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ABSTRACT

L After a descripfion of'fﬁé éoncepts of partial-;esponso signalling"

(PRS) with a spec1al empha51s on Class T and IV, the autocorrelation

function of a three- level Class I PRS system is derlved From this

the power spectral density is obtained. This derivation presents an

alternative way of £inding the spectrum to the exi?ting one. \
The design and implementatiqn of a three-level partiél—fesponse

signailing system is presented. A practical transmission system Oper—

~ates in an interference environment, but the 1nterference problem for

-PRS has not been well studied in the available literature. 'The

probability of .error performance, as a function of signai—to-noisé

(interference) ratio in an additive white gaussian noise and various

S——-

interference environments; is calculated and measured. The performance
£

is. first evaluated in-the case of either. sindsoidal interference ‘alone

~
N . . : . ,
or square-wave interference alone corrupting the desired signal. An.
expression, in the form of an integral, giving the pérformance of thew
system when the desired 51gnal is corrupted by both gaussian noise and

sinusoidal interference is derlved and the experimental results reported.

The effect of more than‘one interferer is also considered. * ﬁy

- brief revlew of quadrature partial-response signalling
elght-phq\? Shlft keylng (8 ¢PSK), a succinct comparison of
these ty} methods is made. It appears that in linear applications,

QPRS mi}‘t be more ‘cost effeqtive, bo;:its performance is more degraded
-ndlimiﬁingfpreéeﬁes.o oaﬁuratea—mode travelfing-ﬁave tubo TWT in

the RF.amplifier. A'nﬁmber of mandfaoturers ‘Have deﬁeloped digital

radic systems$ using. .t ese:two'teohhioues The major characteristics
of;thése systems are presented in _two tables. h ' .{

-
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¥ RESUME

Apras une'deécriptibn aes concepts de 1la siénalzsatidn élréponsé
partielie (SRP),_éoulignant la:élasse'I et la-Classe IV, la fonction
dfautocorrélati&n d'un éystéme SRP de l§_§lasse}1 utilisant un signai :
de téois niveau est dérivée. A'partir de cette fonctiéﬁ,'la éensité
spectféle de la puissancgleSE obtefue. Cette dérivéﬁiqn représente uné
méthode alterhative d'obtenir le spectre d'gn signal 3 réponse
partielle. - . * . >

L'é%abofation et‘%ffﬁise en oeuvre d'un syst2me de signalisation a
réponsé partlelle de trois niveadg sonf présenﬁées.' Un systéme

pratique de trans@ission doit pouvoir. fonctionner dans un environpement
de broulllage} mais cependant le probl2me du brouillage reli& aux f
sigqéux SRP n'a pas &té &tudié en détail comme nous le .révele la
littérature éouranée sur ce sujet. Ainsi, la probébilité d'erreur en
fénction du rapport signal—bruit_(signq}—brouillage)_est calcule et
mesur&e en relation 2 divers environnements de brouillaée'et de bruit

gaussien additif. La performance est tout d'abord &valuée dans le cas

. de simple brouillage'sinusoidal ou de brouillage d'onde carrée qui

perturbe le signal désiré&. - Une expression, sous forme d'une int&grale,

~

donnant ia pérformance du syst2me qﬁand le signal désiré est éerturbé
par du bruit gauésien‘aussi que du brouillage sinusoidal, est dérivée
est les ré&sultants mesurés sont rapportés. L'effet de plus d'une
source de broﬁillage esf également consid&ré. /

Suivant une br&ve revue de la sign isation 2 réponse bartielle en

quadrature (SRPQ) et de la Signalisation octovalente 2 phase manipul&e’

, £
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(SOPM), une comparaison concise de-ces deux méthodes est alors . -

présentée. En relatlon aux applications llnéalres, il s ensu1t«que la
SRPQ soit plus économlque mais cependant, sa performance subit le plus
de dégradatlon si le flltrage de bande- précéde un tube a ondes
progressives saturé dans un amplificateur a fréquence radlo. Un
certain nombre -de compaghies manufactur1éreé ont dé&velopé des systemes
radio de type numérique‘utilisant 1'une ocu l'autre de ces deux

techniques. Les caractéristiques principales de ces systémes sont

" présent&es sous forme de deux tableaux: .
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' CHAPTER “ONE

H INTRODUCTION -

The object of a transmission system is to relay information from

one point to another as fast and as accurately as possible. This would

be but a small feat if only one such system' were ﬂéiexist {hence
‘infinite bandwidth), as much power as desi?;E‘EBﬁid gg\employed, and if
e eneous signals such as noise.and interference were hot present. To
" the chagrin of the communications engineer however, this is not the
case. ..Several methods have been»devised to make transmission of
information in such non-ideal conditions feasible. These methods
include multiplexing, modulation techniques, signal processing such as
coding, é;é various detection schemes.
The advantages qf digital communications are well known [1, 2, 3].
The basic constituents of a digital communication system are shown in (\
Fig. 1-1. The data Source.produces a sequence of digité which
represents thé information to be transmitted. 1In binary data
communication these (binary) digits are termed "bits", The‘transmitter
transforms the input digits into electrfcal waveforms suitable for
transmission through the ch;nnel. The channel is the physical medium
which interconnects the transmitter and the receiver. Tt may consist
of a pair of wires as in a telephone connexion, a coa}i§¥ cable, a
radio link, a microwave system, or a satellite link. Jiﬁﬂpassing
through the channel, the transmitted éighaltzill/g;\ggfenuated,

distorted, and corr,pted by various types of noise. The receiver

attempts to recover the transmittsd waveform from the signal coming

- -~
)

bl 1 = Nttt Ao S ——J----...!!lg

-




from the channel.’ However, due to nol?q\fnd distor;ion;-the»receivér

sometimes mékés errors in‘deciding which data sequences were sent. To
minimise errors, the waveforms must be chusen soias not to be confused
by the receiver. -,L
In synchronous communication, each digit has a time élot of
T-seconds allocated: ﬁer its transmission. For binary input, a "MARKJ_
(also called a "one") is usually represented by a square pulse of
'

Y
amplitude A and duration tp-seconds whereas a "SPACE" (or a "zerd")

is represented by the absence of a pul'se. Such a éignal is called a

4

Noise

Data
Source

Transaitter Channel Receiver Data

Sink

Figure 1-1. A block diagram of a digital communicat}on system.
P
“unlpolar signal. If the duration of the pulse (tp) is equal to the
bit interval, T-sec, then the signal is said to be ”nonreturn to-zero"

{NRZ) , otherw:t?t is return-to-zero (RZ). An example of a unipolar

nonreturn-to-
14

to have the bits represented by square pulses of oppos1te pSlarities -

-

signal appears in Fig. 1-2(a). It is often desirable




»

,value of the:Sigﬁal, it is not difficult to see that the unipolar

- : L,/’ . —

al by a pos1t1ve pulse and a 0 by a negative pulse - as Eﬁhwn in Fig.
1-2(b}. RZ pulses have a broader spectrum than NRZ pulses; thus for
identical bit rates, they require more bandwidth [4]. For this reason,
they are seldom uged in data transmission. For the same peak-to-peak
signal has twite as much power as (3dB more power than) the.polar
signal. Polar signals are therefore more frequently encountered, in

transm1551on systems, than unxpolar ones.

L—T—d
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_Figure 1-2. (a) A unipolar nonreturn-to-zero -signal.
(b) A polar return-to-zero signal.

The receiver consists essentially of a device which samples the

incoming signal at regularly spaced intervals of T-sec, followed by a
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threshoié comparator (also called a slicer) with the decision threshold
suitably chosen. In most applications therthreshold is set half way
betyeen.the MARK and SPACE levelé..‘ ‘ |

Sometimes the transmitter may assign waveformé, not to single bits_
but to groups of bits. Each waveform assigned to a group of bits is‘
uéﬁglly called a "syﬁbol". Signalling speed is then expressed in
symbols per second or "bauds". I% each. symbol represents n bits say,
then the bapd rate must: be multfplied by n- to get the data rate in bits
per second (b/s). If the format of symbols is binary then bits per
second and bauds are equivalent. For synchronous communication with a

symbol'sp;cing of Tg seconds, tﬁé symbol réte is given by

—

fs = l/TS : (1-1)
where fg is the symbol rate in bauds.

In the old days when users of the spectrum were few in number,
bandwidth used to be almost free - "yours for the taking" - and power
used to be precious. Today power is more easily produced but bandwidth

is becoming more precious as. the spectrum becomes more congested. This

‘" congestion is due to the increased number of users each with more

information to transmit. Also there has been a recent tendency to
transmit in a digital manner. (Digital systems require more bandwidth
than analogue ones unless sophisticated modulation and signal
processing techniques are used."ﬁsweber? this makes the system very

complex and prohibitively expensive.) Spectrum economy in data



/‘5' . . - ‘ ' | .l . .-

-
. N 4
.

transm1551on is hence bec0m1ng mandatory, and spectrally eff1c1ent

techniqug are called for, Such technlques must maximise the

’ transmltted data rate in a given bandwidth. A term that is

: frequéqtly éncountered in connexion with such techniques is the

"bandWEAth (spéctral) efficiency”, whidh 'is defined as the ratio of the

data rate to the bandw}dth, and is exjressed in bits per second per

hertz (b/s/Hz). By specifying the limits of the transmitted ™

out-of-band 1nterference, ;egulatory bodies, such as Fccl, poc2,
and CCIR3 effectively spec1fy the minimum bandwidth efficiency of
digital systems. It is also desirable to achieve the bandwidth
efficiency néeded'with as low average sighal power as possiBle.. This
is to-say tﬁaé in a noisy environment the b;:éfidth efficiency should
be attained with the minimum practical averagé signal-to-noise ratio
(S/N) possible. (Energy per bit-to-noise density ratio - Ep/Ng -
is sométimes used instead of S/N.) ﬂ

Whereas the performance of an analogue system is specified mainly
by the signal-to-noise ratio, for diéital systems, performance is
measured by the error rate. For this purpose, symbol error rate; bit
error rate (BER}, and probability of qusk are often used. Bit
(symbol) error raﬁe is defined as the ratio of the number (Ng) of

bits (symbols} in error in a time interval te to the total number

(Nte) of bits .(symbols) transmitted +n théf time interval, i.e.

I Federal Communications Commission (USA) e

2 Department of Communication (Canada)

3 Comité Consultatif International de Radio (Organised under the
auspices of International Telecommunications Union, ITU.)

“
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BER = N./N. =N /R t |
' - e/ te e/ b-e {1-2)

where Rp is the bit. (symbol) rate of the source.

The probability of bit (symbol) error, P(e}, i% the probability that

. any bit is incorrectly received. For a large number of transmitted

-

bits, the BER approximates:P(e): or P(e) ig_the limit of BER as
Nte approaches infinity. Commercially available BER analysers
usually use a minimum Ng of ébbutiloo.

A good digital system is thus one that is bandwidth efficient,
i.e. it transmits more b/s/Hz in the available bandwidth, aﬁa achieves
é low probability of error with as low an ‘E,/Ng ratio as possible,
in an interference environment. Other factors, such as hardware
simplicity, cost, reliabilitg, and maintainability, must also_be taken
into account.

Partial-response signalling‘(PRS) or correlative level coding;is a-
method that combines relatively gooé bandwidth efficiency with low ‘
hardware complexity. Partial response is a~séheme in which the channel

response to a $ingle symbol extends, in a known fashion,over more than

one symbol interval; hence the partial—}esponse channel is a channel

.with finite memory. In simpler terms, the basic idea behind.PRS

(ekplained more fuli} in the next cﬁhpter) is the correlation between

» . ] o
adjacent bits in a bit stream, hence the name correlative level coding™
[5]. It is this bit dependency that achieves spectral reshaping. It is

ﬁossible to redistribute the enerd& such that very little is located at

!



low frequencies, and to intgoduce spebtral nulls at differen; points.
An added advantage of corrélative level coding schemes_is their
;nhefent error—detecting-caéability.

Historically, Lende?¥ was the first to introduce the correlative
coding scheme which he called the duobinaty scheme for data
transmission™ [5] and later extended it to the polybinary [6]. Kretzmer
introduced the term partial-response signalling and categofised PRS
into several classes [i,.B]. Gerrish and Howson [9] discussed
precodind for PRS systems with multilevel inputs. . Smith [10] proposed
an improvement of the duobinary performance in the presence of gaussian
noise by using nuli—zone detection, which makes use of the inherent

J
redundancy of. PRS. Kobayashi and Tang [11] extended this to a more

general soft decision scheme called the ambiguity—zone detection. By

noting an analogy between correlative le¥el coding and convolutional
coding, Kobayashi [l%} and Fgrney [13] have 'shown the apﬁlicability of
the maximum—like%ihood decoding to PRs, thereby improving the
perférmanée cdnsiderably. Harashima and Miyakawa [14] introduced the
matched-transmission (MT) technique and showed that PRS ié a special
case of MT. Kabal and Pasupathy [15] presented a unified study of PRS
and compared several PRS schemes. |

. Because of its bandwidth efficiency’PRS is being used where 'high

Pl

‘bit efficiencies are required.’ It not only finds application in high-

T~
speed data transmissionfﬁgzhglso in magnetic recording systems [16].
PRS promises to become a widely-used method be it in transmission

of data over private wires or switched telephone circuits, short- and

'longfhaul voice ‘communications,.magnetic recording or high-speed data
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transmission. Worg on PRS has been reported in several countries
ihcludingrthe,USA;LJapan, Canada, Italy, the USSR, the United Kingdom,
Germany, Hungary and Australia to mention a fe
This thesis covers certain details of PRSE@hat are not well

documented in the literature or that can only be found in widely
§catte£ed sources. It rgports on %Fpractical implementation of a
baseband partial-response signélling system and the evaluation oq'its
'performancel Also included js a gu}deline to a design ;f a quadrature
partiél—response signalling (QPRS} modem. The modem is inténdeg as an
improvement of thé present QPSK systems operating at 1.544 Mb/s, by
lncreas;ng the bit rate to 3 Mb/s u51ng the same bandwidth. 1In Chapter
Two, the concept of partial- response signalling is described fully. 1In
Chapter Three, the quadrature partial-response modulation method is
piresented and compared with eight-phase shift kéying {8-¢PSK)
modulation technique. Several digital microwave systems employing -
either of these two methods are presented -in two tables. Thel

interference problem has not been well analysed in.the available

literature. An analysis of the performance of a PRS system in an

-

additive white gaussian noise (AWGN) environment, a square wave
interference environment, a sinuéoidal interferenge environment, and
finally an environment with both gapssian noise and sinusoidal
interference is attempted in Chapter’Four. The hardware implementation
of 'a baseband PRS system and a paper design of a QPRS system are :
presented in Chapter Five. Measgiement techniques and the results

obtained are also presented. Finally in Chapter Six future research

points and possible extensions of this work are suggested.
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- CHAPTER TWO

. PARTIAL-RESPONSE SIGNALLiNG IN BASEBAND

2.1 Introduction

'

Partial-response signalling is a.method of signalling which uses a
. ,

controlled émount of intersymbol interference to achieve a higher
bandwidth efficiency. In binary data transmission, three-level PRS
attains (or even slighgly exceeds) the Nyqdist signalling rate of 2
b/sAHz of baseband bandwidth by allowing intersymbol interference to
creat? threé'}evel; that must.be detected, at the receiver instead of
the tw3 origingl,levelé.: PRS thus has the same caggcity as'a bipary
éystem using a S;ickwall)(rectangﬁla:)vfilter, buﬁ with realisable
(gradualiy rolling- £f) and perturbation-tolerant filters. The levels

in a PRS system are corgélatéd and it is this correlation propertyr that
P .

-

offers efficient bandwidth compression for a given bit rate or

conversely hiéher_bit rates for a given bandwidth. Furthermore, the
cofrelgtion pro‘erties facilitate transmission error detection at the r
receiver without the necessity of introducing redundant bits in the
origihal data stream [5].

Before the advent of partial-response signalling 15 yeafs ago, the
only way to achieve higher bit rates than binary was memoryless . |
mulgilevel pulse amplit0de modulation (PAM) signalling. 1In this type
of signalling the symbol rate is reduced by ﬁsing more than two levels
pef symbol. M levels per symbol ére used {M-ary sigﬁals), reducing the

symbol rate by a factorégf n relative to binary, where
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n = log,M - ‘ ' ' (2-1)

Each symbol represents.n bits of information and for a given
bandwidth the M-ary signal has a speed of transmission n times higher
than that of binary.‘ .

For an{ M-level signal, the increase in signal-to-noise ratio

required at the receiver for the 'same error rate as the binary is

~approximately

20 log,,(M-1)dB. (2-2)

Correiative levei coding is now briefiy compared with multilevel
PAM techniques in terms of speed per unit bandwidth, error performance,
and complexity of equipment. For the sake of sihplicity quarternary
éfPAM and duqbinary1 (3—leve1 Cla I) are éompared. Both these
techniqueé offer a bandwidth COmpreséion by a factor of 2 compared to
binary i.e.,sthey both have the same speed per unit bandﬁidth (2 |
b/s/Hz). However the PRS s;gnal has three levels while the PAM signal
has four levels. Hence in terms of signal-to-noise ratio penalty-
relative to binary (equation (2-2)), PRS has a 3.5 dB advantagé over

four-level PAM,.

In the duobinary sysEem each level or symbol represents one bit as

-

1 It is assumed here that practical binary and other PAM systems
use an ¢ of l{(c 'is defined in the next section).
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opposed to 2 bits/symbol in the éuarternary PAM. In other words "the
: symboi rate of PRS is the same as the binary while tha£ of 4-level
PAM is half Eﬁat of the binary. This makes PRS less tolerant to
imperfections in the filter characteristics [17]. On the other hand
1 bit/symb;l implies that an error in one symbol results in only one
bit in error whereas the 2 bits/symbol system can result in two bits in

error when one symbol is in error.

Quarternary levels are formed by pairing successive bits, but PRS

levels result from addition of successive adjdcent bits. Thus in

4~level PAM any level transitions may occur in two successive
digit-time slots, but for PRS only transitions between adjacent
signalling levels are possible. Hence, intersymbol interference (ISI)
in terms of horizontéi'eyg’opening is much larger in.the quarternary

-

PAM than in 3-level PRS [18].
<

Whereas error Qetectionlin the duobinary is possible without
ihtroducing redundant bits, in the 4-level PAM, error detection is only
possible by introducing redundant bits iﬁ the original bit stream,
causing a reduction in the actual information bit rate.

