ot

“
l * Natlonal Library of Canada
Collections Dev.elopment Branch

Canad:an Theses on

Microfiche Service sur mmroflche

™

P -NOTICE.

The quality of this miérofiche is heavily dependent
upon the quality of the original thesis submitted for
microfilming. Every effort has, been made to ensure
the highest quality of reproduction possible.

If pages are missing, contact the university which
. granted the degree.

Some pages may have indistinct print espemaily
if the original pages were typed with a poor typewriter
ribbon or if the umversrcy sent us @ poor photocopy..

Previously copyrighted materlals {journal art[cles
published tests, etc.) are not filmed. :

‘ Reproduction in full or in part of this film is gov-
‘erned by the Canadian Copyright Act, R.S.C. 1970,
¢. C-30. Please read the authorization forms which
accompany this thesis, :

- -

THIS DISSERTATION
HAS BEEN MICROFILMED
EXACTLY AS RECEIVED %

Ottawa, Canada
K1A ON4

" Service des thésas canadmnnes

Blbholhéque naicale du Catada B C
Direction du dewtloppement des collections - *

AVIS '

La qualité de cette mlcroflche depend grandement de
la qualité de ia thése ‘soumise au microfilmage. Nous

avons tout fait pour assurer uhe qualité supérieure

de reproduction.
Sl manque des pages, veuillez communlquer
avec ['université qui 8 conféré le grade.

La quallte d'impression de certaines pages peut
laisser @ désirer, surtout si les pages originales ont été
dactylographtees I'aide.d'un ruban usé ou si I'univer-
sité nous a fait parvenir une photocople de mauvaise
qualité.

Les documients qur font déja I'objet dun droit
d‘auteur {articles de revue, examens _publiés, etc.) ne
sont pas m|cr0fllmes

La reprcduction méme partielle, de ce microfilm
est soumise & la Loi canadienne sur le droit d' auteur,
SRC 1970, c. C-30. Veuillez prendre connaissance des
formules d"autorisation qui accompagnent cette thése.

LA THESE A ETE
MICROFILMEE TELLE QUE "
NOUS L'AVONS RECUE

—.

NL-339 (Rav. B/80)



DESIGN AND EVALUATION OF A SIXTEEN STATE
AMPLITUDE PHASE KEYED QUASI UNIVERSAL
 DATA MODEM

-

by

k)

Doug Prendergast

Thesis submltted to the School ofi Graduate

Studies, University

of Ottawa, in partial

fulfilment of the requirements for the

Degree of Master of

(/- Department of-Ele

Applied Science

ctrical Engineering

Unlver51ty of Ottawa

Ottawa,
Novem

Doug Prendergast, Ottawa;
411 rights reserved. -No p
repfoduced in any folpm or
in writing from the

, Ontario
ber 1980

P [

-

-

“Canada, 1980.
ﬁgt of this thesis may be

any means without permission
‘ght holder.




- -

+
',
. .
.

UMY UNIVERSITY OF OTTAWA

~
H
N I
.
! !
A .
. R X
3 N
N .
[
. \
\
\
\
“ .
* v
-
]
.
\
LY
> A
’
.
. “
'
.
\
.
£
4 .
' LB
4
B
v
v
’
-

UNIVERSITE DOTTAWA

=

L4

e 1o 3



ABSTRACT ' <. T .-
T . N .‘ " . . . S
: 1 .. . .
After a brief discuSsioh'bf phase*shift and amplitude
. ) _
shift keylng, the concept of Stheen—state amplltudergaéeé'

shlft beylng {16-APK) 1is 1ntroduced and is- shown to be theﬂ

most fea51ble when hlgh spectral eff1c1enc1es are desired.
We then present the de51gn ‘and 1mplementat10n of a

l6-state APK modem taklng lnto account ‘spectral and power

:eff1c1ency and find the spectral eff1c1ency .obtained in

‘excess of three bits per second per hertz, The detalled

P
|

designs of Ehe medulator and‘demodhlator are presented. The
design philosophy of the quasi'universal modem concept -is -
discussed,‘and the modem which is éwiteﬁable from 16—APK to
BPSK or QPSK is implemented-

Evaluations of the modem performance when the modulated

¢

. signal'is perturbed by Additive White Gaussian Noise (AWGN),

sinusoidal interference TSI).Qf varying peak factor, adjacent
channel interference (ACI) and Co-channel interferenee.(CbI)
are pursued. These evaluations signify a major contribution -

to the understanding of the 16 APK modulation techﬁique since

most published results consider only the AWGN case. Here, we

-

suggest the use of certain theories-applicabie.in the PSK
case to explain different phenomena observed duripg our.
evaluation. The experimental results for interference in APK
systems are compared with ex1st1ng (limited) theoret1ca1
bounds. For the AWGN case, the agreement is within two dB.

’

ii
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N " DU  .RESUME

Ty
!
1 * "

S Aprés une. bréve dlscu5510n sur les modulatlons

a4

. d amplltude et les modulatlons de phase numérlques, nous

'1ntrodulsons la mgdulatlon g’ amplitude et de“phase a 16
états._ ‘Nous montrons que, tenant compte de paramétres
. ‘généraux tels que, fa01llté de réallsatlon, falble coﬁt,
: etc.;-cetpg modulatlgn represente le meilleur comprom;s o
lorsque dé.fQ;fs rendements spectraug soﬁt recherché&s.

Nous présentons ensuite la  conception et la réalisation
d'un ensemble modulateur—démoﬁuléteur (modem) fonctionnant
:avec une telle modulation (lG-APK)lgt prenanF en compte le
rendemené spectra; et "le rendeﬁent en puissanée."\ ﬁe 
rendement spéctral'obténu est $upériedr.a 3 bits par/seconde-
par hertz. Apré&s une description détaillée du moduldteur et
démodulateur, nousldiscutons la philosophie généralg de c§

modem quasi universel, c'est-3-dire convertible de 16-APK en.

BRPSK ou QPSK.

Les'perfofmances de ce modem sont &valuées quénd le
signal modul& est perturb& par un bruit ﬁéditif blanc
gau551en (AWGN), un brouilleur sinusoidal avec différents
facteurs de créte (SI), de l'interférence entre canaux'
(ACI—CCI). La plupart des publlcatlons prenant unigquement en
compte le bruit additif (AWGN), ées résultats sont en soit
une contribution iﬁportante a l'éfude'de ces modeﬁs.' Nous

suggérons alors l'utilisation de théories applicables au cas

iv



:rapport d la courbe théorlque.

des modulatlons de phase pour expl ver différents bhénoménes

Qbseryés lors de ces évaluatlons. es résultats

v

expér1mentaux sont comparés pour c dlfférents cas avec, les

1
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. CHAPTER I

INTRODUCTION

.
L) 1 \.‘-'

v

1.1 The Purpose of This Thesis

Thisfresearch is conducted with the obﬁective of
1nvestigating the effect of various interference on a .
hybrid modulated signal originating from an Amplitude Phase
Shift Keyed (APK) modulator-demodulator {(modem). This modem
was de51gned and 1mplemented and has pos51ble extended .
appllcatlons to digital microwave and satellite systems.

»

In the light of increased spectral congestion and more )
stringent specifications of the emission mask,by the
regulatory bodies for thesé systems, the stated research
objectiue takes on greater ambience because of the high
spectral effioienoy of the modulation technique employed
‘(theoretically four bits per second per hertz) Since the
error rate of the modem is not a function of carrier
.frequency orrbit rate, a-frequency of 1 MHz and a bit rate of
256 kb/s, which is a multiple.of the PCM voice channel bit
rate has been selected. These parameters were also
attractive because of the ease in obtalning hardware which
saved on the implemenbation time.

The evaluation of the probability of error performance
of this modem as a function of carrier and signal-to-noise
ratio‘bas been performed in a noise and interference

environment. The measured results obtained from the
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4

“evaluatlon w111 be compared w1th theoretlcal values when the‘

modulated 51gnal s flrst in the’ presence of Addltlve Whlte

Gau551an N01se (AWGN) which is, "for the most part present in
a typlcal transm1e51on channe}.‘ Secondly; in an env1ronment
characterized by AWGN plue Sinusoidal Interference (SI) which

simulate conditions where there 1s co-channel 1nterference.

Thlrdly, 1n the presence of AWGN, Cochannel (CCI) and

' Adjacent channel (ACI) interference as derlved from a band-

limited Binary Phase Shift Keyed (BPSK) modulated inteferer.

1.2 Content of this Thesis

"'ﬂnis thesis is presented in five parts as follows. In
Chapter II a review of the relevant literature led from the
development of multi-level Phase Sshift Keying {PSK) systems,
to multi-level Amplitude Shift Keying (ASK) and finally to
multi-level Amplitude and Pnase Sshift Keying (APK} is
presented. This chapter'is intended to introduce APK, which
is the modulation scheme studied in this work, in a

v

chronologicai'manner.
Details of the conception and design of the APK
modulator are presented in Chapter III. The overall block
diagram of how the system fits together is first presented.
The circuit diagram of each block is discussed and relevant
design calculations shown. A more in-depth look is taken at
filtering. A computer simulation of the. magnitude of phase

response of the filters along with their actual response as



obtalned in the laboratory is presented and compared.
:Varlatlon of’ propagatlon conditions in terrestial microwave. ~
and satelllte systems scauses fading which may degrade the
error rate so much that the system performance could become
unacceptable. Under such conditions the modulationttechniqne
ca switched from the APK. to QuadraturepphaseiShift Keying
(QPSK) or BPSK mdde dependiné on the severity of the fade.
‘ An;eiplanation of the logic circuitry whichfmakes itapdSSible‘
to switch between the different modes- is presented;

Chapter IV considers the design of the demodulator with
a similar analysis and presentation as is given in Chapter
III. Additionally, circuitry is designed which will
compensate for delays,in the carrier and symbol clock.
Decoding logﬁc is included which detects which mode is being
. N . _ :
transmitted and automatieally adjusts the receiver to accebt .
that mode., Tﬁese considerations are necessary because
carrier and. symbol timing recovery subsystems are not
incorporated in\this research and are assumed to be ideal.
This is a realistic assumptien for existing modems where the
degradation contributed by these subsystems is. in the order

.
\

" of 0.2 dB.

The evaluation of the modem in the presence of noise and
interference is glven in Chapter V. Here the results of .
laboratory measurements of the probability of error P(e) as a
function of Signal to Noise Ratlo (S/N)} and Carrier to Noise

(C/N) 1is given in graphic form. For each case, there is




' élétted; the ﬁk;}.pefformancé as a function S/N, C/N ‘s isﬁjf
deri§edutheoreticélly in the references. An attempttto :
jué;%ﬁy;éﬁy‘discrepanéy is also given.‘ |

Ip.Chaptep Vf a SHmméry and conclusion from the‘fduf
technicaljéhapters is given. Application; of ?he results §fe
given ang sﬁggéstions_for improvements to the existing modem
are presented. Eﬁﬁurel:eseafch ﬁopics based on this thesis
a#é given and_finélly, a_ list of references and an appendix
'conéisting of a computer program of thé filter simulation are
included to assist and further motivate any interested
reader. Additional appendices giving circuit design details

L}

“are "also included.

iy



W CHAPTER II \ N

" A REVIEW OF THE LITERATURE -

2.1‘ Introduction

Recent developments in digital communication systéms are

such that the importance of the design of highly“spectral

‘éfficient‘(large number of‘b/s/Hz) modems is paramount. This

A

ensures that spectral constraints imposed by the regulatéry

bodies such as the Department of Communications (DOC) in

Canada and the Federal Communications Commission (FCC) in the

Unitsd States are adhered to. With this view in mind, the
de51gn and evaluation of a universal data modem to
1nvestlgate the performance of various modulation technlques
werg ca;rled out. This modem has the capablllty of switching
from phe.APK mode, which gives a spectral efficiency in
égcess of 3.2 b/s/Hz, when propaéati?ns coﬁditions are good
to. the QPSK or BPSK modes és propagatidns conditions

deteriorate. Automatic switching of operating mode could be

obtained by using a pseudo error monitor at the receiver

which would command -the transmitter to modify its mode in

accérdance with the severity of the channel degradation. |
This enableé an improved probability of error performance as
propagations condi£ions deteriorate. Of course this is made
at the expense of reduced transmission rate. Before
embérking on the details of this research in general, or the
evaluation of the modem performance in particular, a briéf

literature review is introduced here. This review forms the
= B
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basis for the logical choice of l6-state. APK ag-tne‘j‘”"-* o
moduldtion technique most suited ‘for- the gethation;951
spectral efficiencies in excess of 3 b/s/Hz.
. A ) . ~ Ao, . .

2.2 Possible Modulation Schemes

Of the many factors governing thé.choice'of modulation
schemes in.digital communications, the following are among

AN
"the most important:

a) ' Sﬁéctraiﬁefficiéncy v

b) Performance in noise and interference énvironment

. c) _Ability to perform well in a multibath fréquencym'

selectivé fading environment

d) . Performance deéradétion in a nonlinear channel.

-Thé ff?gt three* can be improved by shaping the overall
spectrum in a way that is optimally consistent with the
'modufation scheme employed. This suggests that filterAdesign
should be kept as close to the Nyquist‘criteria as ié practi- '
célly tolerable,- taking into account intersymbol interference
(ISI) degradation. Since filtering is of major importance in

i

the-considerétion of boﬁﬁ'speétral and probability of error '

performance, a few b;;ic concepts are worth noting.

LucRky, Saltz and ngdon [1] showed that band pass
filters (BPF) and low-pass filters (LPF) are interchangeable
using;é band;pass iow—pass transformation. This
transformation essentially states that a LPF is equiﬁalent to

a BPF centered at w = 0 Hz. Thus LPF's are used for

\



;bandllmlting the sxgnal spectrum in the modulator. An ideal

m1n1mum—bandw1dth Nyqulst fllter has a magnltude of unity up to

the cut-off frequency fl ahd zero&elsewhere. Its phase

response‘is a linear function of £. The transfer function of

4
v

. this filter is given by’ . o o

‘{l' B (2.1

. . . v ', “
0, elsewhere : ' b

The impulse response of this .filter is

. .
-] . . M

R £, . ‘ sin 2nf,t -
h(t) =[ H(E) 27 Rar = f D ed2mitapane, —rtt | (2.2)

1
-oo ‘ fl ‘

'The corresponding amplitude, phase and impulse responses are

shown in Figure 2.1 [2]. TFor a train of impulses, the
condition of flat amplitude and linear phase vs. freqUency'
filter response results in distortionless’ transmission rhus_
the signal shape is preserved.

Using an ideal Nyquist filter, Nyquist, in his theorem

on minimum bandwidth transmission essentially states that jit

is possible using an ideal Nyquist filter to transmit symbols
. \ :
at a rate of 2fg symbols per second without intersymbol

interference, if the cut off frequency of this filter is fq
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Figure 2.1 - (a) Ideal Nyguist Filter Transfer Function
for Impulses.

(b) Phase Function of an Ideal Nyquist
Filte

(c) ImpuISe response of the Nyqu1st Filter
- Nyqulst Pulse [2]

Hz. Thus impulses can be transmitted at intervals of 1/2 fs
seconds without interference between the peaks of the
received pulses as shown in Figure 2.lc. It is seen that a

signal transmitted through an ideai Nyquist filter

]
u



[
-

is of .

expefiences an amplitude multiplication by a constant and an
. _ : _ \ ) )
overall delay due, to the phase of the filter. ' In practice,-a
filter\with a transmission function given in (2.1) is not

attalnable since 1t would requlre infinite roll off and zero

phase\ non llnearlty. Also, practically,. 1mpulse transmission

0 lnterest but one rather transmits pulses through

the sye m. Hence, modlflcat1ons to the above %rgument is

necesséry'l meanlngful band-limited transm1551on is to be

i

A

obtained. A very u%qul solution to the’ former problem was
proposed by Nyqu;gt where he states that if a real-valued
transmittance function ﬁaving a skew symmetry about the

t-off frequency is added to the transmittance of an ideal

PF, the same zero cr0851ngs exist as ln the case of impulse
i

transmission hence there will be no intersymbol interfe:ence

t*?‘;ﬂ

_18]. Filters which approximate a sinuscidal roll off are

used in practice to solve these problems. The latter problem
can be solved by nodifying the transmission‘characeeristicsf
of the ideal LPE'by thehfactor whose shape is that of x/sinx.
Figure 2.2 showe the shape of a practical Nyquist filter

through which pulses are transmitted. This filter has a
transmittance‘

g s b
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Figure 2.2 - Practical Nyquist Filter for Pulse Transmission

characteristic of the x/sinxlshaﬁe.hp to the point where the
skew—-symmetric ¥roll off begins. The gkew—symmet;ic'funétion
C(i.e., the.raiéed-cosine function) whose point of
skew-Symmetryéis centered at the Nyquist,frequéncy has zero
traquittance outside the region of skew-symmetry.

Mathematically, this transmittance function is given by
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we: /2 -
s ; T
. . v S m—— - ~
g sin(wT /2) 0 =w T (1-a)
o 5/ . S
.fﬂ' . LA )
T /2 T, .
_ 2,75, . m{l=a) a) Uil '
R(E) = 51n(wT /E'CO§ (Au[ Ty ]LT (l-a)s w s Ts(lfa? (2.3)
0: d/ : > ;_(14.(1) @
where
0 - percentage of excess bandwidth over the theoretical
Nyquist bandwidth. -
Tg -‘syfnbol'l duration.

W - angular frequency in radians.

"Thus a filter with characteristics given by (2.3) will
exhibit no intersymbol interference with pulse transmission
at the Nyquist rate. Use of the above concepts will be
employved in the design of filters used in this work.

Of the set of possible digital modulaﬁion techniques
the three most popular choiées for the type of modulation
schemes are,

a) digital phase modulation

b) digital amplitude modulation

1. A "symbol" is a composition of bits assigned to a waveform °
by the transmittor.

]
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_c) combinéd digital amplitude and phase modulationfx

In the fbllowing paragraphs, each of these shall be ‘ o

\
~discussed briefly. - W

é.3 Digital Phase Mbdulation }

‘ ‘Iﬁ the casé of digital phase modulation syéfeﬁs where” $
the information is encoded into the ppase of the Erangmitted_
carrier, two detection schemes are fréquentlylused,.na;ely

coherent and phase comparison detection. 1In both cases the S

'signal at the receiver is of the form
s(t) =+/38 cos (ugt + @) | : (2.4)

ﬁhére s is the signal power, ug is the unmodulated carrier
frequencf,'ﬁ 'is the phase which takeé on valués 2nk/m;

0 < k s.mwl, and m is the number of phasé states. In digital
phase modulation, the basic problem is to determine # giveﬂ
that s{t) is received in the presence of AWGN and

interference. The noisg_{z of the form

n(t) = x(t) cos wyt + y(t) sinwgt (2.5)

-

where n{(t) is a random process, %(t):and y(t) are random
variables with zero mean and the average power of n{t) is

n2 =.N. TIf coherent detection is used in the receiver, a
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: '“jdecision'is made as:to what'was tranSmitted by comparing the
X . phase of the recelved 51gnal with a phase reference in the

recelver whlch is idential to the ‘phase reference in the

transmltter. Now, the probablllty of error resulting from

< noise in the: transmission medium when an M-ary 51gna1 set is

A\,.___

':_‘used is equal to the probablllty that the phase of the signal
Kplus n01se does not lie in the region —n/m <@g < m/m if zero degree
is the tranSml\ted undistorted phase ’ It has been shown by Cahn

"\

[4] that for the case ‘of the A%}N channel, the probability

lden51ty of g is- glven by

. ' ' 2
o(9) =Lee™S/V(1+ VATE/N cos g oSN 0% gL o (VIS/N cosf)](2.6)

" where

_ 'ﬁ _ 2
L9 (x) =J17"ﬁf ex/zdx

By integrating (2.6) the probabilitylof,error P(e) as a

{ ‘ .
Function of 'signal to noise ratio can be found as follows

.

