Nat.onal Library

Bublrothéque nanonale
of Canada

du Canada

4

Carmdian Theses Service

Ottawa, Canada
K1A ON4

CANADIAN THESES

NOTICE

The quality of this microfiche is heavily dependent Jpon the .

quality of the original thesis submitted for microfilming. Every
effort has been made to ensure the highest quality of reproduc-
tion possible.

If pages are mlssmg contact the umversuty Wthh granted the
degree.

Some pages may have indistinct print especially i the original
pages were lyped with a poor typewriter ribbon or if the univer-
sity sent us an inferior photocopy.

Previously copyrighted materials (joyrnal articles, published
tests, etc.) are not fiimed.

Reproduction in full or in part of this film is governed by the
Canadian Copyright Act, R.S.C. 1970, ¢. C-30.

THIS DISSERTATION
HAS BEEN MICROFILMED
EXACTLY AS RECEIVED

NL-339(r.B86/06)

Services des théses canadiennes

"~ THESES CANADIENNES

AVIS

La qualité de cette microfiche dépend grandement de la qualité
de la thése soumise au microfilmage. Nous avons tout fait pour
assurer une gqualité supérieure de reproduction.

— T
S'il manque des pagés; veuillez commumguer avec l'univer-
sité qui a conféré le grade. - \

La qualité d'impression de certaines pages peut lisser &
désirer, surtout si les pages originales ont été dac!ylogfaph!ées
a I'aide d'un ruban usé ou si l'université nous a fait| parvenir
une photocopie de qualité inférieure.

n

\
Les documents qui font déja I'objet d'un droit d’auteur (ah[cfes
de revue, examens publiés, etc.) ne sont pas microfimes,

La reproduction, méme partielle, de ce microfilm est soumise
a la Loi canadienne sur le droit d'auteur, SRC 1970, ¢. C-30.

LA THESE AETE .
MICROFILMEE TELLE QUE
NOUS L'AVONS RECUE

Canad3



rl

'

A PERFORMAINCE STUDY OF
NLA 64-STATE QAM

Trfcia Hill

Thesis presented to the School of Graduate Studies
in partial fulfillment of the requirements for the
degree of Master of Applied Science.-

»

4

UNIVERSITY OF OTTAWA
OTTAWA, CANADA, 1983

@ Pavricio (Tricia) Hill, Ottawa, Canada, 19.8&.

s



Permission has been granted

to the National Library of
Canada to microfilm this
thesis and to lend or sell
copies of the film.

The author (copyright owner)
has reserved

publication

neither

reproduced
written

other

rights, and

the thesis nor
extensive extracts from it
may be printed or otherwise

without

his/her

permission.
=T >

~7

1SBN

L'autcorisation a 2té& accordde

a la Biblioth&gue .nationale
du Canada de microfilmer

cette th@se et de préter ou .

de vendre des exemplairés du
film. :

L'auteur (titulaire du droilts

d'auteur) se .r&serve les
autres droits de publication;
ni la th&se nl  de longs
extraits de <celle-ci ne
doivent @&tre _imprim&s ou
autrement reproduits sans sgn
autorisation &crite.

g-315-38960-1 " I \



ABSTRACT

This thesis invesgigatés'the performance
characteristics bf anlinearly Ampl}fied 6d-state Quadrature
| Amplitude Modulation (NLA 64-state QAM) for terrestrial
microwave radio systems. These studies include-computer
simulation analyses, hardware desigﬁ and experimental
investigafﬁons.
'A comparison of various 64-ary modulation technigues
is made .which shows the advantages offered hy NLA 64-state
QAM, In addition, a‘brief review of its theoretical probability
of error (Pg) vef;ps the ratio of energy per bit to noise powér
in a 1 Hz bandwidth (Ep/Ng) performance and spectral performance
aré presented.
A prototype NLA 64-state QOAM modem was designed
. which operated at a scaled bit rate of 384 kb/s. A detailed
description of the prototype modéh_design is presehted. The
principles of operation and practical constraints of the ﬁodem
are anaiyzed. The modem design and evaluation indicate tﬁét the
uselof NLA-64-state QAM in a commerci;l'broduct is viable.

- Computer simulation models of 64—st&te QAM systems are

introducedi—4 ant features of which are outlined. In addition,

. \-‘\ .
///’“‘\\\\\Eﬁi\znaly51s of the P, pérformance used in the computer
' ‘ similation is derived.

A study of the effects of commonly encountered

microyave raddipo ission and operating conditions on the
P, perfo of NLA G4-state QAM is presented. The conditions

analyzed include co-channel and adjacent channel interfe}ence,



anomalous signal levels aﬁd phase shifts in the state space,
channel amplit:;e distortions, chaﬁﬁel group delay distortions,‘
and multipath fading. For systems incorporétin§764-state QAM,

it is evident- that careful measurés must be taken to combat
practically encountered distortions.

An analysis of the spectral efficiency of the profotyée
modem translated—tﬁ'practicéi North Americaﬁ terrestrial radio
bit rates and frequencies is presented. It is shown that in the
Federal Communications Commission (FCC) authorized bandwidth
Of‘ZO MHz, 30 MHz, and 40 MHz spectral cfficiencies in the
order of 4.7 b/s/Hz, 5.0 b/s/HZ. and 5.1 b/s/Hz are achievable.

_ An estimation of the P, performance degradation from
ideal resulting from the prototype modem's hardware configuratibn -
is presented. Ié is shown that the prototvpe's filteriqg
introduces a degradation to performance in the order of 1.9 dB.

In addition, the lack of Gray coding in the modulator increased

the bit error rate by a factor of 1.57.
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- CHAPTER 1 , —

1.1 Trends in Digital lMicrowave Radio

.Digital microwave radio systems have becomes an
important'part of the total voice énd data transmission
picture in a very short period of time. [I] 1in the earlv
1970's the number of microwave radio sfstems using digigfl
modulation technigues was very small relative to the ﬁumber
of systems using'analog modulation techniques. However, with
the advances in digital technology, significant cost reductions
ana improved performance were realized in the telephone systems
using digital techniques. Tdday, digital transmission systems
are widely used in many telephone systems throughout the world.

With increased popularity of digital radio systems
came the need to improve such systems. The crowded condition;
prevailing in many regions of the radio specf;um, the necessity
to meet cqmmunication‘regulations, and the pressure to increase
transmissicn capacity heiped creaté this need. The satisfaction
of this need, however, is not_e?sily achieved.

When designing these systems many factors must be
dealt with. There are regulatory constraints on occupied
bandwidth, spectrum shape, and.bandwidth uéilization. In
addition to these cdnstraints, there is a need to meet standard

-~

digital interfaces on factors such as transmission rates, number
, \ s S
of voice circuits per channel, and numerous others.

\ -

M



For inétance, the Federal Communications Cormission
(FCC) in Dockett 19311, has decreed a minimum channel capacity
of 1152 voice chagnels for the 4, 6,.and 11 GHz bands. Since
existing digital banks digitize voice signals on the basis of
24 channels per 1.54# Mb/s (DS-1 signal) the 1152 gpice channel
reguirement implies é minimum of 48 DS-1 signals. However,
moét digital radios at 6 and 11 GHz utilize a higher capacity
of 1344 voice channel§ 6r,90Mb/s {two DS-3 signals),. This rate
facilitates the handling of larger digital cross éec£iohs,
thereby reducing the multiplexing requirements and hence the costs.

Providing 90 MB/S in existing authorized radio
bandwidths is not an easy tésk. Using 4 GHz as an example, the
authorized FCC bandwidth is only 20 MHz thus requiring a

4.5 b/s/Hz capacity. This transmission capacity implies the use

I

of higher order modulation techniques.

‘ Modulation gechniques for digital radio are still
undefgoing an evolutionary period. Early svstems used
_ Quaternary Phase Shift Keying (QPSK), to achigve transmission
efficiencies of apprbximately 1 b/s/hz 1 . Today, Eight Phase
Shift Keying (B PSK) and Sixteen-state Quadrature Amplitude
Modulation (le~-state QAM) gystems'are achieving efficiencies
of approximately 3 b/s/Hz [2] . In the future, systems féaturing
efficiencies of over 4 b/s/Hz will be available. Companies
such as Nippon Telephone and Telégraph of Japan, Rockwell
Collins of U.S.A., and &orthern Telecom of Canada have all

announged the future introduction of products with transmission

capacity of over 4 b/s/Hz.
‘ .
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Digital radio technology has mqved’ at a rapid pa-\
in the past few years and there is every reason to bebﬂfve'
this trend will continue. The struggle for higher capacity—/“
and efficiehcy is in its infancy. The coming years look
éxciting.indeed.

In this thesis an in depth study is made of the
implementatién and viability of NonLinearly Amplified (NLA)
64-state QAM, a modulation fechnique with a potential 'transmission
capacity of over 4 b/s/Hz. In the succeeding sections of this
chapter we: -

1) Provide an outline of the thesis that shows how
the varioqs studies relate to the thesis topic;
2) Discuss the various 64-ary modulation techﬂiqqes
and show the advantages offered by rectangular
64-ary Amplitude and Phase Keying (APK);
3) Review the theoretical performance of rectangular
64-state APK; and
4) Compare the implementation of Eight—Levéi'QAM_(B-L QAM):

to that of NLA 64-state QAM and show the'advantages

to NLA 64-state QAM,
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1.2 Qutline of Thesis

The first study presented is introductory in nature
and contained in Sections 1.3 and 1.4. It feviews various
64-ary modulation.techniques and compares their probability
of error performénce. Spécifically, the foilowing.techniques
are reviewed: |

K 64 PSK
(6,12,19,27) Concentric Circular APK
(6,13,19,26) Conqéntric Circular APK
Triangular 64-state APK
Rectangular é4-state APK
The basis for the selection'of a rectangular 64-state APK
modulation technique is justified in this review.

The final part of this introductdbry study reviews
the theoretical performance of rectangular 64-state APK. The
probability of error performance relative to the energy per
bit versus noise power dehsity ratio is presented together
with the power spectral density of rectangular 64-state AE§£4
The purpoée of this review is to form a base of understanding
of the ideal pérformance of.the technique that will be‘helpful
when studying the more detailed material presented in the
remaining chapters.

The next study, contained in Section'l.S, is not a
review but is introductory in nature. In it a comparison is
made of implementations of rectangular 64-state APK. Specifically,

—a

we compare 8-L QAM and NLA 64-state QAM. A brief description of

the implementation of each‘technique is.presented followed by



"of the simulation programs.

a comparison of the two. It is as‘i/xeéﬁzzng this study and

the previous studyv that tﬁe selection of NLA 64-state QAM for
furtheérresearch was made. r

Next, in Chapter 2 a description is presented of the
prototype‘podem that'has been implemented for this research. The
subsystems of the modulator and.demodulator are briefly described
and explained. An undérsténding of the operation of the modem
and the function of the various subsystems is inherent in this
study. A more detailed technical descriptieon of each of the
subsystems is céntained in-Appendix A,

In Chapter 3, the computer simulation programs that

have been used to aid in the performance analyses of NLA 64-state

- QAM systems are presented. Important features of the simulation

models are outlined and the method of computing probability of
error described., Appendix B contains complete listings
e
In Chapter 4 a study of the probability of error

performance'of‘64-state QAM dufing various operating and
transmission Fonditions is presented. Specifically, the
following conditions are considered: |

cochannel and adjacent channel interference,

anomalous amplitude and phase in the state space,

channel amplitude distortions:

channel group delay distortions, and

selective fading.

[



In Chépter 5, the fiﬁal study of the thesis is
presented. The performance of a digital radio system with the
same basic hardware deéign as our prototype modem is determined.
The laboratory measurements of the eve diagram indicate a high
guality eye'diagram representing a minimal degradation to
performance from ideal. Thé bandwidth efficiency of systéms
in the 20 MHz, 30 MHz, and 40 MHz FCC bandwidths with the same
basic filtering as our prototype modem is dgEérmiqed. |

Chapter 6 concludes the thesis and presents suggestions

for future research based on this thesis.



1.3 Comparing 64-ary Signal Set Designs

The approach employed in this ;hvestigation is based

*

on'one_emplpyed by Thomas, Weidner, and Durrani [3] which uses

3~

the error performance as a guideline in the selection of a signal
set design. Designability and realizabilitv are also used as
.guidelines in the selectjon. Reasonable designs %re selected

as candidates for error probability evaluatioﬁiVWhile the
selected "design mi;ht not offer the optimum performance, the ’

. performance should not be greatly inferior to that of the best

candidate considered.

LY

- It has been shown [?] that for an alphaﬁet size of
over 4, a hybrid modulation ;;BEme combining both amplitude
and phase keying requires lesgﬁﬁower thagrPSK for the same o
error performance. For this reascon, APK designs are selected
for further investigation.

The signal set designs selected for error p?obability
‘evaluation will now be describéd. They fall into three basic
categories: those with signals ar;anged oqrconcentric citcle
(6,12,19,27) and (6,13,19,26) with radii (1,1.93,3.04,4.29) and
‘(1,2.08,3.08,4.15); and those with triangular or rectanéﬁlar
patterns. For notationallconvenience the circular sets are (3
designated as {a,b,c,d) meaning there are four circles with "a"
signals on the inner circle, "b" signals on the next larger

circle, etc. The same notation applies - -for the circular radii,

for example, (x,v,z,v) indicates the inner circle radius is



Signal Set SNR for a P, of 103
64 PSK 37.4
(6,12,19,27) Concentric Circular APK 26.6
(6,13,19,26) Concentric Circular APK 26.4
Triangular 64-state APK 25.9
Rectangular 64-~-state APK - , 26 .4

nofEAiized to "x" units, the next larger radiué is "y" units,
etc. |

Thomas et al [}] have shown that for the above mentioned
designs, under an average signal—to—noisé'ratio (SHR) constraint
the 64-ary triangular design yields the optimum performandé.
The rectangulaf and circular designs require about 0.5 dB greater
SNR for a Py of 1077, As expected, the 64-ary APK performance is

superior to the PSK performance, in fact by approximately 10 dB.

Table 1.3.1 Comparing P, performance of 64-ary signal set designs

'As summarized in Table 1.3.1 it is evident that for

"64-ary_ designs the triangular design yields the best performance

-

on an average SNR basis. This is to be expected because of its
sphere-packing properties. However, the most easily realizable
rectangular design is within 0.5 dB of ﬁhe best set.

Based on the above results, the rectangular APK
design was selected for‘fﬁrther study over the other candidates

because of its comparable performance and its ease of design.

- The next section will look more closely at the theorectical

" performance of réctangular 64-state APK.
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1.4 Performance Analysis of Rectangular 64-state APK

The Py performance of any digital communication
“system is a function of the filtering applied to the system,
the added noise, and unwanted interference. However, before
discussing this topic, which is considered in Chapters 3,

4 and 5, the theoretical P, performance of rectangular
Gé—state APK in an AWGN eninanment and an infinite bandwidth
éhannel is derived.

The decision regions [R(iy];i = 1l,...,64 for t?is
signal configuration are rectangular and S{K) 4+ f;lls
within R(K) whenever simultaneously, |

(aj<n1<By) and (az<n,<By). [14]  (1.4.1) where aj,
By, a5, and B, form the decision region boundaries. (An example
of this is given ;n Fig. 1.4.1). Thus, the conditional
probability of a correct decision giveﬁ'that A1) was sent is
given by “ | .

plat] = pfa; <ny <By] play <ny <B5J(1.4.2)

The determination of this conditional probability
for each of the possible sixty-four signals might seem to be
laborious, however, this is in fact not the case. The ease
of determining the conditional probabiiities is directly
attributable to the symmetryvy in the signal constellatioQ.

This is illustrated in Fig. 1.4.2. The‘conditional probabilities
of all four corner signals * are equivalent aé are the c;nditional

probabilities of all twenty-four outer edge signals o and all
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r
az
Bo+
and
B} /_“1 all > 'BI 01
FIGURE 1.4 ¢ A SINGLE RECTANGULAR DECISION REGION
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thirty-six inner grid signals x. The t*ree different conditional

probabilities plc|*], p[C|o] and n[c|x] are

pLl*l = (1-p) (1-p) (1.4.3a)
p Clo] = (1-2p) (1-p) {1.4.3b)
and =} xl = (1-2p) (1-2p) {(1.4.3¢c)
— e~V'/2 . s
where n = fn‘/_z_ S dv is the probabilityv of error
T : .
o

of two signais separated bv a distance 2A 'and N,/2 is the noise

power density.

Thus P, = 4/64 (1-p)2 + 24/64 (1-p) (1-20)
+ 36/64 (1-2p)?
-1 - 14/4p + 49/16p2 (1.4.4)
and
P, = 14/4p + 49/16p2. . (1.4.5)

For the practical case of high S§/N ratios Fa. (l1.4.4) simplifies

to

Pe:$14/4p . - (1.4.86)
ﬂ//(‘\ To determine the Pe(Eb/NO) of rectangular 64-APK the
average energy of the symbol:ES in terms of A.must initially be
derived, .
8 8 2

.2 .
Bs = %7 I T (aB) % p(3) 5 (1.4.7)
i=1 j=1

keferring to Fig. 1.4.2, that is,

E

1 2 2 2 2 2
s g1 X A® ({1® + 1°) x 4 + (3° + 34) x 4 +

(52 +52) x 4+ (72 +72) x4+ (12 +132) x8+ (12 + 52 x 8

+ (12 4+ 7%) x 8+ (32 +5%) x8+ (32472 x84+ (524 72) x g

]|

42 A2 . (1.4.8)

i #

4t



The average energy of a bit Ep is Fg divided bv the number of -

bits per symbol. Thus,

o Eg . :
._ab - 6_ . ( -4-9)
and
Fp . 7A% (1.4.10)
NO o
L AN
Substituting Eg. (1.4.10) into Ea. (1.4.6)
w el
pe=i_4fr-— 1. =v¥2 qv (1.4.11)
‘/Eg v2m © '
I‘IO 7
or
. Pe = 1.75 erfe ( Ty ) (1.4.12)
- . 7xNO -
where the complementary error function erfc(x) is given hv
. 2 °°—V2
erfc(x) = — fe - dv.
Ve X

The relationship given in Eq. (1.4.12) is shown graphically in
Fig. 1.4.3.

Since ovamali system filtering should bhe decided so
as to minimize intersymbol, interchannel and intersystem
interference, it is quite natural to try to apnroach’matched
Nyquist filtering in order to minimize these interferences.
The Pe performance, for rectangular 64;APK, dérivgd ébove is
in fact the P, performance that could he expected of such a
system with matched Nyquiét filtering in an AVIGN environment.

The rectangular é64-state APK bower spectral density
can‘be‘deriyed from the NRZ power spectral density Gypg (f)

as follpws.

1
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The power spectral density of random, equiprobable

NR2Z da;a'w;th amplitude levels +A or -A is given by 21

y2 (1.4.13)

TTbe
where Ty, is the bit duration.