Also,equipment implementation of quarternary PAM is more compléx
than that of 3-level PRS. fThe latter has comparable complexity to that
of binary systems. (Equipmént'compiexity is closely relatedrto cost,
reliability, and maintainability, therefore it—is~an important
consideration for a commercial system.) |

The most well-known classgs o; PRS [7] are: Cléss I ERS or

polybinary of which duokinary is the simplest ex le; and Class IV or

modified duobinary. Class V has been used to a lesser extent.

\A
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These-classes will be_streséed throughout the rest of thisichapter.

PRS can b% produced by passing a binary sequence through a simple

digital filter as will be described in a later section. An analogue

. filter approximating the required filter function may also be used.

.

2.2 The Impulse Response Approach

The impulse response, h(t), of a channel is defined as the 6utput
response of ﬁhé channel to a single impulse 6t} (i.e., a pulse of
vanishingly narrow width but of finite enefgy) at the input of that
channel. If the channel transfer function is H(f), the impulse

response is given by

o .

h(t) =‘fH(f}ej2wftdf ' | (2-3)

-

4

2.2.1 Binary and Multilevel PAM Systems

The design of classical binary and multilevel PAM systems is based

on the concept of intersymbol interference (ISI). This is one of the
possible system impairments‘aue to iﬁperfect channels. Most digital
recelivers consist.essentially of a sampling device which samples the
ihcoming signal at regularly spaced intervals of T-seconds. Ideally
the.sampleq/amplitude should.consist of a value from only one impulse
response — the present one. If the response of the channel to an
impulse spreads beyondlits alloted time slot T, it may well be that
'previbus and future responses have non-zero ampiitudes_at the sampling
instant. These constitute inﬁersymbol ihterferencei

Classical or Nyquist-type binary or mﬁltilevel PAM systems ape

designed so as to eliminate ISI. Nyquist showed that to transmit

-~ - =

I
i
|

{
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digital data at a rate of f5(=1/T) symbols per second without ISI,
the minimum required bandwidth is fg/2 Hz [4, 17]. This minimhm
bandwidth f£g72 = 1/2T Hz, where T is the symbol duration, is also

known as Nygquist bandwidth. The above can be stated otherwise.

The maximumeossible theoretical rate that can be transmitted, without

intersymbol interference, through an ideal low-pass filter having a

cut-off frequency of £5/2(=1/2T)Bz is f5(=1/T) symbols per second.

Thus the maximum spectrum utilisation is 2 syﬁbols/s/Hz. The transfer

function of an ideal Nyquist filter together with its impulse response

are shown in Fig. 2-1. Phase

H(f) A A

e
o
u
o™
Y
Ph
W
¥
"

ol

~ (a) . . . (b)
. - bit interval = T . “

h(t) 4 |

-/\ ‘‘‘‘‘ “a ’ >t
; -3T -;;\"’<; -
k 4 + + t
(c) -

Figure 2-1. (a) Ideal Nyquist filter transfer function.
~(b) Phase functionm of an ideal Nyquist filter.
{c) Impulse response of the Nyquist filter -
Nyquist pulse.

4



The transfer function is given by

-

1 <0, | f < £5/2
H{f) = {2—-4)
0 , elsewhere

The impulse response is obtained from (2-3)

£
’s
2 . sinTf_t
h(t) = eIty = £ ——¢
-fs . s
Ld * 2 (
or _ . | r (2-5)
. 5/1"1 sinTt/T -
h(t)'= 5 ~7¢
. T

Note that althéugh h(t) spreads beyond its alloted time slot T, it
passes Ehrough zgfo at the other sampling insgants and hence the

interference'ﬁeﬁyeen s@ccessive symbols is nil.
This system has, however, no practical application. he sharp

cut-off of the filter.is unrealisable as it would call for infinite

delay and no phase distortion. Besides, the relatively Lzrge

- overshoots of h{(t)., which fall off as 1l/t, would cause excessive

IST if any deviations from the ideal situatibn occured, such as pulse

rate, filter cut-off frequency, or timing offset in the sampler.

To accommodate more practical filters Nyquist derived the famous

theorem on vestigial symmetry which assures gradual cut-off of the

Rl 55-')1."}, i 5t
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low-pass characperistic but no ISI. This theorem states that if H(f)
is real and has odd symmetry about the.nomin;l cut-off frequency
fs/2(or 1/2T)Hz, then the corresponding impulse-response h(t)} is an
even time function and h(iT) = 0 for all nonzerc integer values of i
[4, 19]. Hence data can be transmitted at fg(or 1/T) symbols/sec

without intersymbol interference. These filters are called equivalent

Nyquist filters. A class of equivalent Nyquist filters that is

extensively used is that where H{f) has a sinusoidal roll-off centred

-

at fg5/2 Hz. The transfer function is given by

[
]

e
T, ' 0s | £ s %(1-0)-
AT fiein ™ (g o LV L g L -
H(f) = 2.{1 sin 2 (£, 2'1-} , 3=(l-w)s | £ S S5(1+e) (2-6)
0, : elsewhere

where o is the fractional bandwidth used in excess 6f the minimum
Nyquist bandwidthi(aﬁlofl]). ¢ = 0 represents the isgal Nyquist filte:
as given by (2-4), while a =1 (100% roll-off) means that the total
bandwidth is twice the minimum Nyquist bandwidth.

The corfésponding impulse response is easily shown to be [Appendi:

I] -
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h{t) = Slth cos o g 2, (2-7)
~ — ot
T 1 - 5
T

Some of the transfer functions, corresponding to several values of
o, and the resulting impulse responses are shown in Fig. 2-2[17].

} It will be noticed that for all values of &, h(t) éttains max imum
amplitude at t=0, and has 'zeros at regularly spaéed T-second inter&als,
consegquently no intersymbdl intergééence ai the sampling instants. The
case of & = 1, variously known aé "full-cosine", "raised-cosine", or
"100% roll-off", has a respons? ﬁ(t) with additional zeros in the

.

middle of the.intervals and has little oscillation. Hence, it is not
éensitive to variations in the signalling rate or offset in sampling
instant, and does not need as careful phase equalisation as the other
‘cases [17 p. 50, 4-p. 57]. However,it can.only accommcdate 1
symbol/s/Hz. Asa decreasés bandwidth efficiency increases. However,
the response béeomes more oscillatory and thus more sensitive to

perturbations in timing. Also, phase equalisation bequmes more

difficult. For practical purposes, §{3térs with ¢ of 0.15 to 1.0 are

often used.



T a=0

0.5T

®) /)
Figure 2-2. Sinusoidal roll-off

(a) Transfer functiéns (only positive h
frequencies shown).
(b) Impulse responses.

Spectral shaping.

2.2.2 The PRS Concept

It was seen that in order to have no significant IST and  without

the need of very high precision in timing of the sampling instants, the

baseband channel requires twice the minimum Nyquist bandwidth.

\ ‘ .
Although zero-memory multilevel PAi/jyg?éms may be used to increase

.
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spectrum utilisation, this results in an increased . number of levels,
hence poor error performance owing to the increased sensiéivity to
Hoise, One of the salient éharacteristics of multilevel PAM schemes is
that the levels are chosen independently. By introducing correlation
between the levels, Lender [5] showed that it was possible to realise
the theoretical symbol rate of fg symbols/s in a bandwidth of fg/2
Hz. Tha: is to say that 2 symbols/s/Hz may be achieved by using

phy51cally realisable filters. These are the so-called

partial—response filters. The roll-off is gradual and not

o

discontinuous. Nyguist's criterion of elimination of ISI is violated
and intersymbol integference exists between neighbouring symbols. " In
PRS, the impulse. response is such that there is 51gn151cant IS£ in the
samples of the recglved waveform at the-output of the baseband ¢cbannel.
Reduction inzbandwidth.anddshaping of the spectrum is realised by
allowing considerable, albeit well'defined, amounts of intersymbol
interference between neighbouring signal elements. This iniérsymbol
interference (since i; is known) can be eliminaﬁed a‘ the receiver
using suitable techniques. For example if binary data are used at the
input, the PRS filter converts tée data into a three-level signal, but
it is possiple to reconstruct the or%ginal binary data from the
three-level signal at the receiver since the amount of ISI is known.

2.2(3 3-Level Class I Partial-Response S1gnalllgg
{the Duobilnary) scheme

The transfer function of a duobinary channel is given by
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£
2cos1Tf—S-,0_S|f|5.fs/2_ |
.t (2-8)
0, elsewhere

This transfer function is depicted in Fig. 2-3. -
: g

Fal

H{f) {

Figure 2-3. Transfer function of a 3-level Class I PRS
' scheme transmitting at fg symbols per second.

i

-

The corresponding impulse response is

¢
¢

ulk
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Since fg = 1/T,
o . T » . T w
h(t) = £ sinc f4(t+y) + f£gsinc fg4(t-3) (2-9)

sinmx

where glnc(x) = T

By elementary manipulations (2-9) may be simplified to

-
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J (2-10)

-

It may be observed from (2;9) that the impulse response h(t) is a’

superposition of two identical sinc(fgt) responses; one delayeq/é;,;

; seconds from the..other. The impulse respense and its two components,

" given by (2-9), are showﬁ in Fig. 2-4.

83 -

4

\ h(t)

L

. T
f551ncfs(t + EJ

Ay
:"%\;/'—P— ;_t.
haladied w\\ Vi

~ - M ., 0 L4

5T 3T T
T v 2
Figure 2-4. “The impulse response of a 3-level Class I ’

«sPRS filter.

s
\'“

The impulse responﬁa/g;s zeros at t = t(2n+1)T/2, n = 1,2,3,... as

cpposed to the Nyquist one (Fig. 2-1)'whicﬁ had. zeros at t = *.nT,

n=1,2,3,... Also,h(xT/2) ==f§' Hence,if signalling is performed with

-

this impulse, h(t), at rate of f£g5(=1/T)

. ¢ Mith the sampling instants
chosen to be + n T/2, the resuylting signq{ﬂ§¢il have three possible

S ‘ : . . | .‘tj-
i ) : o
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‘values at the sampling instant. If the binary 'l's and '0's are
‘represented by pulse and no pulse respectivelyffthe thfee possible
vAlues »}ill be 0, fg, and 2fg depe‘nding on theadjacent bits.

[Wh;n neither pulse is present, the amplitude is zeroj when oﬂly one
pulse is present, the émplitude is fg, and when both pulses are
present, the amplitude becomes 2fg,] If binaryﬁil's and '0's are
represented by positive pulse and negative pulse respéctively, then the
possible values are -fg, 0, and +fs. The value of the envelope of

. , A
the: pulse train at t = * T/2 is due to the sum of two adjacent pulses

only. . This is shown in Fig. 2-5.
. h(t)

N r— N
=

1\‘___/\__._ Fed t
- Eefuiy= b

Sampling
14—‘————J,points
5T
z -

This can“be thought of as introdueéng\a controlled amount of 181, which

in this case, comes only from the preceding symbol. Since the

x
. . . - -
. . .

K4
“
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transmitted symbol depends on the present bit and tht preceding bit,
the channel c;n be considered as having 'memory'.- PRS systems have
also been referred to as "finite-memory'systems".
Let {ap} represent the‘binary sequence, such that ap = 0 or 1;
ahd let g, be the sampled value of the noise at the receiver.

Letting pp be the sample value of the received waveform,
n sn s?n-1 * 9y (2-11}

If at thq?sampliné time, an_lfhﬁs already been correctly detected,

then the detector removes the term fgap-1 from pp:

n

d, = Pp —.fsan_l = f a 'f q T4 (2-12)

Subtracting fgan-1 from pp eliminates the intersymbol

interference of the (n-1)th element that was introduced at the
transmitter. Thus g depends only on the wanted bit ap and the
noise combonent; hence a, can be recovered from gp. This detection
process is sometimes referred to as nonlinear decision feedback
equalisation. One of its drawbacks is that the detectioﬁ of each
symbol depends on the correct aetection of the preceding‘one. If
ap-1 is incorrectly detected, an is also likely to bé in error.
Hence,errors tend to propagate or occur in bursts, HoweQér, in

¢ [y . V2
practice, for binary inputs, these error bursts have lengths of no more

than threeror four bits. For binary inputs, this represents an
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increase in signal- to-n01se ratlo requirements of about 0.2-0.5 dB.

To av01d error propagatlon, Lender [5,6] devised a simple method

kXnown as Brecodlng.
eived symbol is detected independently,
That is, the precoder compensates

The signal is coded in such a way that each

rec "without the need .for

compensatlng for the previous bit.

t sequence for the channel memory
Y
The original binary sequen

the inpu
ce {ap} is transformed into another

sequence {bp} such that

b, = a, ®by_y (2-13)

-«

re @ represents modulo-2 addition of. the pbinary digits. Equation

‘whe

-

.(2-13) could also De written as \

ah = bn'GDbn—l ' L

The sequence bp is then transmitted in the channel the same way an

was, i.e. in (2-11) : ﬁ
p, = by * £_b

For simplicity assume there i% no noise, such that

) -

n-1 —
Y

P, = fs(bn + b

———r™ e . O



Suppoée.that ap = 0; then by = bpj_] and éccording to (2-14),
pp = 2fcby. If a positive pulse for i ;hd a negative pulse for
'0' are used, then pp will be either 2fg or -2fs. If ap = 1,

. b, -becomes the reverse of bp_) and pp is always 0,. Thus it

appears that the decoding rule is

- . \, ! ..
' . : ' o G
) . ‘ (
. i Ce : :
) . an 0 if pn = 2fS

an=lifpn=0.

(2-15)

If pulse/no pulse transmission was adopted for 'l' and '0' respectively

however, the decoding rule would be
5 : | (2-16)
£

It is important to note that in both cases [(2-15) and (2-16)], a 0!
is always represented by the two extreme levels, while a 'l' is

represented by the middle level.

&

If noise is present, detection will be by means of two threshold
comparqtors with decision thresholds set at fg and -fg for (2- 15)
and £g/2, -fg/2 for (2-16). Alternatively for the case leading to
k2-15) a rectifier followed by a single threshold comparator may be

. 3
~used.
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"

__. Since no knowledge of any other sample except'ﬁﬂ is required»‘no

error propagation will result. Hence,the use of a differential
_ ‘ ,

"encoding process at the transmitter, instead of a differential decoding
) L
process at the receiver, eliminates the possibility of gené¢rating error

"bursts,

2.2.4 (Class IV Partial-Response Signalling Scheme
For Class IV (also known as modified duobinary), the required

transfer function, which is quasi band-pass, is

b
L

o £
j2sin(2 T, | | € < £./2

H(f) = S ' . (2-17)
0, elsewhere ‘ ’

as is shown in Fig. 2-6.

N
- o

- -——2 === = . 2sin(;-€)
s

Y
h

0 fs
: 2

Figure 2-6. Transfer function of a Class IV PRS Scheme
transmitting fg symbols for second.

Mw™
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In addition to the spectral‘null at f£5/2, this class has a*ﬁg&}
at dc and has only a small amount of energy at lowdfrequenciés. This
is'ad;antagegus because it can be'easily adapted_to single-sideband
modulatjon since very sharp cut-off filters would not be needed —
there would be very little power near the cdr}ier freduenc&.

This kind of characteristic could allow vacation of a small band
of the spectrum for service channel use. FJ} instance, fin the GTE
Lenkurt 6.3 Mb/s{7—leve1 fM system which uses the modified duobinary
scheme, an B8kHz baseband bandwidth is reserved for a VF order wire and

supervisory channel at the low end of the spectrum [20].

The corresponding impulse response is

@ . £
S i
h(t) =f A(E o) 2T E ¢ =fr jzsin(%.“_f)emftdf
o s s
Z
£ . f o f £ 1 1
R AL -jam s jomf{t + =) inf(t - =)
{7 .. ?; -f; j2rft T -f: -f;
= (e - e Je df = [e - e ]df
-f £ -
s S.
.
"\xf

) 1 . 1 5 :
jerf(t + £) jemf(t - ¢ 7 . : _
e s o 5 4\ i

jam(t + ) j2m(t - 31:._) | -£
s s

s
—Z

sinmf_(t + -i_.-) sinmE_(t - %—)
= £ - 2 T

s
mE (t + -f-s—) TE (t - -fs—)

\
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Setting fg'= 1/T,

(2—18)

hit) = f551nc fs(t+T) - 5551nc ﬁs(t—T)

.
r
I
<
e
B
Fh
-0
&
7
J
n
M
.
a

2fs sin1ffst -
(2-19)
“(fsztz—l) -

it is evident that the response h(t) is a supenposition'of

two sinc(fgt) responses of opposite polarity; one delayed by 2T secs

from the other In Fig. 2-7 the impulse response and its two

components at shown.

o
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Figure 2-7. The impulse response and its components,
_ for modified duobinary.

As can be seen f{gh Fig. 2-7, the response has zeros at t = nT
n= 0, £2,%*3,..., and h(z T) =¢f;_ If signalling is done with this
impulse response, h{t), at a rate of f5(=1/T), and the received
waveform sampled at the time instants =nT, intersymbol interference

will come only from the second previous symbol, as shown in Fig. 2-8,

v
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1) | 3 ? }<— Sampling
instants
Figure 2-8. Signalling with modified duobinary -
pulses. :

.

I1f pulse/no pulse transmission is assumed, the sampled waveform

will have three distinct levels.as shown in Table 1.

Table 1.

Levels of Class IV PRS correspogsing to pairs of
bits (pairs refer to present bit and the second
previous bit)

Binary Pair Class. IV PRS ‘Qutput Level
00 | 0 =
0l -fg
10 to | fg
11 ' ) 0

Using the same symbols as in (2-11), the sample value of the received

waveform is
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(2-20)

If at the sampling time, ap_, has already been correctly detected,

the detector then subtracts the term -fgap.; from bn giving
9n = Pp t f53n5 = fg3, * q, (2-21)

From g,, ap can be detected.

Clearly, an error in detecting a symbol will most likely cause an
error in the next but one symbeol and error propagation as described
eaylier will occur. Again, for a binary input the penalty in
signql—to—ﬁoise ratio caused by this error propagétion is about 0.2 to
0.5 dB. To eliminate this error-extension effect, Lender also used a
'simple precoder for the modified duobinary (18, 21]. This.is done by
transforming the‘binary sequence {ap} into a new binary sequence
{bn} such that

/

r

b, =a @b, _, : (2-22)

or

O
[l

n bn @ l-"n—2

and by is used instead of anp in (2.20) .

