCRIE

e K=K+1

CCNT INUZ

GC TC 20 —_—

CCNTINUE . ’

CO 1C0 I=1.,LDIN

1Cco

1000

) YUIJ=3IGRALTT]
CONT INUE
CO 1000 I=1,LDIV
K=INDEX(I)

: SIGNAL(I)=Y (K} ‘
CCNT INVE :
RETURN

END

SUBROUT INE CUBIC(AsBsCsDsX1sY1s51sX2,
FITS A CUBIC TO 2 POINTS WHICH HAVE TH

A=X2=%X1 HL g
TiI=((Y2=Y1)}/H-S1)AH
T2=(S2-S1)/H..
A=(T2-2%T1)/HZ
B=3.*Tl-—T2 :

c=51

D=Y1

W

Y22 ) ‘
vSLOFES SPECIFIED

RETURN v
END ;
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€UBRCUT INE fECCDA(DATA.hFX.hFY-FE.PEI.KKK.LSAN
#NERRCR.SNROE-I.NTOTAL.F&CISE.LOCF.JLAST.JTAF.hSVkB.P<hIF1)
CIMERSICN DATA(S12),MRX(1L) 4NRY(11),FE(ZE)}»FEI(2E5)SMNRCE(2ES
CNSPS=CCS(PS+IFT)

152
PLILSTART sNSNFy

)

== ~

RTZ—I-
CC ! K=1ls+KKK

REGENERATING THE TRANSMITTEC SYMECLS
TF(1.EQeJLAST) 1=C ’

- IY=NRY(J)®NR

I=1+1
JEI=JTAF :
IF(I.LE+JTAP

) J+JLAST
IX=NRX( J)2*NRX
Y

J= .

(1) . v '
(I}

MAIX(T)=1IX

_MRY(1)=1Y

Nnan ONNn

FYTR3Y LCLP SYMECLS ARE NCT FRECCESSEC
IF(LCOP .EQ.C) GC TO 1
CECOCING

JISLSTART+24L

SANFL
J2=LSTART+2%x(LSANF

[
~

*(
LAK—

nonN

AMPLIX=Co.
AMPLIY=C.

AVERAGEL SYMEGL AMFLITLCE
CO 2 J3=J1+4242

ANPL IX=APRPLIX+CATA(J3
AMPLIY=AMELIY+DATAC(J

. AMPLIY=AMPLIY/FLCATI(LSA

)

3+1)
AMPLTIX=ANPLIX/FLCAT{LSAN
N
AXBAR=ANPLIX*CCSFS+ANFL]
AYEAE=AMPLIY*CCSFS—AHFLI

INBEXX=C
[F(SIGN(I-.AXEAR).NE Ix) INCEXxXx=1

INDEXY=C .
IF(SIGN{l « yAYBAR ) «NEeIY) INCEXY=] *
IF(‘INDEXXDEQCI)-CR.‘INGEXY-EG-l)) f\EFRCF NERRQOR+1
CCMEUTE PROEAEBILITY CF ERRUR FCR THIS SYNECL

caLL PERRQ(AXBAF-AYE#F.IhCEXXoINDEXY.ENREEJFEIthDISE.hShR)

th

CC 5§ KK=1,NSNF =

- FE(KK)=PE{KK)+FE1(KK)}

NTCTAL=NTCTAL+L

IF(NTOTAL.NE.NSYNE) GC TC 1

FRINT 1€C

FORMAT( /4R ¢NR.1CX014HFFCE. CF ERRCR/)

DC SCO II=1sBSDA

FET(I1)=PE(IL)/FLCAT(NSYNE
FRINT 181,{SNRCB(II).PEI(I
FCRMAT{FSal+1Cx4EL13+€)
FRINT 102,MNERRCR
FCRMAT(/2X s 7TFERRCRS=+1E)
GC TC 132

) .
IVsII=1+NSDMR):

CCNT INUE

LCCR=LOCP+1

RETURN -
END .
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] SUBRGUT INE DWEVE L (SCALA sDATA sKKKsLSTART s LSAMPL » INDEXC,1GPT ,KL)

C TH1S SUBROUTINE DRAWS THE EYE PATTERN DIAGRAM OF A SIGNAL ARRAY
i C SCALA=MAX.+ OR = VALUE FOR FULL VERTICAL SCALE .

