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ABSTRACT

Noncoherently Combined Modulation-Coding

for Frequency Hopping Acquisitionless Systems

Md. Anisur Rahman, Ph. D.,

Concordla Unlversity

Spread spectrum systems require code acquisition for thelr operation. Prob-
lems of code acqulsitlon and some code acquisition technlques for Frequency Hop-
plng (FH) are discussed. The acquisitlon operating characterlstics are evaluated

under multl access Jamming and slngle user tone Jammling cases.

Coding 1s critical for Frequency Hopplng spread spectrum multlple access
systems. Concatenated coding can provide the desired performance. Bounds on
concatenated convolutional coding performance of Frequency Hopping multiple

access systems has been evaluated.

The performance of Frequency Hopping multiple access systems using com-
blned modulation and coding technlque (Trellis) concatenated with Reed-
Solomon (RS) codes In partial band Jamming s Introduced and the performance
compared to the one using RS outer/RS Inner concatenated codes. Noncoherent
soft detectlon of MFSK In association with trellls coding Is Introduced and the

performance compared to RS outer/ RS Inner concatenated codes.

A new spread spectrum system that does not have a separate acqulisition

state for initlal code acquisition Is presented. A uniform random varlate selects




iv

one of the few Gold codes for transmisslon thus taklng out completely the notlon
of pseudo-random codes In spread spectrum systems and making the effective
code length Inflnite, and leading to acquisitionless systems. The algorithmiec
detectlon which combines the code detectlon, with forward error correction cod-
Ing (FEC) Is another added benefit.

Throughput performance of the new acquisitionless spread spectrum system
has been evaluated and compared against the classic SS systems that require

code acquisition for their operation.
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CHAPTER 1

INTRODUCTION

1.1 Introduction

Spread spectrum (SS) signals used for the transmission of digital Informa-
tlon are distingulshed by the characteristlc that thelr bandwidth 1s much
greater than the Informatlon rate. The use of spread spectrum slgnals Is con-
sldered because they have some very good properties. Some of these are (1)
combating or suppressing the detrlmental effects of Interference due to Jam-
ming, (2) hiding a signal by transmitting 1t at a low power and thus making 1t
dlfficult for an unintended listener to detect in the presence of nolse, (3)
achleving message privacy In the presence of other listener and (4) mult! access
resulting from Frequency Hopping or code divislon. All of these propertles
came about as a result of the coded slgnal format and the wide signal

bandwldth that results [1.1].

In a radlo communlcatlons network where many radlos communicate
among themselves there must be some means of sharlng the avallable channel
capacity. This means dlviding up the overall channel Into sub-channels and
then asslgning these to radlos. A slngle recelver or a group of recelvers can be
addressed by asslgning a given reference code to them, whereas others are
glven dlfferent codes. When codes are properly chosen for low cross correla-

tlon, minimum Interference occurs between users [1.2].

Spread spectrum communlcations, long a favorite technology of the mill-
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tary, 1s now on the verge of potentlally exploslve commerclal development.
The noninterference capabllity of the spread spectrum opens up crowded fre-

quency spectra to vastly expanded use.

Demonstration projects have already been authorized by Federal Com-
munications Commission (FCC) where a new spread spectrum personal com-
munlcation network will share the 1.85-1.99 GHz band with local utilities [1.3].
Spread spectrum subscribers carrylng small battery operated handsets will be
able to dlal any other subscriber In the area as well as conventional telephone
subscribers around the world through a link to the wired telephone network
[1.3].

Many regard this and slmllar prolects as the first step towards a wireless
office, wireless cltles and a wireless world In which the non Interfering qualltles
of spread spectrum technology could vastly expand the volce and data services

accommodated [1.3].

For example, moblie cellular telephone systems, already feellng a capaclty
squeeze, 1n major metropolitan areas will be able to accept many more new
customers. Also, likely to beneflt are digltal stereo radio and pollce radar and
radlo. Many manufacturers are already manufacturing spread spectrum equip-

ment for commerclal use.

There are many types of SS systems such as Direct Sequence (DS) system,
Frequency Hopping (FH) system, time hopping (TH) system, hybrids, etc.
Where many users share a common bandwldth In a multl user system, FH
spread spectrum slgnals are primarily used. Because, for a Nghtly loaded sys-
tem, FH spread spread spectrum signals are less affected by near far problem.

In a FH spread spectrum communlcations system the avallable channel



bandwlidth Is sub-divided into a large number of contiguous frequency slots. In
any tlme Interval, the transmitted signal occuples one or more of the avallable

frequency slots as determined by a pseudo-random code generator.

For a Frequency Hop system blnary FSK (Frequency Shift Keyling) or
M-ary FSK may be used for transmisslon but M —ary transmisslon has the
advantage that more data per chip can be transmitted and a slmple recelver

format s possible.

Spread spectrum systems have certain !mmunity to jamming but smart
Jammers and mult] user Interference can severcly degrade system performance.
Moreover, M-ary Frequency Hop transmisslon Is vulnerable to Interference.
If any one of the M channels other than Intended 1s hit by an Interfering sig-
nal an error Is possible. To overcome these errors, error correction codlng
should be used. A concatenated coded scheme Is the preferred one since decod-
Ing Is performed on two or more simpler codes and the overall complexlity Is

reduced.

In conventlonal communicatlons the two primary communication
resources are the transmitted power and channel bandwidth. A general system
design objective would be to use these resources as efficlently as possible. In
power limited channels, coding schemes are generally used to save power at
the expense of bandwidth. Whereas In bandlimited channels ‘spectrally

eflicient modulatlon' would be used to save bandwidth.

In spread spectrum communlcation the channel bandwldth employed Is
much larger than that used In conventional communlcations system. Although
the bandwldth of spread spectrum systems Is large, 1t Is not unlimited and

they are llmlited by allocatlons [1.4]. In such systems It Is most often possible



to achleve the desired throughput with elither modulation techniques or coding
techniques. But Instead the Integration of a bandwidth efficlent modulation
scheme with some form of coding wlll explolt the best possible attributes of

both.

One problem with all spread spectrum systems lIs tha't they requlre
acquisitlon. Acquisition Is the process by which a SS communlications recelver
synchronizes its locally generated code (which Is a replica of the code transmit-
ted by the transmitter) to the received code. It would be productive to have a
system that does not go from acquisition to verificatlon and back and so on
and for that oblective an acquisitionless spread spectrum, namely, the

'SUGARW’ system, Is proposed.

1.2 Scope of the thesis

The alm of the thesls 1s to Investigate the effects of concatenated coding
on the performance of spread spectrum Frequency Hopping MFSK system,
particularly concatenated comblned modulation and coding technique 1a a
multiple access environment. Acquisition 1s Inherent with any spread spectrum
system. An acquisitionless system concept Is Introduced and the throughput
performance of the acquisitionless system Is compared with the conventional

spread spectrum system.

In chapter-II, some preliminarles of the spread spectrum system, acqulsl-
tlon methods and problems assoclated with the acquisition are described. The
acquisition operating characteristics are evaluated under multl access Jamming

and single user tone jJamming cases In the two cases of parallel and serlal




search schemes.

In chapter-III, codlng counter measures agalnst different Jamming

scenarlos and multl user Interference are discussed.

Previous work of some authors and literature survey of frequency hopping

MFSK under different jamming scenarlos are presented.

In chapter-IV, the performance of spread spectrum multlple access system
uslng concatenated convolutional coding Is evaluated. Because coding Is critl-
cal to the spread spectrum multlple access Frequency Hopplng (FH) systems

(both acquisltion and acquisltionless types) we search for more powerful codes.

In chapter-V, the Frequency Hop (FH) multiple access performance of
noncoherent soft detectlon of MFSK (M -ary frequency shift keylng) in assocl-
atlon with the combined modulation and coding technlique (trellls coding) 1s
Introduced and the performance compared to the one uslng Reed-Solomon

(RS) outer/RS Inner concatenated codes.

For bandlimited channels the combined modulation and coding technique
(trellls coding) has been the subject of intensive research. However, 1ts applica~
bllity has been rest-lcted to coherent PSK, PAM, and QAM systems. The
extenslon of this technique to noncoherent FH/MFSK In a multlple access

environment is the subject of this chapter.

In chapter- VI, an acquisitlonless system concept 1s Introduced.
Modificatlons necessary for application of this technique to FH/MFSK Is
descrlbed. We analyze and evaluate the throughput performance of the new
acqulsitlonless spread spectrum (SS) "SUGARW' system and compare It
agalnst the SS systems that require code acqulsitlons for thelr operations.

Acqulsltlonless SS system reallzatlon s one of the major objective of this



research.

In chapter-VII, we make the concluslon of our research findings, moreover,

we identify further research problems and extenslon of thils work.

1.3 Research Contributions

* Spread spectrum acqulsition operating characteristics have been evaluated j
under mult! access Jjamming and mult! tone Jamming cases In the two

cases of parallel and serlal search schemes a

* Concatenated convolutional code application In multiple access Frequency

Hopping MFSK and evaluatlon of lts error performance have been done.

Relation between the exponential bound parameter E, (R ) and rate R for

different levels of concatenatlon has been found.

* Combined modulation and coding application In noncoherent FH/MFSK
systems has been trled and performance of Inner combined modulation
and coding and outer RS code has been compared with RS inner/ RS

outer code.

* The architecture and baslc concepts of a new acquisitlonless system
namely 'SUGARW'’ (an entlrely new concept In spread spectrum systems)

have been presented.

* The throughput performance of the new acquisitionless system has been
analyzed and evaluated and Its performance compared to that of conven-

tional spread spectrum systems that require code acquisition for thelr

operation.
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CHAPTER II

SPREAD SPECTRUM ACQUISITION PROBLEMS, METHODS OF
ACQUISITION AND ACQUISITION OPERATING CHARACTERISTICS

2.1 Introduction

Spread spectrum systems have been found to provide the user with secu-
rity, selectlve calling, Interference, interception and Jamming rejectlon and
mult! access capablliity | 2.1, 2.2, 2.4]. The use of spread spectrum systems are

consldered because they have these good properties.

The two malin modulation technlques employed In spread-spectrum sys-

tems are
1. Dlrect Sequence (DS) and
2. Frequency Hopping (FH)

Combining these two we get a spread-spectrum technlque called the
hybrld FH/DS system. One reason for using hybrid technlques Is that some of

the advantages of the two types of system are combined In a slngle system.

In this chapter, we describe briefly both the Direct Sequence (DS) and the
Frequency- Hopping (FH) spread spectrum technlques. FH spread spectrum
technlque has some advantages over DS system and we will consider the FH

system primarily In this thesls.

One problem with all SS systems Is that they requlre acquisition. Acquisl-
tion Is the process by which a SS communlcations recelver synchronizes its

locally generated code (which 1s a replica of the code transmitted by the
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transmitter) to the recelved code [2.1, 2.2]. There are problems Inherent with
the acquisitlon which we review 1n this chapter; we wlil also review some of
the acquisition techniques commonly used. The acquisition operating charac-
teristles (l.e., the relation between the probability of false alarm vs. the
number of post detectlon Integratlon) Is evaluated under multi-access and tone

Jamming cases.

2.2.1 Direct Sequence Systems

Direct sequence also called pseudo-nolse or direct spread, 1s a system In
which a carrler Is modulated by a digital code sequence having a bit rate much
higher than the Informatlon signal bandwidth. If the bandwldth of the spread-
Ing slgnal Is large relative to the data bandwidth, spread spectrum transmlis-
slon 1s dominated by the spreading signal and is nearly independent of the

data slgnal.

Direct sequence spread spectrum systems are so called because they
employ high speed code sequences, which Is used to modulate the data modu-
lated carrler. Flg. 2.1.a and Fig. 2.1.b shows the block dlagram of a simplified
Direct Sequence PN (Pseudo-Nolse) system; the message to be transmitted can
be consldered to be first modulated on a carrler resulting In a signal with a
spectral wldth that Is proportlonal to the message bandwidth. The signal Is
then phase modulated by a code generator which has a specific code pattern.
The code generator Is a binary M —sequence generator which has the deslrable
propertles that 1t can be constructed from blnary shift registers stages and it
produces a stream of blnary digits that are uncorrelated (pseudo-random

nolse).
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2.2.2 Frequency Hopping (FH)

Frequency hopping (FH) Is a spread spectrum technique where the carrler
frequency clianges under the control of a pseudo-random user code. The
speclfic order In whlch the frequencles are occupled Is a function of code
sequence, and the rate of hopping from one frequency to another 1s a function
of the rate at which Information Is to be sent. The code sequence types are the
same as those used by the Direct Sequence system, with the exception that the
code rate 1s usually low (where Direct Sequence code rates are in the 1 mblts/s
to 100 mbits/s range, frequency hopping codes do not normally exceed a few

hundred klloblts/s)

The rate of hopping from frequency to frequency and the number of fre-
aueincy cholces In any Frequency Hopplng system 1s governed by the require-

ments placed on 1t for a particular use [2.4].

Flg. 2.2.a shows the block dlagram of a transmitter of a FH system. The
workling princlple of thls system 1s very simple; spreading of the spectrum Is
obtained by changing the carrler frequency f ¢ over the whole avallable band,

according to a pseudo-nolse sequence (PN channels).

The recelver of a conven..onal FH/SS system Is as shown 1n Fig. 2.2.b At
the rece!ver the frequency synthesizer Is drlven by a PN (pseudo-random) code
generator. The output of this frequency syntheslzer 1s mixed with the incoming

recelved signal and the recelved signal Is despread.

Frequency iicpped (FH) systems are classified Into two types called Slow
Frequency Hop (SFH) and Fast Frequency Hop (FFH) system. In the SFH the
hop time (tlme of one clock perlod) Is greater than the symbol time. In con-

trast to the SFH system, where the hop frequency band changes more slowly
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than symbols come out of the data modulator, the hop frequency band can

change many times per symbol in a FFH system.

For a Frequency Hop (FH) system blnary FSK or M-ary FSK may be
used for transmission but M—ary transmission has the advantage that more
data per chlp (spreading code symbol duration 1s referred to as a spreading
code chlp) can be transmitted and a slmple recelver format Is possible. More-
over, M —ary transmission In frequency hopping has the advantage that they

are well adapted to the use of powerful error correction code [2.4].

The FH system has certaln advantages over the Direct Sequence system.
One of the maln advantages Is the greater bandwidth spreading achlevable
with the Frequency Hopping (FH) technology. Current technology permlts FH
bandwldths of the order of several GHz, which 1s an order of magnltude larger

than Implementable DS bandwidths.

There are sltuations In which 1t s desirable to avold certaln regions of the
radlo frequency band (e.g., fadlng or narrow band Jamming), and here the FH
enJoys a distinct advantage over the DS systems. The synthesizer algorithms
which maps the k chlp PN segments Into specific carrler frequencles can be

modtfled to ellminate these bands, resulting In a discontinuous spectrum.

The advantages and disadvantages of the FH/SS systems are summarized

below.
advantages
Greater amount of spreading
Can be programmed to avold portlons of the spectrum

Relatively short acquisition time
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Less affected by near far problem for lightly loaded system
disadvantages

Complex frequency synthesizer

Not useful for range and range rate measurements

Error correction required

The desirable properties of the Freauency Hopping outwelgh its disadvan-
tages, and this 1s the reason for us for malinly considering the Frequency Hop-

ping system In this thesls.

2.3.1 Problems of Acquisition and different methods of acquisition

The problem of synchronization In the spread spectrum context s that of
aligning the receiver’s locally generated waveform, which Is used to demodu-
late the Incoming signal with the spreading modulation superimposed on the
iIncoming signal. Synchronization problems In spread spectrum communlca-
tlons systems have much more effect on the system performance than In a clas-

sic digital communlcations.

Pseudo-random codes have typlcally been used for DS, FH and time hop-
ping spread spectrum (SS) systems. It was not possible for a SS recelver to
synchronlze to a completely random spreading code and the acqulsitlon stage
emerged as the most !mportant component In the system [2.5). Acquisition
time ranges from mtlliseconds to few seconds In both military and civillan sys-
tems [2.8]. Moreover, the Inconvenience of plugging In the (time of the day) In
some secure systems make such systems Inappropriate for real time or short
misslon time applications. Even If these waveforms were synchronized at some

previous time and the clocks were Independently malntalned, normal
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tolerances in equipment parameters would allow them to become misallgned

after some time.

Additlonal discrepencles can be introduced by propagation effects such as
In multlpath transmission, Doppler shift when there Is relatlve motlon between
the transmitter and the recelver Is another source of error. Successful Jamming
of the recelver durlng code acquisition mode is 2 major threat for any spread
spectrum system, and subsequent data modulatlon wlll not be possible in
many Jamming scenarlos. FH systems are particularly vulnerable In this sense,
and this Is true of appllcations where communication between spread spectrum
users (such as moblle radlo unlts) Is bursty and Includes large perlod of silence.
The comblned effects of these factors produce uncertalnty at the recelver

about the timing and frequency of the Incoming signal, l.e., acqulsition[2.4].

The synchronizatlon process is often consldered to be composed of two
parts; acquisition and tracklng. Acquilsition Involves a search through the time
frequency uncertalnty and a determlnation that the locally generated code and

the Incoming code are closely enough aligned.

Tracking Is the process of malntalning the allgnment of the two slgnals.
This 1s usually accomplished using some type of feed back loop which also

serves to reduce allgnment error remaining after the acquilsition process.

Specific synchronizatlon requirements depend largely on the Intended
applicatlon, l.e., where the transmitter continuously emits the spread spectrum
signal. For example, acqulsitlon of a ranging slgnal or of a continuously operat-
Ing llnk are different from sltuations where the communlcatlons are bursty or

Intermittent. and characterlzed by frequent perlods of radlo silence.

Many acquisition technlques have been developed up to now. The recent
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development In device technology, l.e., Surface Acoustlc Wave Devices
(SAWD), Charge Coupled Devices and large scale Integrated circults together
with the ac*rances in the acquisition techniques has resulted In the reduction of

the mean cculsitlon time, but the notlon of acquisition mode still remalns

there.

Though In the systems we propose in this thesls (chapter-vi) we do not
have an acquisitlon mode, we stlll use some matched fliters to indicate how the
local code s offset from the recelved code epoch, In which case we use this
Informatlon efficlently while data bits are demodulated parallel In time. For
the purpose of analysis the results of few acquisition technlques will be needed

and 1t wlll be Instructive to review some of these FH acquisitlon technlques.

2.3.2. Acquisition Techniques for DS and FH Receivers

Acquisition Is the process by which a spread spectrum communication
recelver synchronizes its locally generated code (which 1s a replica of the code
transmitted by the transmitter) to the recelved code [2.1, 2.2]. This synchroni-
zatlon s usually accomplished In two stages. Inltlally a coarse allgnment of
the two PN signals Is produced to within a small (typlcally less than a fraction
of chip) resldual relative timing offset. This synchronizatlon Is accomplished by
generating a local replica of the PN code. In almost all the PN acqulsition
techniques the recelved and local PN slgnals are first multiplied to produce a
measure of correlation between the two. This correlation measure 1s tuen pro-
cessed by a sultable detector and search strategy to declde whether the two
codes are In synchronism and what to do If they are not. The dliference
between the varlous schemes depend on (1) the type of detector used which in

turn 1s dependent on the form of the recelved signal and (2) the nature of the
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search algorithm which acts on the detector outputs to reach the final verdict.

All of the detector structures of Interest make declslons based on a thres-
hold comparison test of one form or another. A classificatlon of detectors for
PN acquisitlon depends on whether they are of fixed or varlable Integration
time type. Fixed Integratlon time type detectors can be further subdivided Into

single dwell [2.7, 2.8] and multiple dwell types [2.9].

Following a threshold exceedance of the first dwell output, the additlonal
dwells In combilnation with threshold testing are used In accordance with a
verificatlon algorithm to produce a final declsion on whether the code phase

posltlon under test corresponds to true synchronization [2.2].