L
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Inserting (2.24a) into (2.25) gives

32

Now, suppose that a new sequence {xn} is introduced such that

Xn T an\@ Xn-1 ) (2-23)
[N

and {cpt formed such that

|

c, = %, ®c . - (2-24)

or -
.'cn-l = ¥ ® “n
. Cho2 = ¥n1® ey | . ‘(2-24‘7")
Using (2.23) in (2.24), ! | Y | - -
n (an ®x:1—-l) ® h-1 T @p ® (xn;l ®cn-1) - (2-25)

c, = a, @® Ch_s (2-26)

Comparing (2-22) and (2-26), sequences {byj and {cp} are seen to be

identical. Hence the precoding represented bj (2-22) can equa]jy well
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bé achieved by a cascade of the two elementary coders of (2-23) and

_For the noiseless case, the precoded PRS sampled waveform becomes
. : E
p, = f5(Py - b _y) | | (2-27)

Ssuppose ap = 0, then from (2-22) bp = bp-p and from (2-27)
pp is always O. When ap = 1, bn i€ the~reverse of bp_p, and

p, is either +fg Or -f5. The decoding rule hence is

[+
n
)}

o

0 if p,

hi)
I

1-if Pp

W
I+
Hh

N

~

/ ‘\\\\\‘

In contrast to Class I, 2 ' is represented by the middle level
while a 'l' is represented by the extreme levels. Agéin a rectifier

followed by a 51mple blnary slicer may be used for detection in the

presence of ngise;ﬁalternatlvely two slicers with thresholds at

fg/2 and ~f£5/2 will accomplish the same thing.

2.2.5 Generalisation of partial-Response Signalling

Kretzmer extended the concept of duobinary and modified duobinary
to other gschemes by superimposing the impulse responses in various
combinations [7, 8] to derive a generalised partial-response scheme.

In more general terms, partial response can be defined as a method of
. e
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s
signalling where the signal is formed as a llnear weighted

superposition of input symbols ap,, the superposition memory

extending over m bit periods.

) m

k.a__. . (2-28)
i=p in i+l

where the k's are integer weighting coefficients.

For signalling with impulses, the generalised impulse response is

sin?rfs(tf}T)
h(t) = 5§£ki+1 TE_(E-1T) (2-29)

The generalised PRS system is shown in Fig. 2-9.

The corresponding transfer function is given by

-~ ) - . 2

H(f) = fh(t) j2met t . - C (2-30)

-0 - . oo

-~

By choosing different values of ki, different useful shépes of H}f),

having a pfescribed amount of interference over a span.of a few digits

Cad
can be obtained.
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’ o : Output
T dolay element| quantiser

input

La_sin c{t-nT)

-

h(t)

(a) gensration (b} decoding

Figure 2-9. Generalised PRS ETbnal generation and, decoding.
‘l
L 2
\“/(-\_ P
- In selecting H(f), wO major considerations play an important h

part. The first is the number. of. output levels, since the greater the
number of levels the more the degradation in error pe;formance is
11kely to be. Furthermore, complexity of the equipment (especially the
decoder) will increase with an increased number of output levels. With

the present state—ofuthe -art more than five ocoutput levels are rarely

used. ° The total number of levels is glven by

e

m N . o
= E:'kil + 1 ' (2-31)
i=1 - _ .

The second consideration is the spectral- nulls. A(gggctral null at f =
-

/2 is de51rable %1nce a pilot tone 1nserted at this point may be

used for symbol timing recovery (STR) A spectral null &t dec is also
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very useful in systems such as dc powered cables, transformer coupled
f//’ " circuits, carrier systems with carrier pilot tones, and SSB modenms.

‘Further, the reduced low'frequency components allow service channel
. i

transmission at the low frequeney band in baseband for microwave radio

’

transmission [20, 22].: For a spectral null at dc (or dc-free

signalling), the sdm:of the weight coefficients must be zero, i.e.

?—\ 2k = 0. ’ (2-32)
. 1 . .
-t ‘1=1 ) ’

Precoding can also be extended to the generalised partial

response. The pregcoding algorithm is’ : .

. _
a =k bn®k2bn l®k3bn 2 ® @k by . (2-33)

/-\\;t should be notedﬁgﬂat the terms with even coeff1c1ent k, drop-out

from (2-33). Rewriting (2 28) with ap replaced by bn, one gets

-

Pp = Kybp kb 4o+ kgb oo+ Ll 4 KmProms 1 ‘ ' (2-34)

Comparing (2-33) and (2-34) it bgcomes immediately apparent that when
an = 0, pp is an even integer, while if ap = 1, pp is odd.

That is to say, in any precoded PRS alternate levels represent '0'.and 'ﬁ

'l' respectively. ‘Hence in decoding at the receivér, preceding bits

need not be referred tp'izf error propagation is avoidegd.

<
W . i
- i

3
3

ST - -
[ L T A
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[ - +

. Several classes of PRS havé been proposed and séudied}[?, 151, the
coefficients, k, in each class having certain relationships among
themselves. As m\jhcreases within each class the output has a higher
Jrumber of levels and the transfer‘function H(f5 becomes more
’concentraéed", resultiné in a more drastic spectral tapering. The
full band,fs/z,‘however, is still- needed to transmit fs symbols/s.

The performance margins are greatly reduced [8, 23]. Most of the PRS
systéms havg therefore been kept td-three or five output levels.
For Class I (also known as polybinary) [6, 23] all ki‘s'are

unity i.e.

The transfer function is given by

sin(mz%—)
H(E) = ——=2, g s 52 (2-35)
sin(nf—
s

To avoid discontinuity in H(f) at fs/2, odd values of m are not used.
m = 2 corresponds to the three-level Class I PRS (or duobinary)
discugsed_earlier.

For the case of Cl%ss IV (modified ducbinary) k; =-1, ko = 0,

. k3 = -1; and for Class V kj = 1, ky = 0, k3 = 2, kg = 0,

k5 -i’m=5o
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Only binary input symbols have been discussed so far. It is

possibie~to have no;:BThacg‘input symbols for an in (2-28). For

example a bfpolar input to a C I PRS system was suggested and the.

resulting signal was termed "polybipglar" [6]. A combination of

multilevel PAM and PRS (malnly the duobin3ry or modified duoblnary) has
been considered by many authors [9 4-26] In partlcular,

quarternary PAM as 1nput to a duoblnary system w111 yield a sev€ﬂ,level

‘correlative sYs¢gm<igggquarternary) which Has a bandwidth efflcléﬁcy of

4 b/s/Hz in baseband., This would otherwise requ1re a le-level PAM
system witha = 1 or .an 8-level PAM s&stem with o = 4. These systems
would be inferior to the 7-level correlative sfstem in termé of |
required sign&l-to-noise ratio for a given probability of error. An
8-level PAM input yields a 15-level PRS system; with 6 b/s/Hz
efficiency in baseband. A 64-level PAM'éystem with @ = 1 (or a
32-level PAM system with @ = %) would otherwise be needed. 1In general,
for an M-level input to a three-level Class i or Class IV PRS systen,
the output has 2M=] levels and a spectrum utilisation‘of 2 logoM
b/s/Hz.

Precoding has also been used for shcﬁ systems to enable detection
without havimg to compensate fof';%st deciéions (which would risk error

propagation) [2, 14, 24, 27]. This precoding scheme is virtually the’

“same as for a binary input ex'cept that addition is now modulo-M. For

instance, for Class I PRS with M-ary input
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bn = a_ C)bn_l(modulo-M) o . . (2-38) "
and for Class Iv,
bﬁ = ancj bn_z(modulo-M) _ oL (2-37)

The receiver decodes the received lgvéls modulo-M to recover the

original symbols aj,

A

T

2.3 Digital Implementation \

PRS can be obtain by pdssing blnary data through an analogue
filter hav1ng the tran§£gf/£unct10n H{f) given as descrlbed in the last
section (cos( mf/fg) for duobinary and sin(2 7 £/fs) for modified
duobinary). The various levels of a correlative coding system may also
be generated in a digital manner whiéh will be described next. Such
digital conversion techniques have a higher degree of pFecisioﬁ in
forming the PRS level and are hence better than analogue techniques.

Classes I and IV are now coqsidered.

A .,
2.3.1 Class I (Polybigary)

Starting with a binary waveform with two signalling levels (MARK
and SPACE) a partial-response waveform is formed in two.steps.” The
first step is precoding as described earlier. Recall that for a

general Class I PRS with M levels (M = m + 1) precoding is done by
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converting the original binary waveform ap into another waveform
b, [bigary) such that the present digit of by is the modulo-2 sum
of the present digit ap and (M-2) immediately preceding digits of
bn.-

[ v

b, = a, @b, @b, _, @ ®b_yio (modulo-2)

AN

+

s

(M=2) digits

In bp, 0's and 1's do not repiesent SPACE and MARK.

The precoder is shown in Fig. 2-10.

.

Hodule-2 "y ' . b
) o2
. T n-2 - - - — T L /

—-

Figﬁre 2-10. A Class I PRS precoder.

L4

The delay T corresponds to one symbol period and,is usually implemented

{ .
using a/p;ocked flip-flop having a clock rate of 1/T Hz. The second

step entails adding algebraically'the presentﬂdigit of'bn to the

{M-2) preceaing digits of the waveform bp.

T

i
{
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pn = bn + bn_l + bn_2 + ... + bn-M+2 {algebraic sum)

(M-1) digits

- In actual imblementation, a scaling factor, c, may be involved, i.e.
Py = €, bn—i (2-38)
- 1= ,
t
This is shown in Fig. 2-11 below.
n : L T ®a-2 R . e
/_,_.-..._./' R
Figure 2-11. A General Class I Correlative Encoder.

In pn, MARK and SPACE are mapped onto alternate levels. If the

levels are numbered c0nsecut1vely from zero to (M-1) starting from the
bottom it is clear that SPACE is represented by an even-numbered level
and MARK by an odd-numbered level. {Detection of,each éigit'in Pn c%n
be done independently in spite of / strong correlation.’ The spectral
energy of ap is now compressed near low frequencies for pp.

I1f ap is equiprobable the specttal density of bp is the same
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.
_,as'that of ap and is given by [6]
. = A :
W (e = e’ . I (2-39)

‘where G(f) is the Fourier transform of the pulse shape.
Considering the discrete-time filter of Fig. 2-11 above, and using

z—-transforms,

p(z) = jz:b(z)z_i (2-40)
i= -

where p(z) and b(z) are the z-transforms of sequence pp and

n
-4
respectiely.
Hencé the transfer function is* ‘
H (z) = S 271 | ' (2-41)
p .

b

In the frequency (®) domain the transfer function becomes

* For a general PRS system the transfer function would be
: . s .
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Hp(erT) = e~ J1UT (2-42)
i=
&

-

The sum in (2-42) is a sum of a geometric series with common ratio

e~J¥T, Therefore the sum is given by

o WT . (M-1)
ser, | 1eeTI(MmLOT L oy sin i HRuT /
H_ (e ) = v = e _—
P 1-e~J0T ‘ sin 9%
or ' | (2-43)
_ sin(M~1) nfT
'Hp(f)I ~ sinmfT

The power spectral density of p, is hence given by

2(sin(M--l)'rrfT2

_ 2 1 _
W) = W (B Bo(£)] © = 5 G(E) singer ) (2-44)
. _ sinnfT
For a rectangular Qulse, G(f) =TT T
(M-1)2 (sin(Mwl)nfT 2
..Wp(f) =5 T\Gil)wEr ) (2-45)
or ; '

2
- (M-1) -
WP(f) . T S_[(M~1)nET]

o i AT

A
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Two things seem to be worthy of note here. First, since the :
levels are férmed by a@ding suécessive adjacent (M-1) bits, the only
possible transitions between two §Gqcéssi§e digit-time slots is betweeﬁ
two adjacent signalling levels. Hence, the intersymbdl interference in
terms of horizontal eye opening is small. Also, this cogrelation
property of level transitions may be used for error detection, without
introducing'extra bits. ' Second, since odd-numbered levels represent a
MARK and even—numbered jevels a SPACE, a change of level from an
odd—(even-)numbereé one to another odd-(even-)numbered 6ne does not
actually result in an error. This alleviates somewhat the noise

penalty.

Three-Level Class I (Duobinary) PRS

This is -the simplest and most commonly used for Class I. Ianig.

2-12, the implementation of a three-level Class I PRS is shown.
/ . r

m -
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preco;!or 1 encoder .
|
H, ()
. ' Al
9 |
I 1
x[$> °n ' RS
> ] signal
| e
|
—>» £
| t-.'./ 2
T | s T
| ! .
‘| .
!
|
Figure 2-12. Duobinary encoder (with a precoder). \\\\\d/)

The transfer function\of the encoder is obtained from (2-43) by

putting M = 3. 1.e.

B(£) = Siaver C 2 cosTET ' (2-46)

However f here extepds to infinity i.e. .

/o

To 1

low-

e b -
ELL R

H(E) = 2 cos T £T, | g < (2-46a)

/
imit the bandwidth of this discrete-time filtef, an analogue

pass filter is used in cascade with an idealised transfer function

ST FUEREI, P e e s ¥ o



o] g s 1/27 260)
. (2-46
0, elsewhere : : 1

H, (£) ={

- R f M L]
Since Hp(f) has very small values near %T(= 25), a brickwall filter
is not reafly necessary and a sharp low-pass filter, such as a

Chebyshev equal ripple filter, is used in practice. In this case the

filter does not have to be phase equalised rniear the edge of the band.

-

The overall transfer function.is a combination of (2—465) and (2-46b)
and is given by

1

. 2 cos Tff/fs | f] s f£o/2
H(E) = H (£)H,(f) = . (2-46¢)
0, \ elsewhere.

‘e
)

which is the same as (2-8).

The resulting power spectréT”density as obtained from (2-45) is as

follows

T(sin 21|r'f'1)Z g L o
W_(f) = { 2T ’ 2T L (2-47)
P 0

, elsewhere

-
Note that the positiol of the first spectral null is reduced by a

factor of 2:1 with respect to that of binary.

Fig. 2~13 shows the conversion of a binary waveform. to a duobiharyl
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x
-
<

waveform. The first bit in b, is arbitrary and it has been assumed

to be zero. If a 'l' were assumed, the only effect would be to

— Mark

\\ 1 1 1 1 ©® 6 o 1 © © 1 1 o 1 o

‘ — Space

l’n ' bn' -n@n- 1

— Space

Pn-bn‘bn- 1

—Mark

—3Space

e aas

’ ' Figure 2-13. The duobinary éonyersion. ‘ .

interchange the outermost levels in py,. The following rules can be

-observed for pp.

- 1. A MARK always appears at the centre level and a SPACE at the

-

extreme levels.

2. Two successive SPACES have the same polarity if they are
separated by an even number of MARKS.

3. Two successive SPACES have opposite polarity ifﬁthey are
separated b; an odd number of MARKS. This means that a change

from one extreme level to another is prohibited.

Fig. 2-14 shows a three-level eye diagram of a duobinary signal
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generated in the laboratory.l

[ SR S

[ G

Data rate 100 kb/s
Filter cut off 60 kHz

Zusecédivision .
. \J . -
Figure 2-14. Experimental eye diagram for duobinary. :

2.3.2 Class IV (modified duobinary)

o

The implementation of Class IV PRS is very similar to that of

duobinary except that the cofrelation span now extends over three bits
] '3 .

The Class IV PRS encoder is shown in Fig. 2-15.

hY

A -~

1. ‘'Laboratory', in this thesis, shall be taken to mean the "
Communications Laboratory of the University of Ottawa
Electrical Engineering Department.

-
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precoder oncoder

nofer

|
|
|
|
I
l
1
)
!
|
l
i
]
|
|
I
|

-4
»

Figure 2-15. Modified duobinary encodér (with' a precoder).
\ Oy

. Co | )

The’ various waveformsifin Fig. 2-15 are related as follows:

same spectral density as ap.

Rega:ding Fig. 2-15 as a'diserete-time filter and using
z-transforms, the transfer function becomes

- b

2 _ s

' = - —
Hp(z) = 1 - z. (2—4%).

and 4in the frequency domain, .
' . -



- e—jum(e+jw? _ e—]wT)

. = g2e 9 nut

or
| HG(£)] = 2!sin 2mfT | [ f] <= (2-49)
&
Like for the-dudobinary the transfer function extends to infinity and a
low-pass filter with -the same characteristic¢ as (2-46b) has been added

1
.in Fig. 2-15. The overall transfer function is hence given by (2-49)

_,Z//f\\\ “and (2-46b)

LT ' ! A ’
£
. L : _Ss
2 |sin am PR |
. S . '
H(E)| g= [ HptE) | Hy(£)] ={ : ' 3 (2-50)
! I. P 1 0 . elsewhere

-
»

The power spectral density for a regtangular (NRZ) input is

A ’ . .l

¥

LN

A T———— T

L R Y W T ©
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w () = L (gsinmer? o (sinTTfT)z i 2ueT)2
p( ? = 37 (——755—-) {(sin 2wfT)“= 7 T {(sin 27fT)
(2-51)
T sinnsz . 2 1
“aep ) (sin2mET) T, | < 55

i.e. WP(f) =

0 . + elsewhere

It is clear that this.poﬁer spectral density 'will have a spectral null
at dc and fg/2.

Note that in the modified duobinary, bits are correlated not with

" the Previous bit as in duobinary but with the second bit back. This

will permit all possible transitions between levels as can be seen in
Fig. 2:16. This means that the-intersymbol interference in terms of

horizontal eye opening is larger than in-the duobinary.
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1 1 1 1 0 0 o 1 0 0 1 1 0 1 0
— Mark
)
n Space
b
n
A\
A | |
Pa-2
L L .
?, \
__ Space
— Mark
Mark
PRS
Space
Mark
1 2 1 2 1 ) 21 2
Figure 2-16. Conversion of a binary waveform into a modified
.duobinary waveform.' (The first EWo.bits in by
are arbitrary and have been assumed to be 0.)
Some of the characteristics of the resulting waveform axe:
1. - A MARK always appears at the extreme levels and a SPACE at the
center level.
2. If successive MARKS are grouped in pairs and numbered 1 and 2 as

shown in Fig. 2-16, each MARK numbered 1 always has a polarity opposite

/ to that of the MARK before it (numbered 2) [18].

3. The polarity of a MARK numbered 2 has the same polarity as the
previocus MARK (n&mbered 1) if separated from it by an even number of
SPACES; and it has the opposite polarity if separated by an odd number

of SPACES.
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The three-level eye pattern of a_;;;}Eied duobinary signal,

obtained from hariware designed in the laboratory, is shown in Fig.

2-17. The hardware will be described later.