C DATASARRAY NAME OF SIGNAL
: C LSTART=STARTING SAMPLE

) C INDEXC=INDEX KEEPING TRACK OF wHICH CHANNEL 15 BEING OBSERVED

I0PT=1 » HALF
ALSO DRAWN. I

;prnwnn

%

DIMENSION DATA(S12) e X(512),Y(512) .
“—“’““ETEEE§TEE‘KﬁTiiBliuTﬁﬁifTsrza A

SAMPLE=LSAMPL

=0 » X~CHANNEL EYE 1S DRAWN )
=1 o+ Y-CHANNEL EYE IS5 ORAWN

OF ThE PROCEECDING EYE AND TRAILING EYE ARE
F I0PT=2 ONLY THE EYE IS DRAWNS )

~

LSAMP2=2%LSAMPL '
LHALF=IFIX( SAMPLE/2 +)

BNIY(202)=300

| BNIY(203)=13.3333

DO 1 K=14KKK

= START +L. SAMP2%K

——IF( INDEXC<EQal) JL=dJi+1l ;
IF{ 10PT <EG.2) GO TO 10
JLEAD=J1—-2%LHALF .

. N=L SAMP 2

) GO TO 11t

. 10 JLEAO=JL-2
77 NSLSAMPL+2
11 DO 2 J=1.N

. JI=JLEAOH+(J—11%2 : ' . :

2 Y(JI=DATA(IJ)

FACTOR=400+/SCALA ‘ ' ;

DO 6 J=14N
& X{Ji=J-1
XRANGE=N=2
-« DEL TA=XRANGE/20
a ISLOPE=1

Q.
— L T

X1=,455 .

ISLOPE=OQ
IY=400+IF IX(F*F
IX=1

ANIX(1)=IX
BNIY(1)}=1Y

pDn 9 [=2,.201

CALL INTERP(X+YsNsXI.FsISLOPE) \\\

ACTAR)

_ IXS(I~1)#5+1
- ANEX(X)=1X

Xu=xI+( I[-1)*DELTA
CALL INTERP{X+YsNsXUsFsISLOPE) . ’
1Y=400+IFIX(F*FACTOR) ) -

BNIY(1)=I1Y
9 CONTINUE

IF{KLNZ 21360 TO 13

CALL PLOTS(27.
CALL RECT(0.02,

0s26.0)
2e0+24.0921401000:+3)

CALL 5YHBOL(9-0'3050002'ISHSYMBOL DURATICN+Qe 0y 15)
CALL SYMBGL(0.5.10-5-0.219HAMPL17UDE0900009)
CALL PLOT(0a7+4e0+—=3) -

CALL GRID(O0e0s0e0slaQslels20s15) .
CALL GRID(0e014040112e09340+10+5)
CALl SCALF(ANIX 23.0,201,11

CALL SyMBOL(1.0

20204045y

136HDIGITAL SATELLITE SYSTEM PERFORMANCE + 00+ 36)

CALL SYMBOL(3.0
_183H(1) FILTERS®
CALL SYMBOL (3.0
146H 4—POL E31

2192459020 :
CHARACTERISTICS:ICHEBYSHEVY TYPEsQe0:43)
219320002

/2 0B RIPPLE:8S MHZ 3—08 EANDWIDTHs Qe 0946)

CALL SymBO 3091865540420

152H¢(2) SATELLIT
CALL SYMBOL(3.
10.04+27)
CALL SYMBOL (3.0
“10.030)
CALL SYMBOL(3.0
CALL SYMBOL (14,

E TRANSPGNDER-TiT AT 1 DB INPUT BACKOFF+0.0+52)
031841050420 27H{(3) MODULATICGN SCHEME: QPSK»

e 17e6559062,30H(4) TRANSMISSICN RATE: 80 MB/S»

217220s042,16H(5) BIT DETECTOR+0e04+16)
031795400323 LAEYE DIAGRAM+Qe,0211) ,

KL=2
-13 CALL FLINE(ANIX

JBNIYs=201+1+050) \ _ //
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. RS e e