Several technlques have been proposed for minimlzing the mean acquisl-
tlon time In spread-spectrum communicatlons. Among those currently attract-
Ing Interest are the multlple dwell and parallel acquisition methods [2.9]. A
parallel bank of fliters each searching In one segment of the uncertainty reglon,

Ylelds a smaller acquisition time but requires an expensive deslgn of fllters.

In the following we w!ll briefly revlew some of the technlques commonly

used for coarse acquisltion of Frequency Hopped SS silgnal.

2.3.3 Acquisition of Frequency Hopped receivers

Coarse frequency synchronlzation Is the process by which the local gen-
erated hop sequence iIs allgned with the recelved hop sequence to within a frac-
tlon of a hop Interval. This acquisitlon process 1s normally thought of as belng
accomplished In two steps. First, the degree of allgnment 1s determined.
Second, the correlatlon measure 1s processed by a sultable detector and
decislon/search algorithm to declde whether or not to continue the search. If

at any polint the search terminates the coarse frequency acquisition 1s assumed
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to have occurred.

2.3.3.1 Serial Search Techniques with Active Correlation [2.2]

The serial search acqulsition system Is lllustrated In Fig. 2.3. In this sys-
tem the recelved slignal 1s mixed with the output (hop sequences) of the FH
synthesizer. The frequency synthesizer 1s driven by a PN generator and the

epoch of the PN generator Is controlled to continue the search for getting

acquisition. The result of the muldpller (correlator) Is passed through an IF

filter followed by an energy detector. Integration of the energy detector output

after detectlon produces a signal whose mean value 1s zero when they are par-

tially or fully alligned. Now, whether to continue the process or not depends on

the results of comparison of the results of Integratlon with a threshold (preset).

Fig. 2.4 shows the sequence of frequencles Indicating the difference signal
from the mixer when the recelved and local hop signals are not aligned by less
than a single hop Interval. Where 6f indlcates the composite frequency error
less than the hop spacing and 7 Indlcates the timlng offset between the
recelved sequence and the synthesizer sequence with magnitude less than a hop
Interval T,. The slgnal component of the IF fliter output will conslst of
m =T, /T, bursts of sinusold T} -7 In each symbol Interval T,. These m
bursts are all at the same frequency but have random phases which are

Independent of one another.

A measure of the lack of coarse time synchronlzation can be obtalned by
separately combining the energles detected 1n each hop Interval at each of the
M possible MFSK frequencles and then choosing the largest of these m —f old
diversity combinations. Since this selection Is made only once per symbol

Interval, post detection accumulatlon (over say Nppy symbols) is required, the
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result of which Is compared with a preset threshold to determine whether or

not to continue the search.

2.3.3.2 Serial Technique with Passive Correlation (matched filters)

An approach for demodulation of a spread spectrum signal Is to employ a
filter matched to the Incoming sequence. The rapld search capability of serlal
search scheme with passlve correlatlon can be realized In FH recelvers. A block
dlagram of optimum matched filter for detectlon of Frequency Hopped slgnals
Is shown In Fig. 25. A sequence of m consecutlve frequencles
J 1 [a .o [,y within the overall hop sequence Is chosen as the sync. pat-

tern to which the recelver trles to match Itself [2.2, 2.11].

The ith arm of the device contalns a mixer (which has 1ts one Input a
CW tone at frequency F;=f;+/,), 2 bandpass llmiter centered at [, a
square law envelope detector Integrator and delay. The recelved FH signal Is
simultaneously milxed with these m frequencles (shifted to IF) and the result
of each mixture Is passed through a noncoherent demodulator (band-pass fllter
and square law envelope detector). The outputs corresponding to the energy
In successlve hop Interval correlatlons can be formed and tested agalnst a
threshold. When the input sequence [ ,, f,,....,f,, has Just passed through
the recelver matched filter, the above sum wlll have its maximum value.

It can be seen that the complexity of the Implementation grows propor-
tlonately with the length of the sequence to be detected. It Is because of thils
that actlve correlation Is often used.

Comparlson of actlve correlators with matched flitering shows that there

Is some Initlal Increase In complexity In golng to the structure (a Frequency
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Hopper and PN code generator) compared to an active correlator but once this
Investment 1s made the complexity of the Implementation will not grow In pro-

portion to sequence length.

2.3.3.3 Other FH Acquisition Techniques

A scheme combining the rapld search capablllty of passive correlation and
the declslon rellabllity of actlve correlatlon was proposed by S. S. Rappaport
and D. L. Schilling and later compared with the more conventlonal FH acquisl-
tlon technlques in [2.12]. Such a scheme was used In the ground moblle radlo

environment.

In such a system at the on set of a transmission prior to message
transmlsslon, the user sends a leader consisting of several repititions of the
hopped carrler patterns. Each of the hop patterns begins with a specific short
segment (say m hop long) referred to as the sync. prefix. A passive correlator
(m —stage ) matched filter Is used to detect these short m hop preflx and gen-
erate a code start sequence for those Intervals In which 1ts declsion threshold
exceeded. Noncoherent detectlon and post detection Integration over these
k-hop Intervails produces an output which Is compared agalnst a second thres-
hold. If this threshold Is exceeded the test termlnates and sync. acquisition is
declared. Otherwlise the actlve correlator 1s agaln made avallable to the com-
mon bank. If all actlve correlators are engaged (none are 1dle) when a code

start silgnal occurs, then this signal s ignored.

Estimatlon from the recelved slgnal the state of the linear feed-back shift
reglster that generates the local PN code can also be applied In FH/SS sys-
tems. Estlmatlon of the recelved frequency over say 7, successive hop inter-

vals requlires a form of sequentlal spectral estimatlon. In FH/SS an estimate of
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the frequency In a single hop Interval provides Information about the entlre

state of the LFSR [2.13].

In autoregresslve spectral estimation acquisition technique [2.14] the sam-
pled recelved slgnal plus noise Is modeled as an autoregressive process, thus
allowing ldentification of the Instantaneous frequency of the signal by algo-
rithm developed by Elhakeem and Gupta [2.14]. This technlque Is highly

vulnerable to narrow band Interference.
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2.4.1 Operating Characteristics Under Multi Access Jamming (under

both serial and parallel searches)

In this sectlon we evaluate the acquisition t operating characteristics Py
and Ppq of a spread spectrum SS system In terms of systems parameters
under mult] access and single user multitone Jamming sltuations. We assume
that there 1s no Doppler present and we treat the two cases of classlc serial
code acquisition [2.7] and matched filtering technique [2.15]. This evaluation 1s
necessary for data throughput comparison purposes with the conventional sys-

tems (In chapter- VII).

'The serlal search acquilsltion system Is descrlbed In sectlon 2.3.3.1 and
Illustrated 1n Flg. 2.3. In this scheme the recelved FH signal Is multiplied in a
mixer with the FH syntheslzer output (hop sequence) determined by a PN gen-
erator. The epoch of the PN generator Is serlally stepped for determining
acquisition. The result of the multipller Is passed through an IF filter followed
by an energy detector. Integration of the energy detector output after detec-
tlon produces a slgnal whose mean Is zero when the recelved and local codes
are not allgned and non zero when they are partlally and fully aligned. Com-
paring thls signal with a preset threshold allows a declslon to be made as to

whether or not acqulsition has been arhleved.

In the single user case, the Input to the square law envelope detector (FMg.

2.8) for the case when there Is a slgnal present can be expressed as

z(t) = s(t)+n(t)=v24 cos(wyt +8)+V2n, (t )eos(wyt +§)

1 Our system does not have a separate acquisition state, we introduce this analysis only
for comparison purposes. Even in the parallel matched filtering technique that we use in
our system all code epoch evaluations are done in parallel with data demodulations.
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V21, (t )sIn(w,t +¢) (2.1)

= V2R (t )cos(wot +¢+4(t )),

n, (1)

R(t)= /(A +n,(t))>+n2(t); 6(t) = tan"l(—"'A . (1)

) (2.2)

In eq. (2.1) A Is the rms signal amplitude and n, (¢) and n,(t) are band
limited, Independent, low-pass zero mean Gausslan nolse process with varlance
o® equals NoB /2, where N, Is the single slded nolse spectral density and B Is

the noise bandwidth of the bandpass fllter.
The output of the square law envelope detector in response to the Input

z(t) Is glven by
Y(t)=z¥t)=R*t )=(A +n, (¢)*+n,%t)
If we conslder the multiple access Interference effects in additlon to the
Gausslan nolse In the envelope detector (assuming that the llke user Interferers

have the same power as the desired signal). In that case the pdf's are given by

the followlng equatlions,

For the case when there Is a slgnal present [2.2],

(Y T —2Y ;
2(0%+0 (1)) el (2(a2+af(i TR 0(2(2(0’2-|~<7f(i ») v =0,
p(y) = o otherwise
(2.3)

and for the banks not contalning the signal

1 o K}

—exp( )
200°+0f(i))  2Ao*+of(i) y >o,
p (y ) = 0; otherwsise

(2.4)
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where af(i ) represents the equivalent total variance of j users hitting the

t -thy bank

For an M —ary system we analyze the pdf sltuatlons In each bank
separately and then group those densltles according to the (maximum of) decl-
slon rule followed at the M-ary demodulation agaln for the purpose of code
acquisition. And assuming first the out of sync condition (r > T, ) then the
mixer output 1s noise only plus multl access Interference and the M non-
coherent demodulator outputs have the probabllity denslty function as glven

In eq. (2.4) (l.e., found for square law envelope detector under no signal pres-

ence).

For the ldeal In sync condition, l.e., when the timing error 1s equal to zero
( =df =0) the demodulator outputs contalning the deslred signal Is glven
by eq. (2.3) and the (m —1) demodulator outputs will be represented by eq.
(2.4).

If Y, denote the random varlable corresponding to the largest of the M-
noncoherent demodulator outputs at the 1-th sampling Instant then the pro-

babllity density functlon of Y;* under nolse only situations In all banks Is glven

by
Y = =4 [T P (%)
gn(Yi) = dY,-*[,-l;Il N (Y]
M
= p (Y ]I Pn;(Y)
= M
+Pn (YYD o (YD) TT Prw (i %) (2.5)
j=2 k=1

k#]
Where the CDF of Y* Is
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y’
Py(Y*)= [pn(y*)dy*

Y‘
= 1-exp 20?10 }"(i % (2.6)
M v Y «Y"

v (Y = Soe I -e™ ) (2.7)

=1 (o

Where
_—T1 _

T e F) @8

Under the slgnal presence condition (l.e., recelved and local codes are
allgned) the CDF of one of the M demodulator banks Is glven by

Y.
Psn(Y*)=[ ps n(y*)dy’
0

YI

1 _ y N
ey ™ [ 2+ F (1) }

-

I A— e dy?! )
X 0(2\/ e (2.9)

and pdf of the maximum of the M banks Is given by

* M -a, Y,
9sin (Y )= psen(Y]) | TT(1-e7 )
A

M M .
+Ps N (YD) | Daie P IT (-e® 1) (2.10)
£ =2 J=1
JF#EE

Evaluations of these Integrals In closed form were not feaslble so we had

to take recourse to numerlcal Integration. In order to evaluate the operating
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characteristics of the serlal acquisition system, we need to determline the first

two central moments of Y; . For the in sync. condltion as

o0
psan = [ Vs on(Y) dY/ (2.11)
-0

And for the out of sync condition

py = [ Yoy (V) dY” (2.12)

—00

The 1n-sync and out of sync variances of Y; are given by

odn = (Yiin-#isnN (2.13)
o =(Y& — nk (2.14)

Post detectlon accumulation of Y,-* produces approximately Gaussian

(N, large ) random varlable

Z* = 2 Y,'* (2.15)

which when compared with the threshold n* glves the false alarm proba-

billty,
(o] * 2
1 (Z*—=Nyin)
PFA = f > exp 2 dZ‘
n* /2rN, of 2N, 0y
=0 Np by =0(p (2.16)
Nh o

The system operatlng characterlstics can be written as

(2.17)
oN

{ OS+N




i

31

The next step Is to evaluate In each bank the mean and varlance of the
acquisition detectlon varlable under each jJamming scenarlos (certaln number
of Interferers B,, B,, B, B, In each bank, le., certaln af(i ) and the mean
and  the varlances are conditional, tle, (uy |B,,B,BgsB),),
(#s+n | B1,ByBg,B)), (of | B1,ByB3,B ), and (c§.n | B1,B2.B3,B,))

Now, to average over all these scenarlos the multinomial probabllity of
having B, Interferers In bank 1, B, In bank 2,...., etc., is given by (assuming

Independence of the conditlon of Interference in all filters)

P(BLBBB) = 11 (5 | (GO a5 ey

=1

where B, B,, B;and B, denote the numbers of the Interferers In the
four banks In the system (assumlng an M —ary system of M =4), U represents
the max!mum number of Interferers per bank.

We average the conditlonal means and varlances over all Jamming
scenarlos (glven by the above multinomilal probabllity) to find the average
mean and varlances of the detectlon varlable, l.e.,

U U U U
iN=3% X X ¥ P (31,32,33,34,))(u1v 131,32,33,34)

B=0 Bg=0 By,=0 B,=0

U U U U
BsaN= 3 3 2 (WP (31.32.33,34.))(115 +N I BszvBaqu)
B=0 B3=0 B,=0 B,==0

M«
Mo

v U
K=y X

B=0 Bs=0 B,

(P (BB ,B 3B y))of | B1,ByBg.B,)
0 B;=0

U U U U
din=Y ¥ 2 % (P (BB 3B 3B ))oé.n | ByB,,ByB,)
Bq=0 Ba=0 Bg=0 Bl=0
(2.19)
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we replace the average values of means and varlances In eq. (2.17) by
these given by eq. (2.18) to get the average Pp and Pp, over all statlstics.
That 1s because the false alarm probabllity Pp, of eq. (2.17) are based on
specific mult! access Interference scenarlos In the M filter banks (but could
also represent single user case in an evident way). N,, represent the number of
avallable Frequency Hop tones and 1/N, 1s the probabllity of hitting any
bank by llke user Interference. Probabllitles of false alarm Ppy vs. N, (Pp
belng a parameter) has been plotted In Fig. 2.7 assumlng that all the multl

access users have the same power,
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2.4.2 Operating Characteristics Under Single User and Multitone
Jamming or Equivalently { Partial Band Jamming (both serial and

parallel search cases)

The multiple tone jamnmer Is the tone equlvalent of the partlal band nolse
Jammer and 1s most eflectlve agalnst FH systems. We assume an intelligent
Jammer that has knowledge of the form of data and spread spectrum moduls-
tlon, Including such items as data rate, spreading bandwidth and hop rate, but
no knowledge of the code for determining the spectrum spreading hop frequen-
cles. The total Jamming power 1s divided Into ¢ tones. The task of the Jam-
mer Is to choose ¢ and the tone spacing such that the recelved bit error Is

maximized [2.1}. The number of tones hitting the system Is glven by

J
4% =5 (2.20)
where J 1s the Jamming power and P 1s the signal power. The total spread
spectrum transmisslon band W contalns W /W,; FH bands so that the proba-

billty that any one of the M transmisslon bank Is hit Is glven by

(2.21)

The final value for Pr4, Pp 1n this case are determlned still by eq. (2.17)
where 1y, #s+N » OF and o,y are the average means and varlances of the
detectlon varlable averaged over the multinomlal probablilty of eq.(2.18)
except for replacing 1/N, by p of eq. (2.21) and U by ¢ of eq. (2.20) and

B,, By, B;and B, denote the number of tones hitting the four banks of the

+ Partial band jamming Is translated into and and approximately equal in effect to a set
of multi tone jamming.
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system.

Probabilitles of false alarm Ppy vs. NV, (Pp belng a parameter) has been plot-

ted In Fig. 2.8. The dwell time 7, (affecting eq. (2.17)) In this case Is glven by

N, p = (2.22)

where 74 Is the Integratlon time per sub code, T} Is the hop time. LN, T}

equals the total code length (one code length contalns several sub code).
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CHAPTER 11

CODING COUNTER MEASURES FOR FH/M-ARY FSK
MULTI ACCESS SPREAD SPECTRUM COMMUNICA TIONS

3.1 Introduction

Spectrum spreading produces large system performance Improvement by
spreading the Jammer power over the full spread communication bandwidth.
But smart sophlsticated Jammers can severely degrade the system performance
of the spread spectrum system [3.1], [3.2]. In the most effective Jamming stra-
tegles all Jamining resources are concentr..ted on some fraction of the transmit-
ted symbols, although a small fractlon of the data may be hit, those data may
suffer a high conditlonal error rate and the demodulator output error occurs In
burst. Moreover, to any spread spectrum transmitter/recelver palr that lIs
communicating In a network of radlos, other spread spectrum slgnals can be
collectlvely regarded as a Jamming signal each such llnk should be able to
achleve rellable communications with thls unintertional mutual Interference
[3-2]. An effective counter measure against these forms of Jamming Is to use
the error control redundancy [3.2]. Evaluatlon of the coded error probablilities
(3.3], [3.4], [3.5] for antl)am communications systems shcw that gains of the

order of 30-40 db can be obtalned over uncoded systems.

In a FH/MFSK system when the Jammers optimize thelr system parame-
ters based on thelr assumed knowledge of the FH/MFSK target, the resulting
performance degradatlon can be severe, particularly at low error probabllities.

To counteract this threat, the FH system must Incorporate some coding redun-
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dancy.

There are several Issues that arise when consldering coding for spread-
spectrum communications [3.8]. One Issue Is that whether or not the decoder
knows If the recelved slgnal has been Jamm~d or not. In analyzing these coded
systems the use of a detectlon metric that assumes that the recelver can deter-
mine with certainty whether a glven hop 1s Jammed Is called the perfect Jam-
ming state knowledge or side inf ormation. The decoder knowing and using
these side information can Improve the performance compared to codlng

wlithout side information.

For a h.gh performance system In benlgn and hostlle environment 1t 1s
desirable to provide rellable communlications with a cholce of coded transmis-
slons. A concatenated coded scheme 1s the preferred one (for a given code
length) since decodlng Is performed on two or more simpler codes. Rellable
communication Is achleved with a decoder whose complexity grows algebral-

cally rather than exponentlally with block length [3.7].

In this chapter, we revlew some of the previous work on the performance
of codes under different Jamming scenarlos, multl-access Interference, fading,
etc. We cautlon the reader that our intentlons are to evaluate codlng perfor-
mance bounds rather than generation of new code types or discussion of thelr

algebralc propertles.

3.2 The performance of some coded systems

The performance of a coded system In most text books and papers has
not been derived In a closed form error rate expresslons. In most of these
cases Chernoff bounding technlques has been used [3.5, 3.8, 3.9, 3.10, 3.11).

The accuracy of these bounds rer-alns a source of concern and ralses concern
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about thelr credibility [3.12, 3.13). In the literature the effectiveness of varlous
block, convolutional and concatenated codes for FH/MFSK system In partial
band nolse 3.5, 3.10, 3.11, 3.13, 3.14] has been determined. It has been deter-
mined 1n the lterature that RS codes alone do not provide sufficlent redun-
dancy to produce acceptable FH/MFSK performance In worst case Jamming
{3.10, 3.14]. The next recourse Is to concatenate RS outer code with a sultable
Inner code usually RS or convolutional code. Selected combinations of (n,k)
and the concatenated scheme show significant performance Improvements over

the dual k or RS codes alone.

Miisteln, Davidovicl and Schilling [3.14] compared the performance of
varlous forward error correction techniques to binary FSK and M —-ary FSK
over a Rayleigh fadlng channel In the prescence of pulse burst jammer [3.14].
They used both blnary and non-binary codes as well as concatenated codes
consisting of elther block or a convolutional Inner code aaxd RS outer code.
They found that, when RS codes alone are used with blnary FSK modulation
It was not powerful enough to achieve the deslred performance (10‘5). Multl-

access Interference was not taken into constderation.