Data rate 100 kb/s

Filter cut off 60 kHz
L

sy 2usec/division

Figure 2-17. Experimental eye diagram for a modified
duobinary signal. .
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2.4 PRS éystems with a Pseudo-Random Binary Seguence (PRBS) Input

2,4.1 PRBS Sequendes

Most often the_ data to be transmitted are random. Randomness ——

refers to the a priori.conditions of sequence generation, rather than

the a posteriori consideration-of what the'sequénCe looks like. 1In th
laboratory or industry, however, for test purposes, a truly random
sequence is usually not available. However, generators exist thaty
prbduce sequences which satisfy a set Sf statistical tests of the
appearance of randomness [(l). These sequenceg; althougg strictly

speaking deterministic, behave (a posteriori) as random sequences for

the purposes of'testing and are referred to as pseudo-random binary

sequences (PRBS). Also known as maximal-length shift register

sequences they can be generated by using a shift register, the input o:
which is a modulo-2 sum of certain stages of the register. Such a

sequence has a period, N given by

N=21 -]
where n is the number of shift register stages. An example of such a
register is given in Fig. 2-18 for n = 15. The output is taken from

the 15th delay element. The sequence generated by this register

repeats itself after 215 - 1 = 32,767 bits.

¥




W
Dalay T sec.
! - —~ — e of [—»f H _— - OUT‘;
\
1
Y,
Modulo-2
e S
. ., i
Figure 2-18. A 15-stage maximal-length shift register.
In the laboratory, such a sequence will be an input to a PRS
system, The (discrete) power spectrum of a PRBS with period N is well

L

known [1].

2
“ ; T o 4 .
51n#L~) .
¢(w) = N;é( T ) g.m 8- 21Ky + iﬁ sw) (252)
2 . K#0 . . \

-
It is desired now t;\;}bd the powér spectral density of a PRS resulting

from a PRBS input. To find this, one may use the well-known

Wiener-Khintchine relations which state that the power spectral density

!

G(f) and the autocorrelation function er) constitute a Fourier

,qr’/ transform pair. : : ; " -
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G(f) = fn(r)e“jz“der
and -® ’ (2-53)
[ -] -
R(T) = f‘c(f)ejzﬂf"df

. Although the power spectral density may be found by other means, this

method is chosen because the autocorrelation function of a PRS sequen

is not well co&exed in the available literature.

2.4.2 The Autocorrelation and Power Spectral Density of a PRS
Sequence Formed From a PRBS Sequence

The autocorrelation of a (periodic) pseudo-random waveform 1is

given by

1 NT
R(T) = (‘N—T) x{t)x(tFT)dt . (2-54)
0 R
For an NRZ, PRBS ',
- e
R(T) = {2-55a)

-1
= ] elsewhere.

~ [

and R(T) is periodic -with period NT.

It can be easily verified tht {R(r)} gives ¢ (w) in (2-52). As N+

‘a t uly random sequence results and (2-~55a) becomes

ce

(.
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sl A|T| <%§j

’ ’
R(7) T . (2-55b)
0 ;- ' elsewhere
and
T\ 2
Siln -2——
d{w) = Ty
i

._\ .

_ Consider now a precoded Class I PRS system, and let the input NRZ
sequence {ap} be 11 1100010011010, which is a PRBS
sequence with length 15. The resulting PRS sequence may be written
fpPd =0000-1-1-10110010-1. To find the
autocorrelation function, compare {py} bit by bit with a cyclic shift
of itself. Notice agreements and'disagreeﬁéhts; designate Agy an
agreement of 0 and 0, and A‘any_otger agreement i.e. 1 and 1 or -1 and

-1l. - Let Dy denote a disagreement where one bit is 0, and D a

disagreement not involving 0. Then the autocorrelation is given by .
L]

Lo A-D L
R(iT) %jA+A +D+D i=20,1,2,..., 15.

or ' - (2-56)
R(iT) = 222 ‘ i=0,1,2,..., 15

Obviously R(D) = I . Applying (2-56) one finds
15

\ .

&
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R(1) = 3¢ ‘ &
R(2) = T&

R(3) = E%

R(13) = T¢

R(14) = 3 )

R(15) = 1o

., R(-1) = R(15-i).

Note that since P _, = Phs1s-i

From these values, one axpects that (for N = 15),

13_5_[1_]_ |TI<2T

1 15 T '
R(T) = (2=57)
:% ' elsewhere

and the period is NT. This will agree with the points T =0, T = T,

T = 2T etc.

R(T) is now graphically evaluated for Te [0,T], € [T,2T] and

'TE[(n¥1)T, nT] where n is an integer greater than 2, but less than 13.

1) The PRS waveform is displaced by an amount T =€, 0 < €< T, as
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. . .
shown in Fig. 2~19. The waveform p(t-€) is shown slightly displaced

: ‘ p(t-€)
: g p(t) z///
o | co--Xo, . L
| . | f ) :
| | |
€ € € | €
S N R < ] SRR W U
" I | ke ™ [ ~ 1
| : i € € [ 5 l
‘I [ | ] ] b
L e e - — — - L__
) — | , I ' ] ! :
| , 1 . | 1 1 .
) p(t) p(t-g) 1 | | | ' '
| ' " ! | ! '
*] — !

. ‘d“ v
. ' + + + +
0 \

P e
] z‘r_e 1 ' T—E [ 1 T-t N

4 —
F.
X

Figure 2-19. Graphical evaluation of R (T) for Te(0,T).
upwards for clarity. The autocorréTatioﬁ is %ow the area under the
p(t)p(t-g) curve fof\ene period, divided by 15T.

. . 7T-4¢ 7 4
i.e. R(¢) = R(-€) = 757 - = T§ - Tepe lef < T

ii) Let the displacement be T = E, T< & <2T. Let€E= T + A, This is

depicted in Fig. 2-20.
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p(t) plt-g)
| 2
+] __] — m—— - - ="
e=T+A i | . 1
l | 1 | i
____________ _ ! (S U N -
o ﬁt‘} :' ’ I :— : -
- ! I n
! § 1 |
| L b e — - - v
-1 — o 1 | 1
’ I (I ! | 1
p(t) p(t-€) 11 ! ! 1
*1 m! 1 . v
+ A + 1,3'
0 .l g ted
l 2T-4 [J l T-A | tJ
-1 _‘ l
|
Figure 2-20. Evaluation of R(t) for T&(T,2T).
From Fig. 2-20, it can be geen that
(2T-4) + (T-A) - 24 _ 3 _ 4A . J
R(e) = R(=€) 15T = 15 ~ 157
But since A= e-T,
_ 3 _aE-m _ 71 4c < <
R(E) = 15 =~ 7157 5 - 157 0 T leb < 2T

iii) The displacement is how taken to be T

3 sn s13. Take for example n

A

€, {(n-1)T < € < nT, and

4T + A such that

5. Let €

E - 4T. The displacement\ is shown in Fig. 2-21 below.

.

PO —— SO

ha ek
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] | ] I
I 1 . |
0 — - == L -~ [ -1 r=--
C| ' ! ! ! |
1 ) ' )
. S Com e e e 4 '
-1 ——| w ;' I i
1| ‘e= 4T+ 4 : [ !
‘ I ! | !
- LA P pr-e) ! ! '
H/ b opra ) +
0 1

Figure

R(eg)

i.e. R(e)

Combining

; s

3 sn s13. ©n is chosen as 5 here.

_ = A+ (T-A) - (2T-8) - & 1

I

1.
- 15 ¢ 3 sle| s 13.

the_results of cases (i), (ii), and (iii),

)

2-21. Graphic evaldatidh of R(T) for'TE[(N—l)T;'nf],
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7 _4 [z ’ | < 27

BER s I

R(T) '= :
= ‘ elsewhere ‘
15

with a period of 15T. Henée (2-57) is verified.

5]

Generalising to any PRBS with a period N, the auﬁocorrelation of the

PRS sequence may be written as
(N=1)  (N+1)|T )
e -l o] < 2r
R(T) = : (2-58a)
-1/N, _ elsewhere C

and the period is NT.

If N tends to infinity, i.e. the sequence 1is truly random, the

autocorrelation reduces to only one peak, and the flat portion is zero,

-

e

-

L el < 2r

r - elsewhere

&

(2-58b)

The ‘normalised autocorrelation function for a 3-level Glaés I PRS

waveform formed from a PRRS sequence is shown in Fig. 2-22 for a PRBS

of length N, and for a random sequence,

P

-



If (2-58b) is compared with (2- 55a), 1t appears that ‘the

4
autocorrelation of a 3-level Class I PRS sequence has the same shape as

that of a binary sequence except for an eXpaqged sbéling factor of two. N
-Recall that'the powervspectral density had the same ‘shape as that of
—~ binary but compressed by a faetor of two. One would therefore expect

that for a general Class I seguence with M'output levels (siﬁce the

power spectral den51ty 1s compressed by a factor of (M-1l) with respect

3

to that of blnary) the autocorrelatlon functlon would be expanded'by a

A 1

factor of Mrl.

A R(T) . ! : . ~

"

1nput._ .: P [ A -15'

LR

[ . ) ‘ )" L T . - »
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From the shape of the autocorrelatlon functlon, 1t is apparent that it

can be used to help establlsh synchronlsatlon. If two 1dent1ca1 PRS

se@uencés are out of synchronisation by more. than two blt periods,
&

their crosscoarelation is zero. For’ tlme differences less than 2 bit

periods, the cross corrqlation is nonzéro and its ‘magnitude glves an

- indication of how large the synchronisation error is.

ol

The calculation of the power spectral density from the

autocorrelation function, using (2-53), will now be attempted. Since

R(T) is periodic, the Fourier transform G({ W) is given by.

G(w) =

jt: Mo - 2% B | ) © {2-59)

L4 . '

\V; where Gp(w) is the Fourier transform of one period of R(T})

4
-

. NT/2 T —jut '
e. ‘Go(m) = f , R(T)e  dt g
' -NT/2 ‘ .
- ’ | . ,—'\ '.

-
.

Because’ of the shape of R(T), 1t ends 1tself to the use of the method
.‘of impulses,ln f1ndlng Go(w).. Thls is based on the followxng
propertiéé of the Fouriér transform:

- - - - . .
] - 5
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1f F{fi-t)} = F(w) ," then

. 4N
F1&Eye GG
dt ‘

~jue |
CPle(ety =€ T OR(w) ' (2+60)

Fle(t)} = 1

- -

»

R(T) is now differentiated (for one period only) until impulses onl*

remain as shown in Fig. 2~23.
A R(T) . ’ ' ' 4 R* (1) : .
-1
w . .
: (Ne1)
anT

_ N 1

. . T 3 N
_a-___m- — ] 7.-{’ . > 1
- -z . T | - o T

e A ni{1) ]

Y/

I .
(+1) ’ - ’ 3
ford ' o :

R4 . K .
. " . N

Figure 2-23. Differentiatién of R{T) to g’et' impulses. Rj(T)
is R'(T) without the impulses. .
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_Now if w = k\ _ .
/ ' o

Using (2-60),

Fireo) = GFE LoD « Lo - 10y « Lo f

"(Jw)
- G5 ﬁ*fll 5(1-21))}

gﬁ%-G(T+ZT)

l 1
(o) ='T'“'=_2

(2-61) and (2-62) may be combined to give

1
F{R(T)} N Em —
\ o’
. * . @NT
. s 2 si ‘\\
_or ‘Go(w)==iE§llfr(§%%gz) - bezgiiz)
/S 2
..
} o0
+1 51nuﬂ p (sin L 2 k
6 - ) -+ () e b
. s

(2-61)

(2-62)
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clw = Msimn® Sy oo 2mk 1
k=~ NT N
k#0

§(w) -J" {2-63)

-
A

. ”

It might be worthy of note to point out that (2-63) can be

expressed as

G(w) ='% ®(w)| 2 cos'(wT/2)|2 , o (2-64)

-

-,

2 cos(mT/Z)'}s thé transfer function for the duobinary"enqoder.
The factor of :égomes in because for ¢ (w), & polar binary sequence (+1

and ~1) was as®med, whereas in forming the duobinary sequence here, a

.

unipolar Binary sequence (0's and 1's) was assumed. . N

The measured autocorrelation functions and power :spectra for-a
PRBS of length N = 15 and rand@m data inputs to a duobinary system are

shown in Fig. 2-24. The data rate used in the laboratory for these
\ _

. Y
measurements was 64 kb/s. , oo

' o )

/

[ e
R
—



Figurej2;24. Autocorrelation functions .and power spectra
! - for duoblnary system with .
(a) PRBS 1nput of length 15

(b) random input
- ; ~ for a data rate of 64 kb/s.

“

P .

// The transfer function and the spectrum given in (2-64) were

obtained elsewhere by alternatlve methods. The spec uﬁ‘derivat}dn in
this section, howeyer, gave an alternate means t&sob ain the specérum
and the autogdrrelation of a PRS sequeﬁce. A knowledge of the
- autocorrelatlon functlon is in turn us?ful for synchronlsatlon

purposes. )
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QUADRATURE PARTIAL-RESPONSE SIGNALLING

3.1 Modulation Systems Using PRS

In Chapter Two, part1a1 response signalling was seen to .be ef
efficient baseband method of transmitting data. .It is' also suitable
for any -type of‘parrier modu%gtiOn. Since its ihception in the early
nineteen-sixties, PRS has- aroused considerable Interest‘as a possible
means of high-speed data transmission. Many authors report applicetion
of' PRS techniques to various moduf;tion schemes as well as to ogsebana
systems. For example; GTE Lenkurt of the U,S5.A.1 reported a doubling
of the capacitp of exieting.baseband syetems from 24 to 48 audio
channels by retrofitting the existing Tl facilitiestwith 9148a
(modified) duoblnary repeaters [26;30].% Lender described applicatlon
of correlative coding techniques to,Fﬁﬁ?S}.la; 20}, AM-PSK [6, 18]/ aho

. A :

quhdrature amplitude modulation (OAM) . [31]. Bell’felephone T N

5 | t
- Laboratories used Class IV PRS in singlé~sideband (SSB)} modulation to -

transmit 2400 b/s /Ekfough a 1. 2 kHz bandq}dth on the switched telephone .

network [32] : GTE ‘Lenkurt has recently completed experlments on a SSB_
system using seven—level correlative filtering to tra*&mlt 12.63 Mb/s
1n a 3 1 hﬂz RF bandwldth i.e. an RF bandw1dth eff1c1ency of 4 b/s/Hz
[33] . Bell Telephone Laboratormes also developed a hybrid transm1551on
.systegxwhereoy seven—level PRE was used to transmit, 1,544 Mb/s in the

usuaily vacant 500 kHz band below voice in the radio baseband spectrum

I_VCompanlesrgeﬂtloned hereafter will be of the U S A. unless
Otherwise stated. * ..

Td, .
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[27}. The composite éignal (da&a andvvdice) is transmitted over the
‘radio as usual in FDM systems., Melvinland Middlestead\béoposed 9
apﬁlication of PRS to minimum shift keying (MSK) [34].

Althouéh any of the above modulation methods may be qsed with PRé
in operational systems, QAM enjoys m&re popularity é;d in this context
it is referred ta‘as Quadrature Pértial—Respbnse Signalling (QPRS).
For example Avantek has a 2 GHz QPRS digital.radio with a spectral
efficiency of 1.8 b/s/Hz [35]. Fujitsu of Japan also has a 2 GHz
QPRS diéital radio which attains 2 b/s/Hz {[36]. Micrqwave Assogiates
" has a?.ll GHz QPRS digital radio with a spectral effiéiency of 2 b/s/H:
{37). And Bell-Northern Research (BNR) of Canada has developed an 8
GHz digital radio with 2.25 b/s/Hz of spectral .efficiency [38]. The

QbRS method is briefly described next.

3.2 The QPRS Method | ! .

’

A simplified block diagram of a QPRS modulator 'is shown in Fig.
3-1. The incdming (serial) data is scraﬁbledf.split inéo two parallel
bit streams, and differentially encoded. Scrambling randomises the
daﬁa to ensure that any repetitive sequences in‘the incoﬁing data do
not'résult in sharp spectral spikes in' the output spectrum, and
_ provides enougﬁ.ﬁransitions ;n'tﬁé aeﬁodulgted data stfeam{ for clock -

recovery. "Differential encoding and decoding are used to resolve the
. . . . &
phase ambiguities®generated in recovering thé coherent .carrier 95 the

raeceiver. Each of the two bit streams is now converted £rom the binary

L
P

\
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/PRS 5 " pln
\E‘lgnQr . _"‘—"Jl -~
[ I — : ‘ cosuct
] - an? B
- . : 90 . s(t)
| l
y
Diff. Encoding . ‘ )
1 - ‘ :
L ] 7 > 2--U o
data in _ 7| S/P Conv, . Z o
L y
sinw t
NRZ/PRS T | P N
| -
\ Encoder _—>: —~
- |
ey = e
w
Local
Qsc,

Figure 3-1. A simplified block diagram of a QPRS modulator.

"

NRZ form to PRS by a simple digital .filter followed by a sharp low-pass .

filter as described in Secfion 2.3 The PRS data streams are then
) double-sideband suppressed-carrier amplitude modulated on two

orthogonal carriers and the two signals combined. The RF signal is
given by |

s(t).= pln?os_wct + p, sinw ot : | (3-1)

where pj3p and P2n are two PRS sequences and s(t) "is

the resulting RF signal.

N * - e
The RF signal mayebe amplified and band-pass filtered before

4 -

Ve

&

4

{
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ﬁransmissien, Using either Class I'or Class IV» this RF signal has
nine ‘states as.shown'in Fig. 3-2. For a precoded Class I PRS signal,
in the signal space diagram of Fig. 342} all evenrnumbered*signal
vectors are assigned to input binary data (0,0), signal vector 9
corresponds to input data (1,1), thlé all other odd-numbered vectors
are assigned to (1,0) or (0,1) in such a way tﬁat cwo signal vectors
differing in phase by 180° correspond to the same data input. ;f the
data isiequiprobable, signal vector 9 has a probability of 0.55, all
even-numbered vectors Eogether have a probability of 0.25, and.

odd-numbered vectors (excluding 9) have a combined probability of 0.5.

These features are used to simplify the demodulator.

'Figure 3-2. RF signal state dlagram for QPRS.' Data in
brackets are for Class I.