Rectangular 64-APK can be thought of as two baseband

eight-level signals in guadrature, each of whose power spectral

densities are.given by sin TET
8-L

)2

Gg_p(f) = 21a% T (1.4.14)

where Tg_;, is the symbol duration of the 8-level signal, #A,
+3A, *5A, *7A are the possible amplitude levels, and 21A2 is
the average power of the 8-level signal. Defining Ty, as the

s

bit duration of the NRZ input data to the 64-state APK system

then,
- Tg-1, = © Ty, A (1.4.15)
Thus, GB_L(f) as given in Eg. (1.4.14) can be rewritten as ?
‘ sin GﬂfTb )
Gg_p(£) = 126 AZ Ty, { y2 (1.4.16)
6m fTb

Multiplying the baseband signals with a carrief of freguency
fo translates the eight-level signal's power spectral density
up to fo' That is, the modulated signal's single sided power

specral density Gyg_r(f) is given mathematically by

sin 6ﬂ(f-fo) ?b] (1.4.17)

Gyg_y (£) = K [ —
M8-L 6T (£-£.) Ty

The rectangular 64-APK signal is then ‘the result of
a linear addition of the two modulated signals of identical
power spectral densitf but with the carrier frequencv shifted
relative to each other bv 90°. It folloﬁs therefore that the
spectral shape of the rectangular 64-APK signal will be identical

A
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to that of its component signals. Thus, the power spectral
density of the rectangular 64-APK signal as shown in Fig. 1.4.4

is given by ‘ ‘
sin 6n(f-fo)-Tb

: - 2 £
6m(f-£5) Ty
Defining Pg as the power of the 64-APK signal, then Eq. (1.4.18)

can be rewritten as
sin 6m{f-£f )T :
°_b (1.4.19)

Gga-apk(f) = 6 P_ T, (
64-APK
. S P en(-g,) T,

Based on the Nyquist theorem, it. is theoretically
possible to transmit without intersymbol interference (ISI) and
using‘a bandpass signal at RF, 1 symbol b/s/Hz. As each of the 64
- symbqls contains 6 bits of information this means that 64-state

+

APK has a theoretically maximum spectral efficiency of 6 b/s/Hz.
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1.5 A Comparison of 8-L QAM and NLA 64-state QAM

Two approaches to the implementation of rectangular
64-sta£é APK, namely, Eight-Level QAM (8-L:QAM) and Nonlinearly
Amplified 64-state QAM (NLA 64-state QAM) are compared in this
section. In order to avoid confusion in the‘differentiatioq of
the two techniques 8-L QAM, which is in fact also 64-state QAM,
will be refeéred to as 8-L Q@AM in this section. in this comparison,
ra brief description of the implementation of each of these
schemes will be given followed bv a discussion of the advantages
and disadvantages associated with each scheme.

An 8-L QAM modem block dlagram is given in Fig. 1.5.1.
In the modulator, the incoming NRZ binary data is split into
two NRZ streams labelled I(t) and Q{(t) in a serial-to-parallel
converter. Each:new stream has a bit rate one-half that of the
input signal's rate. The two-to-eight level converters cbde
their incoming signals in groups of three bits to form an
eight-level signal whose duration is thrice that of the incoming
sign;l. In each of the balanced mixers, whict;iﬁhction as
analog multipliers, the signal modulates one of two cérriers
in quadrature. The modulated carriers are combined and band
limited using a Band-Pass Filter (BPF) or premodulation Low-Pass
Filter (LPF). Figure 1.5.1 depicts the QAM LPF implementation.
- At the output'to the modulator the modulated signal is amplified

and transmitted over the channel. At the demodulator input, the

modulated signal is split 1nto two parallel paths. Each mixer is
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fed one of thesé two signals together with one of two coherent
carriers in quadrature. The mixer's output signal is passed
through a LPF to remove noise and inte;ﬁgreggé as well as
second-ordér and higher spectral prodﬁﬁts. The filtered signals
.are eight-to-two level converted and %hen recombined in a
paral;gl;to—éerial converter toiform the recovered data.

NLA 64-state QAM employs a technique first suggested
by Miyauchi et al. Lﬁ]'for l6-state APK. This parallel modulation
technique is extended to NLA 64-state Qam [5] . Although the
techniques used in the generation of the 64-state signal differ
significanﬁly_from‘those used in 8-L QAM, the same demodulation
techniques apply to both schemes.

. A block diagram of a NLA 64-state QAM modem is shown
in‘Fig: 1.5.2, In the modulator, the NRZ data is serial-to-parallel
converted into six NRZ streams labelled Il(t), I2{(t), I3(t),
Ql(t), Q2(t), and Q3(t). The rate of anv one of the six streams
is one-sixth that of the incoming bit rate. Il{t) and Ql(t) feed
"QPSK modulator 1", I2(t) and Q2(t) feed "QPSK modulator 2",
and I3(t) and Q3(t) feed "QPSK modulator 3". The other inputs to
the modulators are two éﬁaﬂrature carrier signals. The outputs
cf the modulators are amplified using nonlinear amplifiers and
combined. In order to form the rectangular 64-state APK signal,
the transmit ouffput power from the first QPSK modulator must be
6 dB above that of the second QPSK modulator andl12 dB above that
of the third. One way to do this is to have the three amplifiers
operate with equal output power and have two directional couplers
with coupling coefficiénts of 0.2 (6.99 dB) and 0.238 (6.23 dB)

respectively forming the combiner., Where the outputs of NLA2
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and NLA3 are summed in the first hybrid whiéh is summed with

NLAl in the second hybrid. The resulting 64-state rectangular

APK signal is then filfered using an output bandpasé filter to
limi£ the transmitted signal's spéctrum.

As previously stated, the NLA 64-state QAM demodulation -

- process is identical to that used in B8-I QAM aﬁd for this reason

it will not be repeated here. Many different demodulation
techniques [4] , [6] could have been used in either of these
multilevel schemes, however, the more'conventional coherent QAM
type demodulation scheme was selected for the modem implementations.

In comparing these two schemes, a few major differences

beésag\&pggrent. Using 8-L QAIM one is constrained to emploving
.

~—-—" lineaw transﬁiﬁ;er power amplification. The input/output power

e

characteriséics of the power amplifier and the phase shift as

a function of the input'le@él (i.e. AM/AM conversion and AM??M*
conversion) force this constraint. In order to avoid the
degradation due to AM/AM aqd AM/PM conversion, it is necessary'
to operate the transmit amplifier with the average output
power "backed¢6ff" from saturation; This back-off is necessary
in order for the signal to be émplified in a linear fashion. To
minimize this back-off, redigtortion is used to effec£ively
linearize the power amplifier characteristics. Ideally, with
perfect predistortion the amplifier would only need to be backed
off enough to accomodate the peak-to-average power ratio which
'ls 3.68 dB (see hote at end of sﬂction).AHowever, in practise,
additional back-off is almost always required. Especially for

//multi—level schemes with their inherently high linearity

-
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requirements. NLA 64-state QAM, as its name implies, permits
nonlinear transmit power amplification. The QPSK modulated
signals.are unfiltered prior to the ﬁonlinear amélifiers, so
theg each contain only one power level, and as such, are
unaffected by the AM/AM and AM/PM conversion characteristics of
the_nonliﬁear amplifiérs. In fact this stheme removes the need
" for predistortion and can afford significantly mére power at the
modulator output as compared to that of 8-L QAM

To discuss this advantage a bit fufther, for the NLA
64-state modulator preQiously described, the peak power at the
second hybrid's 6utput is 3.68 dB greafer than that available
from any one of the amplifiers. Thus, the average power output
of the modulator equals the peak power output of each'amplifief
which means that the highest average outvut péwer available from
the modulator is the saturated output perr of the ampiifiers.
As previously mentioned, the 8-L QAM scheme requires a theoretical

minimum back-off of 3.68 dB even with perfect predistortion. A
. —

practical value of the back-off requiredlfor 8-L QAM has yet to

be reported and for this reason is not given. It is however,

safe to assume that this back-off would be larger than that
required for lé-state QAM. The back-off required for a l6-state
QAM system with no predistortion using a TWT amplifier and
baseband filtering has been reportedzto be in the order of 8 dB[6].
For a system using predistor£ion ﬁechniques,.a Ga As FET amplifier
and baséband filtering a back-off of 5 dB was reported to be

required ES].
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Reeallfng that for NLA 64-state QAM,.the maximum average
output power of the modulator is the .saturated output power of
the amplifiers the power advantaée of NLA 64-state QAM over 8-L
QAM lies within one. to two dB's of the practical value of the
back-off required for 8-L QAM. The one to two dB's represents
the loss due to RF filtering as opposed to baseband filtering Cs].
We note that-this gain in transmit power efficiency is' at the
expense of additional output power ampli Lars. However, the

routput power rating and hence‘the cost ogiinese amplifiers
could be 51gn1f1cantly lower than that 0f the ampllfler used
in the 8 L QAM scheme. | - .
The-design complexity of'ﬁ—L QAM is SYNONyYmous +go
that oé NLA G4-state QAM. Although the nlock diagram of the
latter might appear -more complex than that of the former scheme,
the novelty of 8- level modulation as compared to the commonly
used quadrature modulatlon must be taken into account. Especially

in terms. of the design time of the new modulator and the

training timing of the\ser&ice personnel. In addition to this,

\
—

the duplieation of the‘paths"in the parallel modulation scheme
simplifies its design.

Another advantage to NLA 64-state QAM is that it alse
extends itself to other?implementations..Using linear addition
\/’*Egd .a single linear transmit amplifier, the parallel modulatlon
| technique permlts nonlinear modulatlon in the. quadrature
modulators. To explain a bit further, }his permits the'"hitting

hard" of the mixers in a quadrature modulator which could -

significantly reance the'circuitry tvpically required. The scheme



)

S

\

.25

also lends itself to implementations in which the modulation

technique must be switchable. QAM and l6-state QAM are two of

the possible modulation techniques which could be switched to.

The filtering in 8-L QAM can be either post-modulation

-

bandpass filtering or premodulation low-pass filtering. Post-

»

. modulation bandpass filters are known to be difficult to design

for sYstems which have a very low bit rate-to-carrier frequency
r2itio. As well, bandrass filters can not be‘used in modulators
Whefe the carrier frequency is varied. In such-systems, the
compatibility of théz} modulation technigue with low—pass
filtering.is a necessity. NLA 64-state QAM is apparently
constrained.to using a post-modulation BPF, however, this is no£
necessarily the case. A baseband signal processing or filtering
technigque E?:H:83[19j » which severely limits the nonlinearly

amplified signal's transmit spectrum, can replace the bandpass

filtering in the modulator. An example of such a scheme:

" Intersymbol Interference and Jitter Free Filtering (IJF) is

N\

\
|
- ’f

presently under research in the Digital Communication Group at

the University of Ottawa.

As a result of the above comparison, 1t was felt that
the advantages of nohlinear amplification warranted further
investiggtion of NLA 64-state QAM as a viable modul;tion'
technique. In the succeeding chapters a detailed examination
of NLA 64-state-QAM and its properties is undertaken.

PN

——

/ s
! .
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Note: The peak-to-average power ratioc figure falls from thé'

derivations in section 1.4. Reférring'to Fig. 1.4.2, the peak
power is 58 AXx*2 when’2A is the voltage difference between two .
adjacent” signal states. From Eg. 1.4.8, 42 A**Z is the average

pover. Thus the peak-to-average power ratio is approximately

2.3 or 3.68 dB
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CHAPTER 2

2.1 Introduction

The baseband prototype‘modem‘developed fﬁr this
-research ,is only an illustrative, scaled down example of a b
microwave modem. Such an approach'obviates the need for expensive
RF devices and equipment. However, conclusions may be drawn
which, once extrapolated, apply to p;actical 6d4-state QAM
microwave systems.

‘The experimental modem has the following design
parameters:

o ﬁodulation technigue = 64-state QAM/NLA 64-state QAM
o bit rate = 384 kb/s |

O carrier f>2q§ency =1 MHz

0o symbol rate = 64 kbaud.

The modem is divided in two separate units namely the
modulator and the demodulator. The design of each unit is
described briefly below. Appendix A provides a more detailed

N

technical examination of each unit's design.
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2.2 The Modulator _

A block diagram of the modulator which was implemented
for this research is‘shown in Fig. 2.2.1. It should be noted
that this -figure differs from the Elock diagram of NLA G4-state
QAM modulator depicted in Fig. 1.5.2 with the inclusion of
'predistortiqn equalizers, premodulétion“low-péss filters, linéar
amplifiers, and the exclusion of a post-modulation bandpass filter.

This modulator has two switchable modes 6f oﬁeration.

One being 64-state QAM with equalizers, low-pass filters and linear
amplifiers. The second beiﬁg NLA 64—state'QAM where hardlimiters
prior to linear amplifiers represenf the nonlinear amplifiers.

In this realization, the only filtering is done by post- detection
iow—pass filters.

The post-modulation bandpass filter was excluded from
this modem because of the nonlinéar amplification followed-by
bandpass fiiterihg is essentially equivalént.to that of
premodulation low-pass filtering.

Predistortion equalizers were incorporated to improve
the amplitude and phase response of_the channel. This improvement
is discussed further in~Se&??on 2.2.2, B

Hardlimiters are used to practically simulate the
nonlinearities resulting from nonlinear amplification. These’
hardlimiters preoduce a constant‘output‘enve;ope without changing

the phase of the unfiltered modulated signal. These characteristics

4
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closely appréiigate those of the Gunn and Impatt injection
locked dmplifiers.

To compare the Pe performance of the modeﬁjto‘the
theoretical 64-state QAM P performancef‘predistortion
equalizers, low-pass filters and linear amplifiers are included
‘in the modem. The results from this comparison are discussed
further in Chapter 5.

A description of each of the blocks,_shown in

Fig: 2.2.1 follows.

2.2.i Serial-to-Parallel Converter

| The serial-to-parallel cohverter accepts a 384 kb/s
serial data stream and converts it into six.parallel 64 kb/s
Binary data streams. Because this laboratory prototype modem
is operatiﬁg without symbol timing recovery subsystems, a
64 kHz clock is generated from the harawired 384 kHz master
clock. This provides the clock for both the modulator and the

demodulator.

2.2.2 Predistortion Equalizer

Predistortion equalizers aré‘devices used to improve
the amplitude and’ phase response of a channel. Iﬁ this dicussion
. the channel inciudes the premodula%%gn and post-detection
low-pass filters. To explain the equalization process a little

bit further, a bandlimited channel whose amplitude and phase’
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characteristics are not ideal, distorts the received pulse

. and causes inte?symbol interfé;;QEe (ISI). Although a complete
definition of ideal channel characteristics is not .given herein,
one example of an ideal bandiimited channél is described. A
brick-wall channel, with a cut-off frequency equal to the
Nyquist frequency, ideally has linear phase and flat amplitude
characteristics for an impulse input of an x/sin x amplitude
correction for NRZ type pul .~ When data is transmitted over .
a nonideal channel, it 1s often necessary to apply corrective
means or equalization to keep the pulse distortjon within
reé%bnable limits.

The egqualizers are realized usiﬁg a method suggested
by Bennet and Davey [10_]. This method predistorts the data in
such a way that the pulses have-the desired shape at the output

: _ s ,
to the post-detection low-pass filter. The desired pulse shape
corresponds to a maxihization of the eye opening at the sampling
instant and'hencgfaxminimization of ISI.

.Figuré 2.2.2 shows a block diagram of a predistortion
equalizer. The advantage to this method is - in its use of a
shift regis?er. Analog tapped delay lines are typically much
moré difficult to implement than are shift registers. Each
shift register stage consists of a flip-flop with a potentiometer
connected across the outputs to érovide adjustment to the amplitude

and polarity of its contribution. The summation of the

contributions from each stage constitutes the predistorted
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data conditi&ned for transmission through the channel.

Figures 2.2.3 {(a) and (b) show the unegualized and
equalized pulse responses of the channel after the post-detection
low-pass filter. The duratlon of the pulse at the 1nput to the-
channel is Tg = 15.6 us and the sampllng instant occurs at
multiples of Ty (i.e. the rising edge of the sampling clock).

We note that in Fig. 2.2.3 (a) the unequalized pulse response is

net x/sin x in shapergnd that there is ISI present at the

sampling instants. The tap coefficients of the equalizer are

set to minimize ISI and force zero érossing of the pulse reponse
a

at the sampling instants. The ISI is significantly reduced as

seen in Fig. 2.2.3 (b) [ 111

2.223 Low-Pass Filter

The low pass filters provide the spectral shaping of
the transmltted signal. The filters are actlve, four pole
Butterworth filters whose 3 dB frequency is 34 kHz. Butterworth
type filters were chosen because of their flat response in the
pass band.

The fourth-order filter's transfer fgnction, Ay (s),
- can be written as_[lzj:

A, (s} = k/(s**2 + 0.7654 + 1)(5**2 + 1.8478s + 1) {2.2.1)

To further improve the filter's attenuation properties, an
additional RC pole was added to the filter resulting in a

modified fifth-order Butterworth filter. The amplitude response
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of the low-pass filter, as obtained from laboratory
measurements is shown in Fig. 2.2.4. the Response shows a
roll~off of 30 dB per octave and an attenuation of 3 dB at

34 kH=z.

2.2.4 Quadrature Modulator
The quadrature modulator accepts two bits of data
and transmits a carrier phase at 1 MHz which is a function

of the two bits. A-simplified block diagram is shown in

Ty

'Fig. 2.2.5. " The l MHz carriersignal follows path "a" to the

input of a double balanced mixer. Depending upon the polarity
i .

\ . .
of the modulating data signal,[the output from the mixer will
7 !

/
—.either be in-phase or 180 degrees out of phase with the iriput

51gna1 The carrler,Bi§ﬁaiﬂgdmultaneousiy follows path "b"

‘ througﬁ\a/;aﬁdégneé/phase shifter to the input of the second

double balance mixer. This path functions identically to path

"a" except that the 90 degree phase shift causes the output

- signal of path "b" to be orthogonal to that of path "a". Thus,

a summing of the signals from the two paths produces a QPSK
modulated signal. The effect of a phase transitien on the

envelope of a QPSK modulated signal is shown in Fig. 2.2.6.

2.2.5 Hardlimiter : T

To provide the simulation of a nonlinearity,
hardlimiters are included 1n,the signal paths. By pa551ng each
of the quadrature modulated é&gnals through a hardllmlter
prior to their combining, nonl;nearly amplified signals are

PR N

Ve
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FIGURE 2.2.4 AMPLITUDE RESPONSE OF MODIFIED FIFTH-ORDER
BUTTERWORTH LOWPASS FILTER
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emulated. The hardlimiters, modelling an ideal hardlimiter,
produce a signal which has a constant envelope; For an
unfiltered QPSK signal, the inclusion of a hardlimiter in the

signal path does not affect its integrity.