T/m
P(e) = 1 -[ p(@) 4a¢ - (2.7)
_']T/m ‘\

Also integration of (2.6) yields the probabilitf distribution

of phase as a function of S/N, and this has been derived by
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Norton, Shultz and Yarbrough [5] ‘Using this result, Cahn
[4] showed that as the number of phase states of the
modulatlon scheme is increased, a greater S/N ratio is
requlred to maintain the same probability of error
.performance. This implies that a shift to the rlght of the
P{e) curves as a function of'S/N should be expected if e
‘modulation method with a higher spectralwefficiency is used.

For the case of phase-comparison deteotion, a decisionl
is made as to what was transmitted byiﬁoohing at the‘phése
transition between the pulses. This is aohieved by comparing
the relative phase of successive signal .samples. For
multlphase modulation the degradatlon caused by this
detectlon method is approximately 3db over that of cohenent
detectlon. In the binary case, the degradation is some hat
less [6].

‘ Flgure 2.3 shows a comparison of the probability of
error for blnary transmission using coherent and phase
.companison detection schemes. Clearly, this shows that

\
coherent phase detection is superior to phase comparison

detection.
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Figure 2.3 - Probability of Efror Comparlson of

Coherent and Phase Comparison Detectlon for
BPSK Modulation from [4].

In summary, one may conclude that M-ary Psk can be.ueed
to increase spectral efficiency by increasing the number of
phase states: However, this is at the expense of a higher
required carrier-to-noise ratio since the number of deZQsion
thresholds are increased. For certain M-ary ESK schemes,
coherent phase detectlon is preferred to phase comparison

detectlon as it results in improved probability of error

performance for a given signal-to~noise ratio.

2.4 Digital Amplitude Modulation

In digital amplitude modulation, the information is



T

contained in the signal amplithdeﬁlevel; Each amplitude or

quantized level is transformed into a code w1th alphabet 51ze

) b such that if n is the‘number of bits per code word, the
‘number of possible quantizatlon levels (M) can be expressed
as M=bn,

In considering the bandwidth required 'to transmit sueh a
signal, it is theoreticall; possible to transmit 2w
\independent pulses over a channel of bandwidth - wHz [7].
?hus, after cpding a siénal, 2m0 bauds are being sent where
each baud represents n bits.. The de51red blt rate is

therefore 2nwg bits per second requiring a bandwidth of w =

nwg. ‘For double sideband transmission the required

bandwidth.is 2nwg.
|
The signal after being received must be of suffcient

power snch that an error is ndt made in determining if a "1"
or "0" were sent. ThlS is ensured by keeping the signal-to-
noise {(S/N) ratio at or above some/iireshold level. W%th
this, the signal power will be great enough to ensure that
the probability of error is relatively small for a given
transmission rate. For binary transmission, the decision
threshold is set to Vo/2 where Vo is the amplitude of the
b%}. If the signal after sampling exceeds Vg/2, a "1" is
perceived as being sent, conversely, if the sampled signal is
less that vVo/2 a "0" isvthe most reasonable guess as to what

was transmitted. 1In order for the guess to be in error, the

noise magnitude at the sampling instant must exceed the

2. A "baud" is a unit of signally speed expressed in symbols
Per second.
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level Vo/2 and must. be in the_opposite‘directiqﬁﬂto the
signal present at that instant. If the;noise‘is:white —
gaussian'noise'with uniform pbwer spectral density, the
probability of error is proportional to ‘the complementory A

o . '

error function of

Vo S - : o C i
FCR ' (2.8
where
N = noise power in the bahdwidth w = g2
g = rms noise amplitude
S = normalized signal power = Vg2

Thus the probability of error P(e) is given by [8].

Ple) = } (1 - erf 5o0y) = 7 erfc (zoog) (2.9)
L (X .2
where erf(x) = ?%‘SO e-t /zdt

A plot of this function is shown in Figure 2.4 Qhere it
is seen that as the signai power increéses the function
dgcreases very rapidly, thus at a large enouéh values of S/N
ratioAXEEE:}ignal received can be interpreted corredtly.

However, with a slight increase over this threshold S/N

value, transmission can be said to be almost perfect.
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as a Function of é/N from Equation 2.9

Figure 2.4 - P(e)

-Table 2.1 shows how rapidly the P(e) performance

i

improves with an increase 1in §/N for a data rate of 100

kb/s.
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rable 2.1

: .+ P(e) IMPROVEMENT WITH S/N RATIO
’ 100 kb/s data rate in the Nyquist channel

Signal Probability Approximately
to . of. o One Ertor
Noise ' Error . Every
13.3 ’ 10—2 . 1 msec.
17.4 © 1074 100 msec.
o 19.6 10-6 10 sec.
21.0 10-8. | 20 min. #
22.0 10-10 1 day

23.0 10-12 3 months
| ‘ .

From. this it is!obéervgd that a good thresholdlis
" approximately 21 db. Thus, for S/N below this value the
error r;tes may be said to be unacceptable, and a é/N oﬁ at,
1éaat that value would have to be maintained for the system
té operate-adequat?ly;
For multilevel amplitude modulation, it has also been
shown by B.M. Oliver et al. [7] that for a system operating ¢
“~yith b different amplitude levels with a constant separation,

K, between levels, the average signal powers required is

given by

S = Ko 37 (2.10)

From this, we may conclude that the signal power

requirements for a PAM system varies as the square of the
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N A . L e
number of amplitude levels. Cahn [9] showed that thg signal

'power reQuiremepts vary linearly with the number of phase ;

[}

positions. Thus less power is required as the number of
phase position increase vis-3-vis an incgease in thé number
of amplitude levels. Arthur and Dyn [10] showed that the

P(e) for an L-level coherent ASK system is given‘by

*
- ©

‘ . E . 1
L1 L-1 . b 1 : \
Pl{e) = (W‘?L)(T) erfc [3/2(1092[:) N_O (W)] {2.11)
A ﬁ _‘ "
where
L €‘number of levels
Eb - ehergy per bit = STb

Ng - noise power in 1 Hz of bandwidth

H
o
!

bit duration. : : -

S

2.5 Combined Digital Phase and Amplitude Modulated Systems

It is known that digital phase modulation requires lower
signal power to maintain a given signal to noisg ratio than
does digital amplitude modulation [l11]. However, since the
amplitude of the modulated signal 6f a M-ary phase modulation
scheme is esgentially constant, it is not the optimal scheme
if channgf‘Capacity ié to be maximized. This is a result of
Shannon's postulate that a Gauésian amplitude distribution
provides maximum transmission capacity when the signal is
average power limitéd {(7]. This is one of the main reasons

T

for considering a combination of digital amplitude and phase
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modulated sChemes.for transmission of digitalldata.‘ Thus,
~there is a_significant power saving by the use of combined
‘amplitude and phase modulation schemes for the same number of : «/
signal levels as in PSK and PAM systems. Elaborating, it is

known that if we wish to incfease the number of bits per

symbel, it can be dene-By one Bf two ways: firstly, the

number‘of phase positions'maydbe doubled while keeping the

amplltude level constant. The same can be aceomplished by

keeplng the number of phase pOSlthnS constant and increasing

the number of amplitude levels from_one to two with the

amélitude levels equelly spaced such that uniform

probebilities of amplitude and phase are obtained. Thus, the
amplltude decision thresholds should be symetrically spaced

between adjacent amplltude levels. To 51mp11fy coding

complexity, it is necessary to limit the number of\emplltude
levels to some power of two. Therefore iﬁ M =nxmis

required, where M is®the number of states; n is the number of

phase positiohs and m is the number-of amplitude positions,

then Tables 2.2 and 2.3 give the optimum numbers ‘for m and n

when the peak and average power ere hinimized respectively

[9]. The latter two-dlmensional modulation scheme results in

a significant power saving over pure phase shift keylng-(PSK)

~

or amplitude shift keying (ASK).
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-Figufe 2.5 shows the increase in signal to noise ratio

(SNR) requlred to malntaln a probablllty of error of-

10“4 as the total number of states is 1ncreased for the ‘ _f .

case

of coherent phase demodulatlon. It is

Fo

How

seen that the

/
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sigﬁal—to—noiseFratid‘reﬁuirement_decreases from the casé of
‘phase mﬁdulatiod.(i.e.; single amplitude ievelr to cdmbined
amplltude and phase modulation for a fixed number of 51gna1
states M. For the case where M=16, 1t is observed that

16-APK shows approxlmately a SdB lmprovement in SNR

requlrement gyer its 16-PSK counterpart. . : (ﬁ

: ’ L]

L__/ 40 ’ : ) | '

SINGLE AMPLITUR
.32 L LEVEL\
N . ‘ . e—
INCREASE 24 |
(dB) E :
16 |- ) OPTIMUM - )
. - - - " NUMBER ' o
. . . . - » " OF ‘ . ‘ - - :
. B LEVELS: fe -
' ® T \'PEAK ‘POWER , )
. AVERAGE POWER :
! 1 5 P L. A 1 - i}

2 8 - 32 128 512 (M)
' TOTAL*NUMBER OF STATES

v

Flgure 2. S = Increase in Slgnal—to—N01se Ratio to

‘Maintain. Fixed Error Rate w1th Coherent
Phase Demodulatlon from [9].

i)
: In a type 1 amplltude phase shift keyed system {APK) [lé]
:that lS, a system where the same number of phase pogitions
‘are avallable no matter ‘how many amplitude: levels are used ,
Cahn [9] showéd that the probability of phase error Ple ﬁ) for the

kthsamplltude is a function both of the normal1zed
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amplitude Ak at the kth level and the number of phase

. ] ' . \
positions nk at the kxth level. That is,

. | | B
Pey) = f(s sin g—k) | . (2.12)

or more specifically

—(Ak2/2)sin 2n/n ‘ .
g = < = E s . (2.13)

fg sin w/nk \\\_

Pl(e

3

' bésed on a power spectral density of one watt per hertz in

- the channel. | Lo

Hahcock and Lucky-[13] have shown that the probablllty
of err%r for a received symbol is the sum of the probablllty_‘
of phase error and .the probabﬁlity of amplitude error minus
the probability of both the amplitude &and phase error because
the pﬁase ;nd ampli}u@e of the received signals are -
independent. Since the probability of both erroés o;curring
is small, it ban‘be neglected, Hence, the probability of both

amplitude and phase error is twice the P(eg) given in

(2.13). In a phase shift keyedwﬁystem,‘the P(eg).decreases as the

anmplitude levels increase. To keep the Peﬂ constant on each

amplltude level, tﬁe number of phase pOSltlonS on each Successive

level is 'increased. Thus
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o 2 2, B
..... -(AS/2) sin “W¥n -
ve 1L AN | :

Ay
VT — sin jf_T/nl

| P(e) = = o (2.14)

This equation assumes all amplitude and phase levels equally
probable. The object-now'is-to minimize {2.14) subject to:
the constralnts of average power and variable alphabet size.

Hancock and Lucky have derived the required expression as

5o-P(8/9M-4/3)

,PFemin?ﬁ; P - | (2.}5)

VT §79n = 473

where P is the aVerage signal to nopise ratid remembering that

the noise power spect?al densitf is unity and M is the

alphabet size. A plot of equation (2.15) gives the minimum
probablllty of error for an APK system as. a functlon of |

signal to noise ratio and is shown in Flgure 2,6. However,

systems ex1b1t1ng characterlstlcs as shown above are very d{?ficult
to implement and are not as yet practlcai. With this type of
system, Figure 2.6 shows that there is a 3 dB improvement everys.

e

time the alphabet size is doubled. - '_ T e T
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%{e)min# .
107t
v i
1072 .
- PHASE ONLY
1073
1074
1077 .
0 . 8 16 E 32 NORMALIZED S/N(dB)
Flgure 2. 6 - Probability of Error vs. Slgnal to-Noise
Ratio from Reference [l13]. .For the Same

Probability of Phase Error on each level

It‘§lséfshows that'an improvement in signal—to—nqisé
rétiolfér a system combining amplitude and phase modulation
schemes is.a function of alphabet size. Thus, it is
obviouq\thatathere are advantages in considering digital
amplitude phase keying (APK) with M-ary aiphabets as a.
possible highly spectral efficiént,moduiation technique for‘
the future. | |

Twenty-nine empirically generated sigﬁal sets with M-ary

P

r\\,4~,//'“"/

”&f
XA



27
alphabets from 4- 128 have been 1nvestlgated to determlne the
optlmal de51gn [14]. Wlth a 1afger alphabet size, bandw1dth .

conservatlon is realized and the. S/N requ1rement is not as

' hlgh as that necessary for M ary PSK with the same spectral §

_‘eff1c1ency It 1s éﬂso true that APK has’ superlor P(e)

performance for the same Es/NO (Eb/No Es/NO GdB
f@r 16-APK,  Eg is the'energy in one symbol) to its PSK -
counterpart [lS]Ialthough its performance is inferior to PSK -

1n a nonllnear channel due to 1nherent envelope fluctuatlon

* . Thomas et al. . [14) studied M-ary alphabets for'M'(4, 8,
lg, 32, 128}, Here we look at two subjects of the set
”spec1f1cally M(8 16). These conflgurations give a

theoretlcal bandw1dth eff1c1ency of 3 b/s/Hz ‘and 4 b/s/Hz

respectlvely

For Mf8,_four'contigurations were studiea, {the notation
'USed for confiQUrations with circular:symmetry is [a, b, ¢]
meaning -a display COnsisting of three-concentric circles with'
a signals‘ontthe inner circle, b signals on the next circle
and so on), they are: (l,)7), (4, 4), 3x3 grid‘minus-the
signal at the centre, and a triangular design. Figure 2.7
shows the design of these and also the 16- -ary conflguratlons.
From Figure 2.8 which shows the P(e) as a function of Es/No
for 8- and l6-ary alphabets, it is seen that in the case of

8-ary alphabets, at a probability of symbol error of

. ‘.
1076 the best performance is obtained from (1, 7) pignal

\ ar
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set with an Es/No of 17.5 dB, followed by triangular (4, 4)
and rectangular with Es/No of 17.6, 17.75, and"18.9 dB

respectively.. All 8~APK set configuration oﬁtperformed 8—-PSK
which has an Es/No of 19.5 dB.
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In the case of l16-APK there are four design categories.
} A o . “ : '
These are rectangular, triangular, circular -and hexagonal.

The best P(e) performance was obtained for (1, 5, l0) signal

set followéd by rectangular_(5, 11), triangular, (4,-12), (8,

§) and hexagonal with Es/No o£20.8, 20.9, 21, 2.5, 21.7,

and 21.9 dB respectively. Agaip all 16-APK configuratioﬁs

outperformed their 16-PSK counterparts which gives a P{e) of

10-6 at an Es/No of appr@kimately 26 8B. : o

10”° T N T
'l2 ‘ 16 20 - 14 %8
' Es : ‘ s
AVG. NoldB) -¢ AVG. To'd®)

Figure 2.8 - Probability of Symbol Error as a Function
of Eg/Ng from Reference [15]. '

Fielding [16] has shown that the probability of error in.

the detection of APK for large S/N's is given by
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Ple) = 5y 3n % % i Ll Sj;\lr-?o) (2.16)
&1 o sy syl A2 ,
j#i - :
where M - number of signal states

.S; - is tne complex envelope of the ith signal state

'sjl_‘is,the complex'envelbpe of the'jt“

02 - r.m.s. noise.power.

signal state

&

-

Here the P(e) considers M(M-1) binary sets made up of all

possible distinct signal pairs (84, S4).

One of the major problems in APK is the distortion
daused by AM-AM and AM-PM nonlinearities in a device like a
TWT. 'Tbis problem.can be reducéd by back-off from the
satﬁration drive levellof the tube resulﬁing in a loss of
transmitter éower. ,This implies that there exist‘a trade~off
between signal quality,hence P(e} performance,and output:
power.
| Another method by which this nonlinearity problem may be
reduced-is-by predigtorting the trgnsmitﬁed signal set so
that when it passeé through the TWT it will become linear.
However, if thé dis;ortion resulting from a high-power

amplifier or a TWT nonlinearity is not corrected,. it becomes

responsible for additional P(e) degradation on detection in

the regeiver..

L5
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With 16-APK, the TWT nonlinearities are-intolerable at 0
dB back-off. This is where thé advanﬁage‘of 16-PSK is made
clear. Thomas et al. [14] have shown that the approxlmate,
2.7 dB advantage of APK over PSK in Z linear channel becomes
a 3;& dB disadvantage in a noplinea; channel. This_is-true,f
for a single chénnel per céfrier opératipn.‘ In the case of
multichannel‘operatién, the performance of APK relative,tz.
PSK improves. This 1mprovement is realized bisause the 16-
rhase PSK system requires a 4-6 dB back-off in order that

%ptermodulatlon dlstortaon be acceptable

The transmitted signal of an APK modulator can be

described ‘as
& .
nglos(m t+—(1———)0<t<T

§; (B)% . (2.11)

J ) \M/’ﬂ\\xﬁgtﬂ
l 0 elsewhere ' r 24

. where Sij(t) Power in the ith amplitude

level and jth phase position

E; - Enérgy level of the (i, j) signal
vector | |

wo - angular velocity of the carrierf

i, j l- integers |

\

Because of the two-dimensional nature of APK, its hardware

"t
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implementation is siguiffcéntly more complex than that of a
. >\‘

. _comparable PSK system [17]; thus APK systems are more

" expensive. .Additionally‘the hardware complexity may also

affect the reliability and ease¢ of sYstem,mainteﬁhneeJ
However, as spectral congestion and transmission rate

requirements increase, APK becomes more attractive as the

modula;iqn_scheme_to alleviate these Qroblems. This .is

becauee of the reduced SNR requirehenh and its improved
performanee over PSK in a multichannel environment.
lG—ary APK has been used Ehroughout this reeearch with

virtually no mentlon of sixteen- ary quadrature amplltude

'modulatlon (16 ary QAM) : However, where such mention is

made, particularly in the references, these terms, viz‘lG—APK_
aud,l6joAM can be used interchaugeably as epplied to
reCtenguiar signal censtellations.~ This is because 16-0aM is
a special caéeuof the class of APK modulation techniques
where the signal set is generated -using amplifude modulated .
signals in quadrature. Thus, the information is aiso
contalned in both the ‘amplitude and phﬁse of the signal. It
1s therefore also correct to refer Ebfthls same 16 —ary signal

set as 16-APK. We shall now continue our 1nvestlgat10n on

l6-ary APK. - <

A



CHAPTER III

ON THE DESIGN OF THE MODULATOR

5 - -

\>?1 Introductlon S S _r

S

The objective of this chapter 1s to lnvestlgate two

‘approaches to’ the 1mplementat10n of 'a lG—APK modulator with

one of these methods helng chosen for thls research An

original approach to system circuit de51gn is applled to

several c1rcu1ts wh;ch are used_to realize the control of  the

operating mode of the modulator. Implementatiohlof'bhese and

other modem'sobsystems are'expected to lead to the

development of a qua51 unlversal modulator sw1tchable from

BPSK to lG-APK. The usefulness of thls feature w1ll become

apparent in Chapter S when the control by pseudo error

monitor is presented.