Detectlon of the QPRS signd{.ls most often coherent and very

simllar to QPSK- detectlon.- A 31mp1if1ed block dlagram of a QP’
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demodulator is shown in Fig. 3-3, After band-pass filtering to limit

noise, the incoming RF signal is split into two.idehtical_signals which .

are muitiplied with rpcovered quadrature carriers. The resulting

‘ P
R —~ lo PRS/NRZ
~ - Decoder
cosw t )
/ o 90°
RXBPF power splitter - ! . _ -~ i :
incoming & ; . S : Diff. Decoder| .  Serial
— = » . > 8 3
. RF v . P/S Conv, a ou
4
.
i
-
sinmct ' . |
. lp
: oy =11 pes/mmz
~ Decoder
j) Coherent Recovered

Carrier : . Clock

Figure 3-3. A simplified- block diagram of a QPRS demodulator.

v

signals are ,then low-pass filtered to recover the tﬁre%?ievel PRS \;*

signals (pyh and792n)." The PRS ﬁbfbinary NRZ decoder méy

consist of either a full—wave‘rectifier followed by a threshbld

r

compara or or two slicers followed by 51mple comblnatorlal loglc. The
reverse operatlons to those of the transmltter then follow i.e,

‘dlfferentlal decoding, parallel ~to-serial conversu)n, and

\
descrambllng .

. < ‘ e V

8
The few paragraphs above have described the basic QPRS modem.

.

L {
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Many variations of tﬁis ate usually found. For eXampie, some systemé
do the modulation in two steps'by using an intermediate frequency (IF)
stage followed by an upconvertor whereas others use direct modulation
at RF. Whereas PRS conéersion is shown in Fig. 3-1 as being
accomplished fully in the transmitter, it may also be'split between the
transmitter and receiver filters. Some systems have used a 'quadraphase
modulator and filtered the resulting QPSK signal after the final power
amplification ([39]. To explain the problem associated with power
amplification, a further coﬁmeot on the signal state diagram of Fig.
3-2 appears warranted. The signal state diagram is very similar to

that of the 8-ary amplltude—phase shift keying (APK) exceptothat the

-

"latter does not have the extra state with zero amplitude. Both

modulation methods hate variations in signal amplitude. Owing to these
amplitude variations, QPRS will suffer a degradation caused by AM/AM
and AM/PM conversions in a system with nonlinearities, which affect the
overall system gain [40]. For this reason, seqeral oompanies have

avoided 1t for satellite Qr microwave use. "

However, as Lender showed (18], partial response can be generated

.by the use of filters designed'dsingffrequency domain concepts. The

combined effect of the transmit and receive filtering after power
'amplification'have been used by some gompanies to yield the PRS Signal,
thus eliminating the degradation due to.nonlinearities.

A OPRS fmodem is relatively simple, being slightly more complex

. than that of QPSK. Hence QPRS becomes competitive to 8-¢PSK as

indicated.by the risi g\ttmber of digital radios u51ng 1t.
In a gaussian noise env1ronment QPRS has a probablllty of error

.be;fofmanCe giQEn by'- [36]

) TR
o AT
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P(e) = (3/4) erfc[(1/2) VC/NI | S (3-2)

where C is the average carrier power, end N is the noise power at the
output of the receiving filter. ‘In'Fig. 3-4 the bit errof—rate

-, .h" {BER) or P(e) characteristics for QFRS and other modulatlon methods are
shown. It is seen that for P(e) = 10~%, QPRS needs 3dB more CNR

than QPSK and about 2dB less ONR than 8-¢§SE§-

" BER
4;
L ]
-3
10 T T T | 1
10-4 B 4
S \  cpsk
~ 10°° ]
CPSK
) 1076
. , N
|
10'7 - . ]
103 \ M » CNR{dB) - ) |

10 12, 14 .16 18-20 22 ¥ 26 . .

Figure 3-4. 'Bit error rate characteristics of various
. /o modulation techniques. Noise is measured -
. R in the Nyquis® band. .

E' - Eor eff101ent data transmission by radio, QPRS competes with
| 8- ¢PSK [41]. The two methods will be compared. However, before the .!
l

comparison, a brief rev1ew of the panc1ples of 8-¢PSK would not appear

y o 4
out'of place ‘and now follows. . : . - §
. ‘ . t . :
|

.

Y
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3.3 Pr1n01p1es of Eight-Phase Modulatlon ' o -

. : - -

Elght phase PSK systems w1th elght phase states and a theoret1ca1

efficiehcy of 3 b/s/Hz are frequently used for\ high-speed data

transmission. ed qﬁ the Nyquist minimum bandwidth theorem, it is
possible to transmit one symbol per second in one hertz of radio
frequency bandwidth. Practical systems nowadays exceed this niihi%um
bandwégih by about 10% to 50%. Widebandlfiltering'is.desirab}e.for
ach1ev1ng a faithful reproduction of the transmltted 1nformat10n

(mlnlmum 1ntersymbol interference)., Ho e€r, in order to effect1vely
™

-~

utlllse the spectrum: and reduce both noise and nterchannel

inteference, narrow bandwidth, is desirable. Therefore‘trade-offs must

be made to obtain optimum performance [421. - i ~ ;

‘A simple technique of produc1ng an 8—¢PSK 51gpal [4] 1s as L

‘1nd1cated in the’ block diagram .of Flg. 3-5. The 1ncom1ng serlal data

~
stream (already scrambled) is Spllt 1nto three parallel data streams A,

—
a

B, and C. The tWO-level to four-level coder provldes one of the four -

L

possible levels of a polar baseband 51gna1 at “a“ and “b" If the bit
L

'at A (or B) is a "1", then the output EEVéiﬁat “a ("5“) has one of the

two poss1ble s1gna1fstates (posltlye or negatlve).‘ iﬁ.it is/a "o",

: then the output level at "ay (or "b") assumes the alternate state."The

<

b{t at C is used to determlne whethes;the .larger or smaller 51gna1

1eve1 should be present ét "a” or at "o When- the bit at C i a "in,
[ ! ‘ \- -.‘
the amp;itude.of "a" is: greater than that of "b"; if a "0“ thg-.

v, *

_opoosite is true. The four-level . polar baseband. srgnals at ."a ".and-"b}

. ‘ i

_then double-sxdeband suppressed-carrler amplltude.modulate two.

. quadrature carrxers.° ‘The -two signalsnare combined, possibly amp}ified,

(3 * v . ~

- .

. . .
B . . . . .
- . . - - .. ¢ .
. - - b
. -
. -
- . 3 .
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~and band-pass flltered pefore being transmitted. The phase vector y
, .
p051t10ns and thelr three bit de51gnatlons are -also shown in Fig. 3-5.
A° | 2-ldvel to LU s
» 4-lavel ¥ b——.
coder o, Jf
> : ‘ ’
L] h]
90°
- ey = )
3 Y
Serial e c
S/P Lo
pata In 2| Comvertor > E : > % >
'y ~ .
- h
Iinverter .
o
~ 7
: . : v’ ,
. 6 ) Bﬂ 2-level to | h h
» - . o 4-level i
coder . . :
' : C o
. 010 . 1o
Local
Osc,

011

(®)

T Figure 3-5.
) and their bit designations..,

—
/,Lv
T

B—phase PSK, (a) genefation (b) phase positions

-

., - Another method of generating an g-¢ PSK signal, using digital

] . . . ‘ ‘ Y

- . -




phase-shifting ne;hork to generate each phase, has been reported by

Wood 143].

?

Fig. 3-6 shows the block diagram of the coherent detection method
‘for 8—¢PSK. Each detector in the diagram consists of a double-balanced

modulator followed by a low—pass filter and a’ zero—cr0551ng detector.

Fa
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E\ -
P

o
‘

The four modulators are fed with .a reference carrier at 0° 90o

and 459 as shown. The 0° reference de‘;;tor detects ‘the digits of

the A stream, the 90° reference detects

" peT,

e B stream digits, while

Tn°

DET,

|

[
Cal

Rechived

- w
Serlal \

T¢'45° C Ptos
—_— . Gomp. comv.
signal . = ° dats out
e

v : :

oo .
B
DET. P
. 1690"
Figure 3-6. Coherent detection of an 8-¢signal. t

P
-.‘“"-

digits of the C stream are determined by comparing th

e outputs of the

450 reference detectors — like outputs indicate a "1" and unlike

outputs a "0".

Vs

called differential phase detection.

Sometimes the fﬁformation may be encoded in terms of .phase changes

and deteﬁﬁiog\done by comparing phases of adjacent symbols. his is

Colierent phase detection
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is theoretiballf optimum, bﬁt'infcertaie,cases of practical imbortance
obtainiﬁg s;axmaintaining a.cohereot phase"refetence.;n the receiver'
may‘not Be.feasible. Diffeteotial detection, on the.othef hand,
requ1res only short- term phase: steglllty in transmlss1on.
, It has been’ shown [17,'44], that for coherent detection of
-multlphase systems, the probabillty of error for high input S/N ratios

can be expressed as , .

(e) (3-3)

=
=
]
5
=)=

where S =*average signgl poﬁer‘

‘_

N mean neise power in the measured bandwidth and

It

[

‘number of phase positions,

and in the case of‘phase cohpariSon detection:

- . : : /< = . |
oo -Zﬂf sm?‘ ;— . ) o .
ple) = . L. (3-4)

Vhﬂﬂ'snlf_

‘ . 3

A -comparison of equations (3-4) and (3-4) would indicate that for

~a high signalnto;noise ratio and a large n{n > 4), phase comparison
»> )

detection yields about a 3dB degradation over coherent detection. jtf\//)

‘relatively simpler hardware realisation of the phase comparison

~ a

detector might, in some cases, justify this 3dB loss. However, most of
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»the recently:déqglbped modems have been implemented with coherent

’

detection. (‘f

3.4 Comparison of 8-PSK and QPRS Systems

A comparison of d;gital microwave systems using_8~phase shift
keying ahd quédrature partial-response signalling modulation methods is
now made.‘ -

For about' the same specﬁrum'utilisation, same bit rate, and the
same BER (say 10~96), én excellent parameter for system cbmpa-
rison is the system gain. This is ‘'given, in 4B, by the difference
between the transmitter outpuﬁ’power (dBm) and the receiver threshold
or sensitivity (dBm) ét’a‘specif'ed BER.
For a pafticular CNR ratio requirement, the receiver threshold éan.

be obtained as the sum of that CNR and the noigse power (dBm) in the

bit-rate bandwidth. The naise power is given by o ot

N, = KTBF ~ . {3-5) '

where Nb = noise power in watts
k = Boltzmann's constant (= 1.38 x 10-23 J/K) _—
T = absolute temperature in kelvins
B = bit rate bandwidth in hertz -
F = receiver noise figure.

Taking T = 290 K (24.7 dB-K) and k = -228.6 dBW/K-Hz, one gets

. <
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Cep = CNR - 174 + 10 log10 B + F (dBm) | . ,fwﬁJJn?)

where Cth is the receiver threshold and CNR?is;the required

carrier-to-noise ratio (in the bit-rate bandwidth)..

The fheoretical energy per-bitwto—éoise density ratio‘(Eb/ﬁo)
requirements for a 10—6 BER are 12.7 dB and 14.2 dB for QPRS Fnd
8-+PSK respective}y, giving.QPRS a 1.5 dB advantage [40]. .Nippon
Electric Company of Japan gives measured results foé single—ﬁop system
gain reduction (due to noniiﬁearities in the TWT amplifier) of 7 to &
dB for QPRS and é to 3 dB for 8-phase PSK with a roll-off factor _ *

s

il

0.5. The difference is mainly due to amplitude variations in QPRS
" {(Fig. 3-2) while 8-phase PSK has the same amplitude fqr all vectors

- (Fig. 3-5). Hence it was found that experimentally, QPRS‘reguired an
Ep/No of '14.2 dB and a TWT output back-off of 5.5 dB, whereas

8-phase PSK with o= 0.5 required an Ep/Ng of 16.2.dB and a

back-off of 0 dB [40). Based on this, it would appear that 8-phase Pséy
has a‘3.5 aB.of system gain advantagg over QPRS for a BER of 10-6

when a TWT amplifier\?é used in a nonlinear mode. ﬁowevef, this
agsumes that partial-response filtering is done prior to the final
power amplification. As noted earlier, PRS can he achieved by
ffltering aft;r the final transmit amplifier thus reducing degradation
due to nonlinearities.

Hardware comple:;z;\ﬁnd cost can be a deciding factor in the

choice of a modulation method. QPRS is relatively simple hardwarewise;

s

L
RO TR R
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being a 11ttle more complex than QPSK. Elght-phase BSK has a hlgher~-
Acomplexlty than QPRS hence 1t mlght be more costly. In  some cases,'

however, 1t is p0551b1e to Eéduce the system cost by using ‘ s
nonregeneratlve repeaters at’the prlce of a small performance—

- r S
reductlon. ' | S .

n

It is- apparent therefore, that for Epn/Ng cons1derat10ns, QPRS

can give combarable performance (1f filtering is do;e after the TWT} to
8-phase PSK while reducing the equlpment complexlty, hence cost. In
linear applications,_considering Eb/Nor QPRS would seem a better
modulation method. On the other hand, ﬁ—phase PSK is more bandwidth
efficient. ' - | _ : : _ }:

Several manufacturers have-developed digital mlcrowave radios
whlch use elther 8- ¢PSK or QPRS modulation techniques [45]. System
performance of several digital microwave radio systems will be " o
summarised in two tables. Only systems described in-the readily
available literature are considered [35-40,.42;'43, 46~+50). Table II
lists some of the more significant parameters of'the low- anc J'
'medium-capacity.systems, dhrle Table III lists‘these_parameters for the
‘ hiph—capacity systems: Low-capacity systems. here are defined as
systems with bit rates up to 16 Mb/s. Medium capacity refers to bit

rates up t 5 Mb/s, while hrigh-capacity systems are taken to mean

those with bit\rates more than 45 Mb/s. These tabips provide -an

insight into the cJwrrently achieved performance of modern digital
radio systems and in particular that of QPRS ana 8- ¢PSK.

One should resist'the temptation o classifying the systems listed

in Tables II and ITII 1nto any order of merit, because other

-



- considerations should be taken. into account for an absolute compdrison.
For example, some systems operate at 11 GHz while others operate at 8
GHz and 6 GHz, and it is more dlfflcult to design’ a hlgh power
.ampllfler at higher frequenc1es than at . lower frequenc1es. The
1nsertlon loss of the microwave fllters (for those systems 601ng
spectral - shap1ng by filtering after the final transmit ampllfler).has
not been considered since no data here available on these. These would
have en‘effect'of decredsing the output power from- the transmitter,
thus reducing the system gain., Finally, the comparison would not be
complete without the addition';f-en extra”row .labelled "cost".

From the tables, it is seen -that low-capacity radio systems have
bandw1dth efficiencies ranging from 1.8 b/s/Hz to 2.2 b/s/Hz, while
bandwidth efficiencies for high-capacity radio systems vary from
.2 b/s/Hz to 3 b/s/Hz; Hfgher spectral efficiencies are achievable
ueﬁng more complex modulétion techniques such as l6-ary APK [3] and
single—sideband seven-level PRS [33], and in fact the race for

4 h/s/Hz and above is a;ready'under way.

)
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Table II

SYSTEM PARAMETERS FOR LOW- AND MEDIUM-CAPACTTY RADIOS

NIPPQRY

*

' . {Operated by
SYSTEM PARAMETER NIPPON FUJITSU | AVANTEK SPC*
Frequency Band 2 2 2 6{11)

(GHiz) _

Type of Modulation 8-PSK QPRS CPRS " 8-PSK

-
Bit Rate (Mb/s) 6.3 6.302 .6.313 43.315
(7.8) .
Capacity 4r1 ! 4T1- 4Tl 26T1 -
_ (5T1)

Transmitter Output +34.8 +27 +27 435

Fower (dBm)

Receiver 81.5 (-85) | -82.7 | -82 68 (-66)
_Sensitivity for ) - (for 1078)
10~6 BER (GBm) .

g e\ -

System Gain at | 1.3 (119.8) 109.7 109 1103 (101)
10-6 BER (dB) Cs

Receiver Noise Figure 6 - (2.5) |5 6 8 (10)
(dB) ' n

Noise Power (in bit ~100 (-103.5)% -101 ~100 -89.7 (-B7.6)
rate B.W.)(dBm) _ T

Required Practical | 18.5 (18.3 18 21.6 (21.6)
C/N (in bit rate B.W.)

for 10-6 B.E.R. (dB) _

Theoretical Required 13.8 12.7 12.7 » 13.8

C/N (in bit rate B.W.) | °

for 1076 B.E.R. (dB)

Occupied RF Bandwidth 3.5 . 13.5 3.5 22.6

(MHz} ‘ '

Spectral Efficiency 1.8 2 1.8 2

(b/s/Hz) (2.2) 7. )

* SPC - Southern Pacific Commu

Figures in this column are for a FET
amplifier used at. the receiver.

nications (previously DATRAN)
\7 L

A
K]

O

e e
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| CHAPTER FOUR w’\
L . "+ PERFO OF PRS SYSTEMS I
i
‘4.1 Introduction ' —

Any'transmiésion system is disturbed by the ubiquitous thermal (or

gaussian) noise and various types of interferences. The performance of

AY

; . .
PRS systems, as reported in the literature, has been evaluated mainly

‘. L

in a random additivelwhité gaussian noise (AWGN) environment.. However,
the effect of a spurious signal, or interference, falling in the band
of the desired signal is important especially in a coﬁgested frequency
plan where adj%qent‘channels are ciosely spaced. The performance:
analysis of PRS systems in an interference environment has-not been
fully reported in. the readily avaiiable'literature [55]. .
- In this chaptér, as well as evaluating the performance of a PRS
system in an AhGN gnvironment, the effect of an interfering signal Qn
- the performance of a PRS system is considered. Performance.is first
eéalua;ed'where interférence, sinusoidal or square-wave is the oniy
perturbing factor, and then where both AWGN and interference additively
corrupt the desired signal. . |

The performance of a system depends on how the. required transfer
function, H(f); iS‘EfE;eved' Any series combinatiqq ofnthe transhit
filter, channel, and receive filter may be used. Several  apportionment
of the transfer function between the transmitter and the receivenlhave
been considered [15, 51). For example Kretzmer [7j considered the
filtering ‘equally distrihuted betweén the'transmitter and the receiver.
This model is known to be optimum in the sense that for a given

. 7 ) '
- ¢/
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probability of error,.it has the smallest signal-to-noise ratio

-

'requirement4compared to other models. Iﬁ practice, however, it might

& - €
be difftcult to implement tﬁe transfer function | H(£)| ¥, and it might

not meet FCC or other regulatlons. A straightforward méthod of

generatlon of a PRS 51gna1 is where: the transmltter and the-channel

'determine the spectral shaping while the receive filter is used to

bandlimit the noise [52). This model is usually easier to implement

although it rf not pptimum‘in performance; Other mModels can be obtained
by deeigning a suitable transmit filter which together with the
corresponding receive‘filter give the desired characteristic. This may
be combined with a decision feedback equaliser at the receiver [38].