2.2.6 Combiner

The combiner used in our léboratory prototype,
amplifies and_linearly sums the three QPSK modulated signals in
a weighted manner to form the 64-state QBM signal. The output
power from the combiner for the second and third modulator \
signals are 6 dB and 12 dB lower than that of the first, as L
previously explained. In the prototype, this combiner‘functioﬁally
performs as the amplifiers and combiner shown in Fig. 2.2.1.
Because ﬁhe labofat;ry prototype modem.has no requirement to
meet t{Fical transmit output power requifements, no RF output

power amplifiers or directional couplers were used in the combiner

design.

o
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2.3 The Demodulator

A block diagram of the demodulator which was
implemented for this research is shown in Fig. 2.3.1. The
demcdulator can be divided into the following functional
categories:

1) quadrature demcdulator

2) eight-to-two level converter

- 3) parallel—tofsefial converter -
A description of each of these subaisemblies follows.
2.3.1 Quadrature Demodulator

Since the 64-state QAM sign&l was generated using’
quadrature modulators the process must be reversed in the
demoduiator in order to obtain-the original data.”A block
diagram of the prototype gquadrature demodulatof is shown ip
Figure 2.3.2, - -

. Two balanced mixers are driven in parallel by the
modulated signal. A hardwired replica of the modulator's carrier
signal is used to demodulate the signal in one mixer, while the
other mixer uses the same signal shifted in phase by 90 degrees.
Individual phase shifters are built into the demodulatind
carrier.legg of each pixer in order to accurately adjust the
phagé of demodulating signal to that of the incoming modulated

signal. To complete the quadrature demodulation the output
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Figure  2.3.1

NLA 64-State QAM Demodulator Block Diagram
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from the mixers must be low-pass filtered to remove the second
“harmonic component. The post-detection low-pass filters used
were the same as the modulator's premodulation medified fifth-
order Butterworth fllters. For this reason, a description of
these filters w1ll not be repeated herein but the reader can
refer to Section 2.2.3 for review.

Figure 2.3.3 (a) and.(b) show oscilloscope wave forms
of the quadrature demodulated signal (the eye diagram). In
Fig. 2.3.3 (a) the eyes are distorted, the phase of the
demodulating carriers was not matched to that of the incoming
modulated'signal. Figure 2.3.3 (b) shdws the eye diagram when
the phase is adjusted correctly; In this case the eyes are open
and clear. ?igure 2.3.4 shows a signal space diagram at the
qgidrature demodulator output. This experimentally measured
diagram illustrates a 64-state QAM state space as described
" earlier in Chapter i. The amplitude levels are equally spaced
and symmetrical, forming the fectangular pettern of 64-state QAM.

A

2.3.2-Eight—to-Two:Leve1 Converter

The eight-to-two levei_converters take the_multilevel
demodulated signals and convert each into three binary ,signals.
In order to do this, each demodulated signal is saﬁpled at the
symbol rate in the center of the eyes. ﬁach sampled signal level

is then converted into three binary bits of data. A table

relating the sampled signal level to the resultant binary data
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5 US/ div ) 1A us/ div
(a) 8v/ div : (b)  8y/ div
FIGURE 2.3.3 EYE DIAGRAMS AT THE POST DETECTION LOW-PASS FILTER
QUTPUT a) WHEN PHASE OF DEMODULATING CARRIER IS NOT
MATCHED TO THAA OF INCOMING MODULATED SIGNAL;

b) WHEN PHASE OF DEMODULATING CARRIER IS MATCHED TO
THAT OF INCOMING MODULATED SIGNAL.
~ -

—

2y div

FIGURE 2.3.4 SIGNAL SPACE DIAGRAM AT THE POST DETECTION LOW-
PASS FILTER QUTPUT

(No trigger)
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is shown in Table 2.1.1.

n

Sampled Signal (v) | Il Logic State| I2 Logic State|I3 Logic State

~2.5
-1.78
-1.07
-0.35
0.35
1.07
1.78
2.5

'
i
!

|
r—al-'l—-}—-ocToo :
I

HFHOOHMHOO
HFOHOKHOMO

s

Table 2.1.1 Performance of eight-to-two level converter
From this table we see, for example, that a sampled signal level
of 1.07 volts cof;esponds to the logic states "1", "O", "1i"
for I1,.I2, and I3 respectively.

" ®
2.3.3 Parallel-to-Serial Converter
The parallel-to-serial subassembly converts six

binary signals into one binary signal representing the recovered
signal. The data rate of the incoming signals is 1/6 that of
the outgoing signal (i;e. 64 kb/s versus 384 kb/s). In order to
recover ﬁhe original trgnsmitted data stream, the six data
streams must be multiplexed so as to reverse the process of
the serial-to-parallél onverter of section 2.2.1. This is
easily accomplished by sequencing the selection of each of the

V4
six streams in the proper order. o

»
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CHAPTER 3

3.1 Intrcduction
.
Computer simulation provides a practical and'
powerful alternative to theorétical analysis or laboratory
implementation when either or both of these techniques‘Pecomes
extremely difficult or in some cases impossible.to achieve.
Svstems involving a‘nohlinear or a frequency selective,{gding
environment, or adjacent cﬁannel interference, often fall into
this category. Computer simulation programs have heen developed
for this thesis to aid in the performance analysis of various
64-state QAM syStems. These systems include NLA 64-state QaM,
64-state QAM with modulator impairments, %4—state QAM with
transmission channel distortions, and 64-state QAM with cochannel
and adjacent channel interference.
In general, the basics of the program follow those
given in the Digital Communications Laboratory (DéL) Report d
No. 112 [13]]. However, several esséntial modifications have
been incorporated into the progréms to replace the QPSK modulation,
used by the DCL, with 64-state QAM. The most significant of
thése'include: the replacéﬁent of the QPSK signal with a
64-state QAM signal in the signal generator and the replacement
of the Pe calculation for QPSK with the Py caiqulation for

f

64-state QAM in the detector.

3

W
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i

3.2 Simulation'Model
¥
The simulation modelling used %n the programs is
based on the equivalent baseband concept. To expléin thig-a _ -~
bit further, ip the development of ; mathematicél model to
simulate the various systems under study, the transmitted
signal s(t) can be assumed to be of the fegm:

s{t)

Re [ix(t) + 3 y(£)) Wt

x(t) cos Wot - y(t) sin w.t (3.2.1) where
W. is the angular carrier frequency and x(t) + j y(t) is the
complex baseband signal. From Eq. 3.2.1, it is seen that the
éigital formulation to bé-transmitted is contained in the _
complex baseband signal x(t) + j y(t). Thus, the system to

be studied may be modelled by speéifying it in terms of its
complex baseband form.

A block diagram of the 64-state OAM systems simulated\
is shown in Fié. 3.2.1. In fhe data source of the transmitterf_/’
a generator polynomial is used to produce a pseudo-random
sequence of NRZ symbols of fixed length and period. In order
to l}mit the computer memory size required by the progfam,’
five d§clically shifted versions of the original sequence are
generated to give the six data streams neéded to create a

64-state QAM signal. ' ' : “

Two’ méthods are used to produce the two eight—levei

F"\‘\ ]

» symbol streams. In the first, the two sets of three data .
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- ., —

streaﬁs are each two-to-eight level converted to form the

two eight-level symbol. streams. These two symbol streams,

with a set number of sémples representing each symbol, fgrm

the complex data. The'data's.real part corresponds to the I
component and.the imaginary part corresponds to the Q component.
This first method was adopted becaqse it minimizes the required
computer memory size. It is used in the simulation of 64-state
QAM systems with transmission impairments;and with adjacent
channel interference.

Thé second method, which is depicted in PFig. 3.2.1,
‘takes two of the six data streams to form each of the three
QPSK signals. As in the previous method, the QPSK signals
" are represented as comple;‘data-with a set numbeg of samples
per symbol. These-three.signals are weighted and gummed.to form
the two eight-level symbol streams of 64-state GAM. This latter
method is used‘in the simulation of NLA 64—staté QAM where the
nonlinear devices are placed prior to the weigﬁfed sﬁmmer.

The effects of improper combining of the QPSK signals in the
modulato; are simulated using this mefhéd, by varying the
weighting of any one of the signals in the weighted summer.

Thé transmit and receive filters are modelled in the
equivalent iow—pass.complex formats, congruous with the format
representing the modulated baseband signals in the frequency
domain. The filters are raised cosine with or without x/sgin x
equalization. The filteriﬁg is.effected by using Fast Fourier
Transform (FFT) techniqueg. The complex baseband data is

transformed into the frequency domain where it is multiplied
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FIGURE 3.2.1 COMPUTER SlMULATIO_N MODEL

-Note: 1. For the simulation of NLA 64-state QAM.
2j For the simulation of hardware and/or radio propagation
imperfections including selective fading.
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by the complex. low-pass transfer function of the filter under
consideration. The product'of this ﬁultiplication is theﬂ
'transformed back to the time domain whereupon the filtéring
brdcess is cémpleted. Iq“additiqﬁ;ichénnels with amplituaé
and group delay characteristics of almost any form (from flat
to parabolic to sinusoidal) can bé specified. Selectively
fading chanﬁels are also modelled.

) The nonlinear devices which are modelled include a
"hardlimiter aﬁd a high powér amplifier (HPA). The modélling
of the high'power amplifiér uses information on the input/output
backoff r~lationship, Qith meén power normalization, wh;ch
makes the scheme independent of absolute saturated power. These
nonlinear routines are used when the maximum output power is
" desired (i.e. NLA'64-st§te QaM) , however, when the digital |
system is to operate in a {}near mode, none of these routines
is incorporated inéi ﬁhe prdgram.' |

& (E? the receiver, the Qetector takes the form of a
sampler and threshold detector. At the input to the sampler, o
the incoming received #ata is synchronized to. compehséﬁe;for
the délay anq phase shift caused b& the filters and nonlinearities.
This "synchronized" data is then sampled at the point
representing the maximum eye opehing. The program calcula£é5'
thé symbol Pe for a number of values of Eb/Né and thenlprints

and/or plots this information. K | A



When adjacent channel simulation is desired, the
generation of -the main channel signal'remains the same as was
discussed in the preceding paragraphs. Two. adjacent channel
signals- are added to the main channel signal at the output
to the transmitter. These two signals are generated in the
same. manner as the main cﬁannel signal, however,they are
assumed to have a carrier offset} time and phase shift, and

attenuation/amplification with respect to the main channel (13].

LI
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3.3-Probability of Error Calculations

In this section the method of calculating the symbol
Pe versus Eb/No‘performance for the simulation of various
64—sta£e'QAM systems is-described. The P, performance is in
fact, bne of “the most critical performance parameters of a
digital communication system. i

‘In the calculation‘of error perfo[:aﬁﬁe, one essential
feature is the inclusion of the combined effects of intersymbol
‘interference and noise. Intersymbol interference tgnds to be ‘
data dependeﬂt‘so the modulated data sequences must contain
all possible data transitions. The number of such t;ansitions
must be balanced so that all data transitiond are given
equal weight in the determination of P, performance. Pseudo—rdqdbm
sequences of length 211—1 (2047) were used to generate tﬁe_
modulated data. |

As previously méntioned, in the demoduiétor'a
synchronization routine is used to compensate for tﬁe delay
caused'by the filters, and the phase shift caused by the non
}inearitiesL'The received signal is shifted to the right untii at”
legst one of.the samples for each symbol is in the correct qisision
region. If the‘impgirment introduced into tﬁe s?stem is severe

ehough to causge the entire symbol to be in error the Pg is ‘not

calculated and the run is terminated. Once the received data has

-
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been-“synchronized" the optimum sampling instant is chosen by
calculating the P+ for a given Eb/NO, for each of the sampling

points repres:Lﬁing the symbols until the minimum P is obtained.

this set of points is then used as the sampling instant for the

]

run.

The detectbr "demodulates" the gomplex received data
into its two quadrature component parts (in-phase\and 9uadrature)
as shown in Fig. 3.3.1.'For each component part the detector
calculates the pfobability that the sampled signal vector will
not remain within tﬁe correct decision region for a specified
value of NO. Once the_Pe's for the selecteefrange of NO and hence
Eb/N0 values are obtained for each symbol, the routine averages
thgm over the entire symbol sequence, for each value of Eb/No'
to‘determine the probability of symbol error performance of the
system. A

Specificaily, for a given value of No, the svmbol Pe

for the system is giveh by
1 NS .
P_ = 55 T P (3.3.1)

e : e,
i=1 i

where NS is the total number of symbols including both I and Q

components and Pa; is the Pe for'the ith symbol. If the i Eh -

transmitted symbol is an endpoint P, is given'by,
. . 1

. §. - THRI; ' e
Pe, = grerfc (— Z ) (3.3.2a)
1 /2 N_BW
and, if not an endpoint, by _ _
' S, - THR1; THR2;- 5
Po, = %' erfc (— ) + 5 erfc (————i—————)
1 Yy 2 N_BW Yy 2 N_BW
O o]
(3.3.2b)

VN
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where,
§; is the magnitude of the ith symbol sample,

erfc(x) is the complementary error function (= %f:e-az da),

2A is the distance between the unflltered adjacent transmit
symbol voltage levels,

THRli is the magnltude of the ith unfiltered transmit symbol
voltage level minus A (lower threshold level),

THR24 is the magnitude of the ith unfiltered transmit- symbol
. voltage level plus A (upper threshold level),

BW is the normalized system bandwidth

and

Ny 1s the additive white gaus51an noise power in a 1 Hz
bandwidth

Note that the term "endpoint" refers to those I or Q symbols
for which the transmit symbol was *7A. These endpoints are

shown in I"'ig. 3.3.1.

“whw ,
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CHAPTER 4.

4.1 Introduction

The Pe performance of 64-state QAM has, up to this
pdint, been limited to an evaluation of the performance in an

environment with AWGN and ideal channel characteristics.

I ]

Unfortunately, transmission systems do not operate in such an
acme of perfection. For ehis reeson, before .a modulation technique
can be considered viable its sensitivity to commonly encounﬁereq
transmission impairments must be evaluated.

Prior to this study, the performance of 64-state QAM
systems in environments with complex interference and transmission
Kimpairments had not been reportea in.thevfeadily_available
literature. The objective of this chapter is to evaluate the
Pe performance of 64-state QAM syetems with some of the.commonly
encountered transmission and hardware impairments. The impairments
or distortions included in this study are:

1) Interference
2) Anomalous signal levels in the state space
3) Channel amplitude distortions
4) Channel group delay distortions
5) Selective fading.
Computer simulated results are presented based on the simulaﬁion

model described in Chapter 3 and Appendix B.
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The system modelled }n the computer analyses is a
_90-Mb/s radio system with alpha = 0.4 sguare root of raised
cosine transmit aﬁd.receive filters with x/sin x equalization,
and a 20 MHz channel spacing [137] The 90 Mb/s and 20 MHz are
used as examéles of a practical bit"rate and channel spacing.
However, with the approp}iate considerations the succeeding

results could be applied to other 64-state QAM systems.
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4.2 Interference

The performance of a digital transmission system can #
be degraded\by undue sensitivity to the effects of either .
cochannel of adjacent channel interference._Cochannel.interferepce,
present at the RF input of a receiver, has by definition the )
same (or nearly the same) nominal radio frequency aé that JE‘
the desired channel. On the other hand, adjacen£ channel
interference has a nominal frequency difference, with respect
to the desired channel frequency, equal to one channel spacing.
In pafz, the sensitivity of a system té interference can be
attributed to the susceptibility of its modulation technique.
Other factors such as the system's polarization isolation,
filtering, and transmitted spectrum control can also contribute
to thé system's sensitivity to interference.

The P, performance of a 90 Mb/s 64-state QAM system
with either cochannel or adjacent channel interference is
discussed in this section. In either case, the interferer is
a single 64~-state QAM siénal which is uncorrelated with the \
desired signal.

Figure 4.2:1 depicts the Pe performance of 64-state
QAM resulting from varying amounts of cochannel interference.
In this case the interference is from a single cocﬁannql interferer,

FPor a carrier-to-interference ratio (CIR) of 27.8 dB, at the

receiver filter's output, the Eb/No requirement for a Pe of 1074
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'is 20.1 dB. This represents an increase in the fb/N0 requirgment
of‘approxihately 2.6 dB.

The Pe performance resulting from varying amounts of
adjacent channel interference is shown in Fig. 4.2.2. The \,
system simglated uses raised cbsine filtering with 3 dB
bandwidth of 15 MHz, an alpha of 0.4, and a channel spacing of';,nﬁ__ﬂ_/
20 MHz. As shown in Fig. 4.2.2, in the presence of a single
adjacent channel interferer wi%h_a level 18.0 dB above the
desired receiver level at.the recéivé filter input, an Eb/NO
of 18.2 dB is required fér a P, of 1074, Thus, a degradation .
to the performance of 64-state QaM of aPproximatley 0.1 dB is

incurred with an adjacent channel CIR of -18.0 dB.
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4.3 Anomalous Amplitude and Phase in the State Space
The sensitivity of a modulation technique to
imperfections in the systems hardware must be considered when
selecting the implementation of the modulation technique.

Because the NLA 64-state modulation Eechnique uses three

~ -

parallel transmit amplifiers'the_System is susceptible to

imperfect amplifier output power levels and phase. Aging and/or -

- .

temperature can result in aﬁ'ampiifier gain or phase va:iaéioﬂ
and hence a change_in the outéut power or phase. A change in
either the amplifieg's output power levels or phase from.the -
nominal levels would result in distortion of the 64-state QAM
state spaée. Aparg'from amplifier output levels, multi—levei
modulation schehes‘are inherently susceptible to distortioms
of tﬁé signal levels. In this sectioﬁ, t@e sensitivity of 64-state
- QAM to amplifier output power level imperfections is determined.
In addition, a limited study of thé effécég.of amplifier phase _
variations is ﬁndertéken. E Cr

l The P v'ersus‘Eb/No performaﬁce of 64-state QAM is
evaluated for varying values of the amplifier output power levels.
The esults are shown in Figs. 4.3.1 (a) and” (b) for varying
values of Pl, in Figs. 4.3.2 (a) and (b) for varying values of
P2; and in Figs. 4.3.3 (a) and (b) for P3. Where Pl, P2, and P3

represent amplifier's 1, 2, and 3 normalize output power levels.

-In these figures, the solid curves represent the cases where the.;
\ ! -

\ |
e NE
' \

| w

,
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decieion thresholds are set at the conventional legele (i.e. 0,
+/-2A, +/ 47, +/-6A where 2A represents the conventlonal spac1ng
of the signai levels) ~The broken curves represent the cases
where the decision'threshold are set at the vertical center

of the received~eyes. An illustration of the settings of

the decision thresholds is shown in Fig. 4.3.; togeﬁher with

an example of a received eye diagram with anomalous signal levels.

~In this figure the anomalous signal levels resulted from an

increase in Pl over its nominal normallzed value of 12.0 dB.

*

of the decision thresholds at tﬁe vertical center of the. eyes

a

For P1, shown in Figs. 4.3.1 (a) and (b), the setting.

results in a marked imvprovement to performance. Takiné the t
exaﬁple Gf P1 = 12:4 dB, the degradation  to performance is
reduced from 1.7 dB to 0.2 4B at a‘Pe of 10—4'by readjusting the
decision thresholds.