Torrler] evaluated the performance analysls of FH/MFSK agalnst partial
band Jamming [3.14]. The effects of RS, blnary block and convolutlonal codes
were analyzed. He found that the non blnary modulation and RS coding does
not appear to be advantageous. Bilnary FSK with convolutional or con-
catenated coding offers a simpler implementation and superior performance
[3.14].

Stark Investigated the performance of codes in a FH/SS system with par-
tlal band Interference [3.5]. He also found the galn achlevable when the use of

stde information In decoding 1s used. He tabulated the values of E, /NJ-
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necessary for bit error probabllity of (107%) for soft declslon with
side information and for hard declslons both with and without
stde information. When side tnformation 1s avallable, the difference
between hard and soft declslon 1s 1 db. He found that the difference between

hard declsion with and without side inf ormation varles conslderably (3.5].

Pursley and Stark studled the performance of a FH blnary and M —ary
system under diversity transmisslon, RS coding and parallel error correction
and erasure correctlon decodlng In partial band interference [3.14]. They
found the SNR (E, /N;) that is required to achleve a specifled blt error rate as

a function of p (partlal band Jamming factor) for two different codes and varl-

ous dlversity levels.

A common characteristics of the work described above 1s that although
the effects of combined jamming and fading or comblined other-user Interfer-
ence and fading on FH/SS systems have been studled, the effects of comblned
hostile and other user Interferences have not been investigated. A comprehen-
slve analysls of a FH/SS systems with blnary or M —ary FSK modulation
which employ forward error control (FEC) codlng and operate In a combined
partlal band nolse Jamming, other-user interference, Rlclan nonselective fad-
Ing and addltlve white Gausslan nolse (AWGN) environment was conducted

by Geranlotis and Gluck [3.8] which we describe In the next sectlon.
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3.3 Performance in the Prescence of Partial Band Noijse Jamming,

Rician Nonselective Fading, and Multi Access Interference

Geranlotls and Gluck [3.8] made a detalled analysls of combating com-
blned Interference In SSMA (spread spectrum multlple access) FH/MFSK sys-
tems [3.8]. The Interference environment consisted of partial band noise Jam-
ming, non selective Riclan fading, other user Interference and thermal nolse.
The authors evaluated the maximum number of users that can be supported

by the system as a functlon of p keeping E, /Nj fixed.

In the following we describe some of the codlng schemes considered i
Geranlotls and Gluck In thelr work. In particular, 3.3.1) Reed-Solomon (RS)

codes, 3.3.2) repetition code

The FH/SSMA system considered was that of [3.11] In a partial-band
Jamming and Rlclan nonselective fading environment. MFSK data modulation
with noncoherent demodulation with slow Frequency Hopping (SFH) was con-
sldered. The partlal-band nolse Interference s the one commonly used In the

literature.

The nonselective Riclan fading channel model 1s that of [3.15] and [3.18].
The recelved signal conslsts of a nonfaded component and an attenuated faded
component. The probablilty of error of an M-ary FSK wlith noncoherent
demodulation Is glven by

-m §(n)

M—l (_l)m +1
) m +1+m B(n) exp[ m +1+m B(n)

M-
Peu=3 ( m

m=1

(3.1)

where B(n)=A(n)/(1+7732), én)=A(n)/(1+7?). A(n)=E, log,M /n 1s the
recelved signal to nolse ratlo. 72 Is the ratlo of the expected relative strength of

the scatter component to the strength of the nonfaded component. =0
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implles that B(n)==0 and &§n)=A(n), so that the Riclan fading channel becomes
an AWGN channel. Simllarly, v°==c0 Implies that f(n)=A(n) and §(n)=0, so

that the channel becomes a Raylelgh fading channel.

3.3.1 Reed Sotomon Codes [3.8]

RS code has a large minimum distance. It can correct burst errors as well
as random errors and the lmplementation Is economical for the performance
attalnable [3.7], and they are relatlvely stralght forward to lmplement. RS

codes are usually taken as the outer code. The followlng three cases were con-

sidered 1) error correction, 1) erasure/error correction, and W1) parallel
erasure/error correction. In case 1) there Is no Informatlon about the state of
the channel, and thus, the RS decoder only attempts to correct the errors. In
case 11) it was assumed that channel monltoring provides Informatlion about
the state of the channel which can be used by the RS decoder to erase the
symbols which are subjlect to heavy Interfereuce. In this case the decoder

attempts to correct the erasures and the few errors due to thermal noise.

(n, k) RS codes over GF (2"'") are employed, there are m M -ary sym-
bols 1n each RS symbol and each M —ary symbol contaln k& bit. For case 1) the

probability of symbol error for uncoded system was upper bounded by
p, < 1-(1-P Y D[(1-p)(1-P o)™ +p(1-Pjo)™ | (3.2)

In (3.1) P, denotes the probablilty of hit from another user (1.e., both
users use the same frequency for the part of thelr dwell times. The probabllity
of a hit for any RS symbol and M ~ary FH/SS asynchronous system has been

shown [3.9] to be upper bounded by

—(1+-T L .
P, =01+ N, )q (3.3)
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(the m In the numerator Is due to the fact that each RS symbol contalns
an m M-ary FSK symbols, and thus 1t 1s more likely to be hit than a single
M-aery FSK symbol); ¢ Is the number of avallable frequencles, N, 1s the
number of symbol per hop. The probabilitles P, and P 7.0 1n (3.2) denote the
error probabllities of an M-ary FSK system with noncoherent demodulation
disturbed by AWGN of one slded spectral densltles N, and (N0+.Nj /P),
respectlvely. Thus Po = P, py(No) and Pj o= P, pr(No+ N; /p), where
P, p1( . ) 1s defined In (1). In (3.1), (1-p)(1-Po)™ + p(1-P; o)™ 1s the proba-
bllity of no error due to Gausslan nolse In an M —ary symbols (after averaging
over partlal band jamming); (1-P, )K Is a lower bound on the probability of
no error due to any of the other K -1 users.

When decoding of RS codes with hard declsion Is employed, the symbol

error probabllity of the coded system Is glven by

n y . [}
P,,= % L ) pia-p, ) (3.4)
j=t+1 "

where t = |(n -k )/2] 1s the error correction capablllity of the RS (n, k)
code. Eqn. (3.4) I1s valld when all the RS symbols In the same hop (dwell time)
are subject to Independent errors and serves as an upper bound for the M —ary

symbol error probabllity of the coded system.

For case 11) the probabllity of an erasure Is
€ =p+ [1-Q-P)5 1 - p[1 - 1-P, YK (3.5)

In thelr work It was assumed that the decoder erases a symbol If the Jam-

mer Is present and/or if interference from other users Is present. The probabll-

Ity of a symbol error Is
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ps = [1-(1-P )" (1-¢,) (3.6)

since (1 - ¢, ) Is the probabliity of no Interference from the Jammer or
from other users, and (1-(1-P,)™ ) Is the probabllity of error due to the ther-

mal nolse alone. In this case, the probability of a RS symbol error at the

decoder Is
n n -l : .
+l(ny(n- ; -
Pc,s=2 > 'J_'_(J) ( [J)palfal(l'l’a —€4 " I-J (3.7)
I=0j=c-2l+1n N
j20 =

In case 1) parallel erasures/errors decoding algorithm (Appendlx 3A)
[3.11] 1s applied. When the number of erasures Is less than or equal to
e =n -k, the erasure correctlon capability of the code the contribution to the

decoder’s error probabllity Is

e e (g
Poo= 3 (Mefa-er T L (M) PLa-Pr I (39)
j=0 n | =0

l+j<nn

where ¢, was deflned .a (3.5) and P, Is the error probability of an M -ary

symbol due to thermal noise.

In (3.8), 7 Is the number of erased symbols, n—7 Is the number of sym-
bols that were not erased, and [ s the number of symbols out of those last

n—-j symbols that resulted in a recelver error due to the thermal nolse alone.

‘When the number of erasures Is larger than e =n-k the contributlon to

the decoders error probabllity becomes

n
n . _;
Pe,a;2= Y, (J) €/(1-€, )
j=e+1
j ﬂ—j ll+l2
by
ll=o n12=n—l,
t—l_<_h+l22

- [,{] pla-p) " [ ";;j] Pg(1-Pg)" i

(3.9)
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In (3.8), p denotes the probabllity error given that there is partial-band

or multlple access Interference and 1s glven by

5= (1P, "] 4 21
P = l-0-Pj " + —(-—0) (3.10)

where ¢, denotes the probabllity of belng nolse Jammed but not hit by
other users, and ¢, denotes the probabllity of belng hit by other users and are

glven by

e, = p(1-P, YK ! (3.11a)
€, = 1-(1-P, )K-1 (3.11b)

In (3.9), 7 I1s the number of symbols In an RS codeword which are subject
to elther partlal-band Interference or multiple-access Interference, whereas
n -3 1s the number of symbols subject only to AWGN. Then [ , out of 7 sym-
bols which are subject to Interference are recelved In error, whereas J-l, are
not: and [, out of the n—7 symbols subject to only AWGN are recelved in
error, whereas n-j3-l, are recelved correctly. The decoder commlits an error
when the total number of errors [,+[, exceeds ¢ the error correction capabil-
Ity of the RS code. Finally, the total error probabllity at the output of the RS

decoder Is glven by P, , = P, ,., + P, , ,.

In Fig. 3.1 E; /N; Is plotted versus p for a Reed-Solomon RS(64, 32) code
(rate 1/2 ) with elther error-only or parallel erasure/errors decoding. The
values of the system and channel parameters are P, =102, K =5 E; /N,
= 12 db, and the relatlve power of the component of the Rlclan channel .72 1s
varylng [ 22 = 0 (AWGN), 0.01, 0.1, 1 and 10]. In the same figure It can be

noticed the Improvement that the parallel erasure/error decoding scheme



Fig. 3.1.

Fig. 3.2.

(am) g0 f

i
] :
i |
|
e——— grvOrs-only decoding
[T paraliel decoding
|
i
12-.1
| 12-.01
] [ 0 eerm b s vn s oo smmr s nn St s semmmnom 30m .- qz-O et i § o . e —— > -
f
t
ol N SN . P ——
0.0 .20 .40 .60 .80 1.0

[}

Minimum E,/N ; Tequired for P, = 107 versus p for asynchronous
FH/SSMA communications employing RS (64, 32 ) codes with error-
only and parallel erasure/error decoding
(@ =100,N, =12,M =8,m =2,E,/N, = 12db, K = 5); Rician fad-
ing channel with varying 72 [3.8].

50
> i ' l
. i |
i . !
q0! | ! }
[ | | '
E | ' /
[ i ; . /
30 4 s e e
L 1 ¥ -/
+ N /
X i "
f -
l 2 [
i Y= L
T R !
l ,cr(z)/,,_f:l- .................................
b e T T e e
? [;/.'2.0 72-_1 ________________________
NI T e S
’cr(sz)/" veo
i
i .
[} A A R I N P S A I T i et —
0.0 20 .40 60 8o 1.0
P

Minimum E,/N; required for P, = 10 versus p for asynchronous
FH/SSMA communications empfoying RS(32, 8) codes with parallel
erasure/error decoding over various GF(M™ ), with corresponding
M—-ary FSK modulation (¢ = 100, N, = 10, E,/N,=20db,X = 5),
Rician fading channel with varying ¥ [$.8].



49

b1 2% N g e e S e I s S A O R N R N TR B IR LN B B e
: ARSI RARAS RRA) RAAAY RARANRARAS RERRY RARA"

:— A ls(Ji.li). egror-only decodingtdiv. & _:

o xt R$(32,16), parallel decoding =

20,0 [ ) —

L ©1 RS$(32,4), error-only decoding 4

E_ . D; rS(32.8), error-only deceding I

- A : RS(32,16), error-only decoding 3

C - 3

ol . —

15.0 o ) n

atd a _:

Fousf * . =

E . E

10.0 [~ . —

> o [ :

ol * 3 ] -:

Fo . 04

E o o s ocooopDoO

5.0 :-—- o L [y [-B-N-B-] -—:

: [-] L] | a8 'll.lll.ll....lllllllllll:

E: (-] . = a8 s BRIBS oopD _-.-i

: s -] . 28R 32088 |- N -0 - a A:

o en . a s 4 -l

° ° -] 1 N 1 ' 1] ?:? ' . . ?? f Ve e I ?f ’o® T? [N ' 1)t ' 1 B BN l LS | ' |

0.0 0.2 0.4 0.6 0.8 1.0

o versus p for asynchronous FH/SSMA communications employing
32-ary FSK and Reed-Solomon coding with various rates and decod-
ing methods with and without diversity
(g = 110(())_,;)\1?3:8 ]10, E,/N,=20db. AWGN, Eb,Nj = 10 db, AWGN,

Fig. 3.3 k
3



50

offers over the error only decoding scheme for both (Ejy /N, )pqe» Which shows
the merlts of the parallel erasure/error decoding over the error only decodlng

scheme and should be preferred for combating severe interference.

In Flg. 3.2 E; /N; vs. p Is plotted for RS(32, 8) code (rate 1/4) parallel
error/erasures decodlng and the cases (M =2, m =5), (M =32, m = 1)
for K =5 and a Rlelan fading channel with varying 72 A comparison of the
two case Indlcates that p* does not change conslderably but (E} /IN; )pax does.
As the relative power In the fading component Increases from 4% =0 to 0.1
and then to 1, the difference In the required (E} /N;)p, Increases substan-
tlally less signal to Jammer power ratlo to achleve the same bit error probabll-
1ty. Therefore, 1t 1s preferable to employ M —ary Instead of binary FSK modu-

lation In thls case.

In Fig. 3.3 the multiple access capabllity versus p s presented for several
RS coded FH/SS systems. For small values of p, RS(32, 16) with dlversity 4
outperforms all the other systems; In thls range of p, the other user Interfer-
ence 1s dominant. For large values of p, the RS(32, 8) code outperforms the

other schemes; 1n this range of p, the JammIing Interference 1s dominant.

3.3.2 Repetition code [3.8]

When Information about the state of the channel Is not avallable, major-
ity vote decoding (In which the decoder decldes In favor of the symbol which
was recelved most times) with hard decislons In the maximum llkelyhood
decoding algorithm s used. For binary repetitlon code of block length n, the

bit error rate is

55 (Mpla-p) n odd
P, y=Pymip)=y ., TOr o (3.12)
2 (7)?1(1—P)n_l+-2-(n/2)[p(l—p)]"/g;n even
l=n /2+1
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where p denotes the error probabllity for a binary channel with combined
multiple-access Interference, partial-band Jamming, Riclan nonselective fading,
and thermal nolse, which can be obtalned from (3.2). For M —ary repetition
code (M >2) the symbol error probabllity can be obtained from the formula
n-1 . .
P, , = Py(n;p)= -3 a;p'(1-p)*-* (3.13)
i =0
where the coefficlents a; are provided In Appendix A of [3.5), and p Is as

above.

In Fig. 34, E} /N j s plotted vs. p for repetitlon codes of rates
1/L =1/4,1/5,1/6,1/7, 1/8, and 1/9 without slde Information and 32-ary
FSK modulatlon. For the parameters given 1t appears that the rate 1/8 repetl-

tlon code Is the optimal such code.
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APPENDIX 3A

Parallel Error and Erasure Decoding Algorithm

The block dlagram of the parallel error erasure decoding algorithm (3.8],
[3.9] 1s 1lustrated In Fig. 3.6. In this decoding ¢ecoding algorithm the signal is
first dehopped and demodulated. The output of the dehopper Is a sequence of
L diversity receptions for each of the n code symbols (L = 1 In eqns (3.1)-
(3.11)). Side Informatlon regarding the prescence of Interference Is derlved
from the dehopper and demodulator. The declston statistic 1s formed from the
Informatlon from the L diversity combiner and from the Informatlon from the
slde Information. The slde Information is used to attach flags to unreliable
dlversity receptlons. The dlversity combiner forms the square law comblination
of all unflagged dlversity receptions. If at least one of the diversity receptlons
Is not flagged the declslon device Is presented with a nolse-free symbol. A
(hard) M —ary decision 1s made on the symbol, and thils declslon Is fed Into the
error correction decoder. For any symbol In which all dlversity receptions are

flagged, the erasure correctlon decoder sees only an erasure.

An (n, k) Reed-Solomon code will correct up to e 8 n-k erasures out of
n symbols or up to t-A—- I_(n-—lc )/2 J errors out of n symbols. More generally 1t
wlill correct any comblnation ¢ erasures and 7 errors provided that 2r+¢ does

not exceed n -k .

The Input to the error correction decoder ~ontains no erasures; it Is
sequence of M -ary symbols from the output of the decision device. The eras-
ure correctlon decoder has an erasure In each position where all diversity

receptlons are flagged, and an M -ary symbol in each positlon where all
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diversity receptions 1s not flagged. The erasure system counts how many eras-
ure It makes, and If the number does not exceed e, the erasure correction
algorithm produces a correct answer. The erasure correction decoder does not
attempt to decode If the number of erasures exceed e. If there are too many

erasures erasure correction decoder defaults to the error correction decoder.
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CHAPTER IV

BOUNDS ON CONCATENATED CONVOLUTIONAL CODING
PERFORMANCE OF FREQUENCY HOPPING
MULTI ACCESS SYSTEMS

4.1 Introduction

The complexity of conventlonal coding systems grows exponentially with
the block length for block codes (or with the constralnt length for convolu-
tlonal codes). To overcome the complexity of very long codes, the 1dea of cas-
cading two or more codes of lesser complexity to achieve highly rellable com-
munlcatlons was consldered by Ellas [4.1] and later by Forney [4.2]. The tech-
nlque of uslng two or more block codes over different alphabets to obtain a

very low error rate Is known as concatenated coding.

Forgettlng for the moment synchronlzation and delay Issues, a convolu-
tlonal code generally performs better than a block code of the same complex-
Ity. Maximum likelthood (l.e., Viterbl [4.3]) decoding of convolutional codes
with a moderate constraint length can provide an error rate less than 1072 at a
rate slightly higher than the R ,,,, of the nolsy channel. Forney's work [4.4]
suggested that a concatenated codlng system with a powerful outer code can
perform reasonably well when Its Inner decoder Is operating with a probabliity

of error In the range between 1072 and 1073,

In this chapter, we use convolutional codes for concatenation with convo-
lutlonal codes and the purpose Is to determine the number of levels of concate-

nation required to achleve an acceptable error rate.
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Moreover, we use the ensemble average error bound of convolutional code
[4.5), [4.8] for determining the error probabllity at different stages of concate-
natlon and to determine the relationship between the exponential bound

parameter E, (R ) and the rate R at different stages of concatenation.

4.2 Analysis of the Concatenated Convolutional Coding Systems

We assume that we have a perfect mechanism for obtalning the slde infor-
mation, l.e., the Informatlon relating exact number of Interferers In a certaln

Frequency Hop (FH) to all users.

We represent o, as the probabllity of number of Interferers In a certaln

Frequency Hop (FH) equalling one.

o, represents the probabllity of number of Interferers In a certaln Fre-

quency hop (FH) equalling two or more.

P0 equals the probability of symbol error under a channel contaminated only
by all white Gausslan nolse (AWGN). P, Is the probabllity of error when there
Is one Interferer and P, 1s the probabllity of error when there are two or more
Interferers 1n the system. It follows that,

Pl ] al'ﬂl (4.1)
P2 = 02-62 (4.2)

In (4.1) B, equals the probabllity of error when there s one Interferer 1n
all bits and symbols of the hop. a, Is as described earller. In (4.2) B, equals the
probability of error when there are two or more Interferer In all bits and sym-
bols of the hop and also a, Is described earller.