A

4.2 Performance in an AWGN Environment

In this section the effect of random gaussian noise is considered.
An M-level Class I fpolybinary) signal with précodihg is assumed. It
may be recalled from Sectlon 2, 3, that for an M- level Class I 51gnal,
if the levels are numbered cousecut1vely from zero to M-1 startlng from
the Eettom, then a SPACE or "0" is represented by an even-numbered

level and a MARK or "1" by an odd-numbered level., It then follows that

an error occurs only when noise changes an odd-numbered level into an

- a

even-numbered level or vice-versa.
Let the peak-to-peak amplitude of the signal be 2V volts, as shown
in Fig. 4-1. Then the distance between any two adjacent'lebels is

2v . . '
MT . Decision threshold levels are set midway between any two

’adjacent levels. Hence, the distance between any 51gna111ng level and

the adjacent threshold level is - -

EATE

PREREE B
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4

decision thresholds

k-1 |

Figure 4-1. Polybinary signallipg levels.

-~

3

If the a priori probability that the kth level is transmitted is
Px, and the conditional probability that an error is made in

Jdetection when the kth level.is transmitted is Pg| x, then the

. . L)
probability of error is given by

d

3 : T . , ;
-~ Ple) = P, P : - (4-2)
P ' k=0 k el k e ' .o

-

‘The 'probability Px is found as follows.



.'.‘ i l'\/—'. * . ’ .

[ . . ) . . ",

89

. -

H v
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-

Each level of a pdiybigary signai is formed b§ adding (M-li didits

. of the precoded sequence {bp}. The level is k-if fhgre are exactly k

LY

1's in that éroup of digits. X ‘ Lo . B '
X X x‘h\] A : .
. . .. - v / N - '
(M-1) . o . -
\ . ' " | |

1Y
¥

If MARK aﬁd SPACE areAequally likely, i.e., P(l) = P{0) = 3, then

sequence {bpl} is purely random, i.e. each bit can be a 1 or aIO with

probability %. _ N
The probability that there are exactly k 1's in a group of (M=1)
.- . R ‘ - q\ -
digits is e -
y | T, a
- ‘ \
-1-k . . M- . .
(é)k(é).'f‘i\j s
.‘ ,& [ '. ! \ ‘
. ) |
[
But there are ( K )‘such poséible combinations.
L4 I\ -
4
[}
-] “' ‘ ) ~
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B = (5)”'1(";1) K= 0wl, 2,000y M=1 (4-3)

‘7o find Pelk in (4-2) consider the case ‘when the xth
level is transm; . An error will occur 1f at the sampling instant,

the dum of level k a noise, i.e. the sampled value, is in one of the

- regions (2d(k*l1)-4, 2d(ktl)+d), (2d(k*3)-d, 2d(k3)+d), et%. In other
/rﬂﬂh}\:words ﬁp error occurs if noise is in the amplitude zones (*d,* 34),

(54, t7d) etc. These zones are shown in Fig. 442 below.
i / . . . )
It should be borne in mind that the end.levels (k = 0, M-1) have

detection zones {-%, d) and (-(2M-3)d,) respectively.

\

, k+2 : '
>\,/// kﬂ
g::g: lev‘ql .
7///////51 o
N :
k-2
L

: ‘e - )

o

Figure 4-2. < Error zones when kth level is transmitted.

U
(N - . ’

,
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%:?“ Several cases are distinguished. ) N

1) M-1 is even

.(a) k is even, .’ .M-1l-k even
-

In this case levels k,'Q,_and M-1 fepreqent the same bit. This
implies that noise pulling gt,pe.kth -level into the regions .

({2M-3)d,=} and (-%, d) causé;;pé error., The error 2zones are shown in

N T

Fig. 4-3 (a).

T IS

YOI i
e+-1-0-118 S ‘_ | :
a 2SI
. 77777777
ul‘“if// ST TIIIIIIT
777777 77777
(2k-1)d . ' . -

J - x : 7/77‘/7770
“ - s/

/ () )

Figure 4-3. Error zones for when kth(ievéiis transmitted,
for M~1 even, (a) k is even (b} k is odd.

Errdrs due to noise of positive amplitudes/ have a probability given by

L]
"

';7',. | \_Sf
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M-1-k

(-1) o (2i-1)q] .
: .

(4-4)

>

1

Qhere Q(nd) is the area under the gaussian curve, bounded by the

-~

ordinates 0 and nd. ' ' .

Errors due to noise of qegative amplitudes ﬁave a probability

L 4

given by

k . : R
- _ _ i . ] . _
P 6355\7 L (-ferzislal \ . (4-5),

-

Therefore, the probability of error Pe|k even 1S given by

= (-1) *o(g2i-1)a)

2

M-1-k
{4

— + -
FPe| k even ~ Pelk even * Pe|k even {

(4-6)

k .
+ (~1)*Q[(2i-1)4]
fgi ™
-4
{(b) k is odd .’ M-1-k is odd.

In this case the level k represents a bit which is opposite to

-

that represented by both levels 0 and M-1l. The error zones are shown
. AN

in Fig. 4-3(b). It is evident that -

+ ' L i . :
Pik ogg = § * ééi (-1)7al(2i-1)d] . 4-7)

\.

8 - .

W P i
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Therefore, the probability of error Pe| k odd is given b'y

I
i

M-1-k .
- + - [ 3 _ _ 1 .
Pk odd = Pelk odd * Pefx oaa = 1 * 1};1 (-1)*el(2i-1ydl .
~ ; B
X i
+ Y (-1)TQl(2i-1)d]
i=1
Now the probability of error for M-l even is given from (4-2) by
A
, M-1 M-1
Ple) = EEGPkPEIk ) QEQ{PR oda’el k odd * Tk even®e x even} (4-9)

Using (4-6), (4-8), and (4-9) one gets

—

M-1 M-1

Ple) = kg'opk odd T 'kgo{@k oda * Fx ‘even)

ML i ' i
[ (-1)7Q[(2i-1)4d] +i (-1) Q[(Zi-l)ﬁl]}
13 i: i

(4-10)

¢

L | | ,

Sat z—'_-.!‘ i "i"

S o WAL ey

ST, S
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Now Pk 0dd * P k even © Px. Since a SPACE is-r?presented

by all even levels and a MARK by all odd'levels one may write
i 4

:;;Pk o0dd = P(MARK) = 4

because P(SPACE) = P(MARK) = 1%,

Hence (4-10) becomes

1

| ] (N-l=k . -
Ple) = % + Pk{ 5: (-1 tol(2i-1)d] + g;(-l)lol(u—l)d] (4-11)
K =T i=

2) M-1 is odd - ) : 3
I M
(a) k is even.'.M-1-k is odd .

Here levels 0 and k represent‘the same bit while level M-1 i

represents the opposite bit. Fig. |4-4(a) shows the error zones for the

kth jevel.,
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77 77
5 i TSI
N TILTLTL,
[04-1-k)-1]¢ . :
T OIS e ZATILT

* 'Td/_//zz_//__z k //_/_441/_4

sz 222227,
(2x-Dd | L Z//_//_/A/_z 7_/_/_[/_ZK

Sl
- —eres IS

TS

L (a) ey
Figure 4-4. Error zones for when the kth level is
: transmitted, for M-1 edd, (a) k is even
(b)Y k is odd.

For this case, the probability, P* , of an error due to
d k even »

noise of positive amplitude is easily seen to be
. 1

4

M-1-k
Pelk even o

S (-nior(2i-nar, (4-12)

i=1

and the probability,.P“elk even'’ of an error due to noise of

ﬁegativelgﬁﬁlitude is given by
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- & i . .
PeI k even Z( 1)7aef(2i-1)a]. . _ (4-13)

H

Hence, the probability of error P

e|k even 18 given by

-

M-]1- . .
=3+, (-1)'Q[(2i-1)4]

+ -—
P = P + P
e| k' even el k even el k even &

-

+ i;(-l)iQ[ (2i-1)4}].
ie

. {b) k_ is odd.’.M-1-k is, even. . j

(4-14)

Now levels k and M-l represent the same bit which is opposite to
: - 4
that represented by level 0. The error zones for the k¥ level are

as indicated in Fig. 4-4{b) above. One immediately sels that

+ . Mgk i x -
Pel k, 0dd = 2 (~-1) Q[(Zl-l)d] . ‘ (4—15.5)
and
- _ 1,1 31 : _
I:GI k qdd = $ + ig( 1) Ql(2i l)él | (4 .16)
}
‘Hence,



' . M-1-k R ' .
- - 1 s ; . 2 F 1 P _
Pefk oaa = _Z,( L'or(2i-1dl + é;‘-l) Q(2i-1)d) (4-17)

1
«“ A ]

.Therefore the probability of error for M-l odd becomes

- “1-k .
P(e) ’g{* Pk odd® Fx odd[“li; ('1)10[_(21‘1)k/

+ .E (-l)iQ[TZi‘l)d]] +'¥ Py even.
i= ‘ T d

: - /

f

‘M-l=k . _ .
+ Py even[niz; (-1)*Q[(2i-1)d] + iZ(-l)lQ[(ZiTl)d]]}

which reduces to }{

*

M-1-k . k . '
Pk{ f_; (-1 *or(2i-1)d) + ,):1(-1)10[(21-1)51}, (4-18)
1= i= .

il
o=
-+

P(e)

It is therefore seen that whether M-1 is even or odd, the
probability of error is given by the same expression, (4-11) or (4-18).
F 3 '

Recalling the definition of Q(.), the expression for Px (equation J

(4-3)), and for d (equation (4-1)), (4-18) can be written as
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' L M=1 M-1-k® . ———
1 - i o~ ve
P(e) =;4 + — (M ) (-1)" erf |(2i-1) [—————5 %k
: /7T o\ k { i-1 [ V2(u-1)%0°
(4-19)
K i [ 2
+ > (=1 erf |(2i-1) ——
i=1 e 2(M-1)"¢

where 02 is the variance of the gaussian noise and
i

X -u2
=~ erf(x) = 2/7 e du.
0

It is shown in Appendix II, that

B (B0 Bl B g e

k=0 i= ©i=1 Yy kel

where

A, = (-1)t erf[(zf;l) /—-—!——a—f] 4
1 2(M-1)%2)

Using (4-20) in (4-19) yields



1, o k . | '/——‘2—*
P(e) = % + _l'la——T E(M 1) Z: yt erf[(zl-l) v "
2 k=1 =1 _ 2(M-1) %02

J

i
Now, the,average signal power of the polybinary signal will be

N g—
obtained. Assume first that the levels take on valyes from 0 volts to
\

» .
2y volts. The average normalised signal power is hence

M-1 . | .
s - T " (%) G * (4-22)

This is shown in Appendix IIX, to be

2 .
(4-23)

Using this in (4-21) one gets

M-1 k .
P(e) = % + 2% “Z(M') S -1 ert [(Zi—l)‘,/m—%%ﬂl—)] (4-24)

where N = ¢2 is the noise power.

It is more usual, however, to transmit a signal that is

'symmetrical about zero such that no (unnegggsary) dc power is
tragsmltted. If the polyblnary signal is transmitted such that the
levels assume values from -V to V, the power transmitted becomes

-

et e i b Sk
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-
it

2;(*)M i(m {)(gg% _ V)z

-

2 2
_ LV 2 v
—S = w1 ~V T D

Thus the peak-to-rms factor in dB for Class I PRS is

P = 10 log,,(M-1) i

{4-25a)

(4-25b)

(4-25c)

One can obtain (4-25b) directly by observing that"%ﬁe poﬁer in this

case is the power given by (4-22) minus the dc power, which\is V27

"Using (4-25b) in (4-21) yields

v

M-~ k '.
Pe) = ™5 _(“" ) %, (-1t ers [(zi-l)\/%] (4-26)

This is the final expression.for the error rate in’a general Class I

PRS (with precoding) as a function of signal-to-noise ratio.
The probability of error expression was given by Lender [6] in the form

expressed in (4-24) but details of the derivation were never presented,

As noted earlier, this expression assumes a signal format that is

rarely used in practice, hence (4:3?) is preferable.

Equation (4-26)
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is plotted in Fig.: 4-5 for several values of M.

. . rd
To get an approximation to (4-26) one uses the.relation

erf(x) 5 1 - erfe(x) | | ~\T) . (4-27)

L 2
where erfc(x) = -J;?Trf e™! du.
- x )

Then (4-26) becomes : | ,H ,

-~ 1-M M-1 i
Ple) = } +'2 kZ( k)__Z(-l)
=1 i=1
(4-28)
M-1 k )
1-M -1 ~ i . S/N
- 2 (-1) "erfc [(21—1)\/I_]
k=1( k )i=1 2(M-1)
It is proved in Appendix IV that
M-1 k . -
(”;1) Y-t = - M2 . _ (4-29)
K= i=1

[ g

Herce (4-28) may be rewritten .as

]
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- Figure 4.5. Probability of error Versus signai-to-noise
ratio in dB, Measured at input of decoder
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. - M- k . ) . . ' b
P(e) = - 21‘";;(";1 2 (1) Ferfe [(21-1{/%%,]
. = i=

& t

P

(4-30)

P rd

\

.

Now, knowing the behaviour of the erfc(x) function, terms in (4~30) ¢
. arising from values of i gréape# than 1 may be neglected. The

resulting approximation is
B 1)

- . . (3

M1 | (/::Z:l;)
Ple) = 2T d arge N (4-31)
2M 1 2(M-1 _ \ .

/‘ - . <
This approximation is equivalent to assumirng that only errors caused by
transitions to adjacent levels need be considered. For 4 two-level
binafy NRZ signal, the probability of error-in’the presence of AWGN is

obtained from (4-30) by setting M = 2, giving the well-known formula

Ple) = & erfc(J%%) , (4-32)°

It is then seen that an M-level polybinary systém is approximately.

10 log, ,(M-1)dB . > S

[ . \

worse, in performance, than the binary system. \

r-
”

‘The performance of a three-level Class I PRS system (duobinary
, - i
system) may be obtained. from (4-30) by setting M = 3., Thus,
|
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4 4 4 4

t

) 9 ' ‘
P(é) =3 erfc(—s-ﬁ) Y erfc( §ﬁ) ) , (4-33)

N

For values of S/N of practical importance, the second term in (4-33) is

usually négligible compared to the first®one, hence (4-33) is

approximated to

p(e) = 3 f(#) | . (a-3g)
\‘ . . . ) ’

7

This is seen to be approximately 3 dB worse than the binary case

he

in (4-32).

Class IV PRS (modified duobinary) is directly analogous to the
three-level Class I PRS, and has the same probability of error given by

(4-34) . -

AN

4.3  Interferenke in PRS Systems

In certain cases interference is so much larger Lhan'therﬁal noise
that the system can be considered to be perturbed by interference
alone; for example, in fadio systems an unmodulated carrier wave
interference, a faulty oscillatgF or al?isalignment in an upconvertor
might cause this effect. It is thus of interest to consider the effect
of interference alone 7p/fﬁé\pérformance of the system. Square-wave
inteFfegenqe is considered because it gives the same performance as

when the desired sfgnal is disturbed by”crosstalk from a binary NRZ

signal nearby, say in wire paired cable transmission for example. A

)
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!
random sequence r a periodic square-wave give the same result.

- Sinusoidal interference is important because“very often Epe interfering
éignal is a carrier which'may'be angle modulated as in interchannel
\\ ihterference'(adjaéent-or co~-channel). Low¥3requency hum of ac power
lines, harmonics, of ac-to-dc power converters, and pilot and control
- toneé are also among thé-frequen?‘sources of sinusoidal interference.

, For the sake of simpliéity only a three-level (Class I orfClass

IV) PRS gignal is considered in the analysis hereafter. However, the
. - ' ¢
principle of the analysis may be extended to PRS signals with more

’ levels. ’

— 2 ’

4.3.1 Squafe—wave Interference

Consider a square wave i(t) (or an equiprobable binaﬁ? sequence)

. with peak values A volts. The probability density function of this

signal is evidently given by ) -

p(i) = % [ (i+n) + 8(i-A)} ' (4-35)
(
This function is shown in Fig. 4-6 below.
L ’
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Figure 4~6. (a)

Time-domain representation of a random
binary pattern. ‘

(b) p.d.f. of an interfering»square ﬁavelor

random'binary pattern.
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Figure 4-7. 'An example of'a Class I' PRS signal.

Consider now a non bandlimitéd’gﬂreeflevel.PRS sigq@;, with precoding,
having'levels.—v,.o, and +V as shown in Fig. 4-7. Decision thresholds S
are set at -_V)2 and‘V/2.- If either of the two outermost levels (-V or &
+V5 is received, an e;ror will éccur if, -at the sampling instant, the
interfefence sample.is of the opposite polarity and has a m;;nitude

exceeding V/2. If level 0 is received, an error will be committed if

the interference sample has a magnitude greater than V/2. The

probability of error is hence given by

P(e) = P(-V)R{i > v/2) + POIPY] i > wv/3} + p(V)p{i < - v/2}
| (4-36)
- p(-)pl > 3/2°v} - p(vypli < - 3/2 v},

The last two terms in (4-36) are added because the two outermost
levels, -V and +V, represent the same bit and hence no error will be
committed in detection if one is mistaken for the other. It should be

noted that (4-36) applies independently of the probability density

*
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function (pdf) of the random variable i, i.e. it is equally applicable
whether i ’'is sinusoidal interference or some other.kind of
interference. [For example if i is random gaussian noise with zero
mean Qnd‘varian;e ag, (4-36) reduces to (4—33);]
For squaré-wave interference,'the probability of error is obtained
by using (4-35) and (4-36). Two caseé‘are distinguished:
(i) A < V/2. In this case, the interference level will never exceed
the threshold V/2, hence no errors.will occur i.e., Pl(e)
= 0. Let érms and I,ys stand for the rms voltage values of
the signal and the interference Fespectively, and S and I represent the
mean signal and interfereﬁce powers respectively. From (4-25b),
S = V2/2 hence Spms = V/ 2 and since the peak-to-rms ratio for a
square wave is.O dB, Iygqg S A oOr I = A2, Hence one can say that

if S/I > 2 or Syms/Irms > 2 (SIR exceeds 3 dB), no errors

will occﬁ?. " !
(ii) &> v/2. This implies that P{i > v/2} = Pli< - v/2} = % and

. . ~

p{| ij > v/2} = 1. Since P(0) =} and P(V) = P(-V) = ¥,

{4=36) then becomes = ' | o

Ple) = 3 - 3[pli> 3v/2}+ pfi< - Ny 4237
If V/2 <A <3V/2, Ple) = 3/4 ’

If A> 3V/2 or (SIR <- 6.5 dB), P(e).= }.