The performance curves for P2, Figs. 4.3.2 (a) and (b) 7

.Zaggf;again that setting the decision thresholds at the vertical

‘.;P{, -

cekéyr“of the eyes results in'an improvement to performdnc@fﬁh

S

'
relatlve to the conventlonal settlngs. although the 1mprovements

are not qulte as large. as ‘those- - realized in Flgs. 4 3.1 (a) and (b),
1 L e
they are still 51gn1f1cant. For a P2 = 6 4 4B at a P of 10 4,

hw
the degradatlon to performance is reduced by 0.2 dB by readjustlng .
L]

' the dec151on thresholds

)

k-3
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Decision Thresholds

===conventicnal

optimal »

FIGURE 4.3.4 A MEASURED EYE-DIAGRAM WITH THE TWO
DECISION THRESHOLDS INDICATED (See FIG.\4;3.1)

-



For P3 we hote that only the solid curves are shown
in Figs. 4.3.3 (a) and (b). This is due to the equivalence in
the two settings of the dec151on thresholds .for variations in P3.

Figure 4.3.5 shows a comparison of the degradatlon to
Eb/N resultlng from the variation of each of the amplifiers-
output power levels. The performance degradation as a function
of the difference in dB of the specified power level froo the
ideal power level and relative to the nominal case for a Pe of
10—4 is shown for_the cases where the thresholds are set at the
vertical center of the eyes. What can be noticed from this figure
is that the performance degradation is directly oorreiated to
the resulting degradation of the state space. The one noticahle‘
exception being Pl > 12.0 dB. This is explainable as this
inc;:ase effectively‘opens the distance petween the levels
adjecent to the in-phase and quadrature axis with the only
penalty paid being an increase in the Eh(No requirement.

A similar study for the effects of amplifier phase
vagriations wasiﬂndertaken(gng the results are shown in Fig., 4.3.6.
The performance degradation as a function»of the ditference in
degrees of the’ speC1f1ed amplifier output phase -from the ideal
.fphase'iad relatlve to the nominal case for a P /9@)}0'4 is shown.

The results of the first study 1ndlcated to us - that a
monltorlng of the reoelved eye diagram and a readjustlng of the

decision thresholds would be needed to,malntaln a reasonable

performance if level variations Were present. The ‘results of the
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second study indicated to us that a maximum amplifier phase

variation in the order of 2 deéfees vould need to be maiqtained
" a reasonable perforﬁance. Both of the studies indicated that a
careful selectign of tﬁe output amplifiers used in the parallel

modulaﬁion scheme would be advisable to avoid these varia“ions.

3\
o
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4.4 Channel Amﬁ itude Distortions,

In this section and the succeeding sections of this

N
By

chapter the effects of nonideal amplitude and group délay
transmission characteristics are considergd; Channel amplitude
and group delay disto;tibns éan result from a variety of -

) "§Environmental'and hardware related system conditions.

Under conditions of multipath fading the'transmiésion
characteristics are.qf an dispersive,\i.e.f both amplitude  and
group delay vary with fre encg L1577, OsJ. Thése fades are
due‘to environmental conditions and result in signél cancellations
dué to the“neggption of multiple signals progagated over paths

with different amplitude and delay characteristics. Another

common problem that affects the transmiksic

characteristics
is nonideal system filter characteristics. A
At
- . ) .
matter, the realization;dfﬁiﬁgé;/filter characteristics

/ :
which would not degradé a system's performance in any way is

gery difficult. ' | . \’//)
: Specifically in this section, three forms of channel

amplitude distortions are considered:
1) Linear

2)‘Parabolic e
. £

3). Sinusoidal
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of the distortion. ot
| For linear amplitude distortion, the transfer function
of the model is: “
A(f) = Zxf (4.4.1)

wb?re Z is the amplitude slope in dB/MHz and A(f) ;s the:transfer

function in dB. In this context, when 2 is 0 the amplitude and
_group delay characteristics of the transmission channel are

raised consine with an alpha of 0.4, x/sin x equalization,

and a flat group delay. The Pe performance of 64-state QAM
‘with'varying magnithdes of amplitude slope is shown in Fig. 4.4.1.

~

For example, an amplitude slope of 0.152 dB/MHz the E/Ng
fequirement increases 2.3 dB from ifs nominal value at a Pe 6f—10_4.
For parabélic gpplitude distortion, the transfer

function of the model is: "

}uf‘)/=_P§f**2_ _ , (4.4.2)

ﬁhere P is in dB/Mﬁz**2. Thus, when P is &qual to zero the _‘

-~

) - \L.‘:a-..:'.u
amplitude and gxeﬁp delay characteristics of the transmission

channel are raised cosine with an alpha of 0.}2 x/sin x - )
equaliZation, and a flat group delay. The P pérformance,éf g
Q)—state QAM with varying magnitudes of parabolic amplitﬁde

distortion is shown in'Fig, 4.4.2. As shown in this figure, “~__

S

for parabolic amplitude distortion with a P of 7.25 x 10“3 dB/MHz**2
an Eb/N0 of 18.5dB is required for a Pe-of'10-4. This represents o

”» "
a degradation to performance of approximately 1.0 dB.

5

~¢
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L INEAR AMPLITUDE DISTORTION

i
—
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"FIGURE 4.4.1 ?e VERSUS Eb/NO FOR LINEAR AMP

:IXUDE DISTORTIONS
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For éfhgsggdai amplitade gistortibn, the transfer
function of the mddel is: o
A(£) = Dsin(2xTxXKXE/BWN) - (4.4.3)
where D is the magnitude of the sinusoié in dB, awﬁ is the

double-sided Nyguist bandwidth, and K is the number of pericds

of the sinusoid in the Nyquist bandw1dth 4n this case, whéh N

D is equal to zero the amplltude and group delay characterlstlcs
of the transmission channel are raised cosineqwith an alpha of
0.4, with x/sin x eqﬁ%lization, and a flat group delay. Figure
4.4.3 shows tﬁe Pe performance of 64-state QAM for varying
magnitudes of the sinusoid with K = 4j.Tak§ng a sinusoidal
magnitude 0.8 dB as an example of the degradation than can be
expectad-to accompany sinaaoidal amplitude distortion the Eb/N
requiremeﬁf incfeases 6.4 dB from its nominal value at a be of 10
Figure 4.4.4 compares the degradatlon to E /N at a
Pe cf 10 -4 for the maximum Llnearﬁyparabollc, ‘and sinusoidal

amplitude distortion in the filter bandwidth. For a 90 Mb/s
\ .

system with alph = 0.4 raised cosine filters the maximum amplitude -

distortion in the 21 MHz filter bandwidth whiah results Jip—o—
3 dB degradation to Eb/NO is: 3.6 dB for the linear case, 1.4 dB’
for thé parabolic case, and 0.55 dB for the sinuspidal casea We
note that for a given maximum amplitude distortion 64-state éAMf

is least affected by llnear dlstortlon, followed by parabgﬁdﬁf‘_

and 51nu501dal.

~

4
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FIGURE 4.4.4

i

—— LINEAR - |
—e— PARABOLIC

»
—— SINUSOIDAL

20 40 60 .~ 80
‘ ] Linear
05 1.0 sy 2.0
Parabolic ‘ :
0.2 04’ 0.6 08
| Sinusoidal
AMPLITUDE 'DISTORTION A(2f) in dB )
(where (2f,) = double-sided filter bandwidth] -

Degradation. of EBNofor linear, parabolic, and sinusoidal amplitude

distortions.

Note:— For a 90 Mbit/s system with &¢ = 0.4 raised cosine filters,
A(2fg = Zx21dB (linear)

PX[0.5%10.5dB { parabolic)

= D dB (sinusoidal)
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4.5 Channel Group Delay Dist@rtions

In this section,-three forms of channel group delay
distortions are considered namely:

1) Linear

2)'Parabolic

3) Sinuéoidgﬁ ,
For each of these forms of group delay the Pe performance of
64-state QAM is evaluated for vérying magnitudes of- the.
distortioﬂ.‘

For linear group delay, the transfer function'of the
model is:

T(f) = Bxf . - _ (4.5.1)
where B is the delay sope in ns/MHz. In this context, when B
is 0 the amplitude and group delay chgzscteristics of the
transmission channel are raised cosine wIEh an alpha of
0.4, x/sin x equalization, and a flat group delay. The P,
performance of 64-state QAM with varying magnltudes of delay
slope,is shown in Fig. 4.5.1. Taking a de;ay‘slope of 0.38 ns/MHz
as an'gxampie'of the degradation incurred, the Eb/NO requirement
increases 2.5 dB from its nomin;l valuge at a Pe of 1074.

-

For parabolic group delay, the transfer function of

T(f) = SxE**2 | (4.5.2)

where S is in ns/MHz**2. Thus, when S is equal to zero the
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81
N

amplitude and group de§é§\characteristics of the transmissi;n
channel are raised cosine with an alpha of 0.4, wiﬁh ®/sin x
rEqualization; and a flat group delay. The Pe P rformance of
64-state QAM with varying magnitudes of parabolic group délay
is shown in Fig.-4.5.2: As shown in this figure, .for parabolic
‘amplitude distortion with an. S 02#5.54 ns/MHé**z an Eb/N0 qf -Vn
19.0 dB is required'for é Pe of 10_4. This ;épresenté a dégradétidn
to performance of approximately 1.5 dB.

For.sinqsoidal group delay, the transfer function 5f'
the model is:

T(£f) = Csif(2xTxKxf/BWN) | (4.5.3)
where € is the magnitude of the sinusoid in ns,'BWN is the
double-sided Nyquist bahdwidth, and K is the number of periods
of the sinusoid in the Nyqﬁist bandwidth. In-this caée, when
C is equal to zero the amplitude and group delay characteristics _
of the transmission channel are raised cosine with an alpha of
0.4, with x/sin x equalization, and a flat group delay. Figure
4.5.3 shows the Pe performance of 64-state QAM for vary%ng
magnitudes of the sinusoid with K set at four. Taking a
sinuscidal magnitude, 12.0 ns as an example of the degradation
that can be expected to ;ccompany sinusoidal group delay the
Eb/NO requirement increases 1.5 dB from its nominal value at a
Pe of 1044. It should be mentioned that although the results )

for varying the period of the sinsuoid relative to the Nyquist

bandwidth are not presented, in order to reduce the volume of
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data'presentéd, the relative degradatipn to performénce for a
set C decreased as K increased. /
' i
Figure 4.5.4 compares the degradation to E /N at

4

a Pe of 10 ° for the maximum linear, parabolic, and sinusoidal

group delay in the filter bandwidth. For a 90 Mb/s system with

~alpha = 0.4 raised cosine filters, the maximum group delay in

the 21 MHz filter bandwidth-which results in a 1.0 dB degradation
Al ?lf .

to Eb/N0 is: 5.3 ns for the linear case, 52.5 ns for the parabolic

case, and 103. ns for the sinusoidal case. This indicates that like

QPSK, 64-state QAM is most sens%Five to a group delay with

linear characteristiecs L1770

It has been pointed out that digital radio systems
with amplitudé and/or group delay distortions typically exhibit
error floors in thier Pe performance curves. These error floors

are not present in the simulated performance curves presented.

‘However, it is felt that if larger distortion and/or longer

data sequences were used in the simulation runs these floors

- would be present.

e
N
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[where (2ff) = double-sided filter bandwidth]

Degradation of EyNgfar linear, parabolic, and sinusoidal group delay

distortions. : '

Note:— For a 80 Mbit/s system with ¢ = 0.4 raised cosine filters,
Ti2f) = B «21 s (linear) |

' '$X10.5%10.5ns {paraboiic)

C ns (sinusoidal)



4.6 Selective Fading

1

N ‘ "

One. of the keyé to high density digital radio
communications is sighal robustness over a selectively fading

channel. Regardless of the modulation technigue used, a

seiectivelylfading channel will affect éignal robustness. How,
and to what 'extept fading will affect the modulation technique,
must be eﬁaluated to determine the optimum technique for dealing
with it. The éénsitivity of 64-state QAM to a selectively fading
channel is discussed in this section.

The sloées and notches of a selectively fading channel
héve been modéﬁled by Rummler ElB:]as a three-ray multipath fade,

the transfer function of which is:

H(w) = a (1 - petd (W-wo)T 7 (4.611).
where "a" is a real, positive parameter that represents the
flat-weightiné of the channel; "b" is a real,‘positiQe, time
variant parameter which repre§énts.tbe;olgf'depth‘of the fade;
"wo is the radiant frequency ofwﬁhe center of the fade; and "T"
is the timé variant delay differencé in the channel. The plus
and minus signé in the exponent correspohd tb the nonminimum
and minimum phase in the channel fade respectively [23]].

The model can be rewritten in terms of the channel

group delay and amplitude characteristics as follows:



87

Ty = P T (Cos (W-W)) T - 1)
T ¥ b2 - 2b Cos (W-W) T
/

(4.6.2)
A(W) = (1 + b2+ 2b Cos(W—WO)T)l/z ' ~ (4.6.3)

where T (W) is the group delay channel characteristic and A(W)
is the amplitude characteristic. In this context, when the
fade is minimum phase the amplitude and group delay have the

: N ‘
same slope. When the fade is .nonminimum phase, the two have

opposite slopes.

*
Figures 4.6.1 and 4.6.2 show the performance curves

of 64-state QAM in minimum and nonminimum phase fades of
various depths. In either'case, the fade notch is centered in
the transmission channel and "T" is 6.31 nsec. As seen from
these figures, equivalent minimum and nonminimum phase fades
result in equivalent degradation to performance. Taking the
example of a minimum or nonminimum phase fade of depth 0.45 dB,
the Eb/No requirement is increased 2.4 4B from its nominal

4 . .
. In practice however, systems with

value for a P of 10~
parabplic (minimum) group delay characteristics, which could be
intraduced by the system's filtering would be less sensitive to
nonminimum phase fades. The filter's group delay characteristics
wo&ld partially compensate for the group delay characteristics

of the fade. The same could be saidifor minimum phase fades

and a system with an inverted pafabolic group délay characteristic.

'The results of this study indicated to us that in

order to maintain a reasonable fading performance in 64-state
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QAM,systems; measures would have to be taken to combat féding.
There are three major methods in use today for controlling
selective fading [24:]. These %ESLBQ? larger antennas, space

and frequency diversity, and the use of adaptive equalizers.

-

"Additional study is required to establish the effectiveness

of these techniques in improving the fading performance of

6d-state QAM systems.
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CHAPTER 5.

5.1 Introduction

In this study of NLA 64—statérQAM, a prototype modem
eméloying a "parallel type" 64-state QAM mo@ulation technique
was developed. As well as verifying the feasibilitf of sﬁch a
technique, one of the reasons for the developmen£ of this modem’
was to experiméntally analyse and evaluate the perforﬁance of
such a system with practical design constraints. The computer
simulétion.studies in Chapter 4 provided.a good indication of
the performance that could be expected under various environmental
and hardware conditions. This chapter is a confinuatioﬁ of these
studies butf deals specifical}y.with hardware considerations. Two
performance criteria are considere@ namely:

1) spectral efficiency, and

2) Pe performance.

Using these two criteria the perfofmance of 64-state QaM
systems with the same basic hardware design and performance as
the experimenta; prbtotype modem is determined. Laboratory
measurements of the prototype modem's performance as well as
numerical analysis and interpretation of these measurements are

presented in the succeeding sections of this chapter.
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5.2 Spectral Efficiency of thé Modem

In this section, the.spectral efficiency of NLA
64-state QAM radio systems Qith the same spectral shaping as
our prototype modem is determined. The digital radio systems
considered are those which would operéte in the FCC authoriied
20 MHz, 30 MHz, and 40 MHz bandwidths.

| In determining the spectral‘efficiency of NLA
64-state QAM syStems a technique described by Amoroso E19:]i§
_ employed. This technique uses the FCC mask as a standard of
reference for the RF bandwidth, and the spectral performance
of a modem. For these studies the spectral performance of
our modem with its low bit rate and simple filters is used. . A
Figure 5.2.1 shows a plot 9f the measured power

spectral density of our filtered 64-state QAM signal. The-

g

spectrum s centered at our scaled down carrier frequency of
1 MHz with null +/- 64 kHz on either side, and shows spectral
shaping'as a result of the premodulation low-pass filtering and
predistortion equalization. The spectral density is normalized
to 0 dB at the center frequeacy (£, =1MHz) . ’
Amorogo's method involves shifting the center frequency
of the spectrum, shown in EIET/;.Z.l, up to the;desiréd radio
frequenéy. The bit rate of the modem and its corresponding
spectrum are then conceptually increased until the new spectrum

just fits_within the FCC mask for the desired radio frequency.

For‘example, for a radio frequency of 4 GHz with the authorized
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vy

bandwidth of 20 MHz, the maximum possible bit rate R is determined

—

using the FCC 20 MHz mask and the following equation [197].

A(fy = 10 log 4000 + 1l0‘log €n(f) - 10 log Bn R (5.2.1)
ﬁhere: - - '
A(f) is the power in a 4 KHz band/total power in dB,
Sn{f) is the normallzed power spectral den51ty of
. the transmit spectrum,
' Bn is the noise bandwidth of the transmit spectrum,
o .
and B R is «the transmission bit rate in b/s.

L

The normalﬁzed noise bandwidth is derived using the following
equation [211-, [2dd |
5/ .
_ Slnﬂ £ af :
Bn . T (f/O 468) (5.2.2)
/T

where:
T is the symbol duration,
f is the frequency,

and 0.468 is the normalized 3 dB attenuation frequency for
the bandlimited BPSK signal spectrum.

Solving for Eg. 5.2.5, the value of Bn is found to be 0.123.

' Substituting this value of Bn ihto.Eq;'i.Z.l'Ehd
normalizing the power spectral density with respecthto the bit
rate as given in Table 5.1.1, the maximum possible transmission
bit rate was found to be 94 Mb/s within the 20 MHz bandwidth.

Figure 5.2.2 is a plot of Eq. 5.2.1 for the 64-state QAM prototype

T—
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§t

modem with R = 94 Mb}s. Thig plot of A(f) is shown together with
the FCC mask for the 20 MHz authorized bandwidth. The translated
spectrum is tangent to the FCC mask around the —50 dB level.
Any further increase in the transmission bit rate would cause
the mask ﬁé be violated. For this reason the maximum possible
transmission bit rate in the 4 GHz band was determingd to be
94 Mb/s. This rate c%p easily accomeodate twp‘DSB-signals, which
-ig virﬁuélly ﬁnique in operating commercial 4 GHz digital radio
’—;ystems, and represents a épectral efficiency‘of 4.7 b/s/ﬁz.
Using the same method as in the previous example,
the spectral efficiencies for the 6 GHz band with an authorized
bandwidth of 30 MHz and for 1l GHz with an authorized baﬁdwid£h
ofv40 MHz were found to be 5.0 b/s/Hz and 5.1 b/s/Hz, respectively.
The fesuits indicate that even with simple filters,
64-state QAM'systems could obtain spectral efficiencies of

over 4.5 b/s/Hz.
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-
hormslized [l polet shccrrar
Density (Sn{(f) in dB)
0 0
0521 1
0651 3
..0781 7
.1041 15
.1302 27
.1459 35
.1563 43
.1823 L 46
.2083 o 45
.2604 . 51

Table 5.1.1 Normalized Transmit Spectrum
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5.3 Pe Performance of the‘Modem

In this section, the Pe‘ﬁerformance degradation of
digital radio systems having a hardware configuration similar
to our prototype modem is determined.’ The feasibility of the
modems hardware design is also considered.