Po=(1-a - )P, (4.3)
Where P, Is the probablilty of bit error under pure AWGN nolse.
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Fb=P0+Pl+P2 (4-4)

Now, the average probabllity of error 17,, glven In eq. (4.4) can be

expressed as
P, = 0,0 + @b, +(1- o, - a,)5, (4.5)

We replace the transmisslon channel, the side Informatlon and the demo-
‘i .clon channel by an equivalent BSC channel (shown In Fig 4.1). Whose
T rate B, and the capaclty C can be found from the cross over probabil-

lty}—’b.

In our system, detection of the cases of no Interferer, one Interferer or two
or more Interferer occur per hop. The envelope of the output of the M —ary
bank Is sampled and the contribution of all the symbols per hop are added and

compared with a threshold.

The probabllitles ar, and c, are found out as follows: If there are U users

In the system and N Is the frequency hop (FH) base bands In the W spread

spectrum bandwlidth. o, 1Is glven by

1 1
o= () (F)a-5)v (49)
where N Is glven by
w
N = 4.7
R (4.7)
log,M

In (4.7) R, Is the bit rate and M Is the alphabet slze. ag Is given by

ao=g) (1= = (-1 (49)

and so

(4.9)
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Fig. 4.1  Schematic of the cross over probabilities of binary symmetric channel
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Here, we make an assumption that when a llke user Interferer hits a
specific hop he hits the same fllter banks In all the symbols constituting the

hop (a quas! static analysls).

For finding B,, f; and f,, we assume the modulatlon format to be non-
coherent MFSK with hard decislon. The symbol error probabllity Is glven by
the relationship

M- M- o~ /(n 1)
P, E r+r (YT) —— (4.10)
n=1 n +1
where M 1s the M —ary size, k 1s the number of bits per symbol and v, 1s the

slgnal to nolse ratlo per bit (M = 2F). B, and B, are glven by the following

relatlonshlp
M M

B, = [MP +( 77 )] 1) (4.11)

B2 = T [( S Pa) + (M)

M-

MS)( ¥ )

1 M-

+ —==Pn + (1 M‘X i )

M

Frreeeensanstrescacsnsrrtessanssimnistsessse 2M 1) (4.12)

For a binary symmetric channel with cross over probability p <1/2,
beginning with the ensemble average bound of coding theorern and we have

from the Gallager function [4.5], [4.6]

Eqpg) =T a(z)py | o)/ 1+eH (4.13)
y z
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where ¢ (z ) 1s an arbltrary Input welghting distribution, P (y | x) 1s the cond-
tlonal transltion probabllities of the channel. The function Eq(p, q)1s a posl-
tive Increasing functlon for positive p approaching 0 (zero) as p -> 0. To
minimize the bounds for asymptotically large K, p should be as large as possl-

ble [4.5], [4.0].

Eop) =max E,(pg)=pIn2-(1 +p)In [p/r+ 2 4 (1-p)/1+ 9
9 (4.14)

Now, the capaclty of a binary symmetric channel with cross over proba-
blllty p Is glven by

C=1+4+plnp + (1-p)1n (1-p) (4.15)
Now,

Ro(g)=EoQ,q) (4.16)

where R, 1s the cutoff rate of the code. The exponentlal bound parame-
ter E,(R) In the ensemble average error probabllity of convolutional code

after decodlng becomes (for rates less than R )
E.(R)y=R, 0 <R < Rj1-¢) (4.17)

for rates greater than the cutoff rate R,, E, (R ) Is glven by the following rela-

tlonship

E.(R)=max Eypgq) 0<p<1

Eyp, q) } £4.18)
p

= (1-€) [max Ri-¢) SR <C(1-¢)

q

where € Is any positive number. For asymptotically large K, ¢ may be

chosen asymptotlcally small [4.5]

Ry=EfR)=1-2l[p'2+(1-p)"* 0< R <Ry1-¢)(a.10)
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If the translition probabllity p 1s known E, (R ) can be expressed In terms

of capaclty

For higher rates

Eyp, q)

R = (1—¢) [ma.x ] R(1-€¢) SR SC@QA-¢) (4.20)

q
=1 -€fpn2-(Q + )

In[p/Q+AN 4 1-p)/1+7] R(1-€ <R <C(1-¢ (4.21)

If R is known, the transitlon probabllity p (1n our case P-,, } 1s also known

and € Is assumed a very low value then the equation (4.14) can be solved for p.

But 1t Is not feaslble to solve this equatlon analytically, so we take

recourse to iteratlve solution.

Once p Is found Its value Is replaced 1n eqn. (4.18) for finding out £ (R)

E.(R)=max Eyp,q) 0<p<1 (4.22)
q

E, (R) glven by (4.22) Is to be used In the bound [4.5], [4.8] for the error
probabllity calculation In the convolutlonal code decodlng as shown below

2—KbE,(R VR

b_
P <(2°-1) [1_2_“&(3)/}3]2 €E>0 (4.23)

This error probability becomes the cross over probability for the next con-
catenatlon level (Flg. 2) and we find the E, (R ), R, etc., for the next stage
and so on and appropriate values that are to be replaced In the ensemble aver-

age error probabllity bound (23).
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4.3 Results

Using concatenated convolutlonal code and uslng the ensemble average
error probabllity bound, we find the decoded error probabllity of a multl

access system at different stages of concatenatlion.

For M equals 8, SNR equals 10, overall rate R equals .125 and the
number of symbols per hop N, equals 2 and ¢ equals .01 in the bound (eq.
(23)) we plot the error probabllity vs. the number of users (Fig. 4.3). As can be
seen from Flg. 4.3, at the Inner most concatenation level we have the con-
stralnt length of the convolutlonal decoder K equals 20, R equals .23. For
the next level K =20, and R =.6 and for the outer most level K = 30, R

==,905, which makes an overall rate of .125.

Similarly, for M = 8, SNR =10, overall rate R = 27/84, N, = 2 and ¢
= .01 we plot the error probability vs. number of users (Flg. 4.4 ).

Keeplng all the other parameters as In Fig. 4.4 except Ns = 4 we plot
“he error probabllity vs. the number of users In Flg. 4.5. As N, Increases the
probablllty of a hit Increases and as such has an Influence on the error proba-

bllity. Which can be seen by comparing Flg. 4.4 and Flg. 4.5, respectively.

For M = 8, R = 27/64 and the number of users in the syster: U equal
to 10 we plot the error probabllity vs. SNR. In Flg. 4.86.

In Fig. 4.7, we plot the exponentlal bound parameter E, (R ) vs. the rate
R for different concatenation levels keeping the system parameters as M = 8,
U =10, N, = 5, and SNR =10.

The computationai cutoff rate for the Inner most decoder 1s represented
by R, and the corresponding exponenttal bound parameter E, (R ) (as shown

In Flg. 4.7) 1s small compared to the other concatenatlon levels. As can be seen
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from Fig. 4.7, In the Inner most decoder the exponential bound parameter
E,(R) falls less rapldly than In the other concatenatlon level, that means
operating at rate greater than the cutoff rate at thls stage has less effect than

on the other concatenavlon levels.

For M =8, U = 20, N, = 5, SNR = 10 we plot E.(R) vs. R In Fig.

4.8 and we get results simllar to that of Fig. 4.7.

Golng to four levels of concatenation did not produce much Improvement.
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Fig. 4.3 Error probability versus number of users, the parameters are; M —ary sys-
tem of M =8, signal to noise ratio (SNR) = 10.0, total rate R = .125
number of symbols per hop N, =2,e=.01
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Fig.44  Eror probability versus number of users, the parameters are; M —ary sys-
tem of M =8, signal to noise ratio (SNR) = 10.0, total rate R = 27/64,
number of symbols per hop N, =2, €= .01
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Fig. 4.5 Error probability versus number of users, the parameters are; M—ary sys-
tem of M =8, signal to noise ratio (SNR) = 10.0, total rate R = 27/64,
number of symbols per hop N, =4, €= .01
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Fig. 4.7 Exponential bound parameter E_(R) versus rate R, the parameters are;

M = 8, the number of users U = 10, number of symbols per hop N, =5,
signal to noise ratio (SNR) = 10. For detemining the above plot the
point of operations are as follows: Probability of bit error on the chan-
nel = .179, the cut-off rate R, for the innermost stage was = .179, the
capacity C, for the inner most stage was = .3226, the rate R for the
innermost stage was =.2, and the constrint length for the innermost stage
was = 9; R, = .63039, C, = .84861, the rate for the next innermost
stage was = .65, the constraint length K for this stage was = 30; Ry, =
92477, C, = 9950, and the rate R was = .96153 and the constraint
length for this stage was = 55.
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Ry™ C, ' ~ Rg ' C, Ry Cs

Exponential bound parameter E_(R) versus rate R, the parameters are M
= 8, the number of users U = 26 number of symbols per hop N, =35, sig-
nal to noise ratio (SNR) = 10. For detemining the above plot the point of
operations are as follows: Probability of bit error on the channel = .207,
the cut-off rate R, for the innermost stage was = .143, the capacity C,
for the inner most stage was = .263, the rate R for the innermost stage
was =.2, and the constrint length for the innermost stage was = 20; R, =
3653, C, =.794, the rate for the next innermost stage was = .63, the con-
straint length K for this stage was = 50; R ;, =.946, C 5 = .995350, and the
rate R was = .961 and the constraint lengt ?x for this stagc was = 55.
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CHAPTER V

CONCATENATED COMBINED MODULATION AND CODING OF
FREQUENCY HOPPING MULTI ACCESS SYSTEMS

5.1. Introduction

There 1s a growing need for rellable transmission of high quality volce and
digital data In band limited channel. In conventional communications the two
primary communlication resources are the transmitted power and the channel
bandwidth. A general system deslgn objlective would be to use these two
resources as efficlently as possible. For example, space communication links are
typlcally power Ilmited. In power llmited channels, coding schemes are gen-
erally used to save power at the expense of bandwldth, whereas In band-
limlted channels 'spectrally efficlent modulation' technlques would be used to
save bandwidth. The primary objective of spectrally efliclent modulation is to
maximlze the bandwldth efliclency, defined as the ratlo of data rate to channel

bandwidth (In unlts of bits/Hz.).

On the other hand, In spread spectrum communication the channel
bandwldth employed Is much larger than that used In conventlonal commun}-
cations system. Although the bandwidth of spread spectrum systems are large
1t 1s not unlimited and they are limited by allocatlons [5.1]. In such systems 1t
Is most often possible to achleve the deslred throughput with elther modula-
tion technlques or coding technlques. But Instead the Integration of a

bandwidth efliclent modulatlon scheme with some form of coding wlll explolt
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the best possible attributes of both.

Because, as was discussed In chapter-III, coding is critical to the multl
access FH system, we continue In this chapter the search for more powerful

codes.

Moreover, In the chapters o follow we are proposing an acquisitlor’ess
spread spectrum system, In which receptlon will be possible by Incorporating a
number of programmable matched fllters at the recelver. Due to Doppler and
or fading, etc.,, one matched fllter peak may be lost occaslonally (miss),
another may be added (false alarm). These timing Information (indlcating code
allgnment status) may not be completely rellable. Hence, the forward error

correction coding (FEC) has to be reliable for timing information to rely on.

Combined modulation and coding technique has been the subject of Inten-
slve research [5.2] at present. However, i1ts applicabllity has been restricted to
coherent PSK, PAM and QAM systems [5.2], [5.3]. In this chapter, we briefly
review the comblned modulatlon and codlng technlque, and we extend the
technlque to the soft noncoherent demodulation of FH/MFSK In a jJammling
and multl access environments. The performance of the proposed mult! access
system using combined modulation and coding technique (trellls) concatenated
with Reed-Solomon (RS) codes In partlal band Jamming Is also Investigated
and the performance compared to that using RS outer/RS Inner concatenated

codes [5.4], [5.7], all In a noncoherent detection environment.

5.2. Combined Modulation and Coding

In the past, coding and modulation have been treated as separate opera-

tlons with regard to overall system deslgn. In the traditlonal approach to
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channel coding, encoding 1s performed separately from modulation in the
transmitter. Likewlse for decoding and detection In the recelver. Moreover,
error control 1s provided by transmitting additional redundant bits In the code,
which has the effect of lowerlng the Information bit rate per channel
bandwidth. That Is, bandwidth efliclency Is traded for Increased rellabllity.
Ungerboeck showed In his ploneering paper [5.2] that conslderable galns In
terms of SNR (slgnal to nolse ratio) can be achleved with respect to sacrificing
nelther data rate nor bandwidth. He noticed that codes should be deslgned for
maximum free Euclidean distance rather than maximum Hamming distance,
and that the redundancy necessary for coding would have to come from expan-
slon. Computing the capaclity of channels with AWGN for the case of discrete
multilevel modulation at the channel output he observed firstly, that coding
gains of about 7-8 db over conventlonal uncoded modulation are achlevable,
and secondly, that an expansion of the signal set by a factor of two 1Is

sufficlent for most cases.

The trellis codes for band limlted channels result from combining convolu-

tlonal coding with modulation. This form of coding has two features:

1. The number of signal polnts In the constellatlon used s larger than what
Is required for the modulation format of interest with the same data rate;
the additional polnts allow redundancy for forward error control coding

without sacrificilng bandwidth.

2. Convolutional codlng 1s used to introduce a certaln dependency between
successive slgnal polnts such that certaln patterns or sequences are per-

mitted.

In the prescence of AWGN, maximum llkelihood decoding of trellls codes

o Crsam SN T
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consists of finding that path through the trellls with minimum squared
Euclidean distance to the recelved sequence. In the design of trellls codes, the
emphasis Is on optimizing the minimum Euclldean distance between the code
vectors rather than optimizing the minimum Hamming distance of an error

correcting code.

To deslgn thls type of a trellls code involves partitioning a constellation
successlvely Into 2, 4, 8,...., subsets with Increasing minimum Euclidean dis-
tance between thelr respectlve signal polnts. This mapping rule Is called map-
ping by set partltioning. The partitioning procedure [5.2], [5.3] 1s lllustrated in
Flg. 5.1 a. and Fig. 5.1.b by consldering a constellatlon that corresponds to 8-
PSK and 16-QAM, respectively. The 2, 4, and 8 subsets resuiting from three
successlve application of the rule are also shown In the same figure (Fig. 5.1).
These subsets share the common property that the minilmum Euclidean dis-
tances between thelr Individual polnts follow an Increasing pattern:
do< d, < dy---

It Is possible to devlse relatlvely simple and effectlve coding scheme based
on the subsets resulting from successive partitloning of a two dimenslonal con-
stellatlon. Flg. 5.2 shows the general structure of encoder/modulator combil-
natlon for trellls coded modulation. Specifically, to send n bits /symbol with
quadrature modulatlon, we start with a two dimenslonal constellatlon of 27 +!

signal polnts appropriate for the modulation format of Interest.

5.2.1 Asymptotic Coding Gain

The asymptotic coding gain of Ungerboeck's code Is given as [5.2], [5.3]

dfzree
G = 10 log,q ( 7 ) (5.1)

ref
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Signal Mapping

Select signal
from sub-set

RS symbols

Fig. 5.2

Convolutional
Encoder

Rate (k-1)/k

Select sub-set

>

MFSK symbols

General structure of encoder/modulator for trellis coded modulation
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where d,.. Is the free Euclidean distance of the code, and d,,; 1Is the
minimum Euclldean distance of an uncoded modulation scheme operating with

the same energy per bit.

The Ungerboeck’s 8-PSK code Is as shown In Fig. 5.1.a. The slgnal con-
stellatlon has 8 message polnts and we send 2 bits per message polnt. The
uncoded transmission requires a slgnal constellatlon with 4 message polnts.
The uncoded 4-PSK Is regarded as the reference for Ungerboeck’s 8-PSK code

of Fig. 5.3 .

The Ungerboeck’s 8-PSK code of Flg. 5.3.a achleves an asymptotic coding
gain of 3 db. The free Euclldean distance d free Of the code can be no larger
than the Euclldean distance d, between the antipodal signal polnts of such a
subset 1s d;,, = d, =2, d; Is as shown In Fig. 5.3.c. The minimum
Euclldean distance of an uncoded QPSK, viewed as a reference operating with
the same energy per bit, equals (Fig. 5.3.d) (d,, I )= V2 and hence the asymp-

totle coding galn 1s 3 db.

The asymptotic coding galn of Ungerboeck’'s code increases with the
number of states In the convolutlonal encoder. Table-1 represents the asymp-
totle coding gain for Increasing number of states. In the table asymptotlc cod-

Ing galn Gg_gpr/4-ap Means

djzree (S_AM )

(5.2)
AZ(4-AM)

G g AM ja-aM =10 10g,4

In Table-1 Ny, denotes the (average) number of nearest nelghbor signal
sequences with distance d free that dlverge at any state from a transmitted slg-

nal sequence and remerge with 1t after one or more transitions {5.3].




Input

rate 1/2 convolutional encoder

r-F Y - 1 Most
| | igni t bit
| | 8.PSK significant bi
' Flip-flop —9— | signal mapping
| J——% 00001111 /
| |
| () | 00110011
01010101
: Modulo-2 adder : output
' | 01234567 :(>
L N Signal number

Fig. 5.3.  (a) Four-state Ungerboeck code for 8-PSK. (b) Trellis.
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5.3. Combined Modulation Coding Performance for Noncoherent

FH/MFSK Multi-access Systems [6.4], [5.7]

The system under constderation Is shown In Flg. 5.4. A concatenated cod-
Ing scheme Is used with RS code as an outer code. The inner code can be
trellls code (scheme-a) or RS code (scheme-b). M-ary FSK data moduilation
with noncoherent demodulation s employed. Slow frequency hopping fis

assumed. N, M -ary symbols are transmitted durlng each hop.

It Is assumed that in the vicinlty of a particular recelver there are U
asynchronous transmitted signals, all of which share the same channel; and the
recelver can acqulre synchronization with the frequency hopping pattern and
time of one of the U signals then the other U -1 signals Interfere with the

receptlon of the signal that was singled out [5.8].

The model for the partial band nolse Interference Is one commonly used in
the llterature [5.8). Additlve white Gausslan nolse (AWGN) 1Is also assumed to
be present. If NJ- denotes the one slded spectral density of the partlal band
nolse, N, denotes that of the AWGN, and p (0<p<1) Is the probabllity that
In a particular dwell time (frequency slot) Is Jammed, then the one slded spec-
tral density of the Gaussian nolse Is N0+Nj /p with probabllity p and 1t 1s N,
with probabllity (1-g). The density of the nolse remalins constant over the

duration of the frequency slot [5.8].

Throughout thls chapter, 1t Is assumed that the Interleaving s perfect so

that all errors that the decoder sees are ' dependent.

Two types of concatenated coding schemes are consldered. In scheme-a,
Reed-Solomon outer code s concatenated with the lnner trellls code. For the

outer code, we assume that (N, K) RS codes over GF (2¥™) are employed:

oy A PN
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thus there are m M —ary symbols In each R-S symbo! and each M —ary sym-
bol contalns k£ bits. Pursley and Stark considered (64, 32) RS codes In thelr
work [5.8], simllarly, Geranlotls and Gluck consldered (64, 32) R-S code over
GF (2"'" ) where M 1Is the signal constellation size, m Is the number of M —ary
symbols contalned In each RS symbol, and k Is the number of bits per M —ary
symbol, In thelr work [5.6]. In this chapter, (64, 32) RS code has been con-
sidered as the outer code. The error correction capability of the (64,32) RS
code Is very large without reduclng rate appreclably and encoding and decod-
Ing of this code can be accomplished with moderate complexity. Signal set
expansion In the Inner trellls encoder can be accomplished by a crnvolutional
code encoder (slmilar to Flg. 5.3.a). For example, the convolutional code
encoder (Fig. 5.3.a) will convert the 2 bit/s/Hz Input bits Into 3 bits/s/Hz out-
put bits for 8-FSK modulation. First, a trellls coded 8-level PAM signal Is
designed. Then the 8-FSK 1s generated from the 8-PAM by an one-to-one

mapping. Soft declslon Is used In the the Inner decoder of scheme-a.