IS

e

"

The system de51gned in thls research lS a type one .

i 16- ary APK systemtw1th the follow1ng parameters

ﬁez 16
PRI 4
: N
aitfrate-= 256 kb/s - ..
.Carrier;freq. =1 MHz; R
" Symbol rate = 64 kbaud B

N\

- A rectanguiar signal state space representation is used -

" for this system as shown in Figure 3.1 (18]

«  The use of this
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Flgure 3.1 - 16-APK Rectangular Slgnal State Space
Dlagram ' K

represeptation‘was selected because of its rectangular eymmetry
withufespeét to the I and Q axes. This choice greatly reduces
the problem of hardwaré implementatioﬁ. There are two frequently

employed ways of generatlnq a lé-state.space tectangular array.

" The flrst is by spllttlng serial. data 1nto ‘two parallel streams

as in Flgure 3.2, each of the twolﬂata streams are two-to-four-

level converted and used to modulate two carrlers in quadraturiy//
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- The two modulated carriers are'addedfvectorially, band
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A

limited using a band-pass filter (BPF) or premodhlatigh LPF, -
and transmitted through the channel, Figure53.3 shows the

demodulatof; Here, the modulated signal is split into two

_paraliel paths and detected using balanced modulators which

"

‘3»&-
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are also fed w1th coherent carriers: 1n quadrature. The

detected data is passed through low pass fllters (LPF) to

remove noise and 1nterference plus secondﬂorder and hlgher

spectral produots, four to two level converted, aﬁd parallel

to serial converted to give the original data.

- Fig. 3.3 -~ 16-APK Demodulator -

¢

The second megthT‘and the one, used-in

employs “the technlque suggested by Mlyauchl

this research

et al. [19]) with

4102 naéomm
LEVEL OGIC
CONVER
.'. 8-
SP
LITRR SERIAL
. PARALLEI] DATA
™ our
_"'(_f) Y SERIAL [
16=-APK
T ; CONVER-
‘ TER
A a
'-3: -
4T0 2
LEVEL DECODING
"LocIc

the addition of a carrier phase tr1m c1rcu1try to 1mprove the

performance of the modulator vis-3-vis crosstalk. The main

advantage'in the selection of this method is that it allows
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for easy 1mplementat10n of the sw1tch1ng functlons whlch
4

selects the operatlng mode (BPSK, QPSK or APK) for the modem.

h_ Addltlonally, thls method glves the requlred versatlllty

\needed to study the performance of APK in a nonlinear channel

"{in a future researc

degradation\ov

where AM/AM and AM/PM distortions are
pfevalent; T
the previously mevtioned method when used
4yer a nonlinear- channel. |

3.2 Functional Description.

~

' The essential parts of the l6-state APK modulator are

A

~shown 'in Figure .3.4. Here, QPSK modulators I and ;I operate

in paraileliwith their outputs attenuated‘with respeet to

each other and then added vectorially at the secondary

'\comblner to form the modulated signal. To simulate random.

———

NonReturn—to—Zero (NRZ) data at the modulator 1nput, a
Pseudo—Random Binary Sequence (PRBS) generator 1s used as the
data source. This PRBS generates a re?etigizsaén—i bit

AN
maximal length sequence where n may vary from 3 to 15 as

desired {20]. Thus the sequence length can be varied in

order to ensure sufficienf randomness in the input data such

that the transmitted spectrum is rendered continuous.

L 2

s method mhy well provide an advantage in P(e)’
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Data from ‘the PRBS is passed throﬁgh a four bit serial te

parallel converter to the mode_cqntrdi logic. Before this ’
converted.déta is used to phase modulate the carrier, itis

passed through an equalizer and low pass filter (LPF). Tﬁe
equalizer predisﬁorts the data in order that phase and T
amplitude nonlinearities in the transm;t-and receive LPF's .

are to some extent compensated for. The LPF at the

transmitter limits the bandwidth of the baseband signal thus
restricting the power of the side lobes produced by the

lin;a: médulatioq prbcess. _Hence the 256 kb/s daté is | -JJ/H\\\_

-
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clocked in synchromlsm to the fQur channels Q, I, a, i, at a
.‘rate of 64 kbaud.¢ Q, I, and g, i constltute -the 1nphase and

\quadrature channels of two quadrature pqase shift keyed

{QPSK) quulators.. These "I" and "Q" channels each
double4sideband-'sﬂppressed—carrier (DSB-5C) modulate a
carrier and its quadrature component. - These modulated -

signals:are combined to form two QPSK modulated signals.

Furthermore, QPSK signal two is attenuatdd by 6 db with'

respect to’QPSK\sighai one‘andhcombined'with it to form a
16-APK signal. Th1s lG-APK 51gnal is then transmitted
through the channel. As'can be seen from Figure 3.4, the

16-aAPK modulator is essentially four BPSK modulators in
A

-parallel, with approprlate pPhase shift and attenuatlon

between them. A detailed description of one- BPSK channel’

channels which are combined to form the 16-APK signal.

Figure 3.5 shows a block diagfam of one of the four BPSK
\ 4

modulator channels. A description of each block is given in

the following paragraphs.

. will be given next., This description holds for all four BPSK
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Fig. 3.5 - a Typ1ca1 BPSK Modulated Channel in the
16-APK Modem

3.3 ‘Serial to Paféllef.Converter and Mode éontrol ﬁogic
This subsystem con;ists of many circuits as shown in
Figures 3.6 and 3.7 of which only the serial~to—paréllel
converter and latch are an integral part of the modem. The ..
remaining circuitry provides controllingnfunctions necessary
since this modem is operating in the labofatory where symbol

timing and carrier recovery sub-systems are not included.

_ However, this makes it essential to provide intérnally,

§5
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‘timing and clocking pulses for both the transmitter and’
recei?ér. )

Source data arrlves to the modem at a b1t rate of 256
kb/;‘ﬁhen the modem is operated in the 16-APK mode. To make
‘the modem qUa51~un1versal (capable of performlng in the BPSK
'and QPSK as well as APK modes), control logic is 1ncorporated

"

in the logic‘circuit desigg. "The bgsic philosophy behind the
functiqning.of the control logic circuitrj is that the data
source or PRBS is made a slave to the que‘contfol logic
‘(MCL). This:ensUres that the bit rate changes automatically
in accéydance with the mod&lation scheme éelected theréby
simplifying LPF design. Hence, for'operation in ﬁhe BPSK
mode, the MCL forces the PRBS to operaﬁe.at‘a bit rate of 64
kb/s and at 128 kb/s when operating in the QPSK mode.

Figure 3.6 shows a block diagram of the serial-to-
parallel'converter and mode control logic. This diaggam
shows that in addltlon to carrying out master control
functions, tPlS c1rcu1try also provides the symbol rate and
predistortion eqdalizer clocks. The symbol rate clock is
used é@ syncronize the measuring instruments and regénerate
the recelved data. The erdistortion equalizer clock

fon T

controls the predlstortion filters incorporated in each

channel.
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Fig. 3.6 - Serial—to4Parallel‘Converter of Mode Control
Logic Block Diagram

Figure 3.7 shows the physical realization of the block

diagram shown in Figure 3.6. The intricate details of its

operation are presented in Appendix l1.” In addition to this

circuitry, delay controls are incorporated to compensate for
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Ehe‘differeﬁce inbpropaéation deI§§\offﬁhesignals”ds theyf”
pass through each of the fobr Chaﬁnels. This éélay reéults
‘ﬁostly from filtering and is severe enough to dauﬁe
noticeablg misalignment éf tﬁe sepipate channel sighals with
respect to each other at the modulator outpuat. If |
hnatténdeé, this wopid create problems in s§nchrbnization of
the transmitted‘a;d received signal making it ;irtually
impossible to interpret correctly what data was transmitted.

Thus, four delay circuits, one for egph channel as shown in

Figure 3.7, were necessary to alleviate this problem.

3.4 Predistortion Equalization

When data is transmitted through a channel, (here
channel includes the pre—modhlation and post detection LPF's)
it is highly desirable that the received data be free |
from distortion -at the sampling instant. A necessary
condition for distortion free transmission is that the
channel have a flat amplitude and linear phase vs. freguency
response for impulse transmission and x/sinx equalization for
pulse transmission as discussed in Chapter II. It is indeed
unfortunate that infinite bandwidth.is not available; if this
were the «case, rectangular pulses?could be transmitted and
channel eqdalizapion problems would not exist. ‘However, in a

practical system:bandwidth is conserved by bandlimiting the

data, that is curtailing the signdl spectrum. The result of

ATy

\s
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thiskbaﬁdlimiting i; a %onlinear aﬁplitude and/op phase
réséonée. The net_effe?tlof_the tgansmit and receive filters
.nonlinearities is to geneféte‘intersymboi interference (ISI)
in‘the received data which‘ultimately results ih serious |
probability 6f*error degradation if steps é?e-noﬁ kaken to

. minimizé“it. To keep this ISI within réasonable limits it is
“neceésary to equalize the data channel.'.R.E.lKalmah [21] has
shoGﬁ that, using tapped delay lines, it is éossible to
design filters that have no phase distortion at all, and‘have
very slowly varying phase response regardless of their
amplitude response; This method effectively distorFs the
channel thereby providing equal delay to-all frequencies
‘paééed. An alternative mefhod suggested in Bennett and Davey"
[3] is_éo pPredistort thé data to compensate for amplitude
distortion and groﬁp delay in the channel. Since the daté‘_‘
being transmitted is in binary form, the éimplest method of
equalization is by predistoftion using a shift register. The
ease of implementatioﬁ vis-&-vis analog methods also makes
predistortion equalization most attractive as a means of
amplitude and group delay equalization. This equalizer is
used to conditiog the data at the transmitter in order that
the data at the‘output of the” post detection LP? is optimized
with|respec£ to ISI and noise bandwidth. In this case
optimization means minimum vertical eye ¢losure at the

sampling instant which, in our case, is-at the centre of the
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eye. Figure 3.8 shows the block diagram of the predistqftioh'

P 4 .

DATA FROM — \ -

LATCH o——— 4 BIT ~

L PARALLEL] ™ PASSIVE DATA OUT
o ACCESS SUMMER S

VARIABLE SHIFT | TO LPF

DELAY PREDISTJ REGISTER K

EQUALIZER : u ‘ A

CLOCK , INPUT R ; o :

" Fig. 3.8 - Block Diagram Predistortion Equalizer 2

LU |

equaiiéer. Data is feé into and‘clécked through the shift
régisternin serial form. At_thg output of each fiip—flpp in
the shift reéisﬁer, data is available at ®he Q and Q
outpuﬁs._rThe cqméleméntéry outputs of each flip-flop are
édded lineariy and the‘Qeighted sﬁm of eéch'Ef the four flip-
flops is taken by the summer. The bias is removed féom this
signal by a capacitor ginée the aﬁétage véltage value:of the'
data ign2.5 volts dc and should be O‘Voltg dc. The sighai
which héé been conditioned fof-filteriﬁq ié tgéﬁ available at
the outéut. v |

The theory and operation of predistortion equalizers has

been well explained in reference [22]. However, we know that

should be obtained under ideal conditions. Since the filters
used here are neither ideal nor equalized, the response shown
in Figure 3.9a, which is not truly sinx/x in shape,

resulted.

' if a single pulse is passed through a LPF, a sin x/x response//“*
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o (a) Unequalized Receive Pulse Response
_ . (b) Equa%ized Receive Pulse Response -
THis problem, which arises when filtering is .executed -
without equalization is clearly seen

3,

by observing these

responsés at intervals Tg = 1/fg = 15.6 uS where Tg

is'thefsymbdl duration and fg is the symbol rate. “The

dutatioﬁ beétweén éymbol clﬁck éulses is" equal to Tg in the
--figute. Table 3.1 gives a summary of the iftersymbol
fintefféfenge'at inﬁeger multiples of the sampling instant‘
rbéfore_and aﬁter'equalizaﬁion. Tﬁesé observations indicate

* ) .

-
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Table 3.1

' SUMMARY OF ISI AT SAMPLING INSTANTS FROM FIGURE 3.0

\

: Sampling’ $ peak value of pulse at sampllng
" instant Ts . instant nTs .
n before after
;o . equalization - equalization
. _3 - -
-2 - 0
-1 + 25 | 0
0 " . peak peak
1 + 15 0
' 2 - 15 0
b 3

virtually no zero crossing at the sampling instants #,Tg
where n is an interger before equalization. Thisirepresents
signifigént ISI when the next pulse comes along since it

peaks at -T5. ‘The predistortion equalization removes this

IS{;khen the tap gain coefficients-are set such that the
puise response is zero ‘at #nTg as éuﬁmarized in Table 3.1.
This resﬁlt-is shown in Figure 3;9(b) where it is seen that
the pulse response\is zero at each sampling instant. Thus,

: £
when remnants of the previous-pulse and ‘the next pulse

.arrive, there will be no interference with the present pulse,

that is to say, there will be virtually no ISI. This
behaviour is in good agieeméht with theory as explained by

Lucky [23]. Figure 3.10 shows the actual éesign of the

- equalizer used in this modulatér. Random data from the

-sérial—to-parallel converter and mode control logic card are
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fed lnto each of ﬁour predlstortlon equallzed channels. This
data ¥s clocked through the Shlft reglsters at a clock rate
Lo . ’v

of 64 kHz. The aggregate of the welghted sum of the output ~(\H\\§M/
of each fllp—flop is passed through a decoupllng and level ~
‘shlftlng capacitor to the channel premodulatlon LPF 'The

actual de51gn of the predlstorter 51mply 1nvolves cascadlng a

number (ln‘thls case 4) D type tllp_f;ops A we;ghted summing

network isllntroduced at the output of 'each fllp.flop.between

the Q and Q as shown in Flgure 3 10. The aggregate sumlis

taken by addlng the output of - all fllp flops together through

(the summlng network,. leen the input data shown in Flgure

3.ll(ai to a‘prediStorter, the output data shown in Figure

3.11(b) resuits when.the taps (i;e.,_the l'K pots)- in the 7 _ "__Y’

: . ' ~. : ; D o
- summing network are adjusted, as outlined in Appendix D-.
- . . > ) L. . C- - . . c } .

. =
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Figure 3.10 - Predistortion Equalization C
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(a) VERTICAL: 1V/div S (b) .VERTICAL: 1V/div
HORTZONTAL: 2us/div : HORIZONTAL: 2us/div

(¢) VERTICAL: 20mV/div o . () VERTICAL: 20mV/div
HORIZONTAL: Sus/div ) ;

HORIZONTAL: 2us/div

Transmit & Receive LPF cascaded Tx and Rx LPF cascaded

Figure 3.11 - Photograph of Measured
' fa) Undistorted Data
{b) Predistorted DPata ’
(c) Eye Diadram Before Equallzatlon
- (d) Eye Diagram After Equalization
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The‘photogrhphs in Figure-B-ll(ai show the uﬁdistortéd‘

infinite- bandwldth data whlch is fed into channel 1. of the

%

‘equa;;zer, Figure 3.11(b) shows the predlstorted data at the

input to the BPSK1 channel filter, Flgure 3.ll(c) and 3.ll(d).

show the eye diagrams before and. after equalization.
Camparing the latter two pictures, it is seen that the
vertical eye'opening'improves from 50% to 100%.,. This

. : . & , ‘ o . :
increase in the vertical eye opening will account for a

significant improvement in the probability of error

perfofmance of the modem..
: =

It is clear,. that predistortion equalization improves

the performance of the modem as seen from the eYe diagrams.

The amount of improvement in ‘the P(e) pe$§9£§§hce will

be shown, in Chapter 5. Further discussion of the equaliéer \
tap setting is presented in Appendix D.

3.5 Premodulation Data~Conditioning and Filtering

The operatlon of this modem in elther of the BPSK, QPSK

or APK modes renders premodulatlon low-pass filtering (LPF)

more suitable 51nce only one set of fllters and equalizers &

néed\ﬁ? be designed to handle gata at a rate of 64 kbaud. If

A~

post modwu ion band-pass filtering (BPF) were used,
additional probiems Yould arise from ghe difficulty of
ﬁeeting.the requirements for BPF symmetry. This problem
would contribute a further degradation in the overall system

P(e) performance. Since premodulation' and post-detection

W
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LPF s are equ1valent to post-modulatlon and pre-detectlon

BPF's (1} as explalned in Chapter II, the former set of

fllters ‘have been employed.