Thus
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P(e) = u(3-SIR) - % u(-6.5-SIR) (4-38)

b | L2

where u(.) is the quzlside unit step function and SIR is the

signal-to-interference ratio in dB. This expression is shown in Fig.

4-8. ‘
OIS ' (‘
3
T
1
__________________________ i
]
1
1
l -
1
.
|
© o
I —
-6.5 ‘ @ 3 SIR(d3)
Figure 4-8. P(e) versus SIR for square-wave interference.
: - ‘ L+ '
\.\\t . ) & o
s It should be pointed out, however, that for data transmission, the

range of probability of error that occurs in (4—38) for SIR < 3 dB is
of no practical intereét; hence interference should qf necessity be
kept (theoretically) at least 3 dB below the signal level. In most
practical systems it fs more than 20 4B below; This analysis however

-is intended for the extreme threshold performance.

4.3.2 Sinusoidal Interference

For a sinusoidal interfering signal with peak value A, the

z
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amplitude probability density function (pdf) shown in Fig. 4-9(b) is

given by [54]

p(i) =)—— ,|il < A - -
“M;'l _ : (4-39)

0 7 : elsewhere )

One notes that this is independent of frequency of the sinusoid and
hence the probability of error should be independent of the frequency
of interference (as long as the interference falls within the regeiver

bandwidth)’

. L] pli)
f 8 ifx) - F S

-

D S P .

|
-~

-A

e | O ' ®

Figure 4-9. ’{;) Time-domain representation of a sinusocid
(b) P.d.f of a sinusoid.

The binary NRZ case is considered here for completeness.

Considér a rafidom binary sequence with levels V and -V, and the

threshold at 0. An error occurs if at the sampling instant, the

- e

<1
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L4

interference has an instantaneous value greater than V in magnitude but

opposite in sign to the level being detected. Hence the probability of

error is
P(e) = P(0) P{i > v} + P(1l) P{i < =V} (4-40)

From symmetry of (4-39), P{i> V} = P{i< -V} Therefore

p({e) = P{i> V}. -
a) If As V, it is not difficult to see that no errors will occur,
that is P{e) = 0 as long as S5/I > 2 (or SIR > 3 dB), S

and I being the average binary signal and the sinusoidal powers

respectively.

f\
b) 1f A > V or SIR< 3 dB, then P(e) = p{i > V}. Using (4-39)},
- f/“
P(e) = A di and letting.i —‘Asint
= i o= A
v N:i-ii .
Y
r'?
RN 7%
P(e) = = dat
' ! sin_l(!)
A
'.'
i.e. Ple) = ¢+ - % sin_l(V/A)

since Spmg = V 2nd Irms = A/V!}

T

R (T g e -]
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' 1 . =1 Srms Srms
Pl(e) = é,— T s1n (ﬂI——-)for I <\/2—.

rms

Hence, in the absence of other perturbations’, the probability of error

due to sinusoidal interference is given by

1

v

sin"! (§72T), SIR~s 3 dB

: (4-41)
0 ' ' SIR 2 3 dB

o
@
]
gl
e
I
A~

Consider now a PRS signal having levels -V, 0, and +V and let
thresholds be set at * V/2 as-before. Equation (4—36),wi;l again apply
here except that here i is given by i(t) = Acoswt with a pdf p(i) given

py {4-39). Frém symmetry (4-36) becomes
P(e) = 2 Pl > v/2}[P(V) + P(0)] - 2 p(v)P{i > 3v/2 (4-42)

(i) If A =vVv/2, tLe intérference lex 1 will never exceed the fhreshold
V/2, thus no errors i:}lxoccur i.e. P(e} = 0.

Letting, as before, Syqg and I,npg be the rms valueé of the

signal and the interference respectively, Sems = V/YZ and

Irms.= A/VZ and S = Vv2/2, 1 = A2/2, since the peak-to-rms

ratio for a sine wave is 3 dB. Hence one can say that P(e) = 0 as long

as S/I > 4 {(or SIR > 6 dB).

(ii) For V/2 s A s 3V/2, since P(V) = %, P(0) = 1, (4-42) becomes
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P(e) = 3 “P{i> v/2} - % p{i> 3v/2} -(4-43)
a . ‘_ .
Since max [i(t})] = A < 3V/2, the second term in (4-43) is nil, hence
' ‘. A R
3 . 3 di .
Ple) = = Pli> v/2}= = —_—
- z. 2 Jvs2 mha%oi?
Il
-.‘C-' v . .
Using the substitution i = Asint, one gets - -
Ple) = 3 {4 - 1 sin"l(é \fS/T}} - (4-44)
R 2 T .

(iii)For A <3/2 V OR\SIR < -3.5 dB,; (4-43) applies but the second term

is now non-zero, hence one géts

.
\

A A

3 di di
P(e) = = —_— - . L
) 2. V/? HAQZ_iZ 3V/2151A%iiT and letting i=Asint,
Ple) = 4 -~ 2= {3 sinl (3 y§7T) - sial (3 vs71) (4-45)

A
Equations (4-41) and (4-45) are graphically plotted in Chapter 5 and

compared with the measyfed results.

e
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4.3.3 Combined Noisé and Interference

The case most likely to be encountered in an aétuai éyséem is
where both a spurious signal, 6r’interference, and random gaussian
noise- are added to the desired signal. Each of these (interfe;ence and
noise) is a random variable with well-knqwn pdfs say pj(i) and |

Pn(n) respectively. It follows therefofegthat the sum disturbance

will be .another random variable, called herein z, with a pdf p(z).. The

o

pdf of the sum of two random variables is found from the convolution of

L4

the pdf's of the two random variables.

pi(i) is given in equation (4-39) ‘and

2 2

pn(n) _ 1 - e n“/2¢g .

Iy follows that
4
p(z) = p(i) * p(n) =./;H(Z—U)pn(U)du (4-46)
j&+A' 1 _eu2/202 -
p{z) = s e du (4-47)
2-A TA 2o | z-u

By changing variables, E%E = sinx, one gets

w/2 2 2
1 .[ ~ (z-Acosx) /2de (4-48a)

p(z) = ™an e

~ Y2




&)

or =

p(z) =-1ml-ﬁ

This integral has
numerically.

Take now- the
will apply with i

expression can be

Ple) = % p{z

115

T
2,,.2 . '
foe - (z—Acos§t) /207 a4 ' : (4-48b)

*

no cfbsed-form solutian and has to be evaluated

PRS treated in the previous section. Equation (4-36)
replaced by z. Hence the probability of error

written as

SHEAENE RIS S A L T

-

-1 P@ < -3V/2)

.
! T

Since p(z) is a convolution of two ‘even functions, it is an even

function and (4-49) may be written as

o

%

P(e) = P{z> Vv/2}- % P{z> 3v/2} ’ _ (4-50)

Combining (4-48b) and (4-50)
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. . 3 il m ( ' ) 2/2 2 ’ )
-(z-Acosx o i
P(?)‘ EFVTW{[;Q .f e dx Qz

(4-51)

! ® m 2,2 -
1 J.é—(z-Acosx) /20 d
- _';T -~ X dz

This expression can onlf be evaluated numerically to g{ve the
probab{lity of error. Probability of error is ushally plotted against
the signal-to-noise ratio, SNR, with the signal—to-interferenée ratio,
SIR, used as a parameter. Sometimes, SNR may be used as a parameter
and P(e) plotted.against SIR. P
The performance of the'PRS rstem in di'fferent environments ”
considered here were evaluated for a simple sample and_detect receiver,
that iél no signal processing was assumed at the receiver. As
mentioned in-Chapter One however, it is possible to improve the
performance of a PRS system by using ambigdity:zone detection (or soft
decoding) methods or by applying the maximum-likelihood detection (MLD)_ .
algorithm. The details of the performance when such methods are used
are too cbmplex to include here, '{

*  In the next chapter, experimental verification of some of the

e
w e

“" "expressions derived here are described.
B e

=

-
A Y
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CHAPTER FIVE
AN EXPERIMENTAL PRS SYSTEM
This chapter presents the design and evaluation of an experimental
partial-response signalling system. BAs said earliqﬁ} a three-level
Class I (or Class IV) is the simplest PRS system; hence it will be

considered here. Following the circuit description of the experimental

» the meaéurement techniques used are br;gfly described. Based
n the equivalence of performance of linearly modulated éysfemsa
mploying coherent demodulation with that of baseband systems [17,
Chapter 7], the evaluation starts with the performance OEEZhe baseband
system and one expects that; these results will apply to QPRQ. The
prob;bility of error performance, as a functf§n of signal—&e;goise
ratio of the baseband partial-response sys;em in an additive white
gaussian noise environment is measured. Meésured results for the
performancé in various interference environments are also reported.
Performance ig first e;aluated where interference, s}nusoidal or
square-wave, is the only perturbing facﬁor: and then where both AGWN
and-interﬁere;;e additively corrupt the desired signal. These ﬁeasuréd
results are compared to the theoretical values obtained in the last
chapter:

éiven a certain amount of interference, it is shown that the best
performaﬁce is obtained when all the power is concentrated in one
interferer, and deteriorates when the numbex of interferers increase. -
k—a\

N

5.1 The Encoder . ™~

The block diagram of the duobinary encoder was presented in Fig.
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2~12.' The precoding and correlative-level-coding may be combined to -~

save one delay unit as shown in Fig. 5-1.

The encoder was implemented u51ng TTL logic devices in addition to

_ resistors and,capac1tors. The delay units are rea}lsed using D-type

fl1ip-£f18ps clocked at’ the bit-rate frequency. The modulo-2 summation -

is easily accomplished by using an EXCLUSIVE-OR gate while the

.\.
y i ¢
[ ! H, (f)
t ﬂ\
‘ v

T\ -g@ Pn 1
. '+J _ — — |, PRS signal -

ﬁ‘ t i

el - T fslz R

A
Y

£

Figure 5-1. Combination of precoding and correlative
level coding to save one-delay unit. v

analogue summation requlres just a451mple resistive adder. To make the .
PRS signal symmetric about zero volts, a level shifting c1rcu1t is
needed.” A capaciujfwmay be used as in the first circuit realised.

However an operational amplifier with. a variable nqgatlve-voltage input

-t

was found to be more suitable because it is more manageable and acts as

" a buffer at the same time. The first circuit used only one Flip-flop

as in Fig. 5-1, however it was found thé%\ife signal at the output of
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the EX-OR gate was fﬁll of .glitches and these appeared on the output

PRS signalu To avoid the glitch€§ twoiflip-flops were used. A Sh%ffil‘\
Qas inserted such that precoding can be inéluded“ér excluded at will.

The circuit diagram of the encoder appears in Fig. 5-2. -Fig. 5-3 shows
the input bihary NRZ waveform and the corresponding;PRS waveform

{infinite b?nGW1dth) for a bit-rate of 1. 6 Mb/s. -

The block dlagram of the md?rﬁled duoblnary encoder was shown in
\

Fig. 2-15. As mentloned earlier, the same delay units may be used for

precodlng as well as for level conver51on, thus saving two fllp-flops.
* However, as before, to avoid glitches, one more flip-flop is used as
shown ip Fig. 5-4. The level conversion into a modified duobinary

waveform entails analogue subtraction of a delayed sequence from the

. ' s .
undelayed one. 'This requires an analogue inveft&x. In the circuit of
Fig. 5-4, instead of subtraction, addition i% done but wY the 0
| ) .
output instead of the Q output for the delayed sequence, thus no

»

inverter is needed. 'Fig. 5-5 shows the time domain waveform for a
. 'y 4

Class IV ‘PRS encoder,
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Voo™ 5V - All resistor values in ohms - All capacitor values in
) : L L ) farads
Figure 5-2. Circuit diagram of a duobinary encoder.
» ) * ' LI 1 -
S

t ‘ .

L

Data rate 1.6 Mb/s

Figure 5-~3. The duobinary waveform (below) resulting from
a binary NRZ input (above).

.
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5.2 The Decoder -

From the characteristics of the duobinary and modified duobinary
' A\

waveforms {given in Sections 2.3.1 angd 2.3.2 respectively) it is
-quickly seen that the outputs of the Class I and Class 1V decoders are

respectively given by the expressions:
" -

‘_____4.;// ' ) £
. Vg = 3}u(vi+AV) - u(ViTAV)] | A _ (5-1)
and 4
+ Vg = 3[1+u(V,-8V) - u(V +av)] - ] (5-2)

n - ) :
where-vi'is the voltage at the input of the decoder (assumed to vary
from - 24V volts to 2AV volts), and Vg is.the output voltage. The .
' factor of 3 represents the. TTL binary "1" voltage level. The
%nput/ogtput érénsfer characteristics represented by (5-1) énd {5-2),
are sﬁbwn in.Fig. 5-6.

‘e . v .
PR a0

-

LR | h 1

e afet

(s) ’ . (W

Figure 5-6. InpUt/output'transfer characteristics fof_(a)
- duobtnary decoder (b)modified duobinary decoder.

P

-

These transfer characteristics are easily achieved by means of two
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@ ' -
- threshold comparators followed by simple combinatorial logic. A block
diagram of such a decoder is depicted in Fig. 5-7 below. The diagram
) 4 ]
\ applies to both Class I and Class IV with.only a change in the

combinatorial logic from one class to another. ’

PRS

IN .
L "
Amp, . : -
© I> ’ Thresheld
comparator
Simple
logic Sampler NRZ
ouT
Inverter
Threshold
Comparator
> . yy
Threshoild
< Variable
clock delay
Clock

Figure 5-7. A three-level PRS “decoder (Cléss I'or Class 1IVv),

If the threshold voltages are applied to the inverting inputs of the

threshold comparators, the input/output transfer characteristics are as
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| O g‘ _
indicated in Fig. 5-8(a). If they are.applied to the noninverting
"inputé the transfer characteristics are as-shown in Fig. 5 -8(bk). In

v//’" .either case, it is clear that to get the characterlstlc of Fig. 5-6(a)

the combinatorial logic heeded is 31mply an EX—OR gate.

Output Output
f § A
} * L S
L -
. L .
Input ) ) Input
W W av . av
A Out.put . Output
3 3
Input A Input
- . - "l
-4 ay -AY AY .
(n} (b)

Figure 5-8. Comparator input/output transfer characteristics.
The top characteristic is for the comparator
pwith a positive threshold voltage; the bottom
one is for the comparator with a negative
threshold voltage. - (a) Thresholds to inverting

1nputs of the comparators’, (b) Thresholds to
noninverting 1nputs of the comparators.

\i\'

v L
The output of the combinatorial logic (EX;OR gate) is Bot clean
and may have glitches. To cleén the output and make it sharp and
glitch-free, this signal is sampledAat the data rate. Since the delay
‘of the input PRS signal depends on the filter, and may vary slightly,_

the sampling clock should hagg a variable delay. This ensures that



" from the transmitter. The circuit diagram of the three-level Class I
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sampling is élWays at the middle of the eye. It was arranged that the

delay could be varied by adjusting a potentiometer knob. Note that no

clock recovery circuitry was used in this circuit; the clock was taken

deéoder is given in Fig. 5-9.

The three-level Class IV decoder is iéentical to the Class 1
decoder except that instead of an EX-OR gate, an EX-NOR gate is used
just prior.to the sampler. Alternétigely, the Class I decoder can be
used as it is and a logic inverter attached at the output. .

{

~

5.3 The QPRS System

In this section, a paper design or a guideline to the design of a
OQPRS .modem is presented. The actual ‘testing of the modem was not

completed. The block diagrams of a OPRS modulator and demodulator were

presented in Fig. 3-1 and 3-3 respectively. The QPRS modem is designed
to transmit 3.0 Mb/s of binary data.. The NRZ/PRS encoder shown in Fig.

LY
3-1 is the same as described in Section 5.1 abhove.

.
- ——— = - -

The first stage of the modulator is the differential encoder and
serial-to-parallel (S/P) converter. Since no carrier recovery is being
done for the demodulator {the carrier is "stolen” from the modulator),

. ‘ !
differential encoding is not %isessary and hence it is not implemented: '
The S/P converter divides the 3.0 Mb/s NRZ data into two streams of NRZ
data at the rate of 1.5 Mb/s each. The circuit diagram of the ‘S/P |
converter used along with its timing diagram is shown in Fig. 5-10.
The converter alternates. between its two outputs, the firgt Bit at the

input being present at output B, the second bit at the input being

present at output C, third bit at input going to B, ‘fourth bit at
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The circuit diagram of a three-level Class I

decoder.
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input appearing at c, and so on. For example, if ‘the word 111100

0100llOlOOlspresentattheJ.nputA,11000100wi11

appear at output B, and 11010110 will appear at output cC.

input A 2 5 2 8 Qu
D tput
o/ e D QI ism/s
. s 1
1 74574
v ¥ 74574 ¥
cc
2 CCik CLX
K Qs | —T3 3
745112 ' : -
16
12
D Q3 c Output
. : 1.5Mb/s
7 74874
T 74586 CLX
|11 .

Clock cc
3. 0MBz

CLX

M'\"\'\ |

5
.
j~
.

DATA Q,

DATA Q3

o L
Lﬂ
|

- DATA Q4

Figure 5-10. Serial-to-parallel converter with timing diagram. -
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For test purposesﬁ, an ordinary sine-wave ge'herator (such as HP
3312A) may .be used as the carrier or local oscillator source. The
900 phase-shifting circuit used is shown 'in Fig. 5-11 below. The
outputs to the mixers are taken at the points marked V) and V2.

The phases of these two signals differ by 900.

Buffer
PN
[ MWW —2Auioos
330pF L '
100 0
SMHz
HP v
33124 \ 7Y ) Local 2

QOscillator

1 330pF

Figure 5-11. 900 phase-shifting network.

The outputs are applied to twa double-balanced mixers (Mini-Circuits
SRA-1) via buffers which also act as current drivers. The two
modulated outputs are added using a 2—way 0o podér combiner

(Mlnl -Circuit MCL PSC2-1) result1ng in. a QPRS signal. Fig. 5-12 shows
a c1rcu1t diagram of the QPRS modulator.
l In Fhe demodulator, the incoming QPRS signal is applled to a
two-way 00 ooﬁer splitter (M1n1-C1rcu1t MCL-PSC2-1), which produces

. two outputs each 3 dB lower than the input signal level, otherwise

. rf
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Input :M 13 11
1.5Mb/s }, ) ,

1 8 Output A*
7400 ) ),4, pu
7 9 3.0M/s
1.5MHz 2 .
Clock 5 R 21 I
Input ct 4
TS W/

ct ’ s

o | |

Figure 5-13. A circuit for a parallel~to-serial
converter, and its timing diagram.

ideniiCal to the input signal. Each of these outputs is applied to a
double{gflaﬁced mixer which is identical to the mixers in the

- ~ modulator: Thefgzhﬁr input of the mixer is fed with a carrier signal.