In scheme-b, R-S outer code Is concatenated with R-S Inner code. RS
codes over GF (2’"") are employed; thus there are m M -ary symbols In each
R-S symbol and each M-ary symbol contain £ bits. In scheme-b, for hoth
Inner and outer code, (64, 32) R-S codes were employed. Hard declslon decod-
Ing of RS codes are assumed done 1n scheme-b.

It was assumed In this chapter, that the data rate r,, the spread spec-
trum bandwidth W, and the uncoded blt SNR, are the same for both the
scheme-a and for scheme-b.

The recelved slgnal at the ¢-th recelver In the multl access slow Fre-

quenecy Hop (SFH) /MFSK environment of U users and partial band Jamming

of | 'er J occuples p of the SS bandwldth W, Is given by
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r(t)= V2P cos(wjt+uwit+¢/) (5.3)
/]
+ Y V2P cos(wit +wt +*) + n(t) + J(t)

¥ =1

u i
where

w) is the hopping frequency of the ¢ -th user during (j -1)T), <t <jT

w' 1s the [-th MFSK symbol frequency of the §-th user during
(I-1)T, <t <IT,

P 1s the power of each of the U users

¢/ Is the unknown random phase of the {-th user durlng the {-th symbol
n (t) 1s the AWGN nolse of n single sided density

J(t) 1s the Jammer partlal band nolse power of band denslty factor p

We assume Slow Frequency Hop (SFH) (T, >> T ), perfect code acquisl-
tion 1 1 and Ind:pendence of the jammers and user interference, etc. As well,
all 1ke users signals have the same power P and the FH processing galn (PG)
Is high enough to preclude the existence of more than M interferers In the M
recelver banks, l.e., one Interfering tone per bank (If any). This Justifies the
small hit probabliity that will result for high processing gain. 1 Finally, at the
entrance of the MFSK data demodulator of the 1-th recelver (Fig's. 5.4, 5.5,
5.7) following down conversion, dehopping, etc.,, and assumling ldeal acquilsl-
tion, synchronization and demodulation conditlon, we find one of the foliowing

slx signals depending on the mult! access situation:

t 1 By the use of a bank of [, matched filters, the receiver will be locked to the "SUGARW'
systermn random code subsections arriving.

t A more accurate analysis can be easily extrapolated by accounting for a higher number of
possible interferers per bank thus allowing for moderate and low PG (compared to number of
users in the system). In this thesis PG was high enough 10 justify the above assumption.
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ri(t) = V2P cos (w' t+¢/) + n(t) (5.4)

occurring with probability

1+1/N,

e yu-1 (5.5)

p,=(1-p)(1 -

(l.e., no partlal band jJamming, nor llke user frequency hit In any of the M

banks),

N, = b (5.6)
! Ta ¢
where [V, 1s the number of symbols per hop, T}, is the hop time and T, Is the

symbol time.

ri(t)= V2P cos(wf+ &)+ n(t)+ J(t) (5.7)

occurring with probability
1+1/N, U-1
= 1-———— 5.8
pa=p( F el ) (5.8)
This Is the event of wide band Jamming hitting the data band of the : -th user

with denslty equal to

J

N = W (5.9)

And no llke user frequency tone hits any where In the M fliter banks of the

Intended 1-th recelver
ri(t) = V2P cos (w' t+é)) + n(t) + V2P cos(w® t +¢;¥) (5.10)
This 1s the event of one of the like users hitting the fllter bank contalning the

signal of the 1-th user ( w,"=w,") and no partial band Jamming. It happens

with probabllity p,; where
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1+1/N,

py=(1-(1- PG

U-1 1
)77 (1-p) i (5.11)

ri(t) = V2P cos (wi+d) + n(t) + V2P cos (w'+¢*)  (5.12)

This Is In the event of one or the llke users tone hitting In the (M-1) flter
bank not contalning the signal (w,“;éu,") and no partial band Jamnming. This
occurs with probabllity p,, where

(1+1/N8 ) )U—l

= 1 -(1 —
Pa ( ( PG

a-0) (£2L) (513)

ri(t) = V2P cos (vt +¢6f) + n(t)+ J(t)+ V2P cos (w%t +¢,"X5.14)

This 1s In the event of wide-band jamming plus one of the llke user tones hit-

ting In the (M~1) banks not contalning the slgnal (w s£w,). This arlses with

probabiiity,
_ (1+1/Ny) ;. M-1
Ps—(l—(l—T) 1 (p) ( i ) (5.15)

ri(t) = V2P cos (wit+¢/)) +n(t)+ J(t)+ VEP cos (w't+¢,{p.18)

This Is the event of wide-band jamming plus one of the llke users tone hitting
the fliter bank contalning the signal (w,"=w,‘) occurring with probabllity,

(1+1/N,)

Pg=(1-(1- PG

771 (o) (57) (5.17)

In a typlcal noncoherent MFSK recelver (Fig. 5.7), one of the six signals
r,(t) through r4(¢) will pass depending on the sltuation through the conven-
tlonal non coherent MFSK demodulator. Then the blts of the detected symbols
will feed the inner convolutional decoder, which I1s based on the blnary Ham-

ming distance and Viterb! decoding, finally yleld the Input blts to the next RS




decoder.

However, 1t Is worth trylng to see If combined coding and modulation
technlque (trellls coding) (Fig. 5.4) will work for the noncoherently detected
MFSK signals some how In a suvoptimal and practical way. This Implies that
the hard detected MFSK slgnals (typlcal In the llterature) should be replaced
by the PAM equlvalent soft detected system of Fig. 5.5, and the Inner trellls
decoder wlll work on the test statistics V; analog values corresponding to the
symbol | of user ¢. Fig. 5.6 shows the normalized phasor dlagram of the PAM

system equivalent to MFSK.

Followlng de-spreading and durlng a certaln symbol time, one of the six
slgnals In egs. (5.4), (5.7), (5.10), (5.12), (5.14), and (5.16) will pass through the
varlous fllters, envelope detectors and coefliclent multlpliers as In Fig. 5.5.
Finally, the metrices V; corresponding to varlous symbol times (obtalned by
adding the outputs of the M banks at the end of each data symbol). The sub-
sequent Viterbl kind of decoder will compute the (analog) survlvors, ete., and
glve the most probable path and hence the data signals. The detalls of this

trellls decoding can be found In [5.2], [5.3].

Flg. 5.6 shows the phasor dlagram of the PAM equlvalent of the recelved
MFSK signals and Flg. 5.2 shows one of the varlous possible trellls diagrams
for this case. Table-1 [5.2],[5.3] glves the possible code generators, distance
propertles, codlng galn, etc.,, of PAM systems that we used throughout this
chapter. The multipllcation factors in Flg. 5.5 are glven by,

(M—~(2i-1)A,

oy 2E8 (5.18)

where,
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O-—— — -0 o —O- -O0— lo —0— ~ —
P 3P
B, =~ - -P
1T M-1 M-1 M-1
Fig. 5.6  Phasor diagram of the PAM e_quivalent of the MFSK signal set.
A; =24,
AO — Ajljl ) [ 11
t =1,2, . log,M
(M - (2t —1) -(M-(2i —1) P
B =

3(M-1) /12
P = Dy =
normallzatlon condltion, == M+1 0 (M2-1)




Ay = —— (5.19)

Is the distance between consecutlve signals of the M PAM set. The symbol

energy F, s glven by
E, = A%T, /2 (5.20)

Under nolse free, Jamming free, like user free conditlons the slgnals
2y, Zgpeeeenenn » Oy (Flg. 5.5) will have a value E, or zero depending on which
signal was transmitted. It follows that the varlous PAM signals 1n thils ideal

case (B;'s of Flg. 5.5) to be added together Is glven by,

(M - (2¢ —1))
2

-(M —(2i ~1) P
(M -1)

B, = Ay = (5.21)

The factor P above Is found from the normalization condlition, l.e., aver-

age signal power In (5.1) Is Independent of the alphabet slze M, l.e.,

— /3
P = ™
_ 2P [~ 12

while the 2-th correct declslon boundary (lower and upper) (Fig. 5.8) Is glven

by

b = {—(M—2i+2)P —(M -21 )P} (5.23)

(M-1) ' (M-1)

For ¢ equal to one (¢ =1) the lower Iimit Is replaced by (~00)

and for ¢ equal to M (¢=M) the upper llmit Is replaced by (+0c0)
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Slgnals are assigned to the varlous branches of the trellis [5.2], such that the

minlmum distance Is maxlmized [5.2]. Set partitlonlng Is used [5.2] such that

the distances are given by,

a; =24,
i == 1' 2, gevessaseery logzM (5'24)

The resulting decoding symbol error probability at the output of the treliis

decoder Is glven by [5.2):
P, &Nfreepr(dfree/2o) (5.25)

where Pr denotes the probabllity of Incorrectly decoding a certaln symbol by
another spaced by d;,., on the phasor of Fig. 5.6 and N;,,, has been defined

earlier.

To evaluate thls probabllity one should find the density (pdf) of the varl-
able V; of Flg. 5.5, (l.e., the metric) for the cases corresponding to recelving
two signals spaced by dfm . Under Just AWGN, It 1s known that the (pdf) of
Z; 1s Riclan If It contalns the signal and Raylelgh otherwise. The densttles of
the PAM varlables B; then lmmediately follow. The summation of B;'s, I. e.,
V,- follows from the characterlstlc functlon technlques. However, In the pres-
ence of additlonal partlal band Jamming and like user Interfercnces, most of
the B;'s will stlll be distributed Raylelgh or Rlclan except for that bank which
Is hit by llke user Interference. The summation V; of all B; 's Is assumed
Gausslan In this chapter. This Is a good approximation If we recall that the
constituting distributlons are: Raylelgh or Riclan derlvatives thereof (pdf)
stretched or contracted depending on the value of multiplicatlon factor oy

(Papoulls [5.5]). Also, the assumptlion Is justifled for larger alphabet slze M
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and by the mechanlsm of the Viterbl decoding (declslon as to surviving paths
Is based on symbols at each stage). Also, because of slow FH we can
separately find the means and varlances of V; (assumed Gaussian) then com-
bine the six sltuatlons previously discussed. And noting that the normalized
Raylelgh mean and varlance equals \/m and (2—-m/2), respectively, and the

Rlice mean equals 1 (one) and the Rice varlance equals 1 (one). Assuming sig-

nal 1,¢ = 1,,2, ....... M 1is transmitted we obtaln,
T M
p, = of E EIBJ + B; A (5.28)
J=
JF#EE

The first term Is the summation of the (M —-1) Raylelgh means of the fliters not
contalning the slgnal. The second term is the mean of the Riclan (R.V.) of the
filter contalning the signal. o2 1s the AWGN nolse varlance and slgnal ampll-

tude A assumed equal to one.

The varlance of V; corresponding to sltuatlon one Is given by,

M
it
ol = o® ((2—-5) S B/f+0%.B?) (5.27)
J=1
i
In the second of the six cases discussed before, the only change from case one

Is the addltlon of the wlde-band Jammer varlance In the data band, l.e.,

J J
0'_]2 = W W, = -p—”/-M.Rs (5.28)
It follows that
M
b = (Vo? +0F (4/ =) D B; + BA. 1) (5.29)
=1

T
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ok =(c*+0}) (2——) 2 Bf#+B;* . (6* +0}) (5.30)
] =]

J#i

In the third case, we have signal plus nolse plus llke user tone In the bank con-
taining the signal. The mean and varlance of this bank (contalning the signal)

are denoted by 6, and "112, respectively based on AWGN varlance 0%, It fol-

lows that

Mg == O( ) Z B + B; . 6; (5.31)
7

of = o%(2 - —) E B+ B®. (5.32)
i=1
JF#

The remalning cases follow from the above, l.e.,

M M
pu =7 DO(A/F) B Bj+A4 .Bi+B . A)  (63)

k=1 ijé_:lk

ok = M Z‘,(o (2——)) z Bj+d® . B;®+0® . B{®) (5.34)
k=1 J;Zl
I

The averaging !mplied by the summation over k 1s necessary since the tone

interference can hit in any of the M banks.

M
us.-=714- E(\/02+a}'( -) 2 Bj +A .B; + B . A)(535)
k=1 ]__l

JF# K

02 = — {‘, (6% + c§) (2 - 0 (5.38)
51 M = J )
ik

M
> Bf+ (0 +0h)B + (02 + c}) . B
j#i
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tei = 10+ o} (\/_) 3 B; +B; (5.37)

j=1

JF#i

og = (ot + o} (2 - ( )) z: B? + B;% . (5.38)

J=1

JF#

Still, 8,, 7¢ (mean and varlance, respectively, of the bank contalning the slg-
nal) are derlved simllar to 0, fyf. However, they are based on AWGN plus

Jamming variance (0°+c 7) =ather than just 62 as In the (4,, 7,2) case.

Averaging the quantltles In egs. (5.26) - (5.38) over the probabilitles In
egs. (5.5), (5.8), (5.11), (5.13), (5.15) and (5.17) we obtaln the average mean

and varlance of V;.
Byi = Plty; + Pollai + Palla; + Palty; + DPslsi + P el (5.39)
o = p,0% + p0f + Pa0s + POL + psO0E + PeOé: (5.40)

Substltuting the varlous valucs of B; of the means and varlances of Ray-

lelgh and Rice (pdfs) we get

uv.-=p1l0-\/_ A;+B; A]+p2[(\/"+o) \/-2?--A;+A.B}

+Ps[ }3\/ o%+a0;% . \/-_ A;p+A4 . By
+ pel \/02+af\/-2:A,~ + B; . 6,) (5.41)

ok =p,0%@2- -g-) . V; +0%. B (5.42)

+p2l0° +0}) . (2- 7). Vi + (0™+0]) . By
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+p5l0%. (2~ l’-)v,- + B2 . ~f

202(2-—-) Vi +0%. B+ 0%
k=1

+ P4 M

5l o). @~ Dk S v, + (@Hoh . B+ @+ o) )
k=1

+pg l(0*+03) . (2- —’2’-) 7 +B2 . 2

Now, assuming signal ¢+ Is transmitted and by the minimum free distance
of the taken trellls code given by d;.. the probability of correctly decoding

the ¢ -th signal is

(-4 )
1 20,
P. = | d 5.43-A
“ j \/2—71'01/' K ( )
Q !
where ¢, and ¢, are glven as follows:
-(M -21 +2)P df ree
= A 43-

G v 5! A 18 (5.43-B)

_ (M—2z )P ,’rec

In (5.43-B) and (5.43-C) integer values of [ A <] are obtalned from refer-
0

ence (5.2], [5.3].

For PAM slignals we have now to average over all signal levels, l.e.,

1 M
P, = T/I- 2 Pc,- (5.44)
and Pce Is the trellls symbol decodlng error and Is glven by
P, = N,m (1-P, (5.45)

where P, 1s glven above (5.44) and N, has been defined earlier.
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Now, If concatenated Reed-Solomon/trellis coding (scheme-a) 1s used then
the decoded symbols from the inner decoder (trellls) will feed the outer RS
decoder. However, we assume here a (N, K') RS code with symbols taken from
the (M™ ) possibllitles, l.e., each RS symbol encompasses m (MFSK) symbols
and it follows that the probabllity of RS symbol error at the Input of the RS
decoder Is glven by (assuming 1ndependence)

P, = 3 (M) (P,.Y =P, )™ (5.48)

=1

The resulting probabllity of correct RS symbol decoding at the output of the

RS decoder Is given by

N !
Py = %3 (Y P 0-P, V1 222 (5.47)
l=¢e +1

where e Is the RS symbol error correctlon capabllity of the (N, K ) RS outer

code, l.e.,

e = lN'Kl (5.48)

Agaln, an error In one RS symbol does not necessarlly mean all m M -ary
symbols are In error 2nd an M —ary symbol error does not Imply all bits are In

ce

error. The first fact reflects itself In a multiplicative factor ( ) and the

L1

M _
2(M -1)

finally the probabllity of decoded bit errors, l.e.,

second In ,» the common practice for orthogonal slgnaling we obtaln

P, M

Py = Pry. P, 2(M-1)

(5.48)
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The next step In the analysls s the most natural questlion. Is trellls coding
the most powerful and efficlent Inner code for noncoherent MFSK/FH 1n the

comblned Jamming, multl access environment Involved ?

It will be Instructive to compare the performance obtalned from the con-
catenated RS/trellls code (scheme-a) with a concatenated RS outer/RS Inner
code (scheme-b). Agaln, slow FH 1s assumed, together with the assumptions
before and no side Information utllized. The partial band jamming and mult!
access environment remalns the same as outlined before. The Inner and outer
codes have rates k;/n; and K; /N;, respectively, The inner and outer code

symbols contains each m;, m,-' M —ary symbols, respectively, where

m; = log,s(n;+1) (5.50)

m;' = logy (N;+1) (5.51)

Emphasls will be placed on the codes’ performance rather than thelr alge-
brale structure. While the recelved signal and the Jammer are st1ll described by
egs. (5.3), (5.2) and (5.7), the recelver structure is siightly different than that of

Fig's. 5.4, 5.5 and 5.7.

Hard decislons will be used rather than the soft declslons, we assoclated
with the trellls code before. The recelver (Flg. 5.7) Is nothing but a bank of M
filters and envelope detectors. A subsequent largest of hard declslon will yleld
the MF'SK symbol and a subsequent parallel to serlal conversion will yileld the
detected bits. These bits will be fed to the Inner and outer RS decoders as In

Flg. 5.4.

Now, to find the probabllity of one Reed-Solomon symbol error we could

average over the six conditions of interference on the channel whose
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Fig. 5.7 Noncoherent demodulators for M—ary FSK, a.) Correlate and integrate

implementation b.) Bandpass filter and envelope detect implementation
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probabllities were glven by egs. (5.5), (5.8), (5.11), (5.13), (5.15) and (5.17).
However, we choose to obtaln a worst case here and thus obtaln the probabil-

Ity of symbol demodulation error as

Py < 1-(1-P4)" [A-))1-Po)™ ] + p(1-P; ™) + 2 (1-(1-P4 )V )

where M, K, P,, p, and m; are the M—-ary slze, the number of users, the
probablilty of hit, the jammer band ratlo (eq. 5.9) and number of M —ary sym-

bols per RS Inner code symbol, respectively. Now

14+(m; /N, ) ;. N;
Py = (_(an/_‘) ‘%"’ A (5.53)

where N, 1s as defined In (5.8), PG 1s the uncoded Processing Galn (PG) and
the multiplication by N;/K;, n; /k; takes care of the fact that data
bandwidth expands by the use of the Inner and outer codes thus decreasing
the PG and Increasing the probabllity of frequency hit ( If we are to keep the

effective data rate the same In both cases of coded and uncoded systems).

Py Py, are the symbol error probabllity on a channel aflected only by
AWGN or (AWGN and partlal ban” jamming), respectively. These will be

given shortly.

Eq. (5.52) In fact reflects all slx Interference slttuations explalned before
except for replacing situations (5.10), (5.14), and (5.18) by the last term on the
right hand side of (5.52). This reflects a worst case since we are effectlvely say-
Ing than an error will always occur If a ll1ke user tone exists anywhere in the
Intended recelver banks. However, our worst case Is more lenlent than (5.6]
since In one of the sltuatlons (with probabllity, 1/M ) the Interference will hit

the signal bank and roughly In 50% of these cases the Interference will ald the
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slgnal and no error will be made. The probabilities Py, P; , In (5.52) will now

be glven,

_ M3 Moy ()it i 5(n)
Pm =35 (77) i+ P T Ay (5.54)

f=1

Equatlon (5.54) Is *ust the formula for error probabllity for noncoherent MFSK

modified to Include fading. where

B(m) = A(n)/Q+~72) (5.55)
6(n) = A(n)/(1+~%) (5.56)

K; k;
A(n) == (E}y log,M / ﬂ)W (5.57)

where A(n) Is the coded symbol SNR and E; 1s the uncoded bit SNR, and 7/2

Is the double slded nolse density,

~2 1s the (scatter/fading) power ratio,
It 42 = zero, this Implies f(n) = 0, 8(n) = A-(n) which s the pure AWGN
reception case.