In this work, the filters-héve not'beén designed with.
‘ .

x/sinx amplltude Shaplng and raised-cosine roll off 51nce'

predlstortlon equallzatlon has been employed. Thus, the

“_proplems which' result from not adhering to these two‘

*

requirements ha;¥ been compensated.for with predistortion
equalization as discussed in Section 3.4. The filters used
here are modified Butterworth filters of fifth order. For

transmission of 256 kb/s of information in the’ APK mode, a

-theéretical speétral efficiency of 4 b/s/Hz is expected since

. C‘—‘- . N ui
this is a l6~-state system. Thus for APK, QPSK and BPSK which

L
are. 16, 4, and 2 state systems a theoretical spectral

iefficientg of 4,\2, 1 b/s/Hz is reallzed respectlvely ‘There
- are, therefofe, 4, 2, and 1 bL@S in symbol transmitted at
:.baseband. Thls means that 256, 128 and 64 kb/s of
"1nformat10n can be transmltted at a rate of 64 kSymbols/s for

.the:APKf QPSK-and BPSK modes respectlvely, Nygquist's mlnlmum"

‘bandwidth filtering allows. for a transmission of 64 kSymbols
. ST P .

of information in 32 kHz of baseband bandwidth. The transmit

médified Butterworth LPF's are designed to be 6 dB down atw32

kHz. The objective here is to design the Butterworth LPF in
conjunction with premodulation equalization such that the

x/sinx and raised-cosine channel is approached at 'the

b

- by
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. Nyquist's cut-off frequency. Before explaihing.the actual.

filter design, we shall trace the signal to the iﬁput‘of.the

PF. ‘ |

A fLﬁ\\ Figure 3.12 shows tﬁe data conditigner and ﬁPF. Thé
| prediétorted dataliS‘conditioned for filtéring and mixing by
tbe conditioning circuit which consists of a cépacitive

buffer attenuator at the input along with!a buffer driver at

50K ' B ‘ 220% 1K
i L.
‘1 10K r/ ‘
" sowr - enz036 |
rRoM 1000 pr
TOUALIZER _y il
: $1n
~0oLT
) 1.2% ~F oo 1.3%
BUFFER
Anp G : : ‘ ]
/nrrent -15
e HODIFIED BUTTERWORTH-
. LPF Sth ORDER BUFFER DRIVER
. TO MIXER
y IF INPUT
[ o

%

Figure 3.12 —'DaEafConditioning and Low-Pass Filter

-

the output of the LPF. The capacitor level shifts the signal
so that its aver%ge value ét the input of the buffer
attenuator is zero. It also provides D.C. isolation. The
buffer isolates the capacitor fr&m the attenuator amplifies
which controls the gain of the filter, thus controling the

level of the band limited data at the signal input of the

™
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mixers. The buffer driver provides the necessary. isolation

' . 56

of Ehe filE%rrfrom the mixer and also the required signal
power to drive the‘mixers. One of its most important
functions iswto provide an impédance matching of 500 to the
mixer infermediaté freﬁuency {(IF) ports. A hote.of;worth is
that the D.C., blocking capacitor at the‘éﬁffer output [24]
must be large enough for a héximél lqngth sequence to pass

through. it with little low frequeqéy distortion. That is to .~

. say, the frequency f' of a 215-1 maximal length sequence

at 64 kbaud is

_ 1 L 1 _ L
f' = = . = 15 T = 2Hz (3.1)
{2°-1).symbol (27°-1)64X10

. duration

Thus the capacitor must pass a 2Hz signal free from
distortion when terminated in a 50 2 impedance.  The required
value of capécigénce ¢ is given by

g ‘

.

c ==t =4t

27RE  127X50X2 = 1500 U F (3.2)

Using a capacitor of value 1000 1 F-yields a 3dB attenuation

at 3Hz. This means that there is-virtually no low frequency
distortion to the signal given the_.above sequencé& length and

symbol rate. If this rule is not adhered to, degradation of



‘Tables 3.2 and" 3.3 respettively.

the eye dlagram results which contrlbutes to a reduced P(e)

performance [2}. We have traced the 51gna1 to the 1nput of

the LPF and dlscussed the 1nterface +to thée mixer and LPF i.e.

the buffer drive.

-

We now dlscuss in deta11 the design of the

LPF.

3.6 ‘Low-Pass Filter Désigni
| The computer was used tb;analyze the amplipude'azg.phase
reSpon§e of the filter before it was.iﬁplemented [25]. The
application of this program,'Eiéqtronic Circuit‘Analysis‘
?rogram (ECAP) is outlined in AppendixlII. The magnitude and

phase responses obtained from the analeis are tabulated in,

Table 3.2 ;
ECAP MAGNITUDE. RESPONSE
Frequency (Hz) Gain (db)
N : : 10 7.9
| \\ . 31.6 7.9
S 100 7.9
| : 316 7.9
| 1K 7.9
{ 3.16K 7.9
\ : 10K 7.7
N 17.7K 6.75
31.6K 3.1
32K 2.9
. 538K -15.9
100K ~-40

.
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Table 3.3 o
.~ ECAP PHASE RESPONSE
Frequency Hz . B Phase (deqrees} &
. 10 , - .06
31.6 | - .19
100 L - .62
316 . - 1.9
1K: ‘ - 6.2
3.16K SR ~19.4
10K -61.7
- 17.7K - - 111
31.6K - 213
- 32K " . = 315
56K - 324
100K - 340

~

' The Bode magnitudé and phase responses of the final
filter are-plot§ed in Eiguré 3.13. This ‘figure shows that

ﬁzthe.filters have significant group delay at the band edge as
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Fig. 3.13 - Bode Magnitude Phase Response (E.C.A.P.
’ Analysis) and Group Delay Measurement

-can be seen from the figure (remembering that group delay is
given by do/df). The ampiitude response is flat, 6 dB. down
at 32 kHz and rolls off at 30 dB per octave. The attenuation
fér 30% excess Nyquist (o = 0.3), which is at 41.7 kHz, is
approximately. 18 dB. .The problems withAamplitﬁde and phase

response have been adequately compensated for with

K
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. predisto;tion as discussed earlier. The above computer

. evaluation shows tﬁatxthis|filter will-perfo;m adequately‘as
a first approximation. The final realii&;ion of this fiiter

o S is'shpwh‘in Figure 3.15. 'The folléwing outlines the filter

hl

design procedure.

The generalized response of a Butterworth LPS is given

by [26]. .
: o Avg v ' B

\\ : A,(s) ?'§;T§T ' L (3.3)
% where . | -

Av(s) is the magnitude response 6f the circuit.

Avg 'ié the response gain at DC.

Bh(s) is the Butterworth polynomial. E -
By modifying.the response of an operational amplifier in o
accordanee with equation {3.3), it is possible to obtain é*

‘low pass-filter of order n. For the second-order case where

- s

n=2, (3.3) takes the form given in equation (3.4) below.

A _ Avo . "
v{s) = ) {3.4)

(RC)%s? + 2k(RC)s + 1

where
RC = 1/uwg.
k - damping factor.

Wy - angular break velocity.

-~

The denominator of (3.4) is tﬁe polynomial of the generalized

second order system with g replaced by 1/RC.
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. Considering: the first stage of the 'circuit Figure 3.14,
‘and applying ideal op-amp theory, it is known that th%}gain

Avy is given by
Avg = 1 # R'/Rl

If the values Zl#Zz:R ana‘23=24=c in Fig. 3;14 th%n
it can be shown after some manipulation that

..
LN
=

| | o - o
A _(s) = Av — (3.5)
v % (rRoyZs? + (3-AvjIRCs + 1 - :

. N : ) .
- Comparing (3.4) and (3.5%) we see- that

2k = 3 - Avg  due. Avg = 3 - 2k - (3.6)

s;'J

o

Fig. 3.14 - Second Order Low-Pass Filter.

By cascading two second order low-pass filters using

idénticél,R's and C's and adjusting the gain Avy such that

M
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the coeff1c1ents of the Butterworth . polynom1al are - satlsfled
‘we can obtaln a 4th—order Butterw0rth Ellter. For a 4th—

‘ order fllter, the Butterworth polynomlal [26] is

-,

- S - first stage” - -second stage -
C ‘ E polynomial .polynomial -
By(s) = (s? + 0.765s + 1)(s” + 1.8488 + 1) (3.7)

thus QiTiz}lows‘that we need two stages of galn. Comparing
(3 7) (3 4) we see that 2k O 765 and l 8488 for the

first and second stage‘polynomloals. stng equatlon (3 6),

the gain of the first ‘stage is Avyy = 3 = 0.765 = 2.235°

and. the stage Av02 = 3 = 1.849 = 1.152. Also,'sihce g
Avgy %’; + R'/R], we have for the first stage Ri ¥'12K
v and Ry = 10k for the second stageLR2 = 1.5k Q@ and R2 =
10k 2. |

' For the requ1red fllter, fg = 32kﬂz;

o1

‘RC = —L——  let R = lkq, then - o (3.8)
7. 27x32x107 ' et
C.= 4.70F .

- An addltlonal pole was inserted: at 32kHz to convert this 4th—?”
order Butterworth fllter 1nto a. modlfled 5th order fllter and
[Ye) lmprove its attenuatlon propertles.- 'a?d C' é@dlfv the
Butterworth fllter such that a roll at 30 dB per octave and

o an attenuatlon 6 dB at the Nyqulst frequency is obtalned. This

s



implies. improved ectral gffiCiencY:- Thé final circuit is

ure 3.15. The_magnésadgfanq-phasé,re3ponse as -

shown in

obtained from laboratory measurements for this filter

~conforms with the results of ECAP AnalYSlS which is shown in

Appendxx_II. Bandllmlting the data by passing 1t through

o —— AN — , o
‘ﬁghgf l—\\\ii; ¢ R _
. o . %Ry )
. r v - Vo
) .0047 WF—= ¢’
0047-|~ 00&7 . I 7
‘ - ~—
Fié 3.15 - dified 5th Order Low Pass Butterworth - . S
- %lter fp=32KHz. o TN

%agfﬁms

‘the mixer

his modified Butterworth LPF resulted .in the éye

own. These eye diagrams were taken just bef

~at the IF poftr~
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| recelved eye dlagram as measured just before the threshold

: responses are dlrectly respon51ble for the spectral

From Flgure 3 16a and 3 le, it 1s seen that the eye 1s

‘5_: approxlmately 100% open. 'However, after demodulatlon, 1t may

He necessary to adjust thls transmlt eye such that the 3

)

BN

‘L__comparators is max1mally open.. T%ls may b% necessary because‘

fof addltlonal group delay 1ntroduced by the recelvertllters.

@

“The adjustments are accompllshed by changlng the tap posxtlon

Al

'on the predlstortlon equallzer. These bandllmltlng fllteﬁs

. are responsible. for—spectral shaplng and thelr attenuatlon'

effxczency of the modem. o {‘“ ) - -.. B

3.7 Base Band Transformatibn to an'Intermediate Frequency

The band limited 64 kbaud data is: now passed on to the

':1ntermed1ate frequency (IF) port.of a double s1deband-

sugﬁressed—carrier (DSB—SC) alanced modulator.  The carrier

at a frequency of 1 MHz is fed into\the local osc1llator port.

and is modulated in accordance w1th the data at the IF port.

The modulated BPSK output is obtained at the Radio Frequency.
- i

(RF) port of the balanced modulator. his is shown in Figure

3.17 .and the associated circuitry ip/Figure 3.18. -

-3

S

i 4
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Verﬁical:-ZOOmV/div

Horizontal: 5 us/div

, : Figufé'3.l7 - Modulated BPSK Output Channel
Figure 3.17 is obtained on the oscilloscope by feeding the
T ‘ ‘
: modulated signal to scope ‘input while triggering the scope

from the symbol clock available at a demodulator output

»
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- Fig. 3.18 - Double-Sideband-Suppressed Carrier Balance
Modulator with LO Buffer. ~
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port. The modulator used here was chosen*to glve the best
performance with respect to 1solat10n between Local
Osc1llator (LO), Intermedlate Frequency (IF) and Radlo
Frequency (RF), 11near1ty, conversion loss,.and conversion
compre551on at a LO drlve frequency of 1 MHz. Elaboratlng,
klsolatlon 1s a measure of the circuit balance w1th1n Ege
mlxere, i.e. how well the diodes and transformers are
matched. The pigher'the‘isolation, the smaller the amcuht'of
"leaka&e" or feedthrough between mixer portsfﬂ Maximizing the -
iso%aticn enables less distortioa in the RF curput.v Thef |
isolation of the mixers selected is in excess of 55 B
Between pcrts." High isolati berween mixer ports is also

important because it improfes the performance of the’

- modulator by‘reducing the channel—to-Q;channel crosstalk.

By the“ﬁrocess of modulhtion, the signal-cu the IF port is

translated to a higher centéy frequency. This process

inherently introduces distortion because of the nonlinearity

of the diodes. One measure of thRe degree of nonlinearity'is
* 'thé two tone third order interfggulation distortion [27]:
For further details on mixing refer to Appendix C.

We have completed the ,description of the design and
) .\_ﬁ =

implementation of one BPSK channel. The remaining three

parallel BPSK channels are de€igned in the same manner.

f

\ Figure 3.19 shows the coﬁflguratlon used in combining the
%

four BPSK channelslto form two QPSK and -one APK channel. As

can be observed from this figure, data from the I channel
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.Fig. 3.19 - Final Configurét}on for APK Generation

enters ﬁhe IF port of the mixer, the carrier after passing
Ehough a buffer amélifier which provides the necessary
current dri@e and impédanpé matching eﬁters.the LO port. The
modulateg RF output is sentito the primary combiner where it
is.passéd directly to the secondary combiner if BPSK 1 is
selected. If QPBK I or APR was seiected, the I channel
output is combined with data from the Q channel whichﬁﬁ
modulates a, carrier phase shifted by ninety degrees with
respect to the I channel. This carrier is also passed

. T,
through a buffer amplifier for the same reasons as stated



“above. Similar circuitry exist in the dPSK II modulator. '
' ‘; “The modulated 51gnal from QPSK 1 is sent to the secondary.
combiner where it 1s vectorially added to the ocutput of QPSK
v 11 which has been attenuated by 6 dB. ThlS results in a modem
"16 state 51gnal state space diagram shown in Figure 3 20.
The resultlng spectrum of ‘this bandllmlted modulation

o - \ . :
process is presented in Chapter 5 where the evaluation of the

,l
modem performance is introduced. : /
* .
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Flgure 3’20 - (a) Vector Diagram Output QPSK I
(b) Vector Diagram Qutput QPSK 11’
(c) 16-APK State Constellation .
Diagram

W

3;8 A Discussion of the Sixteen-State Constellation Diagram

i

The above figure shows the l6-state signal constellation

diagram for the modem. This is generated by vectorially

e Y

e st et eesm e e e [—————m e -
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adding the four resulting vectors E, F, G, H, of a QPSK t Co-
G !

" modulator output to each of four fesultant vectors A, B, C,

D, {whose amplitude are 6 dB greater ;han EFGH} of a seeond

-+ modulator. By adding any two vectors, one from each

modulator output, a resultant point signified by a dot in the
state space results. Each dot represents four binary digits

(bits of information) cobtained from the two QPSK modulators

in the order Q P I, q, i, where Q, I, represents bits from

the quadratur and 1nphase channels of the high level
modulator, 51m11arly q,\l represents bits from the QPSK
modulator which is 6 dB lower in level. The binary
representation of each dot is shown at their respective\
p051t10ns in Table 3 4, When all combinations’of mutually

exclusive QPSK modulator vectors from the two modulators’ have

. been taken, the signal state space diagram in Figure 3.20

f
results. It should be now apparent that the function of the

modulator is to produce a signel\which has a state
constellation as shown above. EEEE_EEiE_flgure' progectlone
are made oRto the quadrature axis for the bits Q, g and four
levels each~£f which fepresedgﬂtwo bits résults. The

correspondlng levels and bits for each of these prOJectlons

are also given in Table 3.4 under the column Q axis (level,

bit). Doing a similar projection of onto the I axis of bits

PR

I, i results in four similar levels with similar binary

representations. This is shown in the row designated I axis '
, _ e
(level, bits) in Table 3.4. > ' _ #
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Table 3.4 SR

BINARY REPRESENTATION OF CONSTELLATION DIAGRAM
~ WITH I, AND Q LEVEL/BIT INTERPRETATION SHOWN.

L)
e

Q Axis

Level Bits' 0 i q i QI g i Q!I g i Q I q i
4 1 Lo 10 10 11 11 10 11 11
3 o0 10 00 10 01 11 00 11 01
2 0. 00 ‘10 0411 01 10 01 11
1 oo 00 oo 00 01 0w o0 o1%0y
1 Bits 0 0 0. 1 1 0 11

Axis. Level 1 ‘ xé ‘ 3 4

-~
[

The demodulator demodulates the incoming signal along

“the I and Q axis, thus generating a four level baseband

signal which signifies the binary representation given in the,
table above at each level. This is true for both the I and Q
channels of the demodulator. Further processing yields the

transmitted data. A signal state space diagram as measured

» .

at the input to ﬁhe threshold detectors is shown éi Figure
3.21. , o



Figure 3,21 - Measured Signal State Space Diagram

This si?ﬁaf state séacé diagram is obtained by taking#
the sig;al from the I and QO chaﬁnels éf the demodulator after
filtering, using the I"signal to diflect the x plates‘and the
0 signal to deflect the y plates. ThHe amount of dispersionu
of the dots Enlthe state spdce ié afn indication of the amount

of ISI present [28],.
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ON THE DESIGN OF THE DEMODULATOR’

)

1

4.1 Introductlon

-

The 51gnal orlglnatlng from the data source is modulated

~and transmltted through the channel where it is exposed to the

AWGN adjacent and cochannel 1nterference. These corruptlons
to the transmltted signal are a major contributien to the
degradation of system perfo ance. This. 1mpure 51gnai
arrives at the demodulator input in a form whlch is condhcive
ko demodplapion by one of twoimethods namely,\ the |
remodulation-substraction or the four-to-two level slicing
method; In the following: we first compare the two metheds'
in oréer to enabié us’to make a decision as to which apﬁroach
to follow. Figure.4:1l show the block diagram of the |
remodulatlon-subtractlon demodulator [29]

A
The incoming l6-state APK signal from the channel passes

| through a QPSK demodulator ‘and the digital baseband signals

corresponding to the I, Q channels of the modulator are
generated at ports 11 and 12. These-basebahd signals.are
used to remodulate a QPSK modulator whose output passes -
through a subtraction circuit where it is subtracted from the
original incoming 'signal. The resultant signal is passed '
through another QPSK demcdulator which extracts the baseband
data corresponding to the i, g channels of the modulator.

Il

These appear at ports 13 and l4. The data at ports 11, 12,
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rFigure 4.1 - 16-APK Rémodulation450btractioQMPedeulator (29}

13 and 14 are passed thfough a parallel-to-serial converter

in order to obtain the original data. In' theory this method

%

' works well, but thgre are some severe practical problems with
it at the frequency of operation uéed_in this-work{ Firstly
there is a significant delay between the:in¢oming signal’ and
the remodulated §}qn§l at the input to this subtracéion

N cirduit.. ExadE*dGﬁpé%~ation for this analog delay is

‘difficult. ﬁSecondly,Lthe error performance of this method
WO appear to be sﬁboptimaL because any errors at ports 11

f;ﬁd'l would be traﬂsferred to ports 13 and 14 through the
subtraction circuit resulting in overall syéteﬁ degradation.

Thirdly, it would be diffilult to adjust the amplitude and
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phasé'chapééterisﬁics of the two signals being subtracted

-such;thét_ifﬁigh fidelity signal results. Finally, because

of the cirfuit complexity, and the required timing precision,

implementation would‘be rather difficult. 'For‘thesé reasons,

this method of demodulation was disquali%ie@#”-The‘fou; level-:

 to-two level slicing method to be described next was adopted.