The prototype's prédistortion egualizers do not
completely remove the ISI introduced by the nonideal modem
{(transmit énd receive) filtering. The ISI contribution to tﬁg
sysﬁém-perfo;mance degradation is estimated using the eye
diagram as a gquality measurement. A photograph of the prototype'?
64 kBaud eye diagram at the receive filter's output is shown
in Fig. 5.3.1. As can be seen from the photograph, the eye is
approximately 80% open at the sampling instant. Thus, the
equivalent performance degradation is 20logl0(.80) = 1.94 4B C227.
;f this iSI degrédétion is added to the Eb/N0 reduirement of an
ideal 64-state QAM then the required Eb/NO of a similar system is
obtained. For examble, for a P_ of 1074 in 64-state QAM system
with filtering and predistortion eugalization similar to that.
0f the prototype modem, én Eb/NO of 17.5 + 1.9 = 19.4 dB is
required.
? The reiatively low diStqrtiqﬁ of the prototype modem's
eye diagram is a qualitativelproof of the feasibility of the
hardware design. The lack qf typical production quality design
give even more credance-to the design concept given the relatively'

high quality of the eye diagram,



FIGURE 5.3.1

EYE DIAGRAM AT THE 8-T0-2 LEVEL CONVERTER .
INPUT IN THE DEMODULATOR
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The standérd_binary coding scheme used in the
modulator resulted in an increase in the bit error réte
performance relative to that of Gray coding. Gray coding
prepresents a symbol error to bit error ratio of 1 assuming
the'grror is in interprefing a particular level as one of its

Edjacént levels: Th}s is a common.éssumption used because the
probability of "ad%acent errors" occuring is much iarger than
that of "nonadjacent errors",

As can be seen in Fig. 5.3.2, a symbol error in
which.the sémpled symbql at the receiver has been detected in
. the adjacent symbol's decision region can ;esult in more than
ﬁne bit error. For example, in the case where éhe transmitted
symbol was the fifth level symbol and the detector decides
erroneously that the fourth,le;el signal was sent, a symbol
error results in threé bit erraors. If this relationship is
taken into consideration for all symbols the probability of

bit error of binary coding to Gray coding ratio is found to be

1.57 as determined in Eqg:. 5.3.1.

P (binary)

. P (Gray) (3*2 + 2%4 + 1*8)/ 14

= 1.57 Pe {Gray) {5.3.1)
Although no attempt was made in the modulator design
to iﬁprove this symbol error to bit error ratio, a relatively

simple coding scheme could be implemented to correct for this.
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LOGIC STATE

X1, X2 X3
x x x X x x X x )
I I BITERROR
x 1 1x x x x x x I
. I 2 BIT ERRORS
x x x x x x x x [ 0
I I BiT ERROR
x x x x x x x N | o]
j IS 8!T ERRORS
x 1 x x x x x X o} i
l I BIT ERROR
2 H ] x H X X % 0
' — I 2 BIT ERRORS
x X x 5 x x x x 0 0
| ] | BIT ERROR
x X x x| ox X x X 0 0

FIGURE 5.3.2 AN TLLUSTRATION OF THE 64-STATE QAM STATE
SPACE TO BIT ERROR RELATIONSHIP
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CHAPTER 6.

6.1 Thesis Summary

The first chapter in this thesis was introductory
in nature aﬁd presented the reasons for the selection of NLA
64-state QAM for further research. In comparing the péfformance
of various 64-ary modulation techniques, rectangular 64-state
APK was selected over the othe;‘candidates becausé of its

7/

comparable performance and its realizability. Section 1.5
compared the implementation of two rectangular 64hstate.APK
modulation téchniques némely: 8-L QA& and NLA 64-state QAH. It
was found that the nonlinear apéiication of NLA éé—state QAM

:

could lead to a signifiqant gain in transmitcpower effiéiency 5
and that the parallél modulation applicatioﬂ could result in
design simplification and fleibility over 8-L QAM. The results
of this comparison warranted our selection of NLA 64-state QAM
as a potentially attractive highly spectral efficient modulation
technique. ’

Chapter 2 presentéd a description of the prototype modem

that was implemented for this research. Our prototype modem had

the following design parameters: a 64-state QAM/NLA 64-state QAM
&

switchable modulation technique, a bit rate of 384 kb/s,‘and a
carrier frequency of 1 MHz, -
The moduldator design consisted of a serial-to-parallel

converter, predistortion equalizers and low-pass Qilters which

could be switched in or out, quadrature modulators, hardlimiters

-

AT
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which céuid be switched in or out, and a combiner. The
éerial—t01barallel converter was used to convert the input
serial 384 kb/s data stream into six.parallel 64 kb/s data
streams. The predistortion equaligers were manually adjustable-
4 tap predistortion eqﬁéiizers set to minimize the ISI at th;
receiver's threshold detector input. The low-pass filters were
modified fifth order Butterworth filters used to limit the
transmitted spectrum. The predistortion equalizers and low-pass
filters could be switched in or out of the signal path depending
on whether 64-state QAM or NLA 64-state QAM was the desired
modulation technique. Quadrature modulators implemented with

double balanced mixers were used to quadrature modulate the
prototype's 1 MHz carrier signal. Hardliﬁiters were used to
msimulate the nonlinear device in a NLA 64-state QAM modulator.

A linear three-to-one combiner was used +o sum'fhe three quadrature
modulated signals to form the 64-state QAM or NLA 64-state QAM
signal. )

The demoduiator design consisted of a guadrature °
demodulator, eight—to-two‘level converters, and parallel-to- .
sgrial converters. No carrier or clock recovery subsystems were

included in the laboratofy prototype modém. The quadrature
l'deﬁodulator was used to deomodulate the incoming 64-state QAM .or
NLA 64-state QAM signals into two eight level filtered data:
streams. The same low-pass filters used in the 64-state QAM

modulator were used in this quadrature demodultor to remove the
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higher harmonic components after carrier multiplicatibﬁ and

to remove ﬁnwantea signals: éight—to—two level converters
implemented with analog-to-digital converters were used to
convert each multilevel filtered signal intc three binary data
streams. A parallel-to-serial converter was used‘to_convert the
six 64 kb/s binary data streams into one serial 384 kb/s data
stream representing the recovered data.

Chapter 3 presented a description of the computer
simulation models developed fér this research to analyze the
performance of 64-state‘QAM systems. The transmission and
hardware iﬁpairments modelled include adjacent and cochannel
interference, signal level anbmaly, amplitude distortions,
group delay distortdions, and selective fading.

Our computer simulation‘model was based on the
equivalent baseband concept. The 64-state QAM system models
were broken down'iﬁto blocks where, for a given system, certaiﬁ;
blocks are included and others excluded. Tﬁese blocks included:
QPSK signal generator, 64 QAM signal generator, noniinear
amplifier, transmit filter, group delay distortion model,
amplitude distortion model, selective fade model, weighted
summer, adjaéent_and cocRAhnel interference summerf receive
filte;, and sampler and threshold detector with Pe determination.

The Pe calculations consider the combined effects of
' ISI and noise. The optimum sampling instant was selected for

the simulation run by selecting the sampling point which

: : ’
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-"l‘.

. minimized the ﬁe'of the run for a given value of E N, - The
detector ﬁdemodulated“ the recéived daté into its ﬁwo guadriature
component parts. For each éomponegt part the detector evaluqtéd
the probability that the sampled symbol wodld not remain within
the correct decision region for a specified value of No' The
detector averaged these probabilities over the entire symboi
éequence for each value of Eb/No to determine the P, versus
Eb/N0 data. The corresponding equations were given in section
3.3.

Chapter 4 presented the performance of Gé;state QAM
systems-with commonlf encountered transmission and hardware
impairments.‘The résults were bb%dined using the computer
simulation models described in Chapter 3 and Appendix B.

In section 4.2 we evéiuated the cochannel and adjacent
channel performance of a 64-state QAM system. The adjacent
channel data-indicéted that threshold degradations of less than
0.3 dB result from interference levels that are 18 dB above
the desired receiver level. This high level of adjacent channel
'rejéqtion 1s important from a propagation and oéeration standpoint.
The cochannel data indicates that the modulation technique is
highlf-sensitive to in-band interference. The impact of these
results is, that a high level of receiver selectivity must be
maintained for satisfactory adjacent channel performanceQ

Section 4.3 evaluated the performance of a 64d-state QAM.

system with anomalous amplifier power levels and phase. The
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resqlts oflthis study'indicated that if level variations were
present, a monitoring of the received eye diagram and a
readjusting of the decision threshold would be needed to
maintain‘reasonable éerformance. The study also indicated that
the tranémit-amplifiers phase must be maintained within 2 or 3
aegrees.

In sections 4.4 and 4.5 we evaluateé the performance

of 64-state QAM systems with harflware or environment related

R

channel amplitutde and group delay distortions. Amplitude and‘
group delay distortions of the lingar, paraboiic, énd sinusoidal
form were-considered. The ampl;t;de’distorgﬁon results indicated
that for a- given aﬁgunt of distortion within the channel
bandwidth, éd—state QAM was least affected by linear amplitude
distortion folléwed by parabdlic and sinusocidal. In a siﬁilar
comparison with group delay diéto:tions, the results indicated
that 64-state QAM was least affected by parabolic distortion
followed by sinuséidal aﬁd linear. |

The selective fading performance of a 64-state QaM
system was evaluated in section 4;§. T results indicated théLJ
a .05 dB minimum or nonminimum fade gentered in the transmit
spectrum would degrade the Pe pgrfo:mance by at least 2.4 dB
unléss techniques were used to combat it. The.techniques
which ﬁight be used to control fades were briefly discussed.

However, for this thesis, no attempt was made to determine which

techniques to use or how to implement them.

N .



—

108
.2 Suggested Research Topics

The study of modulation technigues with bandwidth °

-

efficiencies of over 4 b/s/Hz is just now in its infancy but,
because of indust}y trends this will not last for long. The
novelty of 64-state QAM leaves the field of suggested research
topics wide open. However, directly related to NLA 64-state QAM,
in Chapter 4 a study of the effecté of anomalous signal levels
was undertaken. This provided a good analysis of thg effects of
power amplifier power level variations. The effects of power
amplifier phase variations, however, werernot thoroughly Analyzed.
Phase variations which4can occur due to témperature{ aéing,

and field replacement of an amplifier could have serious
consequences. %hus, a further analysis to that presented in
Chépter 4 would be very useful.

The simulation pfbgrams described in Chapter 2,
provide a flexible and powerful toocl for analysis. However,
because of the immensity of the simulation arrays andnthe
program's complexity an extremely long CPU time is typically
required to generate any given set of results (i.e. in the order
of 30 minutés on a VAX-1l). It would be advantageous to be able
to relate any given set of impairments to a specific quantity
of degradation. This would represent the next obvious step to

be taken with the results given in Chapter 4.
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APPENDIX A "

\ Technical Information - 64-state QAM Modem

A.l SERIAL-TO-PARALLEL CONVERTER

A.l.l1 Function
The Serial-to-Parallel Converter Unit is used in the
64-state QAM modulator to convert the incoming 384 kb/s data

stream into six 64 kb/s parallel data streams. The unit also

produces a 64 kHz symbol clock from the 384 kHz master clock.

A.l.2 Circuit Description
A.1.2.1 Géneral

The serial-to-converter circuits can be split intoc two
basic sections. One section performs the dividing of the data and
the other performs the dividing of the clock. A technical summary
of the serial-to—parallellié given in Table A.1.l1. Refer to Fig.

1

k\ﬁ:l.l for the circuit diagram of the-unit. Fig. A.l1.2 shows the

uHEE's circuilt board.
A.1.2.2 Clock Divide

The 384 kHz master clock entecrs the unit and is applied
to the divide-by-six EOunter, Ul. The output of Ul is used toi
clock the latch and leaves the unit as the 64 kHz symbol clock.
A.l.2.3

The incoming 384 kb/s data iﬁ NRZ format is applied to

parallel-out serial shift register, U3. The six:parallel.output

data streams of U3 are then clocked throﬁgh the latch, U4, with
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Table A.1.1

Technical summary

Master Clock Input _ ‘ ‘level, 384 kHz (NRZ)
. ,
Data Input ‘ . TTL level, pseudo-random,

384 kb/s (NRZ)

Symbol Clock Output . TTL level, 64 kHz (NRZ)
Data Outputs - TTL level, 64 kb/s (NRZ)
Voltage Requirements + 5 vdc
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the 64 kHz clock. The six 64kb/s data streams leave the unit aé

the DATAl through DATA6 signals.

. A.2 PREDISTORTION EQUALIZER/LOW PASS FILTER
A.2.1 Function i
. The Predistor;ion Equalizer/Low Pass Filter unit is
used in the 64-state QAM modulator to predistort and filter the

data prior to modulation. Within the unit, the_data signal is
predistorted to minimize the ISI at the receiver‘s threshoid
detector input. The equalized data is then filtered and paésed

to the quadrature modulator unit. The insertion of the predistortion
equalizer/loé—pass filter unit in the data paths is controlled by

an external switch. This is done on a redundant basis with this

unit in all six data paths.

v

iy

®

A.2.2 Circuit Description
A.2.2.1 General

The predistortion equalizer/low-pass filter unit
contains a predistortion equalizer.circuit and a low-pass filter
circuit. Refer to Table A.2.1 fpr a technical summary of the unit.
The circuit diagram of the unit is given in Fig. A.2.1 and the
circuit board is ;hown in Fig. A.2.2. . ﬁ{)
A.2.2.2 Predistortion Equalizer ‘ ' C‘

The incoming data in NRZ format enters the unit and

is applied to a delay éircuit,.Ul, to align the data with the

other'parallel data signals. The delayed data is gpplied’fc\the

h.
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4-tap predistortion-equalizer circuit cdnsisting of flip-flops
.U2-A, U2-B, U3-B. The tap settings may be adjusted using the
potentiometers R4, R8, R12, and R16.
A.2.2.3 Low Pass Filter

The output of the predisﬁortidn éuqlizer is amplified
and passed to the low-pass filter circuitry. The filter has a
fourth order Butterworth frequency response with one additional

pole and a 3 dB cutoff frequency of 34 kHz. The level of the

output signal is adjusted using potentiometer. R21.

Table aA.2.1

Technical Summary

Clock Input ‘ TTL level, 64 kHz (NRZ)
Data Input ©  TTL level, 64 kb/s (NRZ)
Data Output ‘ * 0.8 Vp nominal, 64 kb/s filtered
‘ . . and equalized
Voltage Requirements +5 vdc
o +15 vdc

-15 vdc
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A.3 QUADRATURE MODULATOR

A.3.1 Function

L]

The Quadrature Modulator unit is used in the 64-state
QAM modem to amplitude modulate two 1 MHz guadrature carfiers with
two data streams 'I' and 'Q'. The modulated signals are combined
and passed to subsequent units; This is done on a redundant basis
with three Quadrature Modulator units in the 64-state QAM modulator.
A.32 Cirguit Description T
A.3.2.1 Genepai

Refer to Table A.3.1 for a technical summary. Because
of the quadrature relationship between the carriers, anﬁ the
.modhlation of each carrier, the output signal is designated as a
QPSKisignal. Fig. A.3.1 is the unit circuit diagram and Fig. A.3.2
shows the circuit boaré.
A.3.2.2 Carrier Phase Shift

The input 1 MHZ carrier signal is split apd'applied,to
the phase shift circuitry consisting of IC's U2-A and U2-B. The
level and phase of the two carrier signals is.set with the
potentiometers R1, R2, R21, and_R22, respectively. The outputs
of the circuitry are two qggdrétg;e\éarrier signals of equal
amplitudes. : S \\\ ) o
A.3.2.3 QPSK Modulator

- The ﬁnit accepts tﬁo filtered or unfiltered data ‘streams,

= ,

-
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'I' and 'Q', and buffers and—apélies them to mixers U3 and U4, —
respectively. Buffering proéides appropriate data levels and,
impedance matching for the mixers. Potentiometers R&Iand R26 are
used to set the levels of the input 'I' and 'Q' data streams
respectively. The modulated output signal of each mixed is passed
to the output combiner circuit, Ul. The outputifrom Ul is a QPSK
modulated signal with the third and higher harmonics suppressed

by at least 30 dB.

Table A.3.1

Technical Summary

Carrier Input-: , 1.5 Vp~p sine wave at 1.MHz
Data Inputs - - NRZ with no dc component
at 64 kb/s filtered or
unfiltered :
Output Signal - ;] ' 80 mVp-p nominal centered
' g at 1 MHz
Voltage Requirements . +15% vdc

=15 vdc
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2 QUADRATURE MODULATOR CIRCUIT BOARD
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A.4 HARD LIMITER

A.4.1 Fﬁnction
The Hard Limiter unit is used in the NLA 64-state
QAM modﬁlator to limit the QPSK modulated signals. The unit
received QPSK modulated signals from the three gquadrature
modulator units and‘produces three hard limited QPSK signals.
The insertion of the hard limiter unit in the signal path is

controlled from an external switch.

A.4.2 Circuit Description -
A.4.2.1 General
| The hard limited unit consists of three hard limiter

circuits, one for each QPSK signal. Refer to Fig. A.4.1 for the
hard limiter circuit diagram, The unit's technical summary is
provided in Table A.4,1.
A.4.2.2 Hard Limiter Circuit

—° Each QPSK modulated signal enters the unit and is
buffefed ana passed to a hard limiter circuit. The limiter
circuit compares the incoming signal to a 0 Vvdc reference voltage.
Thé hard limited signal is passed through a 4 dB, 50 ohm pad to
the output of the unit..Thelthrée output signals are applied to
the combinér unit. ' , -

Table A.4.1

Input Signal ' ‘ 80 mVp-p nominal, QPSK
: ) signal centered at 1 MHz
Output Signal 100 mVp-p nominal, hard
limited QPSK signal centered
at 1 MH=z f
Voltage Requirements + 5 vdc

-15 vdc
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A.5 COMBINER ' ‘

A.5.1 Function

The combiner unit is used in the transmitter side ofr'
the 64-state QAM modem. The unit receives three QPSK signals
from a hard limiter unit or QPSK modulaﬁor units and produces a
64-state QAM signal. The output-signal of the ﬁnit is passed

to subsequent receiver units.