If 4% = Infinity, this Implies B(n)=A(n) and &(n) = O which Is the Raylelgh

fading reception case.
Py, ;j Is simply obtalned by replacing n by (# + N;) In (5.54) where N Is

glven by equatlon (5.7), l.e.,

Poj = Pon+ Nj) (5.58)

Now, to find the error Improvement obtalned by uslng the concatenated

RS codes we assume that m; /m; 1s an Integer and we follow the sequence of
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events taking place following the M-ary noncoherent symbol detection and
the assoclated RS symbol errors glven by P,, of eq. (5.52). The Inner decoder
combines n; (RS symbols) each consisting of m; MFSK symbols to glve
(k; m;) MFSK symbols to the outer decoder. The outer decoder takes (N; m;")
of these symbols and finally give (K; m,-' ). The probabllity of one RS symbol

belng 1n error following the inner decoder Is given by,

. n, : t n: . o
pi— % Xt ;-](Pa, Y =Py Y (5.50)
j=t+1 T

where ¢ is the error correction capability of the Inner decoder

= | et (50

If we now assume m,-=m,-' then every RS symbol decoding error coming out
of the inner decoder means one Input RS symbol _:ror to the outer decoder In
which case the probability of one RS symbol error of this outer decoder
beccmes,
N| J' +t2 N. . . . .
N,-
P¥= % | ](P;:)J a-Py™ (5.01)

J=tstl [

where 1 ,= IL(N,- ~-K; )/2} for the outer code. Now a decod!ng error In one RS

symbol does not necessarlly mean every one of the m,-' (MFSK) symbols is In
error, also, If orthogonzal MFSK 1s used we obtaln for the final decoded bit

error

I

M P
Pout
oM-1) P, %

Where P,, is as glven In (5.52) and P,,' Is equal to P, from (5.52) with

P, = (5.62)
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m; equal to one.

In (5.62), the middle term represents the condltional probabllity of one MFSK

symbol error given one RS symbol error.

5.4 Results

The error performance of the new systemn has been determined for both
the Inner trellls code (scheme-a) and Inner RS code (scheme-b) cases. The bit
error probabllity for the trellls code has been found to decrease as M s
decreased In both cases (Flgs. 5.8 and 5.18), keeping all other factors such as
Jamming/signal power ratlo J/P, jamming duty factor p, number of users,

uncoded processing gain and uncoded blt SNR the same for both cases.

For the Inner trellls code and outer RS code case (schewme-a) and for

M = 4, the bt error p wbability has been calculated for few selected trellls

2

df ree 2 df ree

= 10) and (state 32,
0 0

codes of [5.2,5.3], such as the (state 8,

13 ) codes.

In Fig. 5.8, (for the 8 state trellls code (scheme-a) case), the bit error probabil-
1ty vs. the number of users has been plotted using jamming/slgnal power ratlo
J/P and processing galn as parameters. Under the same conditlon the bit
error orobabllity has been plotted for 32 state trellls code (scheme-a) case (Fig.
5.9). It Is clear from the two Fig's. 5.8 and 5.9 that the error performance in
the environment mentloned Is better for the 8 state trellis Inner code case (In
Flg. 8, for 8-state trellls (scheme-a) and U = 60, PG = 512, the error proba-
bility 1s 2.107° and In Fig. 9, for 32-state trellls {scheme-a) under the same con-

dition , the error probabillty 1s 5.107%.
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For the same trellls codes (scheme-a)(l.e., 8 state, and 32 state) and for
M =4 the error probabllity vs. Jamming/signal power ratlo J /P has been
plotted in Fig's. 10, and 11, respectively, using processing gain as a parameter
and keeplng the number of users equal to 4 and p equal to .9. Whether
Jamming/signal power ratio J/P changes (Fig. 10), or the number of users
(Fig. 8), we generally see that the 8 - state trellls (scheme-a) performs better
compared to the 32-state trellls code (scheme-a) case. The 8-state code has
been compared with other codes of simllar complexity and has been found to

perform better.

For the 8- state code (scheme-a) (F'ig. 5.8), 1t Is apparent that as the pro-
cessing galn Increases the error probablllty decreases. In Flg. 5.12, the error
probablllity has been plotted vs. the number of users using jamming/slgnal

power ratio J /P as a parameter.

The performance of the new system has been evaluated for RS Inner and
RS outer code (scheme-b) case also (Flgs. 5.13 and 5.17). It has been found
that as the M -ary size 1s decreased the error probabllity decreases all other
conditlons, l.e., processing galn, jamming/signal power ratlo J/P, jamming
duty factor p, uncoded bit SNR remalning the same. For RS Inner code case
(scheme-b) and for M =4 the error probabllity has been plotted vs. the
number of users taking processing galn as a parameter (Flg. 5.13). Increasing
the number of users In this case (Flg. 5.13) results In a drastlc Increase In P,
but with the Increase of the processing galn the error probabllity decreases (In
Fig. 13, at PG = 512, number of users U = 9, the error probabliity 1s 1077
and at U = 12 the error probablilty 1s 2.107%), In Fig. 5.14 and for RS Inner
code case (scheme-b) the error probabllity has been vs. Jamming/slgnal power

ratlo J/P uslng processing galn as a parameter. In Flg. 5.15, the error
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probabllity has been plotted vs. the number of users with jamming/signal
power ratio J /P as a parameter. Comparing Figs.5.14 and 5.15, we generally
see the domlnating eflect for the number of users as opposed to jamming
power. For comparison of the performance of the system under Inner trellls
code case (8-state) (scheme-a) with Inner RS code case (scheme-b) we refer to
Fig's. 5.8 and 5.13, respectlvely. It Is apparent from the figures that the inner
trellls code case (scheme-a) can handle a larger number of users than the inner
RS code cas (scheme-b) keeplng the same )Jamming/signal power ratlo J /P,
Jamming duty same uncoded bit SNR (In Flg. 8 for trellls Inner code case
(scheme-a) for PG = 512, and at blt error probabllity of 10~° the number of
users U that can be handled equals = 55 and In Flg. 13 for Inner RS code
(scheme-b) under the same conditlon and for the same error probability the

number of users U that can be handled equals 10).

Finally, comparing Fig's. 5.10 and 5.14 (l.e., for 8- state trellls Inner) code
case (scheme-a) and RS Inner code case (scheme-b), respectively, it is easlly
seen that the bit error probablllty for the trellls code case (scheme-a) Is less
than that of RS Inner code case (scheme-b) keeplng other parameters the same
(In Fig. 10, for Inner trellls code case (scheme-a) at J /P =12 and PG = 512
the error probabllity 1s 3.10™° and In Flg. 14, for Inner RS code case (scheme-b)

under the same condltlon as above the error probabllity equals 4.10‘2).

5.5. Conclusion

A new random SS system has been presented. Concatenated trellls code
applicatlon to such a system have been tried and comparisons were made with
concatenated RS codes (scheme-a and scheme-b) (for the first time in the non-

coherent environment). It was found that for 4-ary MFSK systems the
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concatenated trellls code (scheme-a) outperforms the RS concatenated code
(scheme-b) and can withstind six times the number of users than the RS case
for moderate blt error probabllity. This may be due to the soft declsion decod-
ing Inherent In trellls codes as compared to the hard declslon assumed for the

RS code case.
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Fig.5.8  Bit error probability vs. number of users for inner trellis code (8 state)
(scheme-a). Uncoded bit SNR = 20. M = 4, jamming/signal power ratio
J /P = 05, duty factor p =.09
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Fig. 5.11  Bit error probability vs. jamming/signal power ratio J/P with processing

gain (PG) as a parameter for inner trellis code (32 state) (scheme-a), M =
4, uncoded bit SNR = 20.0, duty factor p =0.9.
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Fig. 5.12  Bit error probability vs. number of users with signal/jamming power J /P
as a parameter for inner trellis code (8 state) (scheme-a), M =4, uncoded
bit SNR = 20.0, processing gain PG = 512, duty factor p = 0.9
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CHAPTER VI

THROUGHPUT ANALYSIS OF THE 'SUGARW’ ACQUISITIONLESS

SPREAD SPECTRUM SYSTEM IN MULTI ACCESS
AND TONE JAMMING ENVIRONMENTS

6.1 Introduction

Pseudorandom codes have typically been used for the Direct Sequence
(DS), the Freq: 2ncy Hopplng (FH) and the Time Hopping spread spectrum
(SS) systems [8.1). It was not possible for a SS recelver to synchronlze to a
completely random spreading code and the acquisition stage In the SS recelver
emerged as the most Important component [6.2] In the system. Acqulsition
tlme ranges from mllliseconds to few seconds In both mllitary and domestlc
systems [6.3]. Moreover, the Inconvenlence of plugging 1n the (time of the day)
In some secure systems makes such system Inappropriate for real time and/or
short mlisslon tlme applicatlons not to mention the vulnerabllity to Jamming
durlng the acqulsition stage, the use of short preamble codes, etc. It would be
productlve to have a spread spectrum system that does not go from acquisition
to verification then to tracking and then to demodulation and back to

verification from time to time, etc., [8.4].

To find a system satlsfylng the acquisitlonless requlrements the
'SUGARW' SS system was proposed [8.5]. The 'SUGARW' spread spectrum
(SS) system does not go from acqulsition to verificatlon then to tracking and
then to demodulatlon again from time to time, etc., as In a conventional SS

systems. In the DS system prelimlnary study [6.5] employs Gold codes,
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uniform random number generators for the random transmisslon of one of the
few composite Gold Walsh words as the basic spreading waveform of a multl
access system with minlmum users correlation. The notlon of quasl random (as
opposed to pseudo-random) code 1s achleved by a unlform random varlate
which 1s used to select the applicable Gold codes (pseudo random) for
transmission. Though the effectlve code length Is very long (semi-infinite) the
baslc constituting Gold codes are short but those baslc codes could be change-
able In real time on a less frequently basls thus achleving effectively very long
quas] random codes. Reception wlill be possible by Incorporating programm-
able matched fliters at the recelver. Due to Doppler and or fadlng, etc., one
matched fllter peak may be lost occasionally (mlss), another may be added.
The FEC status and the control box will be tled by an algorithm that will
minimize or cancel these misses and false alarm sltuatlons. In the mean time
the system will never stop demodulation or switch to acquisition, even under
missing few matched fiiter peaks, the system continues detecting, few Informa-
tion bits will be corrected by decoding, others will be lost. However, the next
matched filter output will put things back into prospectlve and the approprl-
ate Automatic Repeat Request (ARQ) wlll occaslonally be asking for

retransmisslon.

In the following we Introduce the new system for Frequency Hopping and
we describe the algorithmic detectlon for this system. In this chapter, the
throughput performance of the new acquisitlonless spread spectrum (SS)
»SUGARW: system has also been evaluated and compared agalnst the conven-

tional SS systems that requlre code acquisitions for thelr operations.
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8.2 New A cquisitionless System for Frequency Hopping (FH)

To find a system satlsfylng the acquisitionless requirements a new system
has been proposed. The system employs Gold codes [6.6], Walsh functlons, unl-
form random number generators for random transmisslon of four composite
Gold words In DS/PSK and DS/DPSK multl-access systems [6.5]. The tech-
nlque Is slightly modified and applled to the noncoherent FH/MFSK multl-

access systems. The generlc block dlagram of the transmitter of the proposed

system Is shown in F'lg. 6.1.

The uniform number generator of Fig. 6.2, or alternately a large varlance
Gausslan nolse, source Is sampled and held every N, T, sec where NN, Is the
number of hops per sub code and T} Is the FH duratlon. This sample selects
one of L stored (short or medlum length) Gold codes for controlling the fre-
quency synthesizer (Fig. 8.1). The output of this synthesizer 1s mixed with the
MFSK modulator output after which the signal 1s up converted and transmit-
ted. The timing box In Flg. 8.1 controls the duration of each Involved block. In
one example, the Fast Frequency Hopping (FFH) 1s used meanlng that each
MFSK symbol (T, =~, T}, ) encompasses one or more frequency hops. How-
ever, In this thesls the Slow Frequency Hopping (SFH) 1s consldered and

T, =N, T, where N, Is an Integer. Before moving to  the recelver detalls 1t
Is easy to see that

N, L =PGM (8.1)
where PG s the processlng galn, l.e. ratlo of the SS bandwldth to the data
bandwldth, M Is the size of the signal consttllation and L 1s the number of

subcode In the total code (number of matched filter banks In each recetver).

W

ME, (log M) (8.2)

PG =




Up Convert.

v
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Gold code 1
(L*1)
Gold code 2 Multiplexer Frequency
Synthesizer
| ; MFSK
Modulation
Gold code L T
Data
- Uniform
Timing Ckt Random
Number Gen.
Local
Oscillat
Fig. 6.1. A novel FH/MFSK transmitter
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p)

Fig. 6.2 Uniform number generator. Multiplexer selects Gold code ‘n_tinber iif dl)c

output of the random number generator lies in the range —;— <U«x Z

Alternately Gaussian noise can be used.
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where W is the SS bandwldth and R, Is bit rate of the system.

The down converted recelved signal (Flg. 6.3) feeds L matched fllters.
Each of these fliters Is matched to the hopplng frequencles, transmitted under
the control of the applicable Gold code. The recelved signal 1s also fed to a.n‘
adjustable analog delay llne that effectively stores the recelved signal while the”
timing, loglc and control box trles to find the best estimate of the code epoch.
The control box selects the appropriate de-hopping frequencles, to mix with
the arrlving signal. The subsequent MFSK noncoherent detectlon and con-

catenated decoding finally give the decoded bits.

For the convenlence of analysls we assume operation of the system in the
steady state conditions. By the steady state we mean that peaks from the L
matched fllters will be separated by N, T, seconds. This way and following
each Incoming peak, the control box easlly adjusts the delay and the frequency
synthesizer wlll be effectlvely programmed to match the hopping frequencles
that caused the specific matched fliter to peak. Due to Doppler and/or fading,
etc., one matched filter peak may be lost occaslonally (mlss), another may be
added (false alarm). The error correction has to be rellable for timing Informa-
tlon to rely on. In any case, our system Wwill never stop demodulation and
move to acquisitlon, even under missing few matched fliter peaks, the system
contlnues detecting, few Information blts will be corrected by decodlng, others
will be lost. However, the next matched fllter output will put back things Into
prospectlve and the appropriate automatic repeat request will occaslionally be
asked for retransmission. Needless to say, that the conventlonal SS systems
using pseudorandom codes and acqulsition technlques will have to ask for
retransmlission any how, the difference Is ellmlnating the frequent shuttling

between the acquisition and the demodulation modes of operation.
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6.3. Systemns Description for Algorithmic Detection

The transmitter and recelver of the proposed acquisitionless system [6.6]
are shown 1n Flg's. 6.4 and 6.4, -respectively. In the schematic we have two
recelvers each consisting of a number of matched fillters banks (L). The
number of banks In each recetver will depend on the length of the total code
and the length of each sub-code. Both of these recelvers will demodulate the
recelved FH/MFSK signal. One according to an old code epoch (l.e., a code
based on previously synchronlzed code phase), The other recelver bank uses a
new updated code epoch which the recelver tries to find (using a set of parallel
matched filters and loading the second local code generator according to the
phase of matched filter that peaks). Demodulation 1s duplicated in the two
branches (Flg's. 8.4 and 6.4.b) according to both the new and old code epochs
and the branches yleld the welghts w,, w, every code perlod. These welghts
are computed based on the quality of the code epoch and the data decoding
according to some preset rule (to follow). F'inally, actual data blts will be sam-
pled from the recelver branch that has the highest welght.

It should be noted that we employ Frequency Hopplng (FH) In this
chapter and so the L matched fllters should be matched to the right sequence
of Frequency Hoppling.

We assume operation of the "'SUGARW’ system In the steady state condl-
tions. Steady state } Implles that the peaks from the L matched fAlters will be
separated by N, T, seconds. Where LIV, T; 1s the code length, N, 1S the

number of hops per sub code and T} Is the hop duratlon except for the fact

 ‘The fading, multl access, tone jamming, environments, signal power natures and param-
eters are slowly varying.
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Fig. 6.4.b. Schematic of the simplified receiver
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that due to Doppler and/or fading, etc., one matched fliter peak may be occa-
slonally lost (missing), another may be added (false alarm). The forward error
correctlon (FEC) conditlon and the control box will be tled by an algorithm

that will minimize or cancel these misses and false alarm sltuations.

At the recelver turn on, the code generator of the first recelver Is loaded
with any initlal conditlon corresponding to sub-code-1 phase for example. The
recelved slgnal passes through both the so called new and the old recelver sets.
The old recelver operates according to the stored clock (code epoch), the upper
branch of Fig's. 6.4 and 6.4.b. The new recelver (the lower branch of Fig. 8.4.)
Is contlnuously trylng to find a new clock (code epoch) within a certaln obser-
vatlon perlod (one code length). Short code lengths are preferred for Implemen-
tation (However, the effective code length seen by the unauthorized listener is
sem! Infinite). The new code phase Is that epoch of the first sub-code matched
fliter that exceeds Its threshold (In the 2nd (called new) recelver bank).
Immedlately after finding thls new epoch (It may be ldentical to the old clock
In most of the cases, If Interference, Doppler, multl access Jamming, etc., are of
smaller magnltudes), the first code generator In the first branch and which is
used for the actual data demodulation by active correlation Is loaded according
to this newly found epoch (clock). The Data will be demodulated and forward
error correctlon FEC executed In the two separate demodulators and the FEC
decoders and the corresponding welghts w, and w, found from the two
recelvers banks are compared at the end of the observation perlod. The first
recelver banks welght w, (based on the old epoch) will depend on the result of
FEC-1 and the number of sub-code matched filters peaking In order followlng
the first one that peaked In this observatlon perlod. In the system we assume

the existance of wide-band analog storage devices equal to one sub-code length
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(easlly implemented by SAW delay lines). As one sub-code record of the
recelved signal passes through the two recelver banks which will in their turn
to 1dentlfy the sub-code corresponding to this record (which matched filter
peaks). The same record will be delayed through the SAW device and as soon
as the right sub-code Is 1dentifled In both banks the code generators in both
banks will be loaded by the discovered sub-code and appropriate despreading
will be done at the two banks (Flig. 6.4). In short we operate the two banks
and SAW delay line In a plpeline fashlon. The data from the bank one
corresponding to higher welght Is selected, If welght w, of recelver-2 Is greater
than w, then data from recelver-2 will be selected). Also, If w,>w, then the
code generator 1 of the old epoch (of the previous frame) will be replaced by
the old clock-2 for the next observatlon perlod (next frame). However, If
w,>w, , the old clock-1 Is retalned In the first recelver (bank) and the second
branch runs freely in the next observation period trylng to find a new better
clock (If there s one). Added if wo,>w, we may need to fill the vacant data

bits from the second FEC decoder bank with decoded blts coming from the

first FEC (see Figs. 6.4-68.5). This is the reason why as a worst case we sub-
tract one sub-code data from the stream of correct throughput data of the sys-

tem as In eq. (6.41).

Now the next observatlon perlod starts according to the newly found
epoch-2 and agaln the second bank runs freely trylng to find a different new
epoch In each new observatlon period. While the first bank using the old code

epoch.
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6.4. Analysis of the Weight Distributions w,, w, of the Receiver 1
and 2 and the Clocks Steady State Probabilities.

For finding the welght distribution (the measure of correct code epoch
and data demodulation) of the recelver bank-1 and the recelver bank-2 we
start with the probability of weight distribution of sub-code matched fliters

peakings.