- N
s - . v 1 v -
L ‘ :

. o \
4.2 A Macro View of the Demodulator

N Ay

The component yectors comprising the signal state space

-

diagram of Figure 3.21 are shown in F@gpre 4.2.



mprger

Lo

L g TSy

LA

w-q:..-..‘—_:,-.,..‘—_-*.‘..._ R T o B T, __ .'_».‘._.:...',._-‘.,'.-...‘. fe el " - e it S
.\‘ﬂ’“;;f{ﬁ.§§4., N T AT
e N : z "
‘ 76
3
.1
‘L . '. ) l_ o . ! _.“ . : ] . } . ‘ . .
) . . . - " . ) . . . . . Q ll ‘ ‘ . | :
.ﬁﬁ§ . ' S o~ T . _
. R : ' . ) ' ' . ) . -L' .
.o . . A10
s .
N . :
& < — -+ I Cy
LA
11 10 0l 00 :
- oyo01
N\ N -
Y 400 °

\
Flgure 4.2 - 16-A
Diagram.

al’StatehSpaee Component

g The horlzontal and vertlcal axes represent the I and Q
channels respectively in the demodulator. As can be seen
from the figure there are four levels on each axis, thus
after detesEiPn a four—level eye diagram w111 exist.

» Decoding of ghe 1nformat10n in the eye dlagram will yleld the
transmltted information. This 1s the ba51c.phllosophy.

A block diagram of. the demodulator is shown 1n Flgure
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The modulated fignal arriving from the channel is split and

demodulated in the I and Q channels by two DSB-SC balanced

modulators whose LO ports are driven by a coherent carrier’

- and itg}quadrature component réﬁpectively. The excess

carrier qu any harmonics resulting from multiplication

(demodulation) are removed by the LPF to which the

-

demodulated signal is fed

g
.

. At the output of the LPF there is

.
5

DATA OUN
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a four level éye diagram. lBy using a three bit slicer, the

- four levels are used to obtain a data pattern which is rich

in data transition jitter [30}. This jitter is removed by a

flip-flop at the outpﬁt of each slicer since the flip—flop
“ _ | . h . 2
changes state only when the symbol clock leading edge

transition is present. The regenerated data is fed into a

ldecoding‘légic network where the data is’placed'in the proper

chahnel sequence as was transmitted. The decoding logic also

~determines and routes data to the correct channel when ahy of

the four BPSK, two QPSK and APK modes are selected at the

.transmitter. Finally, the data is parallel—to—sefial

converted and clocked out of the demodulator in serial form.

A more detailed study of the democdulator. follows.

4.3 Detection of the Modulated Data

. The detectors used are the same type of double balanced’

L3

modulators as was used for modulation.. However, the

connections for detections are as shown in Figure 4.4.
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1 MHz CARRIER

Figuré 4.4 - Connection of ‘DSB-SC Modulator.for Detection

The mathematics.of‘detection ¥s explained in Appendix C.
Here the suppressed carrier is reinserted and beats with the
modulated 51gnal to glve a tarnlshed repllca of the
bandlimited data. This repllca is shown in Flgure 4 5 and is
passed through a LPF to remove unwanted signal components.
The circuit de51gn for driving the mixer is the same as

'dlscussed for the modulator in Chapter ITI. .
b J
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Vertical: 200mv/div

Horizontal: 5 US/diVI

Figure 4.5 - Tarnished Bgndlimited Data at I Port™

-

4.4 Harmonic Sdppression Using Low-Pass Filtering

The design of the Lﬁf ig done keeping in mind the trade-
off between noise.bandwidth, intersymbol_and adjacent channel
interference. The filtérs used are modified Butterworth's of
fiéii order. The design is the same as discussed in Chapger
. otIT except that the 3 dB point is at 37 kHz instead of 32
kHZ. This relaxation of the filter poles Qield a 3 dB
improvement in ISI and a 1l dBHreduction‘iﬁ SNR for a net gain
of 2 dBR improvement in P(é) performance. Passing the .
detected data (Figure 4.5) through it yields a clean v

bandlimited data eye pattern as shown in Figure 4:6.

7



Vertical: 200mv/div

Horizontal: 5 us/div -

o
-

Figure 4.6 - Eye Pattern of 16-APK Data at Slicer Input

The data are passed.to the slicer input where the bandlimited

baseband data is reshaped., The circuit diagram is shown in
Figure 4.7.

‘Here again, the circuit design of the LPF's and the
circuit diagram of this filter shown in Figure 4.7 are the

same as in Chapter III with the exception of the value of the

capacitors that control the break point. Thus relaxation of

the filter poles is achieved by using 0.0043 uF rather than

0.0047 u F capacitors, resulting in a shift in the 3 dB -
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Flgure 4.7 - Receive LPF, and Slicer CerUIt Dlagram o,
for I and Q Channels _ - : _

4.5 Four—to—Two Level Conver51on in the I and Q Channel

Data from the slicer outputs in the I and Q channels
passes to the decoding circuitry which reshapes and converts
it from four levels to two levels. Flgure 4, 8a shows the

four levels on the I and Q channels along w1th their binary

‘representation, voltage values, and three threshold levels

ABC above and below which the respectlve comparators change
states. Since each level in the eye pattern represents two ‘ —

bits, a three bit slicer is used to\decode these levels. The
B

associated circuitry and level diagfam is shown in Figures

!
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- 4.7 and 4. &a respectlvely.x Addltlonal 1oglc 01rcu1try as shown E}TW
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Table 4.1 shows the truth table for a 4-to-2 level converter.

Here, ABC, PQR and XY, UV represent the thresholds of the



f ur—level eye dlagram and the two-level outputs of theu

‘four—to-two level converters in the Q and I channels

respeqt1Vely

Table 4, 1'

R 4 2 LEVE:L CONVERTER TRUTH TABLE I AND Q CHANNELS

'1": f\-l Lo "°-‘i”-ﬁ 5: Outputs L
""" . N at 4-2 level conyerter .
‘ ' binary
‘1nputs at sllcer ' representatlon‘
A,P -j‘_‘BEQ . C R - level X, 0 g V.
' ' : ‘ . LT
. -0 0 '0 1 0 0
. 0 0 1. 2 0 1
0. 1 1l . 3 1 o -
1 . 1 B 4 1 1
A |

" From the slicer outpufs it is seen by‘oomparing with" the

“slicer inputs that

X "U

Il
(s}
I
e
+
. -
%

Y,V

i
&
+

A
no

a
P

Figure 4:8b and 4.9 show the inpiementation of these .
famy functlons at the output of the regenerator. The outputs X, U

and Y v must be processed further as: shown in Figure 4 9 in
order to realize the proper order and 1dent1ty of the

4

ransmitted data. Thé outputs X,Y'and u,v represent those of.‘

he 4-2 level converter found in the Q and I channels
respectively\\‘Elebospting, Xor ¥ represents a transmission
from channel Q or q respectlvely, likewise U-or V is

Sz T
equlvalent to transm1551gn recelved fromﬁfﬂorne/respectlvely.
P :
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4.6 I and Q Cha’nnel '.De'ccd'er'Logic ‘for BPSK, OPSK and APK

"The,'outputs X, Y and U, V of the four-to-two level

converters in the Q and I channels contaln lnformatlon whlch
must be selected and routed to the parallel-to-serlal
converter in accordance w1th the mode (BPSK, QPSK, APK) and
Lchannel,selected atlthe modulator. Referring”to_Figure 4.9
the mode Selector Detection circuitry cetermines ih which
mcde'the ﬁodulacof is trensmitting and sendsgg%e appropriate
| eignal to7the‘Date Routing Logic. Thisllogic_is necessary‘
because under-EPSK and QPSR operation, the data entering the
‘parallel to-serial converter must enter at the most
51gn1f1cant b;t (MSB), and two MSE p051t10ns respectlvely 1f
the data transmltter and that received are to be compatlble
The operatlon of the Q and I channel 4-2 level converters
have been explalned above. The remaining c1rcu;try adjusts
the rising edge of the sampling‘clock so that the position of
thejsampling.instant can he adfusted mahually.to the point of
maximum eye opening. Delay ﬁrim-circuitry is aleo included
“tolcompensete for prcpagation delays in the Eransmission of
the data.
“The chahnel decboder logic circuitry collectively clocks
the fouf channels Q, I, q'andni through the parallel-to-
serial converter in synchronis in © er to generate a serial

data stream. The bit rate of this data stream varies from

.64, 128 and 256 kb/s when the BPSK, QPSK and APK modes
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respectively are being transmitted. - L

We have dlscussed the de51gn of the modem and are now in

-

a p051t10n ‘to evaluate its performance 1n the -presence of
\

AWGN and 1nterference. oot
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CHAPTER V. :Vﬁ"
- ' \
'EVALUATION OF MODEM PERFORMANCE

i .

A oo ' S : _“ - . .
5.1 Introduction - . o N

At the present time, theée is qnlylone commercially‘lﬁ
16-APK system reportéd by Farinon Canada. Al;hough ' :'
experimentation and studies‘a;ebbeing cérried out by
companies sth'éé Farinon, Bell Ngrthefn Reséarch,,BeLl
Labogatories and the Centre Nationale d'Etudes
Té&l&écommunications ﬁaboratory in ﬁrance, the measUred
performance of 16-APK modems as reéérted in‘the ligeréture
has considered only the AWGN environment. Of importance, is
the case where spurioas_signals-or interference fall in the

band of the desired sighal. Such cases can be well simulated

3

with inband SI of various peak factors, bandlimited

Co-Channel Interference (CCI) and ACI. These cases should be
of special interest because of the preéently‘congested

-

-frequency plans where adjacent channels are closely spaéed.
Tﬁe sgectraf performance of the model will be evaluated
with the aim of obtaining iEs»spectral_efficiéncy, that is to
say,‘the number of bits per second that can be transmitted in
one hertz of Fadio frequency bandwidth.
Thenperfa;;aqce of this modem in an additive‘whiﬁe
gaussian noise and interference environment will be evaluated

with it operating in the 16-APK mode only. This evaluation

will compare its probability of error performance as a
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. functloh of carrler to noise ratlo (CNR) "’ and signal to noise
ratio with theoretical curve51‘ These comparlsons are for ‘the.

_case where the modulated l6-state 51gnal is perturbed.by
Addltlve thte Gau551an Noise (AWGN), Slnu501dal Interference-
(SI), Co- channel (CCI):and Adjacent Channel (ACI) . T
interference as derived from a bandlimited BPSK“modulated

-

interferer. Although a limited amount of theory on

interference for 16-APK exlscs [31, 32), there has been very

little atrention paid . to relating these theorles to practical

results in a complex noise and interfenence.environment.

This;probiem.has been successfully tackled here and\
hypothesis'have been.suggested to expla?n certain
cohservations. fxplanations have been given as to why some ..
th@oretlcal upper bounds have~been V1olated with respect to
probablllty of error performance under certaln conditions.

An inrdepth study of BPSK or QPSK is not glven.here as

ﬁhese have been well documented in the literature. However,

e § the P(e) performance is given for these systems only in the
case where the pertubatl .to the modulated 51gnal is AWGN.

e

5.2 Spectral Performance

Tlght Fpecxflcatlon on spectral out-of-band em1551on and
constraints on spectral efflclency have been set by the
Federal Communication Commission (FCC) in the United States
and the Department of Communicatins (EOC) in Canada. These
apply to common carrier radio systems in the respective .

country. This has forced the transmission engineer to



consider, sometihes'achgseat:expenséﬁjthe prcbleﬁ of spectral .
';shaping: _ -’ ‘,} . :
In this: research we chose tc\emplcylpremodulation low
pass filteringkto ensure spectral shapihg which wculd‘yield‘a
spectral efficiency 1n excess o§’3 b/s/Hz. |

The power spectrum of a 16~ APK signal is given by

5 A 51n1rT (£- f ) 2

S(f) = 5T H(£) . - =T (f ) < : (5.1)
L . S c .

. . N -

where ‘H(f) is the transfer function of the premodu}stion

low-pass filter,

+

A amplitude of the modulated 16-APK signal;
Ts symbol duration, . |
£ frequency of interest,
Ec> unmodulated carrier frequency.

In Flgure 5.la, the measured spectrum of the
premodulated pre flltered NRZ 51gne1 is shown. This is the
case when | H(£)| =1 and fe=0 in equation 5.1 above. When

the random NRZ data. is filtered but not modulated (i.e.%

IH(f)l#l and fc -0 in equation 5.1), the spectrum shown in

Figure 5.1b results. Flnally, 5.1lc shows the modulated

16-APK sjfgnal spectrum which is represented by equation
(5.1). 4

Comparing Figures 5.la and 5.1b,-it is seen that the
first spectral null occurs at 64 kHz and that the first side

lobe is attenuated by 13 dB and 32 dB respectively with
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Kbaud, video bandwidth:10' Hz, Bandwidth:l kHz

s

» (&) Vertical : 10 dB/div. (b) Vertical : 10 dB/div.

Horizontal: 20 kHz/div. Horizontal: 20 kHz/div.

¥
. .

(c) Vertical : 10 dB/div. (4}

Vertical : 10 dB/div.

ﬁorizontal: 20 kHz/div.

Horizontal: 50 kHz/div. _

Figure 5.la - Spectrum of Random NRZ Data Unfiltered
b - Spectrum of Random NRZ Data Filtered

c, d - Spectrum of Random NRZ Data Filtered
and Modulated.

L
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respect to. the'main-lobef«.The-lB dB attenuation of the first

1obe in Flgure 5.la'results from the (31n x/x)2 ' =

1
Ld

characterlstlc:of the 31gnal. For the case of Flgure 5. lb,

in addition to the (51n x/x)2 attenuation characterlstxc of

spectrum i urther curtalled by\the fllter

response attenuation,' Thi esultant spectrum is translated

to an iﬁtermediete frequency by the modulation process as in

Figure 5.1c¢. Figure 5.1d also é‘ows the 'spectrum atfiF to

. Ve
give e'clearer pictureuog/the‘side lobe attenuation. In

. ] . / o
order to measure the spectral efficiency of the modem, it

first necessary to define the bandwidth. To dé'this,'two

banaﬁimitéd’adjacent channels of 16-APK modulation shoulg’be

placed jne on either side of the desired channel. Q&i‘

separation betWeen the adjaceht channels should be adjusted

such that they are as close as possible without caesing“
errors in the desired channel. The bandwidth needed to e

¢calculate the spectral efficiencyksSuld then be calculated.

_However, this method is not poss}ﬁle since the necessary

modulators are not available. As an alternate. method, which
also gives spectral efficieney of the modem, the spectrum
shown in Flgures 5.1c and 5.1d was. translated up to 6 GHz.

The bit rate was translated and adjusted to fit w1th1n the |

Federal Communicatiohs Commission (FCC) mask for an
_authorized bandwidth of 30 MHz. This is a valid approach . °

.because the FCC mask waswdesigned such that any spectrum

-

fitting within,it, automatically satisfy adjacent channel

\
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i

«___.._emission requirements, - . _— i -

~

The transmit spectrum~{Figure 5.1¢) is normalized with

respect to the bBit rate_és follows

re f, - normalized frequency
f - a frequency componen£ from Figure'S.ch : d

‘\ fp, - bit rate (256 Kb/s)

The,éttenuation of the spectrum is unchanged. Table 5.1

gives the relevant values for the normalized spectrum and the

; ] Table 5.1

NORMALIZED TRANSMIT SPECTRUM WITH TRANSLATED FREQUENCIES

Normalized T Translated

Frequency (£ ) Attenuation Frequency (f ) MHz
) n dB ' £ ¢

0 ' 0 . ) 0 -

.0781 ‘ 1 7.9 .

.0976 3 9.9

L1172 -7 12.0

.1562 ' 15 15.9

.1953 27 19.9

.2188 35 ’ 22

.2344 _ 43 .24

.2734 46 27.9

.3125 ‘ 45 : 32

.3906 . 51 - 39.9
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-t;énsla;qq fqudéh that

¥

/ _ wheréAfs is "the bit rate'traﬁsmitteq in ;P? authorized
‘banGWidth. This rate is fg = 400 x fbl= I62.4 MEVS and

. was obtained using equation 5.2 below. This bit rate is

" eguivalent to_lG—APK moduiatiéqiusing four parallgl bit
streams éach‘ofk25;6 Mb/s. These bit streams would be usea
io modulate a 70_MHz carfier which-would Bé converted to the
6 GHz band. . This procéss wodld yield the spectrum in’ Figure
5.le. It is clear then, tht_using this scheme, there”Would

be no problem in fitting two scrambled DS-3 signals in 30 MHz

A(f) a8 = a :

: T FCC ENVELQPE FOR

=30 { 30 MEz AUTHORIZED
{ BANDWIDTE

TRANSLATED
16-APK SPECTRUM
102.4 Mb/s

1 1 ] 1 L 1 1 1

1 (f4fc)MHz

-50 -40 =30 =20 -10 O 10 20 *30 40 50

Figure 5.le - FCC Mask Applied to Translated'lﬁ—APK
Transmit Spectrum i
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of bandw1dth where each b1t stream nee@ only'be at a rate of

22.5 Mb/s. . ‘ .

14 'r-"’ N

To fit the spectrum within the FCC mask, 'it_was '

necessary to determine the maximum possible data .rate R.

This was determlned to be 102.4 Mb/s using the followlng

equatlon [43]

A(£) = 10'log) 44000 +)10 log);S, (£) - 10 log),ByR (5.2)

- power in a 4 kHz band per total power,K - )
Sn(f) - normaiized power spectral density of the
_transmit spectrum )
By . - normallzed noise bandw1dth of the transmit
spectrum
R .A‘transmission- bit rate

Thetnarmalized values of Sp(f) are given in Tatle 5.1,
thus, only the normalized noise bandwidth of the transmit
spectram is needed: This was found by integrating the
hormaliaed bandlimited BPSK signal spectrum over ten symbol
intervals and dividing by four since 16-APK is four times as

&
spectrally efficient as BPSK. Thus

- -

5/T 5
' 1 8in = X . 1
B, = = {(~——) —_— dx - (5.3)
N 4 ;/P T X 10
_5/T - (1 + x/.468]

normalized NRZ 5th order Butterworth -
spectrum - filter response R

where T symbol duration .
/

el
X ~- frequency



”_The constant 0 468 in equatlon 5 3 represents the normallzed‘
"3 dB attenuatlon frequency for the bandllmlted BPSK SLgnal
spectrum. Equatlon 5.3 was: solved using the computer ‘and ‘the

valye of By was found to be . o .
B, = 0.185

Substituting for By in equation 5.2 and taking the required

logarithms yielde&

A(E)

i

43.3 - 80.1 + 10 log S_(f) - !