: C_
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.

The carriers feeding the two mixers are 900 out oﬁ\ﬁhase. For,tsét\__,_\\

purbbses in the laborat&?y, these carriers may be hard—wired (or
"stolen") from the modulator. This avoids the trouble of carrier .
recovery and synchronisqtion. The PRS/NRZ decoder of Fig. 3-3 is
identical to that described in Section 5.2 above.

The- parallel-to-serial (P/S) converter recombines the two 1.5 Mb/s
streams into a single 3.0 Mb/s stream. Fig. 5-13 shows the circuit
diagram together with a timing diagram of the P/S converter used. The
ouput h' alternates between the digits of the two serial inputs. For
example, if the two bit streams B' and C*f are 1 0 1 1 1,0 1 0and 110
1 001 0 respectively the output A' will be 1 11001 1101Q01
10 0. The circuit diagram of the whole demodulator is shown in Fig.
5-14. /

N

5.4 Measurement Techniques and Test Results

This section describes the measurement techniques used in
evaluating the PRS s¥stem. The test set-ups are described and the
resulﬁs given. |

Fig. 5-15 sBows the bench equipment for the system performance
evaluation., A pseudo-random binary sequence (PRBS) generator prévides
binary NRZ data|and clock. The eye pattern (or diagram} is used to"l

p
evaluaté\igggpéimbol interference. To generate an eye diagramf the

random data are fed to the vertical input of an oscilloscope which is
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externaliy triggered by the geta clock. The PRBS sequence<length
should be ‘as large as possible for a meaningful eye diagram. An n of
15 was used for these tests, The eye diagrams of a duoblnary and

modified duoblnary systems are shown in F1g 5-16 for a bit rate of 1.5

Mb/s.

)

¢ -

. d ) :
To measure the power spectral density, a Hewlett-Packard Spectrum

Analyser with a HP 141T display unit and a HpP 8553B RF-Section plug-in
unit were‘used. An XY plotter was used to record the spectra. The
power spectral densities fgr“binary NRZ, 3-level Class 1I (unnered
and filtéreé), and Class IV PRS ard shown in figs. 5=17 to 5-20 for a
bit rate is 1.5 Mb/s. Note that the PN ectral null for blnary NR;
is at 1.5 Mb/s while it is at 750.kHz for both 3- 1evel Class I and
Class 1V PRS. .. Note also that for Class IV a spectral null also appears
at dc. | " .

The most important criterion of performance of a data transmission

system is .the probability of error. The detailed lahoratory set-up for

"the measuremedhﬁls depicted in Fig. 5- 21. ThesHP 3310Aa functlon

‘generator is used to clock the Hewlett-Packard HP 3760A PRBS genarator.

The latter provides NRZ data and clock. This data stream is converted
by the PRS encoder into a three —level PRS signal. The channel is
51mulated by an attenuator in the signal path and linear adders which

add n01se and interference. 11 and 12 are two independent function

generators (Wavetek Model 142) Which can provide either a square wave

or a sine wave. The resistive adders have the resistors chosen such

" that the input and output terminals have 50 ohms impedance.
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Data rate 1. SMb/s

@Er/("ut off900k1i.

- -

0.luscc/division

fal

Data rate I, 5 Mh/g

¢ Filter cut off 900%kily

0.1lp sec/division

(b)

Figure 5-16. Eye diagram for (a) duobinary system
(b) modified duobinary system.
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Jnta rate 1.5Mb/s

0 s 30 MHz

Figure 5-17. .Power spkctral density for a binary NRZ signal.

-

Data rate 1.5M /s

0
'l‘.
-10
-20
-30
/ ™
0 15 30 Hz
Figure 5-18. Power spectral density for a 3-level Class I
PRS signal (unfiltered). .
. ' 4
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Figure 5-19,
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"Pata rate 1.5Mb/s

Power spectral density for a filtered
Class I PRS signal.

'Daté rate 1-5Mb/s

-

075 5 M

Power spectral dénsity for a Class IV PRS signal.
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The white noise is generated by a General Radio GR 1383 instrument g
which has a 20 Hz to 20 MHz bandwidth. A noise filter is needed to
bandlimit this noise-because of the frequency-dependent inaccuracy of
the voltmeters for low signal levels. ?he composite signal (data plus
noise and/or, interference) passes through a fourth-order, léw—pass
filter, Krohn-Hite Model 3202, to the partial-response decoder which
regenerates the data. The regenerated data (some of which are in error
because of the corfuption by noise etc.) are.fed into the error 3
Jdetector, HP3761A, where they are compared bit by bit with a copy of
thevorigiqal data and the number of disagreements giveg an indication
_of&ihe biﬁ error rate or probability of error. Throughout the
measurements, no path is disconnected in order to maintain stable
impedance ch%racteristics. ‘. . ) ;

A true rms voltmeter, HP3403C, is used at the input of the decoder

o o~

to measure the signal, noise, and interference rms voltages. To

measure the signal, all noise and interference paths are attenuated by

at least 50 dB. To measure the noise, the signal and.interference are

éttenuated, and for interference measurement, signal, ﬁoise and other .
_* interference sources are attenuated. 3 ' ' ¢

The probabidity of e}ror'is affected by the threshold levels at

the degcoder and the samplifg instant. To experimentally optimise the
P(e), a "screw-driver” algorithm was used; the th esholds were adjusted =
until the.lowest error count was observed. The’ clock delay was also
adjusted so as to sample at the centre of the eye, hence cobtain the
best P(e) possible. For very low BER measurements, extreme care has to

be taken to avoid intefference from external sources. For instance,

during the course of one measurement, it was noticed that an electric
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wire-wrap gun operated five meters away increased the number of errors

from about 4 to 200 during one 107 bits interval. Switching on power

supplies, oscilloscopes or even the lights near the test set-up

introduces a handful of errors. ,

In Fig. 5322 the performénce of the experimental system iﬁﬁthe
Presence of only white gaussian noise is shown together with the
theoretical curve based on (4-33). The experimental curve is seen 'to
differ from'tﬁé theorétical one by about 1.5 dB. This .is mainly due to
hardware limitations of the coder/decoder used; for instance the actual
uppermost and lowermost 1gvels were not completely symmetrical about
zero as assumed in the theoretical evaluation.

In Fig. 5~23 the laborétory measured results of the performance of
the PRS system in the presence of.square—wave interferenﬁe alone are
shown together with the theoretical curve. The low-pass filter just
before the decoder in Fig. 5-21 was set at 2MHz cut off i.e. the square’
wave was virtually unaffected by it. By using square waves of 3kHz,
30kHz, and 100kHz, it was verified that, as would be expected from -
(4-35), the probability of error does not depend on the frequency of
the interfering square wave since the pdf is independent of frequency.
Using a 60 kb/s random binary sequence it was also verified that it
does not matter whether the interfering signal is a periodic square
wave or random data. The measured curve is seenlbo agree with th
theoretical curve to-within 2dB. No measurements were taken for
SIR < 3dB because the standard bit error, rate (BER) instruments cannot

e N
measure any error rates above about 0.2. (However as pointed out

earlier, these values would be of no practical interest anyway.)

- _——— - e o —— e o
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Figure 5-22. P(e) versus SNR in an AWGN environment, for a
3-level PRS system.
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To be noted here also is the steepness of this eurve, in fact the
measured curve would be steeper were 1t not for the set- up limitations.
This 1mplles that a slight change in the signal would correspond to a
drastic increase in the pProbability of error. ' g

The theoretical performance of a binary NRZ system in ‘the presence
of sinusoidal interference alone was given by equation (4-41) in-
Section 4.3.2. The curve represented by thie equation is plotted in
Fig. 5-24, Also plotted in Fig. 5-24 is the measured results for the
P(e) versus SIR performance of a binary system in a 51nu501dal

interference environment. This is for a 1.5 Mb/s data and 3 KHz and

100 KHz interfering sinusoids. It is seen that the frequency of the

_1nterference has little bearing on the probablllty of error.

Fig, 5-25 shows the measured results of the performance of the

1aboratory PRS system alongside of the theoretlcal values from (4-44).

The reglon in which equatlon (4-45) applles is of no practical interest
for data transmission. It is observed from this figure that the
r

measured results are within about 1dB of the calculated values. One

notes that for the laboratory system considered, the

signal-to-sinusoidal interference ratio need to be maintained above

7dB. As mentioned earlier, in most didital‘transmission systems, this

ratio is at least 20dB with the exception of deep fades. Note also the

steepness of the curve in the neighbourhood of 7dB SIR. Comparing

‘Figures 5-23 and 5-25, the threshold occurs at 3dB for the sgguare—-wave

interference only case (Fig. 5-23) and at 6dB for the sinusoidal

interference only case (Fig. 5-2%). This 34B difference is due to the

3dB difference in the peak~-to-rms ratios of the sine wave and the

R et
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curve is degraded the least'when all the power is concentraﬁed in one 3
. :
:

¥ .

'Y L3 N . -—-\
o
) N
square wave, Fig. 35~26 shows the measured results, for a eystem : \?*

perturbed by_ both AWGN and sinusoidal 1nterference of 30K§z. " The

L

signal- to—1nterference ratlo rs-used as a parameter. The results are
for a w1deband case 1 e:‘the PRS signal is pract1dally unflltered. The
leftmost curve gives the theoretical perform;n}e of the system in ‘the
presence of AWGN alone while the curve marked SIR = * ig the measured
curve for AWGN alone. From these results, it may be coneidded that PRS
would not be. severely degraded if the signal-to-interference ratio is
maintained above;25dB It was also experimentally verified that ™~

) |
changing the frequency of the 1nterference from 30kHz to 3kHz,. 60kHz
and 100 kHz respectlvely, the results did nbt dlffer from those in Fig.
5-26 by more than\ab??t 0.1dB which is within experimental error. fhus
performance ie independent b: the interfeéring frequency as expected

L]

from theory. ' - . 4

R The above results were taken with only one intenfering sinusoid.
Theiexperiment was repeated with two interferind sinusoids, this time.
such that the Ugtal power (6% both 51nu501ds) equals that in the
prev1ous experlment {one 51nu501d) The two 51nugglds were from two .
1ndependent generators. TJZ results obtained are shown in Fig. 5-27. -
The cont1nuous curve 1ndlcates performance with all the power in one ;
sinusoid, and the dotted curve 1s‘for the case when the power., was» -
divided equally between th; two 1rterferers. One notes that. the P(e)

sinusoid. JIt is to be observed also that the dlfference between the

two cases increases as the SIR ratlo d,breases. Any othechase where .o

the power is unequally d1v1ded between the two 1nterferers would be
4 - ) Lot o ’
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The effect of two interfering sinusoids on the

performance of a PRS when AWGN is also present.
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expected to lie between the éases considered here. If one permits
himself to extrapolate on these results, he may conclude that the
performancg becomes progressively worse as power is equally divided
among an increasing number of sinusoidal interferers. This is
.raasonable because ;s the number of sinusoidal interferers increase 5o
does the peak-to-rms ratio [3]. N\

Fig. 5-28 gives a comparison of square-wave interference gnd
sinusoidal interference in .the presence of random gaussian noise. A
signal-to-interference ratio of SIR = 15dB is considered typical and is
treated here. Square-wave interference seems to be slightly less
degrading to the system. This is becauée the peak-to-rms ratio of a
squére wave is less than:that of a sine-wave. The difference between

the two is however only about 0.5dB. : .
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' ' - CHAPTER SIX ’
A

CONCLUSION

Partial-response signalling is becoming more popular as a method
for data transmission. The basic concepts of PRS were thoroughly,
explored in this-thesis, and presented in dsform that is felt gives a
good understanding of PRS. The bandwidth efficiency of
PRS is a key factor in its popularity, this topped by the fact that
this efficiency is achieved using practically realisabie and
perturbation tolérap; filters. The relatively simple h;rdware
realisation of PRS and its inherent capability of detecting errors
without using redundant bits, are added advantages. Classes I and IV
were given special’attention as they are the’ones most often used.  The
autocorrelation function of the duobinary system, not found in the
literature perused, was derived and from this the corresponding
spectral density expression dngloped.

A brief comparison of QPRS énd 8-¢ PSK modulation methods was
made. It was found that QPRS is quite comparable to 8- ¢ PSK if the
partial-response filtering is done after the final (nonlinear) powef
amplifier. 1In linear applications, QPRS is better from an Ep/Nj
point of view, but 8- ¢ PSK is more bandwidth efficient. Cost
considerations would presumably favour QPRS since its hard&are is
simpler. A numser of existing digital microwave radio systems, using
either of these two'methods, were compared in the form of two tables.

Such a comparison {(although it does not point at one preferred systei)

may be useful in selecting a digitéi(microwave radio
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system. It shows what is curfently availablé and gives some, albeft
limited analysis. | .

The probability of error performance of a Class I partial-response
system in a random gaussian noise environment was derived in detail and
measured for an experimental three-level system. Performances in the
pregeﬁce of square wave only and an interfering si?usoidal wave alone,
respectively, were dérived énd compared to exper;mental results.
Experimental resultsqof the éerformance of the PRS system in the
presence of both sinusoidal interference and random gaussian noise
weEE’Presented and were found to be in ‘good agreement i
with the theoretical‘ones./\@inally sinusoidal interference was briefly
compared to square-wave interference when both are accompanied by
gaussian noise. I£ was seen-that as long as the interference level is
maintained about 25 dB below the signal level, performance of PRS'is
not seriously impairéd. For QPSK, about 20:dB of CIR ratio is needed.

Although'gaussiap noise is the théoretician'é dream, because of
thé ease with which it can be treated mathematically, hoise in a
~practical operational environment often differs from £hist Impulse
("popcorn™) or H%rst noise, consisting of_}rregular Bursts of short
duration but of relatively high pmplitudes, is bften encountered in
actual systems. It may originéte from lightning, power lines, car
ignition‘systems, switching transients, dialling gnd,supervision in
telephone switching centres, ete. Further work can be.doné on the
effect of impulse ﬁoise on partial-response sysﬁems. A more gomplex‘
interference énvironment than considered here may‘be,considered in
evaluating pﬁs systems. For example, AWGN, impulse noise, and

e
sinusoidal interference may all be considered..
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Anothei possible extension of this work could be the application
of .soft decoding techﬁiques such as ambiguity-zone- detection, maximum
1ikelihood decoding, and matched-transmiésion-techniques to PRS
systems. The effect of the various interferences considered in this
thesis, plus impulse noise, on éRS systems using these techniques, may

be explored.’
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APPENDIX I
%'
IMPULSE RESPONSE OF AN EQUIVALENT NYQUIST FILTER
" WITH SINUSOIDAL ROLL-OFF

+

'The transfer function H(f) of the equivalent Nyquist filter is

given by (2-6). The impulse response is

hit) [ gif)ed2™tyg

1
S (1= o5 (1-%) 1
= 2T cos 2mft df + T [1~sin—a(f-§T)]cos 2nEt 4f
0 1
Sp(1-9)
t
%T(l-a) %T(l+a)
= op sin 2nft + T sin 27ft
- 2 |, 27t 1
(l-a)
L ] ﬁ -
J
1
. ﬁ(l"'d)
T . T T . TT .\
3. Jl .' . sin[(2 m+ '—a—)f— E—a]+51n[(-—&——2'rrt)f El}df
7@(1-0) -
+sin £5(1-a) sin T(1+0)
=T STt + 7T >TE
\ ;
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Spll4a)

T cos[(27t + TTA)E -1 /20] 2T
2 TTA + 2Tt 1
ﬁ(l-a)
S(140)
T cos[(-27t + MTA)Ef — m/20]
2 TTA - 2Tt ' 1
' sp(l1-0)

ot mt
T sin T cos T
Tt ..

T

1 .7t _ T
Z(E PR cos[ﬁ(znt + a—)(l+a) Za]
o

1 T, ‘o
cos[3g(2Tt + — ) (1-ua) - 2—1;

T nT

—

cos[-]2'-,f(‘”0t 2nt) (1+a) - %]

2(LE - 2me)

1] 1T m
cos [ﬁ(_u 2rt) (1-a) 25
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sin TE cos “—;‘,—g 4
1 + :
TE 7
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Tt 2 nt o
T T l1 -4
£%2 — 4 T
S
sin 1’% cos ——O‘gt
‘."t 2 which was stated in (2-7).
™ 1 - 4?2 Lo : .
T




APPENDIX II

, .
It is required to show that equation (4-20) is true, i.e.

-

M=1 M-1-k k M-1 k
Z(”l) A, + LA, =2 E(M‘l)zn. | .
k=o\ K/ =13 1 Tt Cx=\ K/ it o

%

For ease of notation let M-1] = p, therefore it is required to show that

EOU - £l 20 £
k=0 t- i=1 i=1 k=1\ i=1 ) .

. S
Take the first term % % (i) Ai
k=0 =1
‘Let k=p-morm=p ~- Kk
/ ' ®
‘ m=0 m .
One quickly gets % Z (p-m) 2 A < (O

m takes on values p, p-1, ..., 2, 1, 0.

The sum on i in (O) can be reversed to, get . )

m
SIS
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NOW(p.)=——EI——=(p), . ] .
p—m (p-m) Im! m . .

- ' 4

~

. .
Hence the first term in (*) becomes % 53) 2:4%_which is identical to
, i m= i=1 ’ ,

"
i

the second term [m and k are dummy variables of summation].
Now, when m = 0, gach term in (*) becomes .

'
y 0 .
P - . ' 1
(q),}? A =0 |
i=1 . _ .
Hence LHS of (*) becomes

él (i) é:lﬁ 1

and thus (*) holds true. Therefore equation (4-20) is shown to be

-

valid.

e
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_APPERDIX IV

It is fequired to prove that
M-1 k X ‘
Z (M;l) Z(_I)l - - 2M-2
k=1 i=1l .

Clearly the L.H.S. is

_ Mil (M-l) | .
k=1 ' K | -

k odd ‘

Now consider the well-known binomial series

. (a+b)P = Ei%a“’kﬁk(ﬁ)'

Substituting a = 1, b = -1, and n-= M-1 one obtains
Mi:l n
G
O K=0 k.
oMl ol M men
1.e. k - ] k '_0
k=0 ' k=1
k even k odd
M-1 M-1 ;
Hence (Mil) = ( kl)
= . - k=] -
k even k odd

3
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