Assuming that there are L sub-codes In the total code. If we define the
probabllity distrlbution of acquisitlon of the sub-codes In the demod-1 using

correct clock (l.e., under signal present) in the following manner

P (a =0) represents the probabllity of less than C, matched fllters peaking In

order or any order durlng an observatlon perlod of L sub-codes.
Where C Is a threshold which Is typlcally equal to L /2 or more.

P (a =1) represents the probabllity of C, or more matched filter peaking not

necessarlly In order (l.e., not separated by the appropriate time).

P (a ==2) represents the probablllty of C'; or more matched filters peaking in

the right tlme and right order.

Now, these probablllties can be represented by the followlng equations.
Cr-1 Ly ,
Pla=0)= Y (z.) a' (1-a)l (8.3)

t =0

where o 1s equal to the probabllity of one matched fllter output exceeding its
threshold (1.e., probability of detection Pp under signal present in the different
Interference sltuations outlined in previous chapter-II) and L equals to the
number of sub-codes (l.e., number of matched fiiter banks In each recelver)

L . .
Pa=2)= ¥ ol (1-a)t~7 (6.4)
i=¢,
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P(a=1) = g"; (’;]afu-a)’"f - P(a=2) (6.5)
i=C,

where P (a =2) has been deflned earller.

Similarly, when the codes are not allgned (l.e., no signal present), the distribu-
tlon of the probabllltles (denoted by P(a' =i) {=0,1,2,....) Is similar to
P(a=1) i{=1,2,3...... But the probabliity o In this case wlll represent the pro-
babllity of false alarm under no code allignment and no signal present defilned
In earller chapter-II (eq. (2.20)) (l.e., false alarm Pp, In the different cases of

single user, multl access and tone Interference cases).
Next, we find the effect of FEC (on the welght distribution) as follows:

We assume that the error detectlon and the correctlon occurs per record (part

of a sub-code, l.e., code word).

Now, whether FEC Is Reed-Solomon (RS) or convolutional code we assume N

nformation symbols per code word or records If convolutional codes are used.

So, the number of FEC block records per L sub-code observation pertod m' 1s
represented as below
.S
m = ———— 6.6
5 (8.8)
where S; indlcates the number of symbols In the L sub-code observation

perlod and Sp Indlcates the number of symbols In each code block (record).

The number of hopplng frequencles, the hopplng rate and the processing galn
of course enter Indirectly Into the calculation of total number of bits

corresponding to the L sub-code.
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In our case m  Indlcates the number of RS code words per sub-code.

For FEC welght calculation, we define the following three probabllity distribu-

tlon for the case when there 1s signal present.

73 equals the probabllity of no RS symbol error In a block of N RS symbol
= (1-Pgg )V (6.7)
T3 RS .

where Ppg 1s the RS symbol error probabllity on the channel eq.(6B-10) for
the multiple access case, eq. (6B-11) for single user case with tone Jamming
and for the single user case (only) eq. (6B-1) with p; equal to zero and U
equal to one. The evaluatlons of these error probabilities has been shown In

Appendix-6B.

7o equals the probability of up to ¢ or less errors corrected and detected,

where t 1s the error correction capabllity of the code.

t . .
Yo = ) (1;r] Phs(1-Ppg )N (6.8)

J=1
where ¢ for RS code = [(/N-K )2l = k(dmm—l)/2_\ .

~, equals the probabillty that the number of errors exceeds the error correction

capabllity but within the detectlon capablility of the code.

D . .
m= 5 (5)Pds a-Prs)¥ (6.9)
j=t+1

where D =N-K +1

7, €quals the probabllity of no error detected nor corrected

Yo = 1- ('71+'72+'73) (8.10)
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Simllarly, for the case when there 1s no signal present these probabllities will
be represented as '7:; , '75 ’ '71' and ~, , respectively. Which are based on PRIS
l.e., RS symbol error under no signal present (PR'S Is a very high error based
on no code epoch matching between the recelved slgnal and the local code, eq.
(B-10) for the multiple access, eq. (6B-11) for the single user with tone jam-
ming and eq. (6B-1) with p 5 equal to zero and U equal to one for single user
(only) case. For the case of no code allgnment In these equations P, Is glven
by eq. (6B-9)).

Now the status of the FEC In the first recelver banks under the condition
of code alignment (l.e., signal present case) can be represented by using the

probabllities ~,, 75, 7v; 2nd 7y, deflned earller as follows:

P (b=0) represents the probablility of all m' FEC blocks constituting one

sub-code had errors, not detectable not correctable
P(b=0)= A (6.11)

P (b =1) represents the probabllity of one FEC block out. of m’' FEC block
not correctable (which can occur In any order) and the rest not detectable not

correctable
P(b=1)=m' 7" (6.12)

P (b =2) represents the probablliity of two FEC blocks detectable but not

correctable and the rest not detectable not correctable.

+ probabllity of one FEC block detectable and correctable and the rest

(m' -1) not detectable not correctable.

’

=2y = [ |rpagr o[ |- (613)
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P (b =3) 1s the probability of one FEC block detected and corrected probabll-
ity of one FEC block detected but not corrected, probability of the rest

(m' --2) FEC blocks nelther detected nor corrected.

+ probablility of three FEC blocks detected but not corrected and of the rest

of (m' -3) FEC block nelther detected nor corrected.

+ probabllity of one FEC block out of m' FEC block corrected and the rest

(m' —1) block netther detected nor corrected
ml '- ml ’_ ml '—
P(b=3)= [ 0 ]'711'721’70'" 14 l 3 l'ylsfyo'" S+ [ 1 ]7370"‘ 1 (6.14)

P (b =4) s the probabllity of four FEC block out of m' FEC block detected
but not corrected and the rest (m' —4) FEC block nelther detected nor

corrected.

+ probability of few errors detected and corrected 1n one FEC block out of
(m' -1) block, and the probabllity of few errors detected but not corrected in
two FEC block, and the probability of the rest (m' -3) FEC block nelther

detected nor corrected.

+ probabllity of no errors In one FEC block out of (m' —1) block, and the pro-
babllity of few errors detected but not corrected In one FEC block, and the
probabllity of the rest (m' —2) FEC block nelther detected nor corrected.

4 probabllity of no errors detected nor corrected In two FEC block out of

(m' -2) FEC block

!

? m I_
P (b=4)= ["; ]'71'70"‘ I R BT i

[} , 1 '
+ l Tnz l73’71’70m -2+ 2 '722’70"' 2 (6'15)
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Javing deflned the probabllity distribution of the acquisition and FEC
status, we now comblne these two distributions (P (a ), P(b)) to define the
probabillity of welght distribution w, (assuming demod-1 and FEC-1 are hav-

Ing the correct clock, l.e., codes are allgned).

P (w,==0) 1s the probability of threshold C, for acquisition not exceeded and
probabliity that FEC could not detect and could not correct one or more

errors that occurred
P(w )= P (a =0).P (b =0) (6.18)

and P (w=1), P(w=2), P(w=3), P(w=4) and P (w=5); defined as

P (w,=1) = P(a =1)P (b=0) + P (a =0)P (b =1) (6.17)

P(w,=2) = P (a=0)P (b =2)
+ P(a=1)P(b=1) + P (a =2)P (b =0) (6.18)

P (w,=3) = P (a=0)P (b =3) + P(a=1)P (b =2)
+ (a =2)P (b =1) + P (a =3)P (b =0) (6.19)

P (w,=4) = P (a=0)P (b =4) + P (a =1)P (b =3)
+ P (a=2)P (b =2) (6.20)

P (w,=5)= P (a =0)P (b=5) + P (a =1)P (b =4)
+ P (a=2)P (b=3) (6.21)

Similarly, we define the probabllity of welght distribution w, (wrong clock)
assuming FEC-2, demod-2 under the absence of signal (l.e., no code alignment)
Q (w,=0) = P(a’' =1)P(b' =0) (8.22)

a , b bear simllar meaning to those of a, b except they are evaluated

under no slgnal presence (no code allgnment) and Q (w,=1),
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Q (wo,=2), @ (w,=3), @ (w,=4) and @ (w,=>5) defined as
Q(w,=1)= P(a’ =1)P (b’ =0) +P (a' =0)P (b’ =1)

Q (w,=2) = P (a’' =2)P (b’ =0)
+ P(a' =1)P(b' =1) + P(a’ =0)P (b’ =2)

Q(w,=3) = P(a’ =2)P(b' =1)
+ P(a' =1)P (b’ =2)+P(a’ =0)P (b’ =3)

Q(w,=4) = P(a’' =2)P (b’ =2)
+ P(a' =1)P(b' =3)+P(a’ =0)P (b’ =4)

Q (w,=5) = P (a' =2)P (b’ =3) + P(a’ =1)P (b’ =4)
+ P(a' =)P(b' =>5)

(6.23)

(8.24)

(6.25)

(6.26)

(6.27)

Changes In the clock status (the system selectlng good or bad .lock) can be

represented by a state transltion change In the steady state. t

The transitlon state probabilities of the clocks reflecting the better code and

its assoclated recelver bank selected at any tlme out of elther bank one

(assumed to have good clock) and two (assumed to have bad clock) can be

deflned as in Flg. 6.6.

Pll represents the probabliity of keeping clock-1 In the next L subcodes given

clock one was used.

P"_, represents the probabllity of switching from clock-1 used during the part

of L sub-codes to clock-2.

1 Steady state still means random changes in the system between good and bad clocks.
But, means under steady and slowly varying jammer, multi access, other environments we

get a steady state probability for the good and bad clock in a stricter sense.
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Schematic of the state probabilities of the clock
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P,, represents the probabllity of switching clock -1 in the next L subccde for

demodulation given that clock-2 was used.

P,, represents the probabllity of using clock-2 in the next L sub codes for

demodulation given that clock-2 was used.

For our system the probabllitles as defined earller can also be expressed as fol-

lows:

P,, represents the probabllity of a synchronlzed demod plus FEC-1 welght
w, remains higher than the probabllity of an unsynchronized demod-2 +

FEC-2 welght w,

P,, represents the probabllity of an unsynchronlzed demod, FEC-2 welght w,

remalns greater than the welght w, of a synchronized demod-1 and FEC-1.

These steady state probabilities can be explained physlcally as follows. Assume
stored clock-1 was used and Is a good clock, the newly found clock-2 Is a false
one due to fading or llke user interference, etc,. So the move P, Is a bad one
(leaving the good stored clock and using a new faise clock). P, 1s a bad move,
P,, and P,, are good moves. Now the question might arise as how can demod
-1, FEC-1 welghts go down ? Actually these can go down by the prescence of
jamming, like user Interference in matched filters, fading, etc., thus decreasing

the effective acquisition welght.

Now, the probabllity of transitlon from clock-1 to clock-2 can be deflned as
follows.

P, represents the probabllity of combined acquisition (demod-2) + FEC-2
welght greater than probabllity of comblned acquisition (demod-1) + FEC-1

welght
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Simllarly,

P,, represents the probabllity of combined acquisition (demod-1) + FEC-1
welght greater than the probabllity of comblned acquisition (demod-2) +

FEC-2 weight.

Py = P(w,>w,) = Qo(P+P,+Py+P +P;) + Q (P ,+Pa+P +Py)
+ Qo(Pat+P +Pg)+Q (P +P;g) + Q4(Ps) (6.28)

Pipo=Pw,>wy=Py(@Q,+Q,+Q3+ Q+Q;) + P(Q+Q:+Q ,+Q;)
+ Py(Q3+Q,+Q5) + Pa(Q +Q;) + P (Q[6.29)

Now, the probabllity of remalning In clock-1 or clock-2 can be found by solv-

Ing the set of state equatlons (at equilibrium),

(1-P ;)P4 =P,, Py

P12PA =P21PB

P +P,=1 (8.31)
P
Py=—"2__ (6.32)
Py +P,,
Simllarly,
P
2 (6.33)

Pp=— 12
B P,+P,

Up to now the distributions of welghts w, and w, were based on equal

welghts (Importance) of acquisition (code alignment) and FEC welght.

If now the acquisition (effective code allgnment) carrles more Information

than the FEC Information then we may asslgn more weight say 6 to



147

Simlilarly,

P,, represents the probabllity of combined acqulsitlon (demod-1) + FEC-1
welght greater than the probabllity of comblned acquisition (demod-2) +

FEC-2 welght.

Py = P(w,>wy) = Qo(P+Py+Pg+P +Pg) + Qy(Py+Ps+P +Py)

+ Qy(Pa+P P )+Q (P +P;5) + Q4(P5) (6.28)

Py=Pw,>w;;=PyQ+Q+Q4 + Q,+Q5) + P(Q:+Q3+Q +Q5)

+ Py(Q4+Q,+Q5) + P3(Q,+Qs) + P 4(Q5]6:29)

Now, the probabllity of remalning In clock-1 or clock-2 can be found by solv-

Ing the set of state equations (at equilibrium),

P,=P,Pg+P, P, (6.30)
(1-P,,)P4, =P, Pg

P12PA =P21PB

P +P,=1 (6.31)
Py
P, —e— (8.32)
AT PyutPy
Slmtllarly,
Pig
Pp=——— (6.33)
BT PoutP s

Up to now the distributlons of welghts w, and w, were based on equal

welghts (Importance) of acquisition (code allignment) and FEC welght.

If now the acquisition (effective code alignment) carrles more informatlon

than the FEC Information then we may asslgn more welght say 6 to
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case the distributlon of w, becomes, the quantities P (a =...) at the left side of

€q’s.(6.34),(8.35) are the new distributlon values of § while those on the right

hand are the original distribution (#=0, §=0)

TABLE II
=1 =2 =3
P (a =0)=0 P (a =0)=0 P (a =0)=0
P (a =1)=P (a =0) P(a=1)=0 P(a=1)=0
P (a =2)=P (a =1) P (e =2)=P (a =0) P (a =2)=0

P (a =3)=P (a =2)
P (a =4)=P (a =3)
P (e =5)=P (a =4)

P (a=3)=P (a=1)
P (a =4)=P (a =2)
P (a =5)=P (a =3)

P (e =3)=P (a =0)
P (a =4)=P (a =1)
P (a =5)=P (a =2)

Simllarly, If the FEC Informatlon carrles more welght than the acqulisition

then we may assign more welght say § to FEC as compared to acquilsition In

the process of calculating the welghts In which case the distribution of w,

becomes,
TABLE III
d=1 6=2 =3
Q (a =0)=0 @ (a =0)=0 Q (a =0)=0
@ (a =1)=@Q (a =0) Q (a =1)=0 Q (e =1)=0
@ (a =2)=Q (a =1) Q (e =2)=@ (a =0) Q (a =2)=0

Q (a =3)=Q (a =2)
Q (a =4)=P (a =3)

Q (a =5)=0Q (a=4)

Q(e=3)=@Q (a=1)
Q(a=19)=@Q (a=2)
Q(a=5)=Q (¢=3)

Q (¢ =3)=Q (a =0)
Q(a=4)=Q (a=1)
Q (e =5)=Q (a =2)
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In the previous sectlons we have computed the steady state probabllitles of the
system remalning In clock-1 or clock-2. Using these clock probabllities we for-
mulate a generalized throughput to compare the 'SUGARW' SS system with
the conventional system. In the conventlonal SS system we will consider the
time lost In the acquisitlon mode. However, the performance durlng demodu-
latlon will be better because of low bit errors. On the other hand In the
'SUGARW' system there 1s no time lost during the acquisitlon which Is run-
ning in parallel with the demodulation. However, we lose data from time to

time during clock transition and the tradeofl becomes now clear.
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8.5. Throughput Comparison of the Classic and the 'SUGARW’

Spread Spectrum Systems

In the spread spectrum (SS) multiple access system where there Is no syn-
chronization necessary between the different recelvers a large number of users
may subscribe to such a system whlle system performance (error rate) depends

only on the number of simultaneous users.

The throughput of a conventlonal SS system can be deflned by the follow-

Ing relatlonships [6.11], [6.12]

U*R, (1-P; ) [ Taco
EFFC = 1 6.38
W T (Pace) ) (6-38)
UxR, (1-P,
_LRah) A ) (6.39)

w Pyco

where
p Is the duty factor, l.e., traffic load,
A 1s the ratlo of average acquislitlon time to data transmission time,

T
l.e., A=AT—CQ whlch may vary from .1 to .9,

t

W is the spread spectrum bandwidth,
U represents the number of users in the system,
Ry 1s the bit rate, and

Pb Is the probabllity of decoded bit error (which can be obtalned from eq.

(6B-8) the derivation glven In Appendix-6B).

The term (1- PA ) represents the effect of the average tlme lost due to

ACQ

repeated serlal acquisitlon trlals In the conventlonal systems. Assuming
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geometric distributlon, this Is glven by,

Q i-1 A
l—Azt (I_PACQ) PACQ=(1—

) (6.40
iz Pace )

as above

The probabllity of acquisition PACQ can be obtained from eq's.(6A-8, 6A-7,
6A-8) in Appendix- A (the probability of acquisition for the single dwell sys-
tem). Similarly, the probablllity of bit error can be found from eq. (6B-98) of

the relationships developed In Appendix-6B (error probabilities of multl access

and tone Jamming cases).

On the other hand, the efiiclency of the new 'SUGARW' SS system can

be deflned as

U*Rb
w

L -2
EFFN = (1-Pyy )pP4 +PPB(T)(1’PM) (6.41)

where

P,,g is the probabllity of blt error uslng good clock (which Is the same as

P, 1n eq. (6B-9) of Appendix-6B)

Pb,, is the probability of bit error using bad clock (which Is assumed equal
to .5 because the detected bit may be right or wrong with 50% probabllity in

the case of (worst case) code misallgnment)
P, 1s the steady state probabllity of the good clock
Pg 1s the steady state probability of the bad clock

(L -2)/L 1s a factor reflecting the data loss due to switching between the

good and bad clocks.

Equation (6.41) assumes the exlstance of wide-band analog storage devices
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of length equal to one sub -code length (easily implemented by SAW delay

lines).

The maln difference between the efficlency relatlonship of the conven-
tlonal SS system and the new SS system Is that In the new system we detect
some data even when the system Is in clock-2 (l.e., bad clock that means no
code alignment). But, some data will be lost In the transition. In the conven-
tlonal SS system when the codes are not aligned (no acquisition), data for that

perlod Is completely lost.

¢ 6. Results

The steady sta. probabllities of the bad and good clocks, the efficlencles
of the conventlonal SS and the 'SUGARW"’ SS system have been computed In
the different single user, mult! tone Jamming and multiple access environments

Involved.

In the slngle user case Flg's. 6.7, 6.8 Increasing the number of subcodes
and Kkeeplng everything otherwise fixed (l.e., SNR =10., C ;=2 In both cases)
wlll result In reduclng the probabliities of good clock and Increasing the proba-
bllitles of bad clock acquisition due to less Integration tlme per sub code.
Moreover, 1t was found that states with less welghts have higher probabilities.
This became true for multlple access cases and also for tone jamming cases.
However, the above Is true only for high SNR . At low SNR the situation rev-
erses l.e.,, the nigher Is the L the better Is the performance (Figs. 6.9, 6.10 for
the single user case), similarly for the multiple access case and the tone jam-

ming case).

In the slngle user case, changing the acquisition welght § did not result In
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a noticeable change In the clocks probabliities (Flg's. 6.7 for L =4, C, =2,
SNR =10, and Filg. 8.11 for L =8, C =4, SNR =10) and changing the FEC
welght & up to three did not result in notlceable change In the clocks probablill-
tles (Fig. 8.12). However, as the SNR decreases we see a noticeable change In
the clocks probabilittes as FEC welght & Increases (Fig. 6.13) and If § Increases

the clock probability maintalns a steady value (Fig's. 6.9, 6.14)

Also, by decreasing the threshold C, with fixing L, SNR and all other
parameters otherwise we note a deterioration In the clock probabilities (Fig's.
8.9, 6.14). We get simllar results In the multiple access and tone Jamming

cases.