A.5.2 Circuit Description
A.5.2.1 General

The coembiner unit weights and sums three QPSK modulated
signals. A technical summary of the combiner is given in Table
A.5.1. Référ to Fig. A.5.1 for the circuit diagram of the qnit
and Fig. A.5.2 for the circuit board.
A.5.2,2 Weighting

QPSK signals entering the combiner unit are amplified
to specified power levels by Ul, U2 or U3. The output power level
of the signal from Ul is 12 dB higher than that from U3 and 6 dB
higher than that from U2. The amplified si§nals are passed to
the summing circuitry.
A.5.2.3 Summing

The inputs to the summing circuitry are combined and
paééed to two inverting.operational amplifiers U4-A anhd U4-B. The
sumﬁed output of these IC's is épplied to a buffer circuit; U5 and

passed to the output of the unit as the 64-state QAM signal.
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Table A.5.1
Technical summary
Signal Inputs QPSK at 1 MHz, 80 mVp-p

nominal or hardlimited QPSK
at 1 MHz, 100 mVp-p nominal

Signal Qutput ' 64-state QAM, 200 mVp-p
nominal or NLA 64-state QAM,
300 Vp-p noninal .

Voltage Requirements +

15
f 15 Vdc
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A.6 QUADRATURE DEMODULATOR

A.6.1 Function

The Quadrature Demodulator unit together with the post
detection 1ow—pass filter unit demodulates the 1 MHz modulated )
signal and recovers the symbol streams. Because the carrier

and symbol timing signals are hardwired, no carrier or symbol

timing recovery circuitry is needed.

A.6.2 Circuit Description
A.6.2.1 General R

Refer to Table A.6.1 for a technical, summary. The

L4

-
Demodulator unit accepts a 1 MHz 64-state QAM signal and extracts

the 'I' and 'Q' symbol streams. Fig. A.6.1 is the circuit diagram
of the demodulator..The éircuit board is shown in Fig. A.6.2.
A.6.2.2 Carrier Phase shift

The 1 MHz carrier signal is éplit and applied to the
phasﬂ shift circuitry consisting of IC's Ul-A and UlfB. This
circuitry provides impedance matching for the mixers and the
appropriate carrier levels and phaseslfor the mixef. The ouputs of
this circuitry are two quadrature carrier signals in-phase with
the modulated inppt'signal.
A.6.2.3 Quadrature Demodulator

The 64-state QAM éignal iE split in U2 and U3 tq provide
one signal for thé future implementation of a carrier recovery
circuit and identical signals to two mixers, U4, and U5. The

quadrature carriers are applied to the mixers. One mixer extracts
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the 'I' symbol stream, and the other mixer extracts the 'Q'
symbol stream. The 'I' and 'Q' streams are forwarded to sepérate ~

post-detection low-pass filters.

Table A.6.1

, Technical Summary o

Input Carrier Signal 1l Vp-p sine wave at
1 MHz

Ihput Modulated Signal 100 mVp-p nomiﬁal centered
at 1 MH=z

Signal Outputs ' . 70 mVp-p nominal at 64
kBaud

Voltage Requirements +15 vdc

-15 vde
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A.7 POST DETECTION LOW PASS FILTER

A.7.1 Function . . - -

-
s

] .

The Post Detection Low Pass Pilter, unit is useé in the
64-state QAM demodulator to remove noise,:interférence, and second
order harmonics. This unit also amplifies and lével-shifts the
filtered signal:-The + 2.5 Vp.filtergd output signal is passed to

+

subsequent units.

A.7.2 Circuit Description
A.7.2.1 General

A technical summary of the low-pass filter unit is
given in Table A.7.1. Refer tb Fig. A.7.1 for the circuit diag;aq.
A.7.2.2 Low-Pass Filter

The in-phase or quadrature signalslfrom the guadrature
demodulator enter the unit and are applied to thé low=-pass
filter circuitry. The filter.compfised of IC's U4-B and U4-C has a
3 dB cutoff ffequency of 36 kHz, and a fourth order Butterworth
frequency response w%&? one additional pole.
A.7.2.3 Amplifier and Levél Shifter

The filtered signal is passed'to tle amplifier and
level shifting circuitry. The output amplithde of the 8-level
filtered signal is set using potentiometers R21 ™and R41l. A 0 Vdc
center voltage of the outpﬁt_signal is adjusted using potentiometer

R38.



Input Signal

Output Signal -

Voltage Requirements

h
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Table A.7.1

Technical summary

70 mVp-p nominal

+ 2.5 Vp 8-level filtered
dqta at 64 kBaud

+ 15 Vdc
- ISVdC s
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A.8 EIGHT-TO~TWO LEVEL CONVERTER/PARALLEL-TO-SERIAL CONVERTER
"A.8.1 Function

~ The Eight-to-Two Level/Parallel-to-Serial Converter Unit
ié used in the 64-state QAM demodulator to convert the demodulated
éignals into a siqgle 384 kb/s data stream. The unit receives the
'T' and 'Q' demodulated signals from the post detection low-pass
filter units and tﬁ; symbol clock, which is hardwired, and center
samples the demodulated signals. The sampled igna s are cénverted

into digital data streams and then multiplexed into a single data

stream representing the recovered data.

A.B8.2 Circuit Description
A.B.2.1 General

As the name of the unit implies, the circuits can bg
split into two basic sections. One section performs the sampling
threshold detection, and the other section performs the parallel-
to-serial convertion. A technical summary of the‘unit is giﬁen
in Table A.8.1 for the circuit diagram and Fig. A.8.2 for the
circuit board.
A.8.2.2 Eight-to-Two Level Converter o

The 64 kHz symbol clock enters the unit and is applied
to variable delay circuits, U2 and U4. The delay of the clock
through these units is adjusted, using R27, R28, and R7, RS8

respectively. This enables the demodulated data at the samplers,
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U5, and U9 to be center sampled at the maximum eye oprning.

The sampled symbols are each analog-to-digital converted, U6

and U8, into three parallel bit streams. The delay of the symbol
clock into U6 and U8 is set using R31, R3é and R;l, Rlé.

A.8.2.3 Parallel-to-Serial Converter. -

The six parallel 64 kb/s data streams aré multiplexed-
into a single 384 kb/s déta sStream in Ul0. The 64 kb/s data
streams are read into Ul0 with a delayed symbol clock, the delay
is adjhsted using R15 and R16, aﬁd read out with the 354 kb/s

‘master clock.

Table A.8.1

Technical Summary

Symbol Clock Input TTL level, 64 kHz (NRZ)

Demcdulated Input Signals +/= 2.5 Vp 8-level
filtered data at 64 kBaud

Master Clock Input . TTL level, 384 kHz (NRZ)

Data Output TTI, level, pseudc-random,

’ ' 384 kb/s (NRZ)
Voltage Requiremenﬁ ' .+ 5 vde
. ’ +15 vdc

-15 vdc
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APDENDIX B

B.1l Introducticn

This appendix contains listings of the computer programs
which were used to evaluate the performance of 64-state QAM
systems. It has been included in this thesis for completeness at
the .request of Dr. Feher. The programs are based on those given
in DCL report 214. They are written in FORTRAN IV and ran on
AMDHATL VéA and VAX-11l computers using FORTRAN IV G LEVEL and
FORTR%N IV PLUS compilers respectively.

Three programs for the analysis of 64-state QAM are
given in the sucéeeding sections. The first simulates linearly
amplified 64-state QAM in a channel with préctically encountered
amplitude and group delay éharacteristics. X block diagram of.
this simulation model'is+depiqxed in Fig. B.l.l1. The second
program siﬁulates NIA 64-state QAM where the nonlinear devices
modelled include-;n HPA/TWT and a hardlimiter. Figure B.l.2

shows a block diagram of this second simulation model. The

third program, whose block diagram is shown in Fig. B.1.3, is

used in the study of the effects of cqchannel and adjacent channel °

~interference.:
In all three prggrams the simulation is based on the

equivalent baseband concept and many of the same subroutines are

used in the programs. The subroutines which are common to all of

/

Y .
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the programs will be listed with the first program. Only those

subroutines peculiar to the other programs will be listed with

them.
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CHEBRERERENRRRNRREH RN TN 0 0000000336330 06 033030 30 06 06 3630 30 0 36 26 06 08 36 30 36 0 06 6

c PROGRAM FOR SIMULATION OF 64~QAM WITH CHANNEL DISTORTIONS
€ - THE PROGRAM IS BASED ON DCL REPORT #112 BY DR. V. ARUNACHALAM.
c COPYRIGHT UNIVERSITY OF OTTAWA. ‘

C
c
C

BY TRICIA HILL '
R RN RN RN R RN RN RN NN RA N RN NN R RN RN N RNNREN
COMPLEX DATA(65536),TF(65536)
DIMENSION PEI(25), EBNO(ZS) NI(2048), NQ(2048)
DIMENSION XARRAY(27) YARRAY(27)

INITIALTIZE PROGRAM.
SET PARAMETERS FCR RUN

[eNeNeNy]

COMMON /NUMB1/ FBW,ALPHA,LDIM, IOFF,LSAMPL
COMMON /NUMB2/ NSNR,NSYMB,BAUD
FBW=7.5

ALPHA=0.4

LDIM=65536

I0OFF=0

LSAMPL=32

NSHNR=25

NSYMB=2047 s

BAUD=15.0

NFILTR=2

NRUNS=5

ISIN=1

END OF INITIALTZATION.

START OF COMPUTATIONS. &

leNeNoNe!

DO 100 NR=1,NRUNS
CALL~ LOAD6Y4 (DATA, NI, NQ)
CALL™ RCOSTX(TF)

SELECT CHANNEL DUSTORTION

CALL LINAMP(Z,TF)
CALL PARAMP(P,TF)
CALL SINAMP(ISIN,D,K,TF)
CALL LINGD(B;TF)
CALL PARGD(S,TF)
K=Yy :
C=6.0%(NR~1)
. CALL SINCGD(%SIN ,C,K, TF)
¢ CALL RUMAMP(B,FO,TF)
C CALL RUMPHACB,FO, IMIN,TF)
CALL FILTER(DATA,TF) .
CALL ENERGY(DATA,EB){ CALL RCOSRX(TF)
CALL HHGG(TF,PNOISE)
CALL FILTER(DATA,TF)
CALL SYNCRO(DATA,PNOISE,NT,NQ,MI,MQ,EB) !
CALL DECODE(DATA,PNOISE,MI,MQ,NI,NQ, | -

QA O0
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#EBNO, PEI,EB)
CALL THE DRAWING ROUTINE.

DO 99 I=1,NSNR
XARRAY (I)=EBNO(T)
99  YARRAY(I)=PEI(I)
CALL DRAW(XARRAY,YARRAY,NR, NRUNS)

A0 O0

100 CONTINUE
. . STQP
CHRIEI 330606300600 33006 06 00 36 06 06 36 36 96 3 36 06 36 06 % X 0 ¢ )

C END OF MAIN PROGRAM.
CREXNENERREEARENEENTRERERRRRNXA NS

. END



C‘lllll.!IIIII!I'lll'.!I'I'Illl'ilﬂlI!!I-II'!I’*I'lilll!*il**!!l*!!ill!l!!*i

¢ . LOADGM - ' - . ,

THIS SUBROUTINE GENERATES A BASEBAND 64-~QAM SIGNAL. ~

INPUT PARAMETERS: LDIM, IOFF, LSAHPL :

OUTPUT PARAHETLRS DATA NI, NQ

LDIM ~THE DIMENSION OF*THE COMPLEX DATA ARRAY.

IOQFF ~THE NUMBER OF SAMPLES THE Q CHANNEL DATA 13
OFFSET FROM THE I CHANNEL DATA. '

LSAMPL ~THE NUMBER OF ‘SAMPLES PER .SYMBOL. :

DATA ~THE COMPLEX DATA- ARRAY IN THE TIME DOMAIN.

NI ~THE I CHANNEL SYMBOL ARRAY.

NQ -IEE Q CHANNEL SYMBOL ARRAY.

NI AND NQ, AND THE BASEBAND 64~QAM DATA ARRAY. A GENERATOR
POLYNOMIAL OF DEGREE 11 IS USED TO GENERATE A PRBS OF NRZ
DATA FROM THE PRIMER DATA NY. G(X)=1+X%¥2,X%%77 .

A SEQUENCE OF 2%%11 DATA SYMBOLS IS GENERATED WITH THE FIRST
SYMBOL REPEATED AS THE LAST SYMBOL.THIS SEQUENCE IS SHIFTED
FIVE TIMES TO PROVIDE FIVE ADDITIONAL SEQUENCES.THE TWO
SETS OF THREE SEQUENCES- ARE THEN 8~TO~2 LEVEL CONVERTED
TO FORM THE I CHANNEL SYMBOLS AND THE Q CHANNEL SYMBOLS.
THESE SYMBOLS ARE THEN LOADED IN THE COMPLEX DATA ARRAY
WITH A" SET NUMBER OF SAMPLES REPRESENTING EACH SYMBOL (LSAMPL).
THE REAL PART OF THE DATA ARRAY CORRESPONDS TO THE I COMPONENT
AND THE TIMAGINARY PART CORRESPONDS TO THE Q COMPONENT.

N RN RN NN R RN RN RN RN RN AR NRNRNERRRRERERRRRNNE RN

¢

C
C
C
C
C
c
C
C
C
c
C
C
C ' : ) : ’
C THIS SUBROUTINE GENERATES TWO 8~LEVEL SYMBOL ARRAYS,
C
c
C
C
C
C
C
c
C
C
C
C
C

/_“-\J
)
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SUBROUTINE LOADG64(DATA,NI,NQ)

COMPLEX DATA(1)

DIMENSION NY(11),NI(3),NQ(1),NX(2048)

COMMON /NUMB1/ FBW,ALPHA,LDIM, IOFF,LSAMPL

DATA NX(1),NX(2), Nx(3) NX(u) Nx(5) NX(6) ,NX(7),NX(8),NX(9),~ -
#NX(10), NX(11) Nx(12)/-1 -1 ~1 ~1, -1 -1, -1 ,=1, -1 -1, -1 -1/
DATA NY(1) NY(2) NY(3), NY@u) NY(S) NY(G) NY(T) NY(B) NY(9)

HMRI0) , NY (1) /m 1,21, 1,1, 1,01, 01,21, =1, =1, =1/

“DATA JLAST,JTAP/11,1/
KKK=2%% JLAST
KK=KKK«~(1+JLAST)

DO 6 I=1,JLAST
NX(I)=NY(I)

CONTINUE

GENERATE 2%*JLAST ~1 LENGTH SEQUENCE USTNG GTVEN- DATA AND
GENERATOR POLYNOMIAL. .

DO 1 J=1,KK =

I=J+JLAST

NX(I)=NX(J)ENX(J+2)

NX(I)=0~NX(T)

CONTINUE

GENERATE 6 CYCLTICALLY SHTIFTED VERSTONS OF ORIGINAL
SEQUENCE OF LENGTH 2%*%*JLAST.

K1=1

K2=2-

K3=3

Ki=4

K5=5

K6=6 : S
po.2 I =1,KKK - ‘ T
IF (K1. EQ KKK) K1=1 . ﬂ_

IF (K2.EQ.KKK) K2=1 i .
IF (K3.EQ.KKK) K3=1 < . /o
IF (K4.EQ.KKK) Ki=1 N
IF (K5.EQ.KKK) K5=1%

IF (K6.EQ.KKK) K6=1 .
NI(I)=(NX(K1)*4) + (NX(K3)'2) + NX(K5)
NQ(I)=(NX(K2)#%4) + (NX(KL4)*2) + NX(K6&)

LOAD INTO SAMPLE ARRAY, 16 SAMPLES PER SYMBOL
J1=(T«~1)%*LSAMPL+1 '

J2=T*LSAMPL

DO 3 J3=J1,d2
DATA(J3)=CMPLX(FLOAT(NI(I)),FLOAT(NQ(TI)))
K1=K1+1

K2=K2+1

K3=K3+1
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K4=Kl4+1
: K5=K5+1
- . K6=K6+1
2 CONTINUE
IF(MOFF.EQ.0) RETURN
LL=LDIM=~1
DO 4 T=1, TOFF
XX= AIMAG&DATA(1))

s DO 5 K=1,LL
// 5 DATA(K)= CMPLX(REAL(DATA(K)) ATMAG(DATA(K+1)))
Ty “DATA(LDIM)= CMPLX(REAL(DATA(LDIM)) XX)
' RETURN
END -~
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RCOSTX: ‘ o
THIS SUBROGTINE DEVELOPS THE TRANSFER FUNCTION OF ' A -SQUARE
ROOT OF RAISED~COSINE FILTER WITH }/SINX EQUALTZATTON; WITH
ROLL-OFF 'ALPHA' AND A 3dB BANDWITH OF 'FBW'.

INPUT PARAMETERS: ALPHA,LSEMPL,BAUD,LDIM,FBN

OUTPUT PARAMETER: TF ‘ e
ALPHA ~THE AMOUNT OF BANDWIDTH USED IN EXCESS OF THE

. MINIMUM NYQUIST BANDWIDTH DIYIDED BY THE NYQUIST
: ~BANDWIDTH. '
LSAMPL  ~THE NUMBER OF SAMPLES PER SYMBOL. :
BAUD ~THE SYMBOL RATE IN MBaud. -
LDIM  ~THE DIMENSION OF THE COMPLEX TF ARRAY. .
FBW ~THE LOW~PASS FILTER 3dB BANDWIDTH IN MHz.

TF ~ RESULTANT COMPLEX TRANSFER FUNCTION OF THE FTLTER.

THE TRANéFER FUNCTION IS MODELLED AS FOLLOWS:

TF(F)=PI*Ff*T/(SIN(PI*f*T) FOR O<Kf<FN(1~ALPHA)
TF(f)=PI*f®*T/(SIN(PI*f#T))*SQRT(.5*(1~SIN(PI*(f~FN))/

2%ALPHA*FN " FOR FN(1~ALPHA)XFf<FN{1+ALPHA)
TF(f)=0 FOR f>FN(1+ALPHA)

WHERE PI=3.1415927"

FN=NYQUIST FREQUENCY
T=SYMBOL DURATION.