SUBR'QUT INE EQLZR(DATA.KKKoLSAMPLoLSTART-NSNR-LCCP-NSYMB:
1PSHIFT»PNOISE)

DIMENSION DATA(I)oH(ali.HV(EI)-FBT(EI)-ISS(SO).ITDthl)

OIMENSION IST(SZ-S).ITNS(32)u
COMMON H(21)oHV(21)vFBT(21)-I
LIST(32+5)+ITNS(32)+s TNS(324+2)
DIMENSION ITM(6),PERL(11).PER

T
S
L
2

NS

S{(SQ)»
NG (32
(11),

{32+2) sLNG(32)»1SRVI(32.50)

ITDTL2L1).»
’015RV‘32'5°)
SNE{11l)

154__]

389

REAL LNG

DO 388 [=1.32
DO 888 J 1,50
‘188

P N e ey

3873

2990

v OO ~ || OO

391

LH=LS AMP

FEAD S
FORMAT(I
PRINT 11
FARMAT(/
[EAD AL

Il =~

-y
Mo mi i

f

- w o NI
N - -~
~

e~ e T
b (U T O~

L1XsF7e4))

plXs "H{L)sI=1eLH=" s 1a8{(F7 44 +1X))

FORMAT(I
P2INT 54
FORMATI(/
IF{LV.EQ
FORMAT(/
1'(DF§)'.B
I1=0

DA L7 KK= 4-1

e N DRENe Ll

-y w b
«DO™e
NAnne

Amux-<xﬂ—1
—Des \<

[V G Ze v ITX[™e I X~
MO oo o srve m
Me< <o T Thor
lewo LN
3-—6\'-\...
ro-e - &

NXe el s [
Me Xl Xoww

-~

leV='-3(F7.4|lX))
GO TQ 190
. ERRCR' /16X,

7%\\\‘_//

&3

TI=11+1
//SNR(II)‘

CALL DFETAP(LH)

NU=LVY-1

NST=2#xNU

DO 43 L=1.NY

IST(LL)=0

33

COMNT I NUE

D0 45 M=24+NST

Mi=M—1

OC 33 1=2.NU
[ST(My1)=IST(M1,1}
CONTINUE

IST(My 1)=IST(MLy1)+1 s
DO 435 N=2.NU- .

MNi=N-=]

21

IF(IST(MsNL) «MNEL2)GO TO 45
IST(M+N1)=0
IST(“-N)—IST(MoN)+1
CONTINUE

DO 21 I=1,NST
ITNS(I)=(1-=1)/2+1

CIONTINUE

D026 Jd=1.NMST

23

DO 23 K=1 .NU

CITM(K)ISIST(J,K)
CONTINUVE ™
ITM(LV)=0

SUM=Y «

00 24 L=1,LV _
IT=1TM(L)

IF(IT.EU«0)GO TO 24 .
SUMSSUM+ I TxHVIL) |

CONT [ NUE *
TNS(Jsl)=%UM

ITHLVIZL




25 -

26"

DO 25 M=] ,LV
IT=ITM(M) :
IF(ITWEQ.Q)GO TO 25
SUM=SUM+ [ T*HVI M)
CONTINUE
TNS(J+2)=5UM,
CONTINUE

96

LDJ Jo K=1 0V
I1SS(K)=0
CONTINUE
LNG({1)=0.

DO 98 M=2,NST
LNG(M)=10.E10
CONT INUE )
DO 13 J=1,50

17

LR VI 1 JI)=1000J)

CONTINUE - "
DO L7 K=1,LH .
ITOT(K)=ISS(K)

CONTINUE

SUM=0 «

DO 48 J=1,LH

HJ=H{ J)

+3

SUN=SUMFRJIFH T

CONTINUE

SNR=NSNF

EGY=SQRT{SUM)
SfDV=EGY*lO.**(-SNR(}I)/EO.)/a.
KNT1=0

KNT2=0

NERL1=0

NERZ=0

KT1=0

KT2=0

KV=0

NV=50Q

KNTI=KNT1+1

CALL IPUSH(KS+ISS+50)
RCV=DATA

FNS=FNOLSE

RCV=CHANEL{LH) +FNS3"®

CALL DFEL(RCVILH:KTDT)
IF{KTDTeNE @ ISS(I)JVERl NER1+1
KTL1=KT1+1

CALL IPUSH(KTODT,,ITDT.LH)