The good and bad clock probabilitles has been plotted vs. SNR for the
single user case, the multl access case and the single user tone Jammlng cases
In Fig's. 6.15-6.17. For the single user case the clock probabllity remalns more
or less constant up to certain SNR then changes and attalns a steady value
(Fig. 6.15), these trend can be seen In the other cases also. Comparing Fig.
8.15 (for single user case) and Flg. 6.16 (for multlple access case) we can see
that the clock probabillity saturates more quickly In the single user case than
the multlple access case for the same operating condition (le., L =4, C;=3In

both cases).

The steady state probabllities of the bad and good clock has been plotted
vs. the acquisition threshold C , for the single user case, the mult] access case
and the single user tone Jamming case both for high and low SNR 1in Fig's.
6.18-6.19. From these figures it Is evident that If the acquisition threshold 1s
Increased the good clock probabllity Increases and the bad clock probabliity

decreases.
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The throughput efficlency of the new 'SUGARW' SS system has been
plotted vs. p (duty factor) In Flg’s. 6.20-6.23. The efficlency of the conven-
tlonal SS system has also been plotted vs. p with A the ratlo of average
acqulsition tlme to data transmisslon time as a parameter. In all these cases
the performance of the new 'SUGARW" SS system Is better than the conven-
tional SS system If the A the ratlo of average acquisltlon time to data
transmission time Is greater than .001. The new SS system throughput has
been plotted for two different clrcumstances, l.e., assuming In one case that in
the transitlon between the clocks one sub-code data Is lost and In the other
case 1t Ir assumed that two sub-code data Is lost. So when L 1s small this
affects the performance of the new SS system conslderably as Is clear from Flg.

6.20 and Fig. 6.21.

8.7 Conclusions

It 1s posslble to have a SS system that does not need acquisition. In thls
paper we have Introduced such a system and proved that In many cases, the
throughput of the 'SUGARW' system is higher than a conventlonal system. It
was found In the 'SUGARW® SS system that the clocks probablliitles
deterlorates If the acquisitlon threshold Is decreased keeping number of sub-
code and SNR flxed. Moreover, Increasing number of subcode keeping every-
thing fixed have resulted In deterlorating recelver performance. In formulating
demodulation declston at the recelver coding has been found to be more criti-
cal than acqulsition at high SNR, at low SNR there Is no relative Importance
of the thresholds 6 and 8 but still Increasing § makes more sense. The perfor-
mance of the new 'SUGARW'’ SS system has been found better than the con-
ventlonal SS system If A the ratlo of average acquisition time to data

transmission tlme Is greater than .001.
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Fig. 6.7 Clock probability versus acquisition weight 0 for single user case, param-
eters are; spread spectum bandwidth = 7.68 Mhz., bit rate = 2Kbps,,
M -ary system of M = 4, Reed Solomon code (64, 32), number of sub-
code L =4, threshold setting C ;= 2, signal to noise ratio = 10. .
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Fig. 6.8 Clock probability versus acquisition weight 0 for single user case, param-

eters are; spread spectum bandwidth = 7.68 Mhz., bit rate = 2Kbps.,
M ~ary system of M = 4, Reed Solomon code (64, 32), number of sub-
codes L = 8, threshold setting C',= 2, signal to noise ratio = 10.
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Fig.69  Clock probability versus acquisition weight © for single user case, param-

eters are; spread spectum bandwidth = 7.68 Mhz., bit rate = 2Kbps.,
M-ary system of M = 4, Reed Solomon code (64, 32), number of sub-
codes L = 4, threshold setting C,= 2, signal to noise ratio = 0.1
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Fig. 6.10 Clock probability versus acquisition weight 0 for single user case, param-
cters are; spread spectum bandwidth = 7.68 Mhz., bit rate = 2Kbps.,
M —ary system of M = 4, Reed Solomon code (64, 32), number of sub-
codes L = 8, threshold setting C,= 4, signal to noise ratio = 10.0
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Fig. 6.11 Clock probability versus acquisition weight 0 for single user case, param-
eters are; spread spectum bandwidth = 7.68 Mhz., bit rate = 2Kbps.,
M —ary system of M = 4, Reed Solomon code (64, 32), number of sub-
codes L = 8, threshold setting C = 2, signal to noise ratio = 0.1
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Clock probability versus FEC weight & for single user case parameters
are; spread spectum bandwidth = 7.68 Mhz., bit rate = 2Kbps., M —ary
system of M = 4, Reed Solomon code (64, 32), number of subcodes L =
4, threshold setting C , = 1, signal to noise ratio = 10.0
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Fig. 6.13  Clock probability versus FEC weight 8 for single user case, parameters
are; spread spectum bandwidth = 7.68 Mhz., bit rate = 2Kbps., M -ary
system of M = 4, Reed Solomon code (64, 32), number of subcodes L =
4, threshold setting C ;= 1, signal to noise ratio = 0.10
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6.14  Clock probability versus acquisition weight 0 for single user case, param-

eters are; spread spectum bandwidth = 7.68 Mhz., bit rate = 2Kbps.,
M -ary system of M = 4, Reed Solomon code (64, 32), number of sub-
codes L =4, threshold setting C = 1, signal to noise ratio = 0.10
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Clock-1

Clock-2

Fig. 6.15

10 15 20
SNR

Clock probability versus signal to noise ratio (SNR) for single user case,
parameters are; spread specium bandwidth = 7.68 Mhz., bit rate = 2Kbps.,
M—ary system of M = 4, Reed Solomon code (64, 32}, number of sub-
codes L = 4, threshold setting C,=3
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Clock-1

Clock-2

Fig. 6.16

SNR

Clock probability versus signal to noise ratio (SNR) for multi access case,
parameters are; spread spectum bandwidth = 7.68 Mhz., bit rate = 2Kbps.,
M -ary system of M = 4, Reed Solomon code (64, 32), number of sub-
codes L = 4, threshold setting C,=3

25
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Clock-1 ]

Clock-2 N

Fig.

6.17

SNR

Clock probability versas signal to noise ratio (SNR) for multi tone jam-
ming case, parameters are; spread spectum bandwidth = 7.68 Mhz., bit
rate = 2Kbps., M —ary system of M = 4, Reed Solomon code (64, 32),
number of subcodes L = 4, threshold setting C,=3
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C, (Threshold of acquisition)

Clock probability versus acquisition threshold setting C, for singie user
case, parameters are; spread spectum bandwidth = 7.68 Mhz., bit rate =
2Kbps., M —ary system of M = 4, Reed Solomon code (64, 32), number
of subcodes L = 8, signal to noise ratio (SNR) =.10
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Fig. 6.19

C, (Threshoid of acquisition)

Clock probability versus acquisition threshold setting C, for single user
case, parameters are; spread spectum bandwidth = 7.68 H\'lhz., bit rate =
2Kbps., M —ary system of M = 4, Reed Solomon code (64, 32), number
of subcodes L = 8, signal to noise ratio (SNK) =10.0
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Fig. 6.20 Efficiency versus duty factor (p) for new spread spectrum system and

conventional spread spectrum system for multi access case, the parame-
ters are; spread spectum bandwidth = 7.68 Mhz., bit rate = 2Kbps.,
M —ary system of M = 4, Reed Solomon code (64, 32), number of sub-
code L=4, threshold setting C, =2, SNR =.1 and for the conventional
system A (the ratio of average acquisition time to data transmission time)
as a parameter.
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Fig. 6.21
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p (Duty factor)

Efficiency versus duty factor (p) for new spread spectrum system and
conventional spread spectrum system for multi access case, the parame-
ters are; spread spectum bandwidth = 7.68 Mhz., bit rate = 2Kbps.,
M-ary system of M = 4, Reed Solomon code (64, 32), number of sub-
code L =4, threshold setting C, =2, SNR = 10.0 and for the conventional

system A (the ratio of average acquisition time to data transmission time)
as a parameter.
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Fig. 6.22  Efficiency versus duty factor (p) for new spread spectrum system and

conventional spread spectrum system for multi access case, the parame-
ters are; spread spectum bandwidth = 7.68 Mhz., bit rate = 2Kbps.,
M —ary system of M = 4, Reed Solomon code (64, 32), number of sub-
code L=8, threshold setting C, = 4, SNR = .1 and for the conventional

system A (the ratio of average acquisition time to data transmission time)
as a parameter.
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Fig.6.23  Efficiency versus duty factor (p) for new spread spectrum system and

conventionalclassic spread spectrum system for multi access case, the
parameters are; spread spectum bandwidth = 7.68 Mhz., bit rate = 2Kbps.,

M —ary system of M = 4, Reed Solomon code (64, 32), number of sub-
code L =8, threshold setting C = 4, SNR = 10. and for the convetional

system A (the ratio of average acquxsmon time to data transmission time)
as a parameter.
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Appendix 6 A
The probability of acquisition for the single dwell serial search system
Finding the probabllity of acquisition of a single dwell PN acquisition in
k or fewer dwells requires first obtalning an expression for the probabllity den-
slty function of the number of dwells to obtaln successful synchronization [8.1],
[6.4].
The generating function flow graph for acquisition time can be written as

the triple sum [6.1]

Ppz o g¢-14(g-1)+
U(z) = >

(DY) Py b (1-Ppy Y04 (6A1)
i=0!=0 h=0
#(1=Pp ) 710+ +hK

where Pp 1s the prpbabllity of detection, Pp4 s the probabllity of false alarm,

¢ Indlcates the total number of cells tob searched.

We deflne
NACQ = Nu’ +m +nK (8A‘2)

where Nu' represents the number of cells searched without success of detection
prior to the k—th search durlng which the correct cell will be detected, m Is
location of the correct cell, n denotes the actual number of false alarms and

for each of these false alarms a penalty K 7, Is assessed.

NACQ Is the Integer valued random varlable which represents the total
number of cells that have been examined when successful synchronization
(acquisition) occurs. 1f p; denote the probabllity that the system acquires on

the j—th cell tested or In terms of Nycq -

pJ- =Pr (NACQ =j) M j=1, 2,3, ....... (6A-3)
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then z has the moment generating function

Uz)= 3 27 p; (6A-4)
j=o

We make the assumption that the system acquires within a single search
of g cells, Le.,, Nycg <g. This Is equivalent to considering only the 1 =0 term
In the summatlon over ¢ slnce the Index ¢ represents the number of tlmes that
the entlre group of cells has been previously examlned. Makling this

simplification (A-1) reduces to

PD g-1 !
U(z)|z.= =— (,lz) PF’"A(l‘PFA )i-h Zl+RE+1 (g 5)
0 9 =0 n=0

Now, making the equivalence between the coefliclents of z7 in (6A-4) and
(6A-5) provides

Pacg (1) = Pr(Nycq <Jj) = )é pi (6A-6)

1 =0

Where Nycp Is the Integer valued random varlable which represents the
total number of cells that have been examlned when successful synchronlzation
(acquisition) occurs. p ; denote the probabllity that the system acquires on the

J—th cell tested. p; Is glven by

Py, k41, o . :
pj = —f pY (- 4K) phy 1Py, y 1t K40 (6A-7)
=0

J . J }
- < ~ K, BA-8
kI(P{—‘.I_] <min {(tK,l-H) q ( )

l_qu

f = | =t (6A-9)

K+1
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and the notation [aJ represents the largest Integer less than or equal to a.
Furthermore, the term corresponding to A =#A +1 clearly has meaning only If

7-1-(h +1)K >0; otherwise Its contribution Is assumed equal to zero.
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Appendix 6 B

Error probabilities of the FH multi access cases

For finding the throughput and clock probabllities of the system we need
to find the probakiiity of blt error in both cases, l.e., for conventional SS sys-
tem and the new 'SUGARW' system under dlfferent sltuations, l.e.,, only

AWGN or AWGN and tone jJamming and multl access Jamming.

Now, to find the probabllity of one Reed-Solomon symbol error on the
channel. We assume that (N, K ) RS codes over GF(2¥™ ) are employed; thus
there are m-M—ary symbols In each RS symbol and each M —ary symbol

contaln £ bits. We upper bound the probabllity RS symbol error by
Pps < 1-(1-P; )V [(1-p;)A-P o)™ +p; (1-P; O™ | (6B-1)

Where M, U, Py, p; and m are the M —ary slze, the number of users, the
probabllity of hit, the Jammer band ratio, and number of M -ary symbols per

RS inner ccde symbol, respectively. Now

. (m/B) N
Pp= (1+_LT")'E (6B-2)

Where, Lb Is the number of frequency hop bands, ﬂ,, 1s the number of
symbols per hop and the multiplicatlon by N /K takes care of the fact that
data bandwldth expands by the use of codes thus decreaslng the processing

galn (PG) and Increasing the probabllity of frequency hit.

Po , P]- o are the symbol error probabllity on the channel affected only by
AWGN or (AWGN and partlal band Jamming), respectively. The probabllities

P, P; o In eq. (6B-1) will now be glven (6.10],

M ' ___iA(m) )
P (17)—-';:)l THi 50 exp( —_——i+1+iﬂ(n)) (6B-3)
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Where,
B(n) = A/(1+77%) (6B-4)
6(n) = A/(1+77) (6B-5)
A(n) = coded symbol SNR = (E, log,M /n)% (6B-6)

E, 1s the uncoded bit SNR,
7/2 1s the double slded nolse density,
4% 1s the scatter/fading power ratlo,

It 4°=0 this implies f(n)=0, &(n)=A(7) which is the pure AWGN recep-

tion case

If A%=o00, this Implles §(n)=A(n) and §(n)=0 which Is the Rayleigh fading

receptlon case.
PO‘ ; 1s slmply obtalned by replacing n by (17+NJ- ) where N § s glven by

J ij

(6B-7)

Where W 1s the spread spectrum bandwidth, J 1s the Jammer power and

p; 1s the Jammer band ratlo or the duty factor.

To find the error Improvement obtained by RS codlng we follow the
sequence of events taklng place following the M -ary noncoherent symbol
detertlon and the assoclated RS symbol error given by Ppg of eqn (6B-1). The
decoder combines N (RS symbols) each conslsting of m MFSK symbols to
give (K, N) MFSK symbols. The probabllity of one RS symbol belng In error
following the inner decoder Is given by,

N ny , .
Pr= 5 L2 () (Pas) (1-Pps N9 (6B-8)
j=t+1
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where ¢ Is the error correction capabllity of the decoder.

Now, a decodling error In one RS symbol does not necessarlly mean every

one of the m (MFSK) symbols are in error, also, If orthogonal MFSK is used

we obtaln for the filnal decoded bit error

P,.(eq. (6B-7) with m;=1)

M P (6B-9)

Py = 2(M-1) P, (from eq.(6B-7)) ac

The middle term represents the conditlonal probabllity of one MFSK
symbol error glven one RS symbol error.

For the case of finding the decoded bit probabllity under bad clock (1.e.,
no code allgnment) we assume the detected probabllity of bit error as equal to
.5 (l.e., because the detected bit may be right or wrong with 50%% probability
due to code misalignment). In this case the probablllty of symbol error

becomes
P, = (1-(1-P, )&M) (6B-10)

when there Is no partial band Jamming present then the RS symbol error
can be found from eq.(6B-1) with p; equals to zero (pj =0)

Pps < (1-(1-P;)V (- P, )™ ] (6B-11)

The probabllity of one RS symbol belng In error following the inner decoder 1s
stlll given by eq. (6B-8) with Ppg replaced by Ppg (ea. (6B-11)). The final bit

error probabllity 1s stlll glven by eq. (6B-9) with P, 's found for this case.

Now, for the case of slngle user multitone or equlvalent partial band jJam-

ming eq.(6B-1) reduces to

Pps < 1-{(1-p; )A-Po)™ +p;(1-P; ,)™] (6B-12)
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and Pgand P;q for the signal present case are still given by eq. (6B-3)

and for the case of no code alignment P, s glven by eq. (6B-10).
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CHAPTER VII

CONCLUSIONS

7.1 Conclusions

Acquisltion 1Is one of the most Important component in a spread spectrum
system. Acqulsition operating characteristics are aflected by like user Interfer-
ence and tone jamming. We have analyzed and evaluated the spread spec-
trum (SS) acqulsition operating characteristics under multlple access Jamming

and tone Jamming conditlons.

Error correctlon coding is essential for Frequency Hopping spread spec-
trum system, both acquisitlon and acquisltionless systems. The use of con-

1]
catenated vodes can provide the desired error performance.

The ensemble average error bound of convolutlonal codes has been used
for determlning the error probablllty of concatenated convolutional codes at
different stages of concatenatlon and to determlne the relatlonship between the
exponentlal bound parameter E, (R ) and the rate R at different stages of con-

catenatlion.

Three stages of concatenatlon (of convolutlonal codes) were found to
achleve an acceptable error rate and golng to four levels did not produce much
effect, thus motlivating us to accept a two level RS/RS or RS/Trellls con-

catenated code as a good candidate for our new 'SUGARW"’ system.

Spread spectrum systems require large bandwldth compared to the con-

ventlonal systems and the bandwidth is llmited by allocations. Trellis codes for



bandlimited channels result from combining convolutional coding with modu-

latlon. Concatenated trellls code application to Frequency Hopping non-
coherent MFSK spread spectrum systems under multiple access and partlal-
band jJamming effects have been trled and comparisons were made with con-
catenated RS codes. It was found that for 4-ary MFSK systems the con-
catenated trellls code outperforms the RS concatenated code and can with-
stand slx tlmes the number of users than the RS case for moderate blt error

probabllity.

A new spread spectrum system that does not requlre acquisition has been
presented. The notlon of purely random code has been defined and the muitl
access capabilities has been investigated. The new system code Is readlly
acquired through a parallel bank of matched fliters and the notlon of initlal
acquisition 1s taken out completely. The new system, however, needs an ack-
nowledgement channel and ARQ. The use of which combined with a trellls
code should ald the rejectlon of false code matched fllter peaks which should
finally lead to better error performance, less retransmission and lmproved

mult! access capablilties.

It Is possible to have a SS system that docs not need acquisition. In this
thesls we have Introduced such a system and proved that In many cases, the
throughput of the 'SUGARW" system Is higher than a conventlonal system. It
was found that in the 'SUGARW' SS system the clocks probabllitles
deterlorates iIf the acquisition threshold Is decreased keeping the number of
subcode and SNR flxed. Moreover, Increasing the number of subcode keeping
everything fixed have resulted In deterlorating the recelver performance. In

formulating the demodulation decislon at the recetver, coding has been found
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to be more critical than the acquisition at high SNR; at low SNR there Is no
relatlve Importance of the thresholds é and # but stlll Increasing § makes more
sense. The performance of the new 'SUGARW" SS system has been found to
be better than the conventional SS system that requires acquisition for lts
operation, If A the ratlo of the average acquisition time to the data transm!s-

slon time Is greater than .001.

The advantage of the system is that 1t avolds need for acquisition and
starts right away. In this system by dynamlcally changing the code very long
code can be obtalned. Acquisition and verlficatlon hard ware is ellminated.
The system s most sultable for the applicatlon where the transmission Is Inter-
mlttent with large perlods of silence particularly for secure moblle communica-
tlons. For mllltary applicatlons speclal chips have to be used, added with few

delays, etc., to hlde the identitles of the 4 short codes used.

The drawback of the system 1s that the recelver Is more complex than the
conventlonal spread spectrum system and for a continuously operating link

thils system Is not suitable.

7.2 Further Research Work

1. The performance analysls of the concatenated comblned modulation and
coding of Frequency Hoppling mult] access systems In the channels with

erasures and slde Information, comparisons with other code types.

2 The performance evaluation of the combined modulation and coding for

the Frequency Hopping mult! access system with asymmetric signal



3.

5.
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constellation and comparing with the performance of the symmetric signal

constellatlons.

Investigation of the performance of the new acquisitlonless system with

four or more recelver banks In fading environments.

Computer slmulation of the acqulsition less system In real time.

Hardware implementation of the suggested system can be done.

Investigation of the programmablilty of the 4 short subcode in real time

and application to indoor communlcations.

Py