C
C
c
c
C
C
C
c
C
C
C
C-
C
c
£
C
C
c
C
C
C
C
c
C
C
C
c
C
C.
c
c
C

*******}**!**!*l*l*********l******I**i*!llll*i*il*lllillillllli*l
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SUBROUFINE RCOSTX(TF)

COMPLEX TF(65536)
COMMON /NUMB1/ FBW,ALPHA,LDIM, IOFF LSAMPL
COMMON /NUMB2/ NSNR NSYMB BAUD
SBANDW=BAUD®LSAMPL

NO=LDIM/2
NO1=NO+1

IF (ALPHA.EQ.0) ALPHA=0.0001
FN=LDIM®*( FBW/SBANDW) :
F1=(1.~ALPHA)*FN
F2=(1.+ALPHA)¥*FN
IFN=TFIX(FN) . *
IF1=IFIX(F1)+1
IF2=IFIX(F2)+1

T
1

. THE AMPLITUDE CHARACTERISTICS

i0

5

A1=3.141516/(2.*FLOAT(IFN))
po 8 I=2,T1F1
TF(1)=CMPLX(1.0,0.0)

J=I~1

X/SIN(X) EQUALTZATION

A2= (FLOAT(J)*A1)/(SIN(FLOAT(J)*A1))
TF(I)=CMPLX(AZ2 8’0)

CONTINUE

JK=IF1+1

DO 9 J=JK,IF2

I=J~1

ROOT OF RAISED COSINE

- A3=(FLOAT(I)*A1)/(SIN(FLOAT(T)*A1)) -
A=(3.141516/(2.0% ALPHA) ) *(( FLOAT (I)/FLOAT (IFN))~1.)
TF(J)=CMPLX(SQRT(0.5%(1.0~SIN(A))),0.0)

STF(J) = TF(J)*CMPLX(A3 0. 0)
CONTINUE
JH=IF 241

DO 10 I=JH,NO1
TF(I)=CMPLX(0.0,0.0)

CONTINUE

NO2=NO1+1
DO 5 I=NO2,LDIM —
TF(I)= CONJG(TF(LDIM+2-I))

CONTINUE
RETURN ‘ -\

END | ‘
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C.
"C
c
c
c
C
C
C
c
c
c
C
C
C
C
C
C
C
c
c
c
C
C
C
C
C
C
C
C
C
c
C
C
C

LINAMP:

THIS SUBROUTINE DEVELOPS THE TRANSFER FUNCTION OF A CHANNEL
WITH LINEAR AMPLITUDE CHARACTERISTICS AND MULTIPLIES IT WITH
THE INPUT TRANSFER FUNCTION.

INPYUT PARAMETERS: TF,Z,ALPHA,LSAMPL,BAUD,LDTM
OUTPUT PARAMETER TF

TF : -THE COMPLEX TRANSFER FUNCTION OF THE CHANNEL 1IN
THE FREQUENCY DOMAIN. -
VA ~THE AMPLITUDE SLOPE IN dB/MHz.
ALFHA "«~THE AMOUNT OF BANDWIDTH USED IN EXCESS OF THE
- MINIMUM NYQUIST BANDWIDTH -DIVIDED BY THE NYQUTST
. BANDWIDTH.
LSAMPL =THE NUMBER OF SAMPLES PER SYMBOL.
"BAUD ~THE SYMBOL RATE IN MBaud.
-LDIM ~THE DIMENSION OF THE COMPLEX TF ARRAY..

THE AMPLITUDE DISTORTION ,A(f), MODIFIES THE TNPUT
TRANSFER FUNCTION TF(f) AS FOLLOWS:

IF  A(f)=10%%(Z%¥£/20)
THEN THE OUTPUT TRANSFER FUNCTION IS
=TF( L) *A(f)

—

WHERE f IS IN MHz.

NOTE THAT AT f=0 THE AMPLITUDE FUNCTION IS NORMALTZED TO 1.

o

**!*****i!***llll*******i*i!**!lll*l**il**Ill**illi*lllllliilllll
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SUBROUTINE LINAMP(Z,TF) -

COMMON /NUMB1/ FBENW, ALPHA LDIM, IOFF LSAMPL
COMMON /NUMB2/ NSNR NSYMB BAUD

COMPLEX TF(1)

SBANDH-FLOAT(LSAMPL)*BAUD

NO1=LDIM/2 + 1

NO2=NO1 + 1

AI=Z®*SBANDW/FLOAT(LDIM)

DO 10 I=1,NO1

AJ=(I~1)%AI/20.
TF(I)=TF(I)*{10.,%%4])
CONTINUE

DO 20 I=NO2,LDIM
AZ=(LDIM+2~IJ*AI/20.
TF(I)=TF(I)/(10.%#%42)
CONTINUE

RETURN

END

e _____,\

N
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C
C

C
C
c
C
C
c
c
c
c
C
C
C
c
C
C
C
C
C
C
C
c
C
C
c
C
c
c
C
C
C
C
c
c

PARAMP:

THIS SUBROUTINE DEVELOPS THE TRANSFER-FUNCTION OF A CHANNEL
WITH PARABOLIC AMPLITUDE CHARACTERISTICS AND MULTIPLIES IT WITH

.THE INPUT TRANSFER FUNCTION.

INPUT PARAMETERS: TF,P,ALPHA,LSAMPL,BAUD,LDIM
OUTPUT PARAMETER: TF

TF . ~THE COMPLEX TRANSFER FUNCTION OF THE CHANNEL 1IN
S THE FREQUENCY DOMAIN,

Z1 ~THE PARABOLIC AMPLITUDE PARAMETER IN dB/MHz¥%2,

ALPHA ~THE AMOUNT OF BANDWIDTH USED IN EXCESS OF THE
MINIMUM NYQUIST BANDHIDTH DIVIDED BY THE NYQUTST
BANDWIDTH.

LSAMPL ~THE NUMBER OF SAMPLES PER SYMBOL.-

"BAUD * ~THE SYMBOL RATE IN MBaud.

LDIM ~THE DIMENSION OF THE COMPLEX TF ARRAY.

THE PARABOLIC AMPLITUDE DISTORTION yA(f), MODIFIES THE
INPUT TRANSFER FUNCTION TF(f) AS FOLLONS

EF A(£)=10%%(Z1%£%£/20)
THEN THE OUTPUT TRANSFER FUNCTION IS
=TF(£)*A(f)
WHERE f IS IN MHz .

NOTE THAT AT f=0 THE PARABOLIC AMPLITUDE FUNCTION RE
NORMALTZED TO 1.

I!lll!**ii*l****llill*l*****lill!li***l**ll!lllllgﬁllliiilill!lII
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SUBROUTINE PARAMP(Z1,TF)

COMMON /NUMB1/ FBW, ALPHA LDIM, IOFF LSA#?L
COMMON /NUMB2/ NSNR NSYMB BAUD
COMPLEX TF(1)

SBANDW=FLOAT (LSAMPL)*BAUD
NO1=LDIM/2 + 1

NO2=NO1 + 1

AI=Z 1%( (SBANDW/FLOAT(LDIM))%*¥2 )
DO 10 I=1,NO1

AJ=((I~1)%%2 Y#AT/20,
TF(I)=TF(I)*(10.%%4J)

CONTINUE

DO 11 I=NO2,LDIM
TF(I)=TF(LDIM+2~1)

CONTINUE

RETURN

END
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. SINAMP: '

THIS SUBROUTINE DEVELOPS THE TRANSFER FUNCTION OF A CHANNEL
WITH SINUSOIDAL AMPLITUDE CHARACTERISTICS AND MULTIPLIES IT
WITH THE INPUT TRANSFER FUNCTION.

INPUT PARAMETERS: TF,D, ISIN,K,ALPHA,LSAMPL,BAUD,LDIM
OUTPUT PARAMETER: TF

c

c

C

C

c

C

c

C

C -

C TF ~THE COMPLEX TRANSFER FUNCTION OF THE CHANNEL IN
C THE FREQUENCY DOMAIN.

C D ~THE AMPLITUDE OF SINUSOID IN dB.

C K . ~PARAMETER INDICATING WHETHER DISTORTION IS STNE OR
c : COSINE (EITHER 1 OR 0).

C C ~THE NUMBER OF PERIODS OF THE SINUSOTID WITHIN THE
C - NYQUIST BANDWIDTH.

c ALPHA ~THE AMOUNT OF BANDWIDTH USED IN EXCESS OF THE
c MINIMYUM NYQUIST BANDWIDTH DIVIDED BY THE NYQUIST
C BANDWIDTH.

C LSAMPL ~THE NUMBER OF SAMPLES PER SYMBOL.

C BAUD ~THE SYMBOL RATE IN MBaud.

C LDIM ~THE DIMENSION OF THE COMPLEX TF ARRAY.
C

C THE SINUSOIDAL AMPLITUDE DISTORTION ,A(f), MODIFTES THE
C - INPUT TRANSFER FUNCTION TF(f) AS FOLLOWS:

C

C

C

c

c

C

C

C

C

c

C

C

c

C

C

C

c

C

IF A(f)= 10%R(DESIN(2*PI*C*¥f/FN)/20) FOR K=l
OR A(f)= 10%*%(D¥COS(2%PI*C*f/FN}/20) FOR K=0
THEN THE OUTPUT TRANSFEF FUNCTION IS

| =TF(£)*A(L)

WHERE FN IS IN THE NYQUIST BANDWIDTH
AND PI=3.141592,

NOTE THAT AT f=0 THE SINE AMPLITUDE FUNCTION IS

NORMALIZED TO 1 AND AT f=FN/4%C THE COSINE AMPLITUDE
FUNCTION IS NORMALIZED TO 1.

ll*iil!li*lii*llIilllililli*lli!ll*llllliﬂilll*l!llllll!llilli!i?l///"\\
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SUBROUTINE SINAMP(K,D,C,TF)

COMMON /NUMB1/ FBW, ALPHA LDIM, IOFF, LSAMPL
COMMON /NUMB2/ NSNR NSYMB BAUD :

COMPLEX TF(1)

SBANDW= FLOAT(LSAHPL)'BAUD

NO1=LDIM/2 + 1

NO2=NO1 + 1

AJ=SBANDW/FLOAT(LDIM)

C1=BAUD/C

IF(K.EQ.1) GO TO 50

DO 10 I=1,NO1 —~—

AZ= D'COS(2 B3 141592%AJ*(FLOAT(I )=1. )/c1)/2o
TF(I)=TF(I)®(10.%%4Z2)

CONTINUE.

DO 20 I=N0O2,LDIM

TF{(I)=TF{LDIM+2«1)

CONTINUE .

RETURN

DO 30 1=1,NO1
AZ=D¥SIN(2.%3.141592%AJ*(FLOAT(T)~1.)/C1)/20.
TF(I)=TF(I)*(10.%%AZ)

CONTINUE : '
DO 40 I=NO2,LDIM

AZ=D*SIN(2.%3,.141592% AJ%(FLOAT(LDIM+2~1)~1.)/C1)/20.
TF(I)=TF(I)/(10.%%AZ) .
CONTINUE

" RETURN

END
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LINGD:

" THIS SUBROUTINE DEVELOPS THE PHASE RESPONSE OF A CHANNEL -
WITH LINEAR GROUP DELAY CHARACTERISTICS AND ADDS IT TO THE
. PHASE OF THE INPUT TRANSFER FUNCTION.

INPUT PARAMETERS: TF,B,ALPHA,LSAMPL,BAUD,LDIM
OUTPUT PARAMETER: TF

TF - «THE COMPLEX TRANSFER FUNCTION OF THE CHANNEL TN
THE FREQUENCY DOMAIN.

B . ~THE DELAY SLOPE IN ns/MHz.’

ALPHA ~THE AMOUNT OF BANDWIDTH USED IN EXCESS OF THE

C MINIMUM NYQUIST BANDWIDTH DIVIDED BY THE NYQUTST
BANDWIDTH.

LSAMPL ~THE NUMBER OF SAMPLES PER SYMBOL.

BAUD . «~THE SYMBOL RATE IN MBaud.

LDIM ~THE DIMENSION OF THE COMPLEX TF ARRAY.

THE GROUP DELAY IS MODELLED AS FOLLOWS:
T(£)=B¥f*10.%%~g sec
WHERE f IS IN MHz.
IN TERMS OF PHASE, THIS CAN BE REWRITTEN AS
PHT (£)=PI¥B¥f*f*10.%%~3  radians o
'WHERE PI=3.14159.
THIS PHASE 1S ADDED TO THAT OF THE TNPUT CHANNEL. —_

THE RESULTANT CHANNEL TRANSFER FUNCTION IS PASSED

C
c
c
C
C
C
C
C
C
C
C
C
C
C
c
C
C
C
C
C
C
C
&
C
C
C
C
C
C
C
C
C
C
C OUT OF THE SUBROUTINE IN ARRAY TF.
C .

c

C
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_SUBROUTINE LINGD(B, TF)

COMMON /NUMB1/ FBW,ALPHA,LDIM, IOFF,LSAMPL
COMMON /NUMB2/ NSNR NSYMB BAUD

COMPLEX TF(1) -

SBANDW=FLOAT (LSAMPL)*BAUD
NO1=LDIM/2 + 1

NO2=NO++ 1

DO 10 I=1,NO1

AI= FLOAT(I-1)'SBANDH/FLOAT(LDIM)
PHI=3.141592%(B/(10.%%3,))%(AT#*2,)
TF(I)=TF(1)*CMPLX(COS(PHI),~SIN(PHI))
CONTINUE

DO 20 I=NO2,LDIM
TF(I)=TF(LDIM+2~1)

CONTINUE

RETURN '

END . .,
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PARGD:

THIS SUBROUTINE DEVELOPS THE PHASE RESPONSE OF A CHANNEL

WITH PARABOLIC GROUP DELAY CHARACTERISTICS AND_ADDS IT TO THE
PHASE OF "THE INPUT TRANSFER FUNCTION.

INPUT PARAMETERS: TF,S,ALPHA,LSAMPL, BAUD LDIM \

QUTPUT PARAMETER: TF . :

TF ~THE COMPLEX TRANSFER FUNCTION OF THE CHANNEL IN
THE FREQUENCY DOMAIN.

S ~THE PARAMETER FOR PARABOLIC GROUP' DELAY N nS/MHz"Z.

ALPHA ~THE AMOUNT OF BANDWIDTH USED IN EXCESS OF THE ’
MINIMUM NYQUIST BANDWIDTH DIVIDED BY THE NYQUIST
BANDWIDTH. :

LSAMPL ~THE NUMBER OF SAMPLES PER SYMBOL. ‘ .

BAUD ~THE SYMBOL RATE IN MBaud. ' '

LDIM ~THE DIMENSION OF THE COMPLEX TF ARRAY.
THE GROUP DELAY TS MODELLED AS FOLLOWS:

T(f)=SkfEfE1Q *¥.Q sec

L

IN TERMS OF PHASE, THIS CAN BE REWRITTEN AS

PHI(f)=2%PIRSHfEFRFf¥E1Q ¥%3/3 radians .

WHERE PI=3.14159 ' -
AND f IS IN MHz. o
THIS PHASE IS ADDED TQ THAT OF THE INPUT CHANNEL.
THE RESULTANT CHANNEL TRANSFER FUNCTION IS PASSED
OUT OF THE SUBROUTINE IN ARRAY TF..

b

*******l**’ili!**lli**ll**li*!*ll‘*illi!Ill**lill***liif!lll!ll*l
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“SUBROUTINE PARGD(P1,TF)

COMMON /NUMB1/ FBW,ALPHA,LDIM,IOFF,LSAMPL
COMMON /NUMB2/ NSNR NSVMB BAUD .
COMPLEX TF(1) :

SBANDW= FLOAT(LSAMPL)'BAUD

NO1=LDIM/2 + 1

NO2=NOT + 1~ - o e

DO 20 I=1,NO1

“Al= FLOAT(I-1)*SBANDH/FLOAT(LDIM)

PHI=2.%3.141592/3.%((P1*(AI*%3,))/(10.%%*3, ))
TF(I)= TF(I)*CﬂPLX(COS(PHI),-SIN(PHI))
CONTINUE .

DO 21 I=NO2, LDIM

TF(I)= CONJG(TF(LDIM+2-I))

CONTINUE

RETURN - : ' N
END - \9? . ‘

. L
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SINCGD: | | . |
THIS SUBROUTINE DEVELOPS THE PHASE RESPONSE OF A CHANNEL

WITH SINUSOIDAL GROUP DELAY CHARACTERISTICS AND ADDS TIT
TO THE PHASE OF THE INPUT TRANSFER FUNCTION.

. INPUT PARAMETERS: TF,C, ISIN,K, ALPHA LSAMPL,BAUD,LDTM
OQ@PUT PARAMETER TF

. ~THE COMPLEX TRANSFER FUNCTION OF THE CHANNEL N
THE_ FREQUENCY DOMAIN.
'€ .* ~THE AMPLITUDE OF STINUSOID IN ns.
© TSIN ~PARAMETER INDICATING WHETHER DISTORTION TS SINE ”
~ . COSINE (EITHER 1 OR 0). '
.~ K “."~..--THEJNUMBER OF PERTODS-OF THE STNUSOID WITHIN THE
NYQUIST BANDWIDTH.
ALPHA ~THE AMOUNT OF BANDWIDTH USED IN EXCESS OF THE
MINIMUM NYQUIST BANDWIDTH DIVIDED BY THE NYQUTST .
BANDWIDTH. ,
. LSAMPL ~THE NUMBER OF SAMPLES PER SYMBOL. ///
BAUD ~THE SYMBOL RATEIN MBald.
LDIM ~THE DIMENSION OF THE COMPLEX TF ARRAY. *S
THE SINUSOIDAL GROUP DELAY TS MODELLED AS FOLLOWS: _1j
T(f)= G¥SIN(2*PTAKH{/FN)*10%%~g ﬁ::”/jjﬁl)xu4ﬁn>’
T(f)= c*bescz*PI*K*f/FN)*1o**-g s ’ﬂpEQR/;;IN:O
& , .

IN- TERMS OF PHASE, THIS CAN BE REWRITTEN AS
PHI(f)~ C*FN*SIN(2*PI*K*f/FN)*10**-9/K rad FOR TSIN=0
PHI(f)“ —C*FN*CDS(2*PI*K*f/FN)*10**-Q/K rad FOR TSTN=1

WHERE Eﬁ\?s IN THE NYQUIST BANDWIDTH L -
AND PI=3.141592. . .

TH?% PHASE IS ADDED TO THAT OF THE INPUT CHANNEL.
THE RESULTANT CHANNEL TRANSFER FUNCTION IS PASSED
OUT OF THE SUBROUTINE IN'ARRAY TF.

- i '{I
Iill,‘i*!ll**i****ﬁ***i!lIll*‘***l!*liil‘ll*i!ll*l**lilll!*l!l*li
e ' . .
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e

< C '
o ’EGE:;:;INE SINCGD(ISIN,C,K, TF)
COMMON /NUMB1/ FBW,ALPHA,LDIM, IOFF,LSAMPL
COMMON /NUMB2/ NSNR NSYMB BAUD
COMPLEX TF(1)
SBANDW=FLOAT (LSAMPL)*BAUD
NO1=LDIM/2 + 1
NO2=NO1 + 1
. C1=BAUD/K
IF (ISIN.EQ.1) GO TO 50
DO 10 I=1,NO1 _ —
AI=FLOAT(T~1)*SBANDW/FLOAT (LDTH)
PHI=(C*¥C1/(10.%%3,))%SINL2.%3. n1§gz*a1/c1)
TF(I):TF(I)‘CMPLX(COS(PHI),-Sﬁh(PHI))
10 CONTINUE
DO 11 I=NO2,LDIM
N TF(1)=CONJG(TF(LDIM+2-~1)) -
SN CONTINUE
GO TO 60
50 DO’ 12 I=1,NOA1
, ML= =FLOAT (I~1)*SBANDW/FLOAT (LDIM)
PHI=(C*¥C1/(10,%%3,))%¥C0S(2.%3.141592%AI/C1)
F(I)=TF(I)*CMPLX(COS(PHI), SIN(PHI))
12 CONTINUE
~“7i__ * DO 13 1=N02,LDIM
“_TFfI)=TF(LDIM+2~I)
13 T CONTINUE
60 RETURN

END
c ] ‘ P
. 3
;3
-
\ .
W a
\\ .
.;,,/ .
74 .