36.8 + 10 log S {£) - | ~ (5.4)

From equation 5.4 it is clear that the spectrum, the
translated power spectrum from Tanle 5.1, should be placed in
the FCC 'mask witn the power of_the center frequency
positioned at the -36.8 dB maskrattenuatiOn point as shown in
Figure 5.le. From this figure it is seen that the 16-APK K
modem has an equivaient transmissien rate of 102.4 Mb/s in

.30 MHz of RF bandwidth. Thus

Transmit bit rate
RF bandwidth

Spectral Efficiency

\

6 -
_102.4 x 10° _ 5 41 p/s/Hz

30 x 10
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Thls is the same as transmlttlng 256 Kb/s 1n 75 KHz of RF oo
.o ‘ N V . Lo v
bandw1dth as was accompllshed in thls research. Wlth regards o -

. to the spectral performance of lG—APK as compared Wlth

"advhnced modulation systems such as B-PSK and 16- PSK, 16—APK

b

has. superlpr spectral performance [34] as compared with a %

‘8-PSK. Elaborating, in order to obtaln the spectral

efficiency required by the regulatory bodies for~certain\
dlgltal microwave systems, the fllterlng requ1red for 8-PSK \
is severe. This fllterlng has been achleved to meet the 2.6

b/s/Hz required-in the 6-GHz carrier band [35]. For this

'efﬁiciency; the spectrum of the 8-PSK radio system fits

tightly in‘the'FCC mask as shown in Figure 5.2. N
. e
t
e —y— s T T
; "“"1“‘ '?Eﬁﬂiuu
—d e L

[ FLR LN

maacanh

™ s ] o 1 ™)
FRECULECT OFFICT (i)

o — ey S 4 e

Flgure 5.2 - FCC Mask for 6~-GHz Band w1th 8-PSK
and 16-APK Emission [35]



‘However, thlS mask does not prov1de suff1c1ent out-of-band

'attenuatlon to permlt satlsfactory ad]acent channel
appl;catlon partlcularly under condltlons of adverse
‘propaQation cond1t10n [35] The superlor spectral

,performance of lG—APK is apparent Sane for the. same spectral

efflclency as- 8-PSK,1tlghter fllters can be used yleldlng

R

L superlor ad]acent channel attenuatlon propertles as shown in

'Flgure 5.2 Experlmental work on 16-PSK has not been persued

with much enthusiasm because of the superior performance of
. : .. ~

16-APK.

Al
L

5.3 Experimental Analysis of Probability of Error Performance

An evaluation of the probability of error (P(e))
performance of the modem as a function of carrier- to-n01se
ratio (C/N) has resulted in P(e) curves which compare well
‘w1th those theoretlcally derived. Tbe theoretical P(e)-.
curves shown in thls section are as would be obtalned from a
theoretlcally optimum receiver when the received signal is
perturbed by Additive White Gaussian Noise (AWGN) in the
.Double Slded NquISt Bandwidth (DSNB)} [6]1. The P(e) curves
plotted for }nflnlte carrler-to interference ratlo (CIR) as
well as those obtained’ for various levels of sinusoidal,
adjacent and CO—channeg;interference were measured in a noise
éandwidth of 74 kHz corresponding to the cut-off frequency of
Ifilters used for a symbol rate of 64 kbaud. Premodulation

fifth-order Butterworth filters are used to curtail the

signal spectrum thus resulting in a loss of approximately 0.6

=



<

. . b

"n spectral power. To compensate for thls, all measured

| P(e) curves’ have been shlfted to the rlght by that amount

T e P(e) performance of the .modem in the presence of -

: AWGN and a single inband sinusoidal 1nterferer is shown in

Flgure 5.3,

For this {and all other) lnterferers, the. peak factor is
measured at .the input to the gtreshold detectors " four-to~two
level converters) since thlS is where the dec1510ns are belng
made. The measured value of peak factor for a single

silrsoid is 3 dB as calculated by the following formula where

peak and rms interference are measured.

‘ peak interference L.
peak factor = 20 log I ] © {5.5)

" 10 rms interference

Figures 5.4 and 5.5 showrthe modem performance when two and

three inband sinusoids interfere with the wanted signal

_respectlvely. For the case of two sinusoids (Figure 5.4) the

peak Eactor was measured ‘to be € dB, 51m11arly, lt was
measured_to be 8 4B for the case of three 1nterfer1ng
sinusoids. Common to the above three cases. is a rightward
shift in the_i(e) curves as the irnterference level increases
{ie. CIR decreasesa. This is expected given the decrease in
eye aperture for increased interference 1evel. VComparing

these cases, it is observed that there is a shift for any

given CIR < = as the number of 1nterfer1ng sinusoids

‘increase. Rosenbaum and Glave [36] showed that an upper

bound in error probability exist for M-ary coherent phase

shift keyed systems which depends solely on the relative rms
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" and peak value of the 1nterfer1ng envelope (ie, the peak

factor). .They showed that

o

) -
Z 21—1(‘1_ [\[—p(o) (.5._6)._“.‘

. Ple)s 3 erfc“[_) + 0:7-

R.'S?.'
o o .
| - @ 2.
_ 2 -t
where erfe(x) _'_Fi/ﬁ e - dt
. X
Y = carrier to noise ratio
- .
P = rz/R;Y = antilog. (-0.1 peak factor)
g + = a positive integer which determines the

numbér of terms in the series -

H ' = Hermite polynominal

"R = peak value of the interference envélope
r2 | = variance of the interference
p(0) = modulated.carrier waﬁe

Equation (5:6) shows that the upper bound on the Pke) of a
”B;pary coherent phase-shift keyed system is a function of the
CNR, represented bny in equation (5.6), therreciprocal'peak.
factor is propofﬁional to p and the reciprocal CIR = R/p(0}).

- Thus, if the CIR== , @ in equation (5.6) is'zero for all

and P(e)=‘l as‘is,expected in the binary case.:. As the CIﬁ
approéches 0 dé the term @ aads to term Q) shifting the P(e)
curve to the right by an amount deé;:gggt on | cig éﬁd the

peak factor which is proportional to l/p. Although Q) is
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.easiiy evaIuated, the sgries has to.bé evaluated by computer

‘and_is not a simplexéask.. This eQaluétion.was,execdted.by |

~ Rosenbaum and Glave and documented on P(e) versus CNR curves

for fixed yalues of CIR and various vqlues of peak factor fsf\-

the BPSK case. A typical set of curves for CIR=10 4B is \
o

shown in Figure 5.6 s

‘\\\ . BB
NEEEEEEENNNNNN
FEEREEEEE NN
HEEEERERER N\

i

Figure 5.6 - Upper Bound for BPSK for CIR=10 dB,
Lowermost Curve PF=0 dB, Uppermost
Curve PF=7 4B Intermediate Curves
in Increment of 0.5 dB PF [36] o

They extended these bounds to the M-ary PSK case by

ﬁégifying the relationship for the binary case as follows.
! "
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9Q " _1'105' .‘ .¢“- . ‘AT
f' N R _ B . : .
P(e) (M-ary) at [CNR=XdB]=2P(e)(BPSK) at [CNR=(X+CF)dB} (5.7)

3 < "? . . B
‘ - "
. . ‘

for a. given C/R(M—ary) = C/R(BPSK) + CF

" where.

CF = -20 logyysin g - . o ©(5.8)

is the correction factor.
For comparison with 16-APK (i.e., M=16), the curves for
ny ) .

'16-PSK using the above rglationships will be derived for a

peak factor of 3°dB.

From equation (5.8) CF

i

20 loglosin %E

14 dB
Thus 14 dB must be added to CNR absciséa, and\to‘each'valué
of CIRlin‘the BPSK case whilé the ordinate is multiplied by 2
with respect to the binar& case to obtain 16-PSK. This is
shown in Figure 5.7. Comparing these results Qith those in
Figﬁre 5.3 it is observed that the 3 dB peak factor has a -
morée degrading effect on the overall performance of a 16-PSK
than it does on a 163APK system.

Ektending this concept to the lG—APg case, we note that
althodgh the theqry has not yet been established, there is
positive correlation between the peak factor o? the

kbiiferfering sinusoids and the amount of degradation of C/N

ratio and hence P({e)} performance of the modem as shown in

Figures 5.3 to 5.5.
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ThlS hypothe51s is further substantlated by a study of

modem performance, as shown in Flgure 5.8, when a bandllmlted‘

BPSK modulated 51gnal centered 45 kHz above the wanted

N
\.

"carrler as in single ohannel per carrier (SCPC), perturbs the
lG—APK//odulated 51gnal.f,The BPSK 519nal conetltutes
adjacent channel 1nterference, i.e. interference where the
~unde51red 51gnai is pzzmarlly outside the passband of the
wanted 51gna1 For this case the peak factor was meaSured to
/hg‘%fﬁ“dB and yielded a P(e) performance which' is better than.

fthégxogtained with three interfering sinusoids where the peak

= factor is 8 4B, but worse performance than obtalned wlth two

Ts;nu501ds where the peak factor is 6 dB. .

More evidence for the acceptance of this hypothesis is
obtaineq by the results obtained from-cofchannel‘inﬁerference
shown in Figure 5.9, The interferer is a bandlimited BPSK
modulated signal centered on the same nominal carrier

‘ frequency as the de51red 51gnal In this case the'peak
‘factor was measured to be 7.4 dB (here the effect of the band
edge on CCI is not as severe as w1th ACI) and the P(e)
Performance of the modem under these condltlons was better
than in the case of three sinusoid where the peak factor is
greater, and woreerthan that of'adjacent ghannel interference
where the peak faetor is less than 7.4 gB.

On all figures showing the P(e) performance of the
modem, two additional curves have been drawn. These curves
rlndlqate an upper bound to the probability of error for the

16-APK system with AWGN and interference as derived by Javed

-
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and Tetarenko [37] They showed that the upper bound for the

average probablllty of error 1n a coherent M—-ary QASK i. e.,

(\\/}

M-ary APK system is given by,

2Apie) s (B expi- 3 ) > (5.9)
4N“-1 2
i : - 1 + Z 2Suk
D
where § - average signal-to-noise“ratio giyen by
s = 4n%-1 .2 | R
e 3 Yd /g 9 ‘ . — {5.10)
n T .
N - an integer such that M=(2N)2
M - number of states in the signal space,
k - number of interferers,
n‘ai - power in the kth interferer,
02 - variance of the n01se, -
d - minimum half distance between any two 51gnai_7
states. |
Substituting (5.10) in (5.9)
a?
(4N"-1 —l) 2
pre) < (21 oyprd(—3— ~ 3 n 1 (5.11)
2N 2 2_ P 2 2
a —
2. k 3 2
k=1 o
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but N = _M/E.

]

~

é for the case of 16-QASK.

Substituting for N in equation (5.11) and”éiﬁplifying

N

1

5 L (5.12)
n 1+ lg::llotftkd /o :

This bound is plotted on Figures 5.3, 5.4, 5.5, 5.8 and 5.9

for CIR of 25 and 30 d4B.

[}

From our results, the tightness of the bound with

reépect to any interferer is a.function of its peak fact
thus, for example, the EIR=30 dB bound becomes pessimistic if
the peak factor of the interferer is greatef than
approximately 7 dB for that léjel of CIR. This is verified

: by the fact that for interfereng¢e with one and two sinﬁsoids
as well as adjacent channel, which all have peak ﬁactors less
Ehan'7'dB, the P(e) performance of the modgm as a function of-
CNR all lie within the bound for CIR=30 dB. However, for
three interfering sinusoids and co-channel interference each
of which have peak facﬁor greater than 7 4B, the bound proves
pessimistic beyond the threshold P(e) of 10~4. The
theoretical upper bound for CIR=25 4B Es ioose enough such
that all interferers considered here have P(e) performance
for CIR=25 dB which lie within this bound. This can be

observed on all figures.
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Flgure 5.10 shows the P(e) performance when the 16-APK
51gnal is perturbed by 51nu501dal adjacent and co—channel

interference. _Thls flgure shows ‘that'a greater degradatlon
in performance should be expected with co—channel than with
adjacent channel interference or a single srnusoid, similarly .
greater degradation results when the'interference is adjacent

channel rather than a eingle sinusoid. This is clear from

" the abobe‘discussion on peak factor.

5.4 &w1tch1ng Between 16-APK and QPSK or BPSK

The quasi-universal property of tﬁe modem 1s
demonstrated by switching modulation techniques from 16-APK
to QPSK or BPSK {38]. This property may be usefu;.because
digital radio microwave systems are expected to maintain a
high Prohability of Error P(e) per formance under varying

propagation conditions. However, there are occaeions when
changing channel characteristics such as fading forces these
systems to fall below tne operating threshold. = It is with
such conditions in mind that we included the.switchable
feature in our modem. Figure 5.11 shows a conceptual diagram

of the system configuration.
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MOD, ¢ . ‘ & o .|+ DEMOD,
VOICE ) , . T _ . - VOICE
TRAFFIC | . FADING _— ] TRAFFIC

"ENVIRONMENT

. Mon. RADIO ’ RAD1O DEMOD,
1 DATA Tx — - ] Tx ] DATA
TRAFFIC Rx Rx | TRAFFIC

‘ ON LINE

ELEC, SERVICE SERVICE PSEUDO
MODE CHANNEL CHANNEL ERROR

~SWITCH MON 1 TOR

Figure 5.11 - System Configuration for Adaptable
Modulation Technique

First we must point out that our system'employs‘manual‘
selection of the operating mode (APK, dPSK, BPSK) at the
modulator ana that the demodulator adjusts automaﬁie;lly to
the mode selected. Automatic selection of the mode is a
topic.thét will be studied as an extention to .this research.
Referring to Figure 5.11, the modﬁlated say 16-APK data
and voice traffic is transmitted through a channel and is

received at some destination where it is demodulated. An

on-line Pseudo-Error Monitor (PEM) [39] is used to monitor.

B i Ll B
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the performance of the system constantly. When pr09qgatyﬁn

conditions worsen such that. the system falls below the

-

threshold P(e) the PEM ‘commands the demodulator directly and

the modulator via the service channel to change to QPSK.
(QPSK requires less signal-to-noise (S/N) ratio than 16-APK

to operate.) ~ The system bit rate is now halved so only the

Jnost iﬁportant digital and voice traffic is carried. If

conditions' worsen still further, or if-initially the
condition for propagatiOnﬂwas very bad, the PEM can order a

further change tp BPSK again Wlth adjustment in data and

voice traffic load. When things get back to normal, the most

effic&ent modulation technique is maintained enabling normal
voice and traffic loading.

. In our system, the symbol rétgﬂiamaiﬁs the same and the
bit rete changes as the modulation technique changes. This
simplifies the problem of filter design enabling the use,of
one set of fllters for all three modulation techniques.

Three sets of filters would be needed one for ‘each

. modulation technique if the bit rate were to.remain constant

regardless of the modulation technique selected. This

adaptive modulation technique may also have application in

-

UHF mobile and satellite communication systems. ' \\\4fﬂh)

Figure 5.12 shows the P(e) performancefof BPSK and QPSK
as a function of energy per symbol-to-noise density
(Eg/Ng) ratio. Since the performance of BPSK and QPSK in

an AWGN and interference environment is well established [40,

¢
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41}, there will bé'ns further elaboration on‘thése hére.f
However,‘Figufe 5.12 indicates tﬁat the'performancé of the
.ﬁodem in both these modes is less than 1 dB away from theory.
Figure 5,13 shows the lG—APK modem with associated
' measurement equipment. Figure 5.14 shows a typlcal control

card hardware found .in the modulator.

“

b
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e S CHAPTER VI

CONCLUSIONS AND RECOMMENDED FUTURE RESEARCH

-

Hybrid modulation schemes are beginning to gain wide ,»

acceptance as the modulation scheme of the future. This is-

because of the increased demand for communlcation fa01lit1es-

__.-"s.../

1ch 1nvar1ably must operate at higher speed ‘in brder to
‘meet customer trafficlrequ1rement.| These demands, whether
met by transmission over cable, satelllte, or microwave

Y

ttansm1551on facxlities result in the reduction of available
bandw1dth and increase the p0551b111ty of adjacentegﬁannel
interference. Under adverse propagation conditions, the

system performance may degrade below the threshold

rprobabliity of error causing’ system failure.‘ With these

points in mind an experimental research program including the

design and implementation of a modem empleying'a hybrid
16-APK moduiatidn scheme was carried out. .This schéme was
chosen over simiiar,moduiatic schemes such as 16-PSK which
yield a theoretlcal 4 b/s/Hz because of the superior

£ e

probability'of error.performance with respect to signal to

\-.

noise ratio requirements, coupled with its relative ease of

implementation. The implementation of this scheme employed

premodulation filtering to shape the signal spectrum and post

detection. filtering to limit the noise bandwidth. The
spectral efficiency obtained with this filtering was 3.28
b/s/ﬁz at the 25 4B attenuation point.

4

\

co R
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To make the .system remain fpnctionaihuadef poor
propagatioh conditions.them;;hem waa ﬁade’ddasiluwiversal by
”inciuding in addition to'phe 16;APK mode of operation, modee
such as‘BPSK and QPSK. The technologlcal advantage of this ~
feature which enables a change in modulatlon technlque from
APK to QBESK: or BPSK becomes apparent when propagatlon
condition become too.poor to‘malntaln-the ‘threshold P{e) in‘
the APK mode. . e | | '

The evaluation of its P(e) performance in the presence

of AWGN, sinesoidal adjacent and co—channel‘inferference was.
carﬁled out ‘while the system was operating 1n the 16-APK |
_ mo%i. The results of the evaluatlon indicate that the C/N - _';
ratid degradation (hence P(e)) is strongly dependent on the peak?:
factor of the idterfener. ‘Severe degradation ia per formance
whlch exceeded the Javed et al. upper bound for CIR=30 dB
_below the threshold P(e) of 1074 was experlenced for the L
cases of three'51au501dals and_co-channel interference where
the peak factor'exceeds 7 dB;"For the other interferers
 studied where the peak factor was less thaﬁ_3 dB this bound
was found to be'lopse enough. For thé theoretical upper
bound cofresponding_td CIR=?5 dB all experimental resdlts
were within that li@ie. Thus it is apparent that these ,
bounds can be violated if'the intefering peak factor is high
.enough. ‘ a

The performance 'in the presence of interference

validates the point that better performance is realized by a



o

. -
‘SLngle 51nu501d than wlth adjacent and co-channel
1nterference assumlng the same power and that the adjacent
ichannel 1nterfereﬁi£hlls within the recelver bandwldth
| At the present ‘time, efforts are bexng dlrected towards
maklng dlgltal systems more spectrally eff1c1ent and to some
extent more power_eﬁﬁicient. On the former, further researéh_
can be carried out by modifying the ptemodulation filter.to °-
fifth~order Chebyschev with say half of a‘ds'ripple.r These
filters have better amplitude attenuation characteristibs bgt
worse group delay which could be compensated for hy-
increasing  the numbet‘of taps in the equalizer. The problem
of power eff1c1ency can be studied by 1nvestlgat1ng the
‘p0551b111ty of ampllfylng the signal at the output of each
QRSK modulator and comblnlng after HPA thus creatlng an RF
siénal not suscegptable to AM/AM and AM/PM conversion effects
of the HPA amplifier. This:wiil'be usetul for terrestial
miorowave systems. - |
Further experimentation 1is possible by changing the
relative phase of the'carrier.between‘QPSK I and QPSK II inf.

the modulator thus generating a circular symetric two level sianal

state rather than rectangular signal state_space as is

presently used. This may result in a signal Wthh ls more

robust with respect to nonlinear amplificatiOn.
* Additionally, studies can be carried out on the effects of-
offset—ke?ed 16-APK which may also result in improved -

spectraf performance under conditions of nonlinear - ' {
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amplificatigh. Another toplc for addltlonal research could

+ 'be to investigate the . use of some predlstortlon network whlch‘

would transform the 51gnals such that when transmltted

through cascaded nonllnearltles, the recelved 51gnal is

‘h rendered undlstorted. Thls would make 16- APK ‘a more

athrigttve,modulatlon technlque for satellite systems.