CALL DFE2(RCVLH)

CALL VITERB{NST,QCV)

KV=KV+1

IF(KV.NE.NV)GD T3 83

CALL MERGINST, IOX s NUM)

DO 82 L=1,NUM

LB=SiL~-L

IF(ISRV(IDX,LB)+NEs ISS{LB))NERZ=NER2+1
KNTZ2=KNT 2+1 .
IF(KNT2,EGC.,NDATA)IGO TGO 91 b

KT2=KT2+1
IF{KT2.NE.10001G3 TO 82,

PO=FLCAT (NER2) /KNTZ B
KT2=0

32

93
33

CONTINUE

Kv=0

NV=NUM ’
REF=LNG(IDX)

D0 83 M=1.NST
LNG{M}=LNG(v)~REF
CONTINUE
IF(KT1.NE.L000)GQ TQ &9

PI=FLOAT (NERL)/KNT 1 -
KT1=0 k4

IF(KNTI-EG.NDATA}PERI(ll) FLOAT(NZR1)/NOATA

Q0 TOo 33.
PER2(II)SFLOATI{NESR2 )/NOATA

PRINT 12+5NR(II1}.PE Rl(II)-PERZ(II)

FCOMAT(/ 91X eF3a018XsE156346X,E10.3)
CONTINUE
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»
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AL PLdTE(2530,27.0)

156

CALL RE
CALL PLOT(6s05140+s—3)
CALL SCALE(SNR116.01+9
CALL AXIS{0e09+0e0,22H
10.0+SNR(140) ))

CALL -SCA ( 20,

1)

Nr—e e

R2.4 1)
=)

IPERZ2(10)
CALL PLOT
PERL1(10)=PE
PERL(11)=PE
cALL
CALL
CALL
CALL

Q)

LG(P

CALL LGAXS(O
»PERS

(0.

c
q
>

XZNNOI\JO m

o
(
’
:
LGL IN(SNR+PER1 +941+0+041)
WHERE(RXPAGE+RYPAGEsRFACT)

SYMBOL( RXPAGE . RYPAGE »0e2+"*
B 0T (0.0225a043})

1 ]
SIGNAL- TU—NCISE
9

T(3:52000126e¢7+20e0,4040,3) ) '

IN DBes=221 10 -0"'

DFE"* +0.04+4)

U S

CALL
CALL
CALL
CALL
caLL
CALL SYYEBCL(B8es1+23e20+0e2
143H(1) FILTERS!
Call SYMACL (3, 1:22.75,0.2,

LGL IN(SNRPER2 291190904 1)
WHERE(IXPAGEWRYPAGE » RFACT)
SYMBCL({QRXPAGE+RYPAGE+De24*

DFE=MLSE*+0+0:5)

SYMBOL{Bs0+2545:0e5+17HDIGITAL SATELLITE»0.0,17)
SYMBCL(Be0+23+75¢0e59 13HSYSTEM PERFORMANCE,0.0+13}

CHARACTERISTICSICHEBYSHEV TYPE0e0443) -

146H 4=POLEL1/2 08 RIPPLES83
CALL SYMBCL(S.I;ZZ.JO-O.Z-

152H(2) SATELLITE TRANSPONDER TwT AT 1

CALL SYMBCL(B841+22430+042

127H(2) wlITHOUT NON=LINEARITIES,
CALL SYMBOL (841+2]1 «3Ss0e2+27H{

104027)

CALL SYMAQOL (B.1 421248030s24

AHZ 3-03 SANDWIGTH«043+46)
0B INPLT BACKIFF +0.0452)

VeQ:+27)

3) MODULATICN SCHEME:D QPSK,

130

nn

141H(a) EQUALIZATION/DETECTION SCHEME:

CALL PLDT(0s04+00,999)
RETURN . :
END

SUBROUTINE DFETAR(LH)
COMMON H{21) HVI213I,.FAT(21)

HYBRID+040+41)

15

00 16 K=1.LH
FBT(K}=H{K)}—-HV(K)
CONTINUE

RETURN

END

SUSROUTINE 1PU HlINoIV-N)
‘DIMENSION IV(SO0)
DO 232 J=2N

32

NJ=N—=J+1

IVINJ+1)=IVINJ)

CONTINUE

IV(1)=IN .
RETURN

END

33

FUNCT 1UN CHANELTLH!}
COMMON H(21) sHV(2
SUM=0 .