The results obtalned in, thlS study have been encouraglng

and indicate that: lG-APK is-a-viable modulatlon technlque to

help in”thelallev1atton of -problems associated with spectral
oongestion;and adjacent channel ihterferehce. It is hoped
that these results will motivate ihdustry to more\readily
acoept this modulatioh method and to investigate some of the

topics suggested as an extension to this work.

A
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»

To describe the operation of ‘this circuit, lef‘s‘asshﬁe
for a moment that the modem is required to operéte at a Sit'
rate at 256 kb/s in the APK mode. The only initial
conditions is that the master clock is set at a rate of 256
kHz which remains fixed régardless of'the mode of operation

v .,
selected and that the PRBS are properly conn cted as shown in
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‘Figore'A 1. By éetting"thé7appropriéte mode control.switchos-
~on the front pannel of the modem, the mode control sw1tch
“logic is actlvated. Thls changes two cond1t1ons in the

circuit (refer to Figure A.3). First 1t,sw1tches the four

APk - APK/ - APK AT : i
QrSK I QPEX I : L .
QFSK 1 gesx 1 BESK 3 . BPSK 4 QPsK’ 11 :
L 11 L i S
QUsK II m-sk 1 orsk X QPsK I ©ogEsk I N ¢
‘ B QrsK It . ‘ "y
crocx - WD I ‘1 MOD IX HOD 11 APK | 64 KNI -
sTNC - | T, b ™ FAD TROM PAD our . SYNDOL CLOCK
SoESNOR: ® -
| v : a0 ‘
: o o ' \
: : Caem o ——eeagTER T =TT PROS T T FRON PRDS . -
) ‘ CARRXER cLock CLOCK .cLock DATA . . a
O O OO O
: ] Co ; :
3 :
x ! ! !
P ‘ L.
——ie @~ —Q PRRDEY ) T W_Q_ﬁﬂum®ﬁ_”_nn
B 45 -15 = . +15

T l ‘ | | o
Fig. A.2 - Front Pannel of Modulator
outputs of the serial to parallel converter to the input of
the latch Secondly, it causes the PRBS clock and latch‘
control loglc to send a clocking signal to the PRBS clock
1nput at a rate of 256 kHz. This causes the PRBS to send
data to the serial to parallel converter at a rate of,256

kb/s and also a 256 kb/s clock is sent from its elock output

to clock the incoming data into the serial to parallel

Q

~
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converter.- In additjo;;tQ-the 256. Kb/s clock sent from the

' PRBSiclo;k'ahd latch contfol loéic'a fixedllat¢h clock pof _

64 kb{g is sent éontinuodsiy to the latéh.: This clock' is

N

- narrower than the baud rate clock Q allow time fqr'all four
t th

pqréllel data sterams'to arriﬁet - latch. (This will be’

shown in the timing-diagraml} When all four bits of data

o

haye arrived at the latch, the latch clock enables the latch’

thus péssing the éaraliel data through‘to.the predistortion

equalizers in synchronism (Figure 3.1). Now,.these four

y . - .

: . S by
paral}el bit streams used in APK are used to produce two QPSK

or four BPSK modulators. In the case of QPSK operation, the

desired channel is selected by the mode control switch logic

‘ whichxalso cause the PRBS clock and logic‘totclock the PRBS
" at a rate of. 128 KHz. This correspohds.to two patallel data

gffeams from the PRBS at a baud rate of 64 kbaud. Similarly,”

ény one of four BPSK channels .can be selected by appropriate

switéhing._ The PRBS.clock and latch control logic sends-a 64

kHz.élock ﬁo the PRéS-and 64 kbaud BPSK data results.
The_det§ils of the serial to parallel converter and mode

control logic are shown in Figure A.3. From this figure, it

is seen that the éircuit-is divided into three parts namely:

mode selection switch logic

-

mode select switch decoder logic

PRBS latch baud rate and equalizer clock logic

n
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The~mode selectien switch-ldgic enables dataetransfer

from the serlal to parallel converter through any one of ‘four

paths, path one and two or: three and four, or all four data:

" paths when BPSK, QPSK or APK modes are selected respectively.

To reallze this operation flve sw1tches are used and mode

form sl

‘selectlon is made accordlng to the boolean expressions.

X -

BPSK

= A+B +C + D L
. h S
QPSK = (A.B) + E
APK =

A.B.C.D.

These operations are shown in Table A.l.

Table All

MODE SELECTION SWITCH OPERATION

Switch . Mode
A B - C D E Selected-
1 0 0 0 0 BPSK 1
0 1 0 0’ 0 BPSK 2
0 0 1 0 0 BPSK 3
0 0 0 1 0 BPSK 4
1 1 0 0 0 QPSK I
0 0 0 0 - 1 QPSK II )
1 1 1 1 1 " APK

-

As explained above, the PRBS receives a 64, 128 and 256

KHz clock when the-modem is operating in the BPSK, QPSK and'

APK modes respectively. The purpose of the mode selection
switch decoder logic is to detect which mode has been

selectled and to enable the appropriate bit rate clock. As
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shown in FigureA.3

by gate Gy, Gy and G3 for BPSK, 34,‘G0 and D3 for-

128

-‘ &

the expressions given above are detected

QPSK and H) for the APK mode, let A, B, C be the Outpdts of

the BPSK, QPSK and APK decoder respectively. The outputs A,

' B and C of the three decoders are used to control the PRBS,

" latch, baud rate and equalizer (PLBE)-clock geheratofl

it

SERIAL DATA

= = e mm— Ve e e e e e e e e e

hY
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N
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Figure ‘A.3 - Serial;to'ParalleI converter and
Mode Control Logic
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The, PLBE clock generator uses the master clock of rate -
256 kHz and two flip flops to generate the timing and -~
clocking required fer the modem. The £lip flops (FF} are
operated as toggle FF and as shonn, Qo of FFQ clocks
FFy, thus, by the approprlate comblnatlon of the master
N \ C —
clock (MC), Qo Qo, 01, and Q1, clock and timing
generation. for the-PLBE_;s‘p0351ble._ TQe proper ceﬁbinations.?

of flip flop outputs{are determined according to the number

of MC-pulses clocked to t:f FF as sho'p in Table A.2.
Table A.2

"ELOCK SELECTION TABLE

\FFO\ FFy 4 master clech
QO . Ql- pulses 1n‘FF0 and FFl
1 0 ' 1
] 1 2
1 s ] 3
A ) 0 0 4

To enhance the validity of the data, the clocking and.timing
circuits should be independent of propagation delay. - The use
of the MC and flip flops in accordance with Table A.2 ensures

this. The timing diagrams in Figure A.4 make this clear.
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Ve
In this figure, the top six timing pulse trains a -
™

generated continuously. The bottom six pulse trains' ar

generated in accordance with the mode in which the modem is.



oPetatfné, Of these~bottonfsix ttains,‘only'teo\ate
generated in @ny partlcular mode. 1In the APK mode, gate Bso
t\\\' 5(Flgure a. 3) prov1des the APK clock when MC C (Flgure A. 4) are
present its input. This-APK cl0ck‘produces APK data
(Figure'A 4)-at a rate of 256 Kb/s. When‘four'serial bits
are converted to parallel and have all arrlved at the input
-‘to “the’ latch, the latch pulse LC1 clooks the data 1nll 1
o ' ‘. parallel to 1ts output on the rlslng edge of the L, pulse.
o | FOE QPSK, gate J2 (Figure A 3) prov1de the QPSK clock: by
'tarrylng out the operatlon Q MC.B.- This generages QPSK‘data
at a rate of 128. Kb/s as shown in F;gute.A.4gz.This_data is
serial}to parallel converted and after two clock @ulses, is-
available at the input of the latch.‘ LC1 then elocks the.~
parallel data t0'itsﬂoutgut. Similarly, for the case of
T ‘ PBSK, gate J3 prov1des the BPSK clock by performlng the
\\\\‘;‘-;__ N : C

. . o loglcal dperation as follows
- | pexaTie R
BPSK clock = (Qo Ql ) JMc.a

BPSK data at 6% Kb/s is‘made available at the latch input and
is clocked out by ‘the latch pulses at the same rate For all
'of the above case the data avallable at the output of the

~ latch is at a rate of 64 K band

-

Flgure A:S shows the bread_board layout,. corresponding

to the diagram Figure A,B.

P
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"PRBS clock rate of 256, 128, and 64 KHz are generated
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Flg‘ A 5 - Bread Board Layout of Serial to Parallel
Converter and Mode Control Loglc

n
Lo

In summary, the serial data stream is converted to a

- parallel data streamgaﬁd switched selectively to the latch.

’éccdrding to the mode of operation selecﬁed thus seri l data

is generated at these rates,. Additionally, a prears ortlon
equalization clock, andﬁggzzprate clock rate of 256 -and 128
Kb/s are genérated respectively. These are the necessary

Pulse trains for theytiming and control of the modem.

"
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ELECTRONIC CIRCUIT ANALYSIS PROGRAMy(E.C.A.P.)
SN .. 0 " ABSTRACT e

© 'Fundamental principles of.electronic circuit analysis program are ..

\introdhced. “Its requirement with respect to the modelling of“the:

tran51stor and diode are discussed and ltS appllcatlon of the analy51s
of a fourth order Butterworth Filter is presented. Flnally,.g.brlef

comparison of 1aboratory and analytical resu*@s is done.
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-_INTRQDUCTION

e L : ) v R
‘_, . . . .

Electronlc c1rcu1t ana1y51s program 1s de51gned to a351st

. N

'"‘englneers 1n the de51gn and analy515 of - electronlc c1rcu1ts."The

\

program prov1des the englneer w1th three analytlcal optlons as follows-
: D C. Analy51s | |
A.C. Analysls '

Transient Analysis \

" E.C. A P. recognizes all standard eleptrlcal c1rcu1t elements, however,

‘electronlc components such as transistors and dlodes have to be

modelled.using standard elements."

‘The way E.C.A.P. carries out_electronic analysis on a circuit is

by interpreting the input statements fed into the_computer,‘it‘then

determines the network topology, and generates the network equations.

Following rhis, the computer performs_tne'desired analysis and produces

—

the specified output in tabular form.

ppe—_

E. C A,P. allows the circuit deSLgner to economlcally and
eff1c1ently examine the performance of a circuit during the dlfferent
stages of design by using the computer rather than the breadboard.

This ;s an advantage in that it ellmlnates the need for having costly

. components which may be difficult to obtain in hand durﬁng the design

stages. Destructive excitation can be applied without destruction of
\

the c1rcu1t. Difficult and time consuming measurements can be

examlned. Circuit connections can be changed rapldly also much better

insight 1is gained through E.C.A.P. analysis than*with a breadboard

A
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”fstud§;7and finally reliabilltftaiong with‘theﬁeffects‘of'component o

tolerance on ‘the operatlon c1rcu1t can. be examlned.
%he structure of E.C. A P. 1s such that it con51sts.of four
programs whlch are, the lnput language plus one program for each of the
'three analytlcal optlons stated above. A brlef descrlptlon of each of
these programs follows. | SR o %
The 1nput language program prov1des the interface between the user

'and the three types of aha1y51s.- There are only six types of lnput

statements used to cOﬁpletely:deflne the c1rcu1t. These ' inputs specify

the following: .
.Network topology
Circuit element values
TQpe of‘analysis Sksired T . ' '

Type of circuit excitation |

'.Desired output

The input statements will be discussed in greater detail_later.

D.C. Analysis provides a steady state solution and gives voltages,
currents, power losses, and sensitivity analysis of elements of a
linear circuit. . | ’

A.él Analysis provides a time independent solution of voltage,
current, and power losses in circuit elements of a linear circuit
subject to sinewave exditation at a tixed frequency.“ Frequency
response measurements can be obtained by using a modification statement

of the form pj (p2) p3 where p1 represents-the starting

. £frequency, p3 the ending frequency and ps = (p3/P1) L

_ R-1
where K is the number of steps desired over the freguency range. The-



&
i~

the circuit configuration.

steps are incremented in a logarithmic manner.

ANE

Transiént analysis provides a time fesponse of‘an-electri¢a1
network subject to the user specified driving function. This analysis
handles problems characterized by the-presence of nonlinearities in

13 . N \ i
" The remainder of this paper is devoted to explaining the

essentials of‘E.C;A:P. such that the engineer will have sdfficient_

knowledge to enable-him to use E.C.A.P." An example of the application
. . . -

of E.C.A.P. to the analysis of a fourth order Butterworth active filter

is also presented,

THE STANDARD BRANCH CONCEPT
. Q .

S

E.C.ﬁ:P. recognizes a circuit configuration called the standard
branch. -This branch must contain at least one passive element and may |
contain a volﬁage éource (V), an indepéndent cutrent source (I), and‘
one or more dependent current sources (f). The layout of a standard

branch is shown in Fiqure 1.
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Figure l. The Standard Branch

The program will assume that only the passive element exists in
the branch if values for V, I, or I are not specified. In D.C.
Analysis, the only valid passiﬁe element is the resistor. For A.C. and
’ t

transient analysis any combination of resistors, inductors, and

capacitors can be used as passive elements.

MODEL BUILDING .
As stated above, all electronic components must be modelled using

a combination of standard elements before E.C.A.P. will recognize those
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devices. By looking at the voltage.and cdrrent,éhafacterispiés of;the

‘device, the proper combination of standard. elements can be obtained to §
. ‘ N

represent device.‘ ’

Elementafy electronic théory tells us that the transistor has
three distinct modes of 6pgrati0n namely cut off, active and’
éaturation. In D.C. ana A.C. analysis the transistor opérateé in only
ohé of these modes but in transient analysis the transistor may switch
from one mode td the dther as the solutioﬁ progresses. The transistor

. ¥ o
model consists of 3 submodels, one- for.each mode of operation.

~E.C.A.P. uses switchss to alter the circuit parameters such that the

circuit is transformed from the cutoff model, to the active model, to
the saturation model and vice versa in transient analysis.
Figure 2 and 3 show the collector and base characteristics 6% the

transistor. From these it is seen that in the cutoff region the base

.t

-r

At
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Figure 2. Collector characteristics Figure 3. Base characteﬁisticé
" of an NPN transistor in of an NPN, trans-
the common emitter . . . sistor. \_-

configuration.

current Ip S0 so that the base emitter junction is reverse biased.
As a result, there is virtually no collector or emitter current thus B

the desired model (as shown in Figure 4) has a very large resistor

between collector and base emitter junctions.

In the active region, it is observed from Figures 2 and 3 that
there is some base and collector current also there is some

amplification since the base current is multiplied by the amplification

factor (B) in the collector and (1+R) in the emitter. This is explicit

1

on the collector characteristics (Figure 2) where it is observed that,



144

- ' co : :
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<:' .
for example, a lmA\Baqe current‘gives 50 mA collector chrrent and sd
PER .
on. By taklng ‘the collector characterlstlcs and the p051t1ve slope of
the base emitter characterlst;cs we obtaln the equlvalent c1rcu1t

curreqt for the active region. The collector current in this region is

given by

I, = hggly +'ﬁ Ver
ARV |
where ‘
- A
h e ” “
FE Iy -

hgg - sloPe of the collector characteristics -curve.

The model for the active region is therefore xepresented as' shown

in Figure 4.
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. Figure 4. Cutoff, actlve, and saturation ggu1valent c1rcu1t
T for an NPN transistor. .
+" To model the saturation ion we remember that the base
- . - X 0 ¥ ;ﬁ' . ) .I‘ -'.- i B ‘C )
characteristics is essentially the same as it was in the active state
. . ‘. I ‘\‘ . . .
: with Vgg'= 0.6 in series with some\resistance hj. which is )
determined from the slope of the base characteristic curve in the
active region. The dlfference is that now the  collector current is no
1onger a functlon of the base current-and is glvpn by
4
: ]
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I/T\\“""“V}A_ where 1/Rcy is the sloéé of the collector characteristics at
o saturation. "fhe saturation model is alsoﬁﬁkggihigiféguré 4,
C In_h.f. and D,C. analyses one of the tﬁree cifcuits‘in Eigufé 4
are used dependen£ on which is appfoprigte. Superpositioﬁ‘?f the
resulfs from A.C. and D.C. analfsis on a circuiﬁ give both'A.C.-and
D;C. values at;; particuiar node'of the circuit.

Béing awafe of thesg ﬁodeis‘gives us the power to carry out
P E.CﬂA,?. analysis on ahy combination of ctiuits'consisting of standard
eléments; standard branches, diodes and transistors.l

We‘are‘now in a position to take a 160k at how to make the
éomputer do séme analysis for us. :To this end we study the E.C.A.Pf

input language.

THE INPUT LANGUAGE
| For Ehe moSt paft the input t E.étA.P; are punched on cards,.
There are as magygas six d%fferent typés of input statement; as
foliows;l : ' o b
System Control
Comment

Command

UData

1. For modelling of additional elements see reference [11.
- »
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Solution Control .. '
‘ oY AN LR
'Ql.'itp'ut Specification '
- ~ The ‘general format as would'be used i‘.n the. analysi’s of a. oirouit
is shown in Figure 5.,_. Spec1flcat10n of the above six statements is’ all
that is requn:ed to analyze a c:.rcut. The follow:mg is a brlef e
) " . o T N T
e descrlptlon of each statement. .
- 'The system control carﬁ-commands the system to'type out the input
- cards on the console typewrlter 1f entered .as in row 1, Figure 5. If
- =€ Ot COuuINT o _ - ‘
B (TR, © T FoRtRaN srnmsm\\ (
1 u“.n:r W 13 : 0 13 :o T /———m/ )
a T N - SYSTEM b
KCONTROL \,TYPE_ 1 L 4 SR 1 L Z—.I-C""““ __—
' . IC ) 1 1 1 : : I L jl 1 |)

T ’ o llsamplE TNPUT 3 ‘ 1 i Ly I \ 1 1 - (

. c
) C ol ¥ L : S t t L L \‘-,\‘})
3 .
K

COMMENT

NAME .t DATE i 1 L L 3 " 1._;/ 1 . /
1 1 B L 1 o ;\\ ) a1

L7 . ' .- . E
o Ax TRANS!ENT; ANALY¥SIS | . LT \"/\,\ I—]‘c"““m“

e o b:_l M €051), Re SITES, Erso L L \/} ‘
: ' o pa S lle= 7.oE-6s N < 173\3)‘1 gozr2e0 " ). f i
\ - ""_;.‘ 1 1 . 1 1 |-‘ J/ 1} .
o . .___.;_*? . = Lt /)w-.'. . — © loam v
: . l L‘ial\ 5 M €18, T, L"-: S:‘EA'Bn T10= 1-.2E"5‘..‘ ‘ [ ‘ .
. . 1 ll8 . ¢l1®s 118>,  BETAZ (422601 L
"k2__ 1. L7 1330 GM;. 0048 P )
sl B -.3o~,(v.,'g,13.>soFF) o ".. L ' L / —J ‘
T ME, STEP= 0:.0] E'/'i'. — L "ﬂsor.dnc&comox :
OUTPUT INTERVAL = 1,0 T 4 N .
PUNCHs VIOLTAGESs CURRENTS . . ./ -~ OUTPUT SRCIFICATION
'EXEC[UTE L 1 L e ) 1 [}cmmns { .
| -éND I ‘ I ' ; .‘ ) . J{ A ‘ “a : -
) Figure 5. - Sénfple E.C.A.P, input data. |
h

the word TYPE is wleced or followed by a comma and Ehe‘ ‘word. PUNCH,

“the input deck will k_'be"'-reproa.uced. "The word CONTROL and the ‘asterisk




.

-

. spec1fy the end of the’ ]Ob 1nput or~to establlsh that all E.C.A.P, jObS

t

-

" LI .. N s .
’ [ : et
PO >

must appear in columns 1 through 8.

t .‘!';‘;,'r.

The comment card is. used to’ glve usefuldanformatlon aboht the'

analy31s. ‘This is made p0551ble by typlng ‘a C ln column 1 followed by B

B

“}\.

the comment 1n columns 2 to. 72.

Command cards -are used to spec1fy the de51red type of analy51s

(DC, AC, or tran51ent), to request modlflcatlon of a parameter, to .

“h

are f1nlshed Command statements start in column 7 through 72 if %

\:
necessary. ; o

1 [ Nooo-

Data\cards are the most commonly used 1nput statement and serve to '\

1

give the computer all the relevant 1nformatlon about the c1rcu1t. The

}c \
four class1f1cat10ns of data cards w1th thelr references are as

¢

follows.k
Data'Cardn e l_ - L ﬁeferences ;
;Branch _-': 'f e - hecard“ '
Dependent Current Source o A T-card
Mutual Inductances o o o Mecird
Switches : _'wu o o Secard

Here we-will only study the. first two, information on the others is

avallable in reference [zq ' EBach data card: has two flelds (a) column 1

through 5. and (b) column 7 through 72. In columns 1 through 5, ‘the

‘type of data card is specified such as Bxx_and TXx where the XX 1is a

"serial number. Each data card of a given type must be conseécutively

numbered. The maximum number of B and T cards.are 60 and 10

~respectively. -The information punchéd in column 7 through 72 defines

the element contained in the branch in the case of the B-card and the

N
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by

‘transconductance or beta in thelcase of the T-cards asnshown in Flgure,k

o W
. L I DM e AT
. L. s | P L v . =
5 - b . ' 2 e b : : LY Y . ¢
- ¢ . AR . it AR Y ‘
‘ : "

B—cards must always contaln nodal 1nformat10n startlng 1n column

4
t
b
N

'\

' \

\7' b&ll‘lg Of the fO!‘.‘m N(nl' nz)' Pl "'"-o.' P2 |oo' \Where

1

nl 1? ‘{
“ \ e R N

A the 1n1t1a1 node and n2 is the flnal node.f The order is determlned

1

by the conver51on used irl. the standard branch. The Pl represent the

)
- \

pass1VL element or elements found between nodes ny and nz.- A

iy

B—card must contain at least one pa531ve element. Branch cards may

+ N Wi

also consist of fixed voltages and/or current- sources plus 1nformat10n\ ‘

' about the 1n1t1al voltages and current in the. branches. “ -f“W

.‘a..

Each T-card must have branch data startlng in column 7\of the form
“ * \\ ) ’ " .l.

B(bl, br), @ = ... where by is the. branch number of the fg"

‘-r‘;

controllng branch and bs is the controred branch. o) 15 replaced by
the word BETA or the letters .GM representlng the transconductance.

‘These values- are calculated from the circuit parameters.

Solution'control cards provide data pertalniﬁg to the analysis

such as FREQUENCY = 10E+06, or calculations to be made such as standard

ddviations. This data must be punched starting in column 1.

Output specifications command E.C.A.P. to print or type the _

'{!'.'\‘I. .

T

parameter specified in the column called Voutputublock indicator" found;’”

in Table 1. The desired output-specification are.punched starting in

oo
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N B Q@M@mm Description .~ Analysis
h a+ Indicators, of Output DC AC TR
- \;“\‘ 1 B .
AU | NV or vom‘mss ; Node voltages X X oxXm
g o .
. . .
3 CA or CURRENTS Element currents x x x
NN |
’ Ccv . Element voltages x x
h .
BA Branch currents x Xy
. BV Branch voltages X x
\ — -
BP Element power x x
' loss ‘ '
SEor " Senslitivities and X
SENSITIVITIES partial derivatives
WOor © Worst case . x i
WORST CASE N ( -
STor Standnrd_d.nyblona : x)
STANDARD '
DEVIATION .
Mlox ‘Miscellaneous output: x x
MISCELLANEOUS nodal admittance )
_ matrix, equivalent
current vector, and
= {for DC analyses
only) nodal imped-
- ance matrix
Table 'I.. .Output block indicators. -

enables the Qnglneer to communlcate to. the computer relevant

1nformat10n about the c1rcu1t to be analyzed.-

With this information,

the engineer can expect to obtain some useful results.

4

The remainder of this paper will be devoted to an example of E.C.A.P.
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analy51s.

5,

The analyses will be on a fourth order Butterw0rth fllter de51gned

bUllt an&htested for a 256 Kblt/sec 16- level amplltude phase shift
?‘At

kmed (APK) modem. - '
By modifying the response of an operatlonal amplifier such that

Av ' -

P = 0 it
AV(_S)I_—B.;TE); R R R R R R {1) o
where R L | o ' L

Av(s) is the response of the circuit

Avg is the response g@in B -
Bn(s) is the Butterworth ?olynomial ' ‘ | N

it is=possible t6'obta{n a low pass filter of order n. 'Equation (1)

can be genéféiizéd?for a second order system normalyzed to i
: . Avy - e : . ‘
AV(S) = 2 2 ) R N A AR A R R B (2)
o (RC)"s™+ 2k(RC)S + 1 ‘
: . .
where. e
RC = L/wg =~ \
k - éampening factor
wo - angular break velocity. .
. | | | '
. Considering the circuit Figure 6, with gain AVO = 1 +-%— , it can
‘ ' I : ¥ . 1
T



3 ’ >

_be_shoﬁn'afte:-éome manipulation of arithmetic that

(1/RC) I

Avds) = Av 2 2 -.“...........l‘.. (3)
0 (rRC)%s% + (3-Avy)RCS + 1 | _
comparing (2) ang (3) we see that )
1 1 “
Rc=——=_‘ L I I I I I L N I B N B RN I R I I B N (4)
. W ZTrf0
2k=3—Avo or Avo=3-2k R R N (5)

N .

<l

-

‘Figure 6. Séchd order low pass filter. ;

. - i
By cascading two lowpass filters using identical R's and C's and

‘adjusting the gain Ayg such that the.coefficients of. the Butterworth
polynomial -is satisfipd, we ¢an obtain a 4th order Butterworth filter.
For a 4th order filter,the Butterworth polynomial [268] is

F

Bg(s) = (S2 + 0.765S + 1)(S2 + 1.8488S+ 1)

thus it follows that we need two stages of gain. Using equation (5},

the gain of the first stage is Avgy = 3 - 0.765 = 2.235 and the



Y

. stage is Av0y = 3 - 1,848 = 1.152. Since Avg = 1 + R'/R;, for

" the first stage R) = 12k“énd'R1_=|10k for the éepond stage Ré -

1.5k and R, = 10k.

For the required filter, fg = 32KHz.

‘f

RC =_—£4*~—;—§ let R = 1k, then '
2mx32x10 . .

C = 0.0047WF .
fée‘final circuit is];hown in figdre 7. Aléo théjmagnitudé and éhase
pesﬁonse as obtained from'iab measurements-fgr thié:filter.are_showﬁ iq
Figures 8 and 9 which were plotted from the"meashred results .in Table

«

II.

*voat ¢ oay
lnF ]:nF 3

1

Figure 7. Fourth order low pass Butterworth Filter f0=32KHz.

\j L In order to carry out an E.C.A.P. analysis on this filter, it is

g .o
first necessary to model the operational amplifiers. The amplifier

i S R BT \_ B R R A
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hose circuit and

.

Bode magnitude response (measured).

under consideration here is the Fairchild p A71l5 w

Figure 8.

Looking at the circuit Figure 10, it becomes obvious that the modelling

magnitude responses are shown in Figures 10, 11, and 12 respectively.
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is to observe that the filter
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A viable alternaltive

Fairchild uA715 Op. Amp. equivalent circuit.

Bode phase response (measured).
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Figure 9.
Figure 10.

of this circuit which would give us the open 160pAfrequency response is

is operating such that the amplifier is close to unity gain.

not an easy task.
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hint we can go to the closed loop frequency response for unlty galn

N
compensatlon and model the ampllfler from 1t.

OPEN LOOP REGPONSE WITH . oot OPEN LOOP QAIN AR A
COMPENSATION NECESSARY FOR - . FUNCTIDN?F FRLQUENCY ~
VARICUS CLOSED LOOF - N T m 1L 8 4
OAIN CONFIQURATIONS . . o ‘|
- ) T HT : o . hy N -
._m_ﬂL|Lm ey 1l N
RSN "R NG
’ - 3 [ ] ‘ - t
LY i i
. \ T.
. | o B
R e P S A
Figure 11. A715 compensated open ' Eigure 12. A715. open’ loop
r. loop‘-response. - : . B resgonse._.'~

Observing Flgure 11, we see that the 3db p01nt occurs at
approxlmately 9KHz for unity gain compensatlon.- The roll off from thlshw
point on is approximately zoob/decade and it is estlmatedrto cont;nue
at thisrrate of closute until approﬁiﬁetelyiéq.MHz} uIt is further
‘observed that the open_loop-gein at'iOW‘frequencylis approximate;y
90db,_also”from the.electtical'characteristics thattthe iuput’
resistance is 1 MQ and output resistance‘is 758%. U51ng this 1nformatlon_
we can proceed to model the operatlonal ampllfler under the condltlons.

of unity gain compensation.

From the- above, the amplifi€r can be represented by the transfer

fungtion .
y
Av
- G(E) = ffo T+5/F
(1+£/ 01)( +£/ 02)
where
Avg - 90db
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Consider Figure 10 where we see that it consists of a couple of
‘high gain stages EOllowedfby a level shiffer.which gssenﬁially has
dnity géin.. This level shifter feeds into an output stégé.which Is"a
buffer amplifier. ‘This information tells us that'we'canluse a three

>

stage model for the amplifier as shown in:Figdre 13. The combination‘_

—\

A G- CDGML Re G M R o

Figure  13. Three stage model of UA715 OP. Amp.

of ‘Rg1Cy déterminéS'the first break point fg1 = 9KHz.and,

Rozcé determines the second break point at f£gp = 90MHz. .

GMi, GMy, and GM3 represent the transconductance of the

respective stages. The following are the design calculations for the

first break point:

1
let C = Inf then R = ——
3 01 ~01 wOlCOI

1 .
2mx9x%10°x1072

for the second break point,
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“o02R02

let Ryo = 17.68k{ithen Con-

- Y B U
: o 21x90x20%x17. 68x10

LN

S :

Taking a look at the transconductance we know that

y

I

GM

" also that

Av = — =

R N A R R

from this we see that

LI N N R N I I I N I I Y B R S LR R I I R Y I R B R R I I N WY I Y

(6)

7
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w3 9dab - 31622.8 . .
My = 5= = = = ~—— = 1.79 \
2 701 01 17.68x107 .
: Av | ' ' | o S
M, = x==__ 1 ='5.66x107° =
' AV, B : "
GM, = === 1 _ . =2
3 R03 VD _,1'33X5Q
The final circuit for the model for the op. émp. is shown in: Flgure 14.
T R
- ) AR RIS . ERTTES '

_ Figurefi4.; Final circuit - three stage model‘oleATlS op.uamp.

The next step is %lmp!y to replace the operatlonal ampllflers in
'Flgure 7 by the model in Figure 14. Dozng this results in the complete

model of the fourth order lowpass butterworth filter shown 1n Flgure
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Figure 15. E.C.A.P. model of a 4th order Bdtterworth filter.

15. on thils fig@re-it is seen tht each node is numbered and the

- current’ direction of each branch is indicated. The arrows. indicate the

dependence ogggégfpafticular current source on the branch linked by the
arrow. Finally, we are now in a position to code the circuit into the

language understood‘by.E.C.A;P} .as presented in the first part of this

‘ pape;.‘:_. _ ' b

The coded statements for the model are shown in Figure 16. A

. typical output tabie_is shown in Figure 17 and a table of results of

the frequency ;gsponse analysis as obtained from the output tables is

\ shown in Table ITI. , : .

1
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Frequé&éy\~ . ‘Gain (db) rhase (degrees)
- S - E.C.A.P. = Measured _E.C.A.P. Measured
1 (H2) Results Results Results Results
10 7.9 7.9 ~0.04 ¢ -
31,6 7.9 7.9 ~0.14 -
. 100 7.9 7.9 —0.44 -
31.6 7.9 7.9 -1l.4 -
1K 7.9 7.9 -4.5 -3
3.16K 7.9 7.9 -14.5 -16
10K 7.9 7.9 —~45 -43.2
17.8K 7.9 7.9 -83 -83-.5
\QéiEK . 5.9 . 5.8 .—169 -170
32 5.7 ~ 5.3 =171 -177
56K -10.1 - 9.8 -264 ~256
100K - 0:0 =30.6 -309 -302
. - ) .
g Table II.

~and measurement

Magnitude and phase data obtained from E.C:A.P.

\§é§e plot of magnitude aﬁd plase of ;hé_filtet resulting from the

mE.C.A.P.‘analysis are shown in Figure 18 and 19.
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-Figure 18.

Bode magnitude response (E.C.A.P. analysis)
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Bode .phase response (E.C.A.P. analysis)
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' _.CONCLUSION 3 '

‘ Comparmg the results of the E C. .R.' analysw E‘1gures 18 an?fl 19

\\

'w1th the actual laboratory analys:ts F1 re‘B and 9 1t 1s seen that for.
‘all pract1ca1 purposes they a@é the same. Thls 15.1ndeed a cleapg
‘1nd1cat10n of the power ‘and versatlllty of E c. A P. ana1y51s. Cautioh?\
rmust be exerc1sed 1n the 1nterpretat10n of phase 1nformat10n 1g.the

results are to be meanlngful. It is hoped that thJ.s paper w:.ll be of’

some assistance to the“_des‘i‘gn englneer '1_n the analysis of his work.

- -
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Two tone third. order intermodulation distortion is

measured by applylng two closely spaced tones’ of frequenc?

¥

‘fl and f2 and measurlng the level of the harmonlcs and
1ntermodulat10n products. These products w1ll be of the form

fc + (nfl'+ mfz) and will be even whenl(n+m) is even, and odd when
.(n+my‘is odd. n, mare pesitive interqers and f is the ‘carrier.
freauencv. The third erder prodhct pairs are most important since
these are the most likely to disturb the wanted 51qnal. lThis pair
is of the form'f + (2f - £ ) and f~ + (2f - £ ) The
smaller the two tone third order 1ntermod dlstortlon, the
better the‘mlxer. As an example a mixer may be spec1f1ed to
be danKSO dB for tw?_}s dB ‘input tones. This mgans that‘the
. two tone intermodulat}oh products will be suppressed by 350 dB
when two 15 dBm signals ahpear at the input. Cenversioh loes-
is.a measure of the efficiency of the mixer in providing .,
ﬁrequehcy trahslation between the input RF and oﬁ&but IF
signals. The lower the converSLOn loss the better the mixer.
Conversion compression is a measure of the maxlmum RF drive

for which the mixer will provide linear operation. Thus for

a c?nstant LO drive, changing the RF produce a directly

s

-

proportional change 1n RF until the RF level get to w1th1n 10
db‘of.the LO. From then on, further increase in the RF level
produces a less than direct proportional increase in IF.

Mixer RE~Qrives are specified at 1 db compression when the LO

‘ : - {



b

is aR the manufacturers recommended drlve 1eVel. ,The*higher'
the COnver51dn compress;on the better the mlxer.. Considerdng
theseafacto;s along w;th the frequency of operator, the Mini-

,Clrcult MCL SRA 3H mlxer was selected for use in thls modem.ﬁ

Now, the generatlon of the modulated 51gnal can be

| conceptuallzed by studylng the noullnearlty of the ledES.

il

L

The equatlon for: the modulated output SLgnal of a
convent1ona1 balanced modulator con51st1ng of two dlodes 1s

given by (42].

: A .
€0 = PgiWmt +_Qcos“ﬂc_wm) = Qo lugt uplt (3.13)
Modulating . Lower Upper -
Signali} " Sideband Sideband

+ t

From (3.13)"it is seen that the mogelling signal is present

. . f ‘
. in the output. The justification for using ring type

balanced modulators as shown in Figute 3.20. is that by the

addition of two extra diodes, the modulating signal as well
L

as the other unwanted signals as shown above is also

suppr ssed (Ehis eliminates the need for additional

[}

to remove this unwanted comébqsnt. As shown in
Figure 3 21 the modulated output of the mixer is passed onto
the primary combiner where it is added to modulation from the

.o

Q1 channel.

*\“‘“}?
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R | Although theoretlcally, the tap gains of the
;l 'Rpedlstﬁrtlon equlllzét can be calculated and set to ‘the
\\Q‘d/ - requlred values by measurement of the tap re51stances, this

is by ‘far the most cumbersome and-tlme consumlng way of tap

7

adjustments.' h‘ﬁore:accutate {since practical oomponents
‘have some. tolerance) - ig_ﬂy passing a s;ngle pulse through
the system, observing its points of zero cr0551ng in the time
domain and make the necessary.adjustments. ‘These adjustments
‘ensure that the pulse response passes through“zefo at the
- sampling instant. R
The flrst‘step.in setting the taps'is to pass the'pulse
om the serial to parallel converter through the
predistortion equalizer. The input and output pulses are
comgated.to ensure that they are the same sense (i.e.,
positive logic representation is used)}‘ If there is an
inversion, the?taps’are adjusted until both input and output‘
: gulses are comparable.. ‘ . -
Secon?ly, the pulse is allowed to' go qé;ough.the system
(i.e. Transmitter/Receiver). The taps are then adjustea
until the zero crossihg as observed on the oscilloscope
pass_ through zero at the sampling instant. This is possible
-/ ) since both the pulse response and the sampling clock are

g displayed simultaneousf}.
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