00 39 L=1,LH
1S=155(L) .
IF(15.EQ.0)GQ TO 39
SUM=SUM+ IS*H (L)
CONTINUE

1) FBT(21)+155(50) LS

CHANEL=GUN
QETURN
END




LHsKTOT) - | 157
FET(21)5s155(50) 4 ITOT(21) :

SUBRDUTINE oFE
COMMON H(21) +H
SUM=0.

< -
T
WV 1]

43

DO 39 M=x2Z.:LH

IT=ITDT{ M~1)

IF(IT.EQ.0)GO TO 49

SUM=SUM+ I T*H(Y)

CONTINUE . -
TRCV=RCV~-SUM '
KTDT=1 *
tF(TRCV.LT.O.S’KTDT':O

0N

RETURN
ZND

SUBROUTINE DFE2(RCV sLH)

COMMON H(21)HV(21) JFBT(21),1S5(50),I1TDT(21)
SUM=0, ) ' '

DO 59 N=2,LH

R
o amteramemn—

sS9

(2] &

IT=1TDT(N)
IF(IT.EQ+Q)GO T2 S9
SUM=SUM+ L T*FBT (N)

CONT INUE

RCV=RCV—SUM —
RETURN ‘
SND - v

 ———

SUBRAUTINE VITERB(INST +RCV)
COMMON H(21) +HV(21) ,FBT(Z21
1IST{32»5)+ITNS(32),+TNS(32
DIMENSION TLNG(32),.1TSv{32
QSAL LNG

DO 77 I=1,,NST

DIF1=RCY~TINS {111

PLUSLI=0IF1*¥DIF1
DIF2=RCV—=TNS(1.+2)
PLUS2=D1F2*DIF2
ISUB=ITNS(I)
TSTI=LNG (ISUS)+PLUSL
ISUB=ISUB+NST/2
TST2=LNG{ ISUB) +PLUSZ2
IDX=TTNS(1])

.. ——— -

[IF(TSTL.GT«TST2)1DX=15SUB
DO 75, =254, ...

TSV {I+1)=1ST{L:1)

77

78

TLNG(I)=AMINL(TSTL1,T3T72)
CONT INUE :

0N 78 L=1+NST

LNG(LJ)=TLANG(L)
CONTINUE

DO 739 I=1.NST

D0 79 J=1 ,50
ISRV(I.J)=ITSV(IeJd)

79

a0

CONT INUE
SETURN
END

SUBROUTINE MERG{NS
COMMON Hlal) HV(ZI
s{32

PEAL LNG

1DX=1

DO 41 I=1,50
IB=51=-1
IRF=ISRV(1.,18) . y
DO 41 J=2,.NST (7
IF(IRF<NEISRV(J,IB})IGC TO 51 !

CONTINUE

X

i
—t

NUuM=1=-=1

IF{NUMNE «D)RETURN
NUM=25

TST=LNG(1)

DO 42 K=2,NST
,IF(LNG(K)-GE-TSLT)GO TS 42 \
IDX=K

TST=LNG{K])

42

CONT [ NUZ
BETURN
END




{r

(ot

€ THIS SUBROUTINE hUST BE USED WITH CARE : -

"SUBROUT INE INTERP(Xs¥sNsXUsF s ISLOPE)

QUADRATI
C BE MADE CERTAIN THAT NU TwO Y(I) ARE THE SAME BECAUSE WHEN THE SLDPES

JT SHOULD NOT BE USED TQ EXTRAPODLATE DATA BEGCAUSE T Q§$§ -A
APPROXIMATION AT THE EODGE OF THE ARRAY ALSO IT SHOULD

e
. ':,

1
i
]
|
|

[

E ARE CALCULATED ERROR MODE 2 C OCCUR

C INTERQPOLATES THRUUGH N POINTS ,» ISLOPE=1 ON FIRST CALL

c

CF RETURNS THE FUNCTION VALUE + USES PIECE WISE CUBIC APPROXIMATION

0onn

DIMENSION SLOPES(S12), X(SlZ)oY(ﬁlE)
IF(ISLOPE.EQ.0) GO TO 1

CALL SLOPE(X.Y+SLCPESN)

IF{XUL TeX(1)eORXUGTX(N)) GO TO 12

FINO OUT BETWEEN WHICH TwQ POINTS XU 1S

DO &4 I=2.N
J=1-1

l
1
%
!
?
i

N0

\

1a0E—=4 15 AN ARBITRARY FIGURE USED IN THIS PARTICULAR CASE

IF{ABS XU—X(I))-LT-I.OE*4) GO TO 10
IF{ABS{XU—=X(J))LTa1a0E=4) GO TO 11
IF{XUaGToX(J) e ANDaXULTX(1)) GO TO 5
GO TO a4

IF(1.EQ.2) GO %0 &

JF(IEQeN) GO TQ 7

CALL CUBIC(A-B-C:D-X(J).Y(J)oSLGPES(Jl-X(I)nY(I)-SLOPES(I))
XA=XU=X (J)

FAXXARXI+BEXAREZ24+C R XA+D

RETURN

CALL QUAD(ASBYCoX(J)a¥(J)eX (1), Y(I).SLDPES(I))
F= A% XUS €2 +BXXU+C .
RETURN

CALL GUADCA +B.CoX{T) oY (I)aXCidaY{J)+SLOPES{AL)

£ N DO

GO TO 8

CONT INUE

PRINT 9 -
FORMAT{ SHERROR) -

F=0Q.

RETURN

F=Y(I)

RETURN

F=Y{J) i i
RETURN : -

F=0 - * . - '

PRINT 3
FORMAT(5X»* WARNINGs X QUTSIDE RANGE OF POINTS®)
" RETURN _

END

2]

—
<@
m:n

TINE LLACS
(s

CATA
ICN DATA 2) .40

mm
w'b
Z'U-

.
) 1)
=1 ,KKK , °

ll'l-

{C
12

vl 2 JLLAS Ty dTAB LLLIN™J .
Yi{1

72-—10—15

=01 Oin
0 hmo
[[Katalake

deJULAST) L=0

E«JTAR) J=J+JLAST
bENX(I)

1
i
+
1
M
N *nY (1)
L

I

-l O

)
X
Y

——

JA=ZR LT ANFL -

(JB=K*JA '
Jl1=JdB=JA+]

J2=JE-1

CC 2 J3=Jled2e2

CATA(J3)=1X

21 DATA(J3+1)=1Y

CCNT INUE

000

’,A>THE REMAINING CATA ARE SET TC ZERC FCR SFPILLCVER EFFECT

JE=JE+2
EC 205 JJ=JS.LDIW

205 CATALJJ)=0.

RETURN
END,

N
/



SUBRGUT INE FERRS (ANFLIXSANPLTIY, INDEXX

*FNDISE«ASNR)
CIMEMNSICN PEI(25),SNRDE(ZE)
CO 1 M=1+ASAR

S m e e ——— e ———

sINCEXY» SNRCB +PET -

159,

=NK=

SCALE= SCRT(SARIFBCI‘E/Z-)
XX=ANPLIX*®SCALE
ABSX=ABS({XX)

CALL TTERFC(AESX.EX)
EX=EX/2

IF(INDEXXQEQ.I) EX—IC'EX
YY=AMPL IY#®#SCALE '

AOSY=ABES(YT S

CALL TTERFC(AESYLEY)
EY=EY/2»

IF(INDEXY+EQusl} EY=1.-EY
PEI (M)=EX+EY-EX*EY
RETURN

END

SUBRGUTINE CFIC L(SEANDh-FEAhCh'TF.LCIM)

CIMENSICN TF(=S12)
NH=LDIM/2
NC=LCIM/4

u*uPLGAT(RU)IFETK"W/CEARCB
La=IFIX{(Cw)
FRINT 3,SEANCW,Lw

FCRMAT(/10X+s"SEANCWS ' yFE o33 'Lw=",13/)

0 2 I=1,L0D1Iw
TF(I)=0.

CO 1 I=2,Lw "
[2=13%2

— - =
O TN T —1t0 T N 4
%l,ﬁfs“
4 1\ ey b=t 1y
s Y 3 P\) =e )
ﬁ I |
—Z e
[l Towr
leoe

dn -3

- =t

mmT

s o ] T o |
Z Z N e
T T sorvrfom PO

=t§=w\rmz EYSTRG
CIMENSICN DATA(S1
INRDE x=0

C._1 I=1,LDIM

1

n

m

LATAY =L e

LSAMP2=2%LSANEL

II=LSAMPE-1

CO 2 I=1,

CATA(I)=1,

CALL FILTcR(CATQ\TFI.2=6.LDIF)
SUM=C.

CC 3 K=1.481,2

4

TZ=RILSAFFZ-2 A
TSUM=Q, i

CC & [=K,I242
TSUMSTSUM+DATA (I .
IF(T. «LTeSLM)GC TC 2

fucwéTsun

k]

KSTART=K
CONT INUE

3€

<]

PANOER=TROEX+1

IF(INDEX.GTW1)GC TC €
NSTART=KSTART

CALL FILTER(DATA-TF:nZ‘G-LuIN)
GO TC s

LSTART=KSTART=- (hCTAFT 1)

FRINT 36.NSTART.LSTART
FCRMAT(2(SX+13))

TURN
END -




SUBREUTIRE" TTERTT

N

DIMENSION ALL10)
CATA C/1.128378
EATA A(1)4A(2)

b
-

Ne
o YN
aelld e
= (<
~Nges Qe

Me|s

*
1/Tee=0e2733J233
2=Q.75757576E~-3,
3-1.45038SSE-77/
CATA P(11sP(2
1/883.47E94,
259.2400

w >

e ldes T weld

1c

e Oths T
20 o (B =~
ellubbluy Mheld -~

a|lRe o luw

5)oAl6)eACT) A(B)LA(S)eA1C)
sleRCeYCeHClE~d

[ ]

P(é).F(?)oF(E)
27224044258

)G
CE.

(7
71

Nu

G
13

um

S£C04

Mv

"'l f'.n

9
($)
£s

LAY -EL
+=1:3227E13E=E414458G165E-€

ISw=2
IF(XeGE20+)GC TC 15

IE:;: ///,’—“\ﬁ

ao
2E

ITF{KRET « REe 2)GLC TC ET
IF(XR .Es8e5)GC TC 2¢C
Z2=1.
IF(ISWeEGsl)Z==1,

GC TC 1CO

IF{X «LE«+&7)GL TC 4%
“KRET=1

SEN=P(8)

]
<

so=a(g])

CO 30 J=147,!

I=8-=J

SN=SNEX+P (1)
CCNTINUE

CC 25 J=1.8

[=9=—4 .
SD=SC*X+G (1) AY

(1]
[3)]

40

IF{KRET «NEL1)GC TO
Z=1e~2

IF{ISWeNE 2)2=~2
GQ TC 100
IF({ISWaNEe2)2=2+=2
JIF(MECGNE Q) Z=o52g

CCNT INUE
Z=SN/SO*EXP{—=X*X)
&4

GC TC 1400
XX=X3X ™
Z=A(10)

CC SQ J=1.5
[=10-4
Z=Z*xX+A (1)
CCNT INUE
Z=CeJEX

“™

in
i

[0}
(e}

IF (KRET.NCs21 GC-TC 55
IF TISWONEOZ) i==2Z

GO TC 100

251 e=2Z ‘
GQ TC 4¢C /
IF(XLEL9.GC TC 6%

2=0.

co. TIC &G

70

IR(XeLEe«47)}GC TC 7C
KReT=2

GC TC 2¢
IF(XaGT sl «E-15)GC TC 45
Z=1l e

GCC TC 40

T3¢

RETURN
END

s “-M#‘-—_’_-———*ﬁ

b e