£y

ras



160

- Clli**!i*l*i!ll!*l!lli!l!!li***ll*lﬁ!lllﬂl!llllllllll!!llllﬂllilll

c

C
c
C
c
c
C
c
c
c
C
c
C
c
C
c
c
c
C
C
c
c
C
C
C
C
C
C
C
C
C
C

RUMAMP: - -

THIS SUBROUTINE MODELS THE AMPLITUDE TRANSFER CHARACTERISTICS
OF -A SELECTIVELY FADING CHANNEL USING RUMMLER‘S THREE RAY
MODEL.

4

INPUT PARAMETERS TF,B,F0, LSAMPL,BAUD,LDTM

OUTPUT PARAMETER TF

TF ~THE COMPLEX TRANSFER FUNCTION OF THE CHANNEL TN
. : THE FREQUENCY DOMAIN.

B - ~THE NOTCH DEPTH BETWEEN O AND .999P.

FO ~THE CENTER FREQUENCY OF THE NOTCH IN MHz.

LSAMPL ~THE NUMBER OF SAMPLES PER SYMBOL.

BAUD ~THE SYMBOL RATE IN MBaud.

LDIM ~THE DIMENSION OF THE COMPLEX TF ARRAY.

THE AMPLITUDE TRANSFER CHARACTERISTIC AJ{f) IS MODELLED

THE OUTPUT CHANNEL TRANSFER FUNCTION PECOME§»\

"AS FOLLOWS:

AJ(£)=SQRT(1 + B*¥2 ~ 2%B¥COS(2*PHI*T¥*(f~F0)))

WHERE T IS 6.31 nsec (RUMMLERS FINDINGS)

=TF( £) *AJ(f) o . 4

WHERE AJ(f) /IS IN dB.

***l**!**********ll!I**!l!!illl*&**lli!!llllli!!il!lﬁllllll*lll
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SUBROUTINE RUMAMP(B FO0,TF)

COMMON /NUMB1/ FBW, ALPHA LDIM, IOFF LSAMPL
COMMON /NUMB / NSNR NSYMB BAUD

COMPLEX TF(1

DELTAF= FLOAT(LSAMPL)'BAUD/FLOAT(LDIM)
NO1=LDIM/2 + 1 .

NO2=NO1 + 1

AK=2.%3,14159265%5,.31#1(Q*%.3

X20.0

DO 10 I=1,NO1 : -
AT=AK*((I=1)¥*DELTAF « FO) :

AJ=SQRT(1.0 + (B*¥*¥2) « 2*B*COS¢1_J)
A=20.%ALOG10(AJ)
TF(I)=TF(I)®*AJ

IF (A .LT. X) X=A
CONTINUE

DO 11 I=NO2,LDIM
TF(I)= TF(LDIM+2-I)
CONTINUE

Xz==X .
WRITE(6,23) X ok -
FORMAT(5X, 'NOTCH DEPTH ',F8.2,' IN dB'")
RETURN '

END

s
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RUMPHA:

THIS SUBROUTINE DEVELOPS THE PHASE RESPONSE OF A SELECTIVELY
FADING CHANNEL USING RUMMLER'S THREE RAY MODEL AND ADDS 1IT
TO THE PHASE OF THE INPUT TRANSFER FUNCTION.

INPUT PARAMETERS:TF,B,FO0, IMIN,LSAMPLC,BAUD,LDIM
OUTPUT PARAMETER:TF :

TF  _THE COMPLEX TRANSFER FUNCTION OF THE CHANNEL IN
" THE FREQUENCY DOMAIN.

B ~THE NOTCH DEPTH BETWEEN O AND .999.

FO ~THE CENTER FREQUENCY OF THE NOTCH IN MHz.

IMIN  ~PARAMETER INDICATING WHETHER FADE IS MINIMUM OR

NONMIMIMUM PHASE FADE.
LSAMPL ~THE NUMBER OF SAMPLES PER SYMBOL.
BAUD ~THE SYMBOL RATE IN MBaud.
LDIM . ~THE DIMENSION OF THE COMPLEX TF ARRAY.

THE PHASE PHI (f) 'OF RUMMLERS NOTCH CAN BE MODELLED

“AS FOLLOWS:

PHI(f)=Arc TAN(+B*SIN({(f~FO)*T)/(1~B*COS((f~F)¥*T)))

IMIN=0 {NON~MINIMUM PHASE}
-

=Arc TAN( B*SIN((f—FO)*T)/(1—B*cos((f— F)*T)))
IMIN=1 {MINIMUM PHASE} , | ’

-

WHERE T IS 6.37 nsec (RUMMLERS FINDINGS)

THIS PHASE IS ADDED TO THAT OF THE INPUT CHANNEL.

lilliz‘ﬂll***‘ill!lll***lﬁ*l*i***l:i!i&l!Il:alllllll!li!llllllll!l*
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SUBROUTINE RUMPHA(B,FO, IMIN, TF)
COMMON /NUMB1/ FBW,ALPHA,LDIM,IOFF,LSAMPL
COMMON /NUMB2/ 'NSNR, NSYMB, BAUD

COMPLEX TF(1)
SBANDW = FLOAT(LSAMPL)'BAUD
NO1=LDIM/2 + 1
NO2=NO1 + 1
DO 20 I=1,NO1
F= FLOAT(I-1)'SBANDH/FLOAT(LDIM)
WT=(F~F0)*6, 31 %10 #%53—
ARG=B*SIN(WT)/(1.0~B*COS(WT))
IF(IMIN.EQ.1) ARG=~ARG
PHI=ATAN (ARG) :
TF(1)= TF(I)'CHPLX(COS(PHI),-SIN(PHI))
2 INUE
DO 21 I=NO2,LDIM
TF(I)=CONJG (TF (LDIM+2~1))
21 CONTINUE - :
‘ RETURN : -
END . -

'

\"\._ — T
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FILTER: : -

- THE FOLLOWING SUBROUTINE PERFORMS THE FILTERING

PROCESS ON THE DATA SEQUENCE.
INPUT PARAMETERS: DATA,TF,LDIM
QUTPUT PARAMETERS: DATA

DATA . ~THE COMPLEX DATA ARRAY IN THE TIME DOMAIN. ON
THE INPUT TO THE SUBROUTINE THE DATA HAS NOT BEEN
~FILTERED BY THE GIVEN FILTER. ON THE OUTPUT
IT IS THE FILTERED DATA.

TF ~THE COMPLEX TRANSFER FUNCTION ARRAY IN THE
FREQUENCY DOMAIN.
LDIM .-THE DIMENSION OF THE COMPLEX DATA AND TF ARRAYS.

THE INPUT DATA IN THE TIME DOMAIN IS FAST FOURIER TRANSFORMED
(FFT) TO THE FREQUENCY DOMAIN AND MULTIPLIED WITH THE TRANSFER

'FUNCTION OF THE FILTER. THIS PRODUCT IS THEN INVERSE

TRANSFORMED BACK TO THE TIME DOMAIN TO COMPLETE THE FILTERTNG
PROCESS. THE FFT2C ALGORITHM FROM THE INTERNATIONAL
MATHEMATICAL AND STATISTICAL LIBRARIES IS USED TO PREFORM

THE FOURIER TRANSFORM AND TTS INVERSE.

Y Y X 23232222232 3322333 2222222222222 222202 R R R R R R R )]
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SUBROUTINE FILTER(DATA,TF)
COMPLEX DATA(1),TF(1)
DIMENSION IWK(17) ¢
COMMON /NUMB1/ FBW,ALPHA,LDIM, IOFF,LSAMPL
CALL FFT2C(DATA, 16, IWK)
DO 1 I=1,LDIM

1 DATA(T)=CONJG(DATA(I)*TF(I))

_ CALL FFT2C(DATA, 16, IWK)
DO 2 I=1,LDIM : _

2 DATA(I)= CONJG(DATA(I))/FLOAT(LDIM) -

RETURN

END _ -
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RCOSRX: ’

THIS SUBROUTINE DEVELOPS THE TRANSFER FUNCTION OF A SQUARE
ROOT OF RAISED~COSINE FILTER WITH ROLL~OFF 'ALPHA' AND A 3dB
BANDWITH OF 'FBW'.

]

INPUT PARAMETERS: ALPHA,LSAMPL,BAUD,LDIM,FBW
OUTPUT PARAM%IFR: TF

ALPHA ~THE AMOUNT OF BANDWIDTH USED TN EXCESS OF THE
MINIMUM NYQUIST BANDWIDTH DIVIDED BY THE NYQUIST
BANDWIDTH.

LSAMPL ~THE NUMBER OF SAMPLES PER SYMBOL.

BAUD ~THE SYMBOL RATE IN MBaud.

LDIM: ~THE D NSION OF THE. COMPLEX TF ARRAY.

_FBW ~THE LOW~PASS FILTER 3dB BANDWIDTH IN MHz.

TF ~ RESULTANT COMPLEX TRANSFER FUNCTION OF THE FILTER.
THE TRANSFER FUNCTION IS MODELLED AS FOLLQWS:
TE(F)=1 " FOR OKF<FN(1~ALPHA)

TF(F)=SQRT(.5*(1=STN(PH*(F~FN)) *EN
| F

AY<KFCFN{1+ALPHA)

TF(F}=0 OR F>FN(1+AL )

WHERE PI=3.1415927
FN=NYQUIST FREQUENCY
T=SYMBOL DURATION.

I*Illll!*lll!i!l*i‘lll!l*llli*illll!!lllli!!illIilllill!llllllll&‘/
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SUBROUTINE RCOSRX(TF)
COMPLEX TF(65536)
COMMON /NUMB1/ FBW,ALPHA,LDIM,IOFF,LSAMPL

" COMMON /NUMB2/ ‘NSNR,NSYMB,BAUD

SBANDW=BAUD*LSAMPL *
NO=LDIM/2 ‘
NO1=NO+1
IF (ALPHA.EQ.0) ALPHA=0. 0001
FN=LDIM®( FBW./SBANDW)
F1=(1.~ALPHA)*FN
F2=(1.+ALPHA)*FN
IFN=IFIX(FN)
IF1=IFIX(F1)+1
IF2=TFIX(F2)+1

AMPLITUDE CHARACTERISTIC

A1=3. 141592/ (2 #FLOAT(IFN))
DO 8 I=2,IF1
TF(1)=CMPLX(1.0,0.0)

Jz=I~1

- TF(I)=CMPLX(1.,0.0)
CONTINUE
JK=1F 1+1 -~

DO 9 J=JK,IF2

I=d=1

ROOT OF RAISED COSINE

A=(3. 1u1592/(2 o*ALPHA))*((FLOAT(I)/FLOATG&FN)) 1.)
TF(J)=CMPLX{SQRT(0.5%(1.0~SIN(A))),0:0)
CONTINUE
JH=TIF 2+1
DO 10 I=JH,NO1
TF(I)= CHPLX(O 0,0. 0) :
CONTINUE _ “
NO2=NO1+1 i
DO 5 I=NO2,LDIM
TF(I)=CONJG(TF(LDIM+2~1))

CONTINUE

RETURN
END

~
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C ENER .
C THIS SUBROUTINE CALCULATES THE ENERGY PER BIT. :
C ., INPUT PARAMETERS: DATA, BAUD LDIM
C " OUTPUT PARAMETERS: EB
C o ——— . ’
c -DATA’ ~THE COMPLEX DATA ARRAY IN THE TIME DOMAIN,
C BAUD ~THE BOL RATE IN MBAUD.
C LDIM ~THE DIMENSION OF THE COMPLEX DATA ARRAY.
C EB ~THE ENERGY PER BTIT.
C ' .
C THE ENERGY PER SYMBOL ES FOR AN TINPUT SYMBOL I+JQ IS GIVEN
C BY ES=(I%%*2 4+ Q¥¥2)/T3 WHERE TS IS THE SYMBOL DURATTON.
C AND WITH 6 BITS PER SYMBOL THE ENERGY PER BIT IS GIVEN BY ) -
C EB=ES/6.
.C****l!***l‘*"**‘*********‘I’l’**‘l’*'*******I"'ll'*****"‘i‘l*!l*'*""'l
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SUBROUTINE ENERGY(DATA,EB)
COMPLEX DATA(1)
COMMON /NUMB2/ NSNR,NSYMB,BAUD
COMMON /NUMB1/ FBW, ALPHA LDIM I0FF, LSAMPL
WATTS=0.
DO 1 I=1,LDIM
WATTS= HATTS+((CABS(DATA(I)))"2 )
CONTINUE
WATTS= HATTS/(FLOAT(LDIM))
EB=WATTS/(6.%BAUD)
WRITE (6,40} WATTS,EB .
FORMAT(1OX,F15.6,5X,E15¥8)
RETURN
. END

f e
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C HHGG:
C , ’ ) -
C THIS SUBROUTINE COMPUTES THE NORMALIZED NOISE POWER.
C INPUT PARAMETERS: “TF,LDIM,LSAMPL, BAUD
C OQUTPUT PARAMETERS PNOISE
C
C STF ~THE COMPLEX TRANSFER FUNCTION ARRAY IN THE
.C FREQUENCY DOMAIN.
C LDIM «THE DIMENSION OF THE COMPLEX TF ARRAY.
c - LSAMPL ~THE NUMBER OF SAMPLES PER SYMBOL.
C BAUD ~THE SYMBOL® RATE IN MBaud. )
C FNOISE ~THE NORMALIZED NOISE POWER.
C N .
C * THE NOISE IN THE SYSTEM IS ASSUMED TO BE ADDITIVE WHITE
C GAUSSIAN NOISE WITH A NORMALIZED DOUBLE~SIDED POWER
C -SPECTRAL DENSITY OF ONE~HALF (NO=1),.
C PNOISE=1/2%INTEGRAL (TF(F)#%2)
C*il*i*****l*l*I!ilﬁ'l*%i***!l!****ll!**!l*!**!ll**l**!lil
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SUBROUTINE HRGG(TF,PNOTSE)
COMPLEX TF(1) ' -

COMMON /NUMB1/ FBW,ALPHA,LDIM,TOFF,LSANPL
GOMMON /NUMB2/ NSNR,NSYMB,BAUD :
SUM=0.0

SBANDW=BAUD*LSAMPL

DO 1 L=z1,LDIM .
HH=( CABS(TF(L)))*¥2

SUM=SUM+HH ,
PNOTSE=SUM*SBANDW/FLOAT(LDIM) /2.

WRITE (6,2) PNOISE

FORMAT(5X, 'PNOISE="',FT7.3,/) - .
RETURN - :

END
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SYNCRO:
THE FOLLOWING SUBROUTINE SYNCHRONIZES THE RECEIVED DATA.

INPUT PARAMETERS: DATA,PNOISE,NI,NQ,EB,LDIMNM, IOFF LSAMPL, NSYMB
OUTPUT PARAMETERS: DATA MI,MQ : e

DATA -THE COMPLEX DATA ARRAY IN THE TIME DOMAIN.
PNOISE =~ «THE NORMALIZED NOISE POWER.
NI "~THE I CHANNEL SYMBOL ARRAY.
NQ ~THE @ CHANNEL SYMBOL ARRA¥~
EB ~THE AVERAGE ENERGY PER BIT.
MI ~THE I CHANNEL OPTIMUM SAMPLING -POINT. .*
MQ ;7 T=THE Q CHANNEL OPTIMUM SAMPLING POINT.
LDI ~THE DIMENSTON OF THE COMPLEX DATA ARRAY.
T0F ~THE NUMBER OF SAMPLES THE Q CHANNEL DATA IS
Vet OFFSET FROM THE I CHANNEL DATA.
\ LSAMPL ~THE NUMBER OF SAMPLES PER SYMBOL.
~ NSYMB ~THE DIMENSION OF THE NI AND NQ ARRAYS.

THIS SUBROUTINE SYNCHRONIZES THE RECEIVED DATA WITH RESPECT

TO THE ORIGINAL TRANSMITTED DATA (IF POSSTBLE) AND DETERMINES
- THE OPTIMUM SAMPLING INSTANT. THE RECEIVED DATA IS SHIFTED"

TO THE RIGHT UNTIL AT LEAST ONE SAMPLE OF EACH SYMBOL IS |

OF THE SAME SIGN +/~ AS THE ORIGINAL TRANSMITTTED DATA.

THE OPTIMUM SAMPLING INSTANT FOR EACH CHANNEL IS DETERMINED _—— K\

BY SHIFTING THE SAMPLING TINSTANT OF: EACH SYMBOL TO THE

RIGHT UNTIL, FOR A GIVEN VALUE OF EB/NO (IN THIS ¥ASE 19 dﬁ)

THE MINIMUM Pe IS FOUND. THE T AND Q CHANNEL'S OPTIMUM,SAMPLING

INSTANT, WHICH CAN VARY FROM 1 To LSAMPL, IS STORED FO& USE

IN THE DECODE ROUTINE IN MI AND MQ RESPECTIVELY.
B0t TIOR3 00RO RN NN NN
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SUBROUTINE SYNCRO(DATA PNOISE NI, NQ,MI,MQ, EB)
INTEGER QT7FLAG
COMPLEX DATA(1),AMP

DIMENSIGN NI(1),NQ(1) N\
COMMON /NUMB1/ FBW,ALPHA, LDIM, TOFF,LSAMPL -
COMMON /NUMB2/ NSNR,NSYMB,BAUD _ )
NERROR=0 Y , | _
IF (IOFF<EQ.0) GO TO 111 - {

DO 6 K=1, IOFF L~

XX= AIMAG(DATA(LDIM))

DO 7 KK=2,LDIM/ ‘

DATA(KK)= CMPLX(REAL(DATA(KK)) AIMAG(DATA(KK 1)))
DATA(1)= CMPLX(REAL(DATA(1)) xx)

SYNCHRONIZE THE RECETVED DATA

NOLD=0

NOF=0

K=1

CONTINGE

NEW=0

DO 200 J=1,NSYMB

J1=K+(J~1)¥LSAMPL S
IF(J1.GT.LDIM) J1=J1~-LDIM _~ ——

" AXBAR=REAL (DATA(J1))

AYBAR=AIMAG(DATA(J1))
SS=AXBAR®NI (J)
IF (SS .GT. 0.) NEW=NEW+1

- SS=AYBAR®NQ(J)

IF (8sS gI 0.) NEWs NEW+1

CONTINUE

IF(NOLD.GE.NEW) GO TO 399

NOLD=NEW

NOF =K . )
K=K+1 : -7
LFU=-2#NSYMB

SHIFT \RECEIVED DATA RIGHT UNfIL ALL SYMBOLS ARE LTNED UP

IF (NOLD.LT AND.K.LE.LDIM) GO TO 300
IF (NOF.EQ.0) GO TO 230

LO=LDIM«1

DO 250 I=1,NOF

AMP=DATA(1)

DO 240 J=1,L0

DATA{(J)=DATA(J+1)

CONTINUE ) -
DATA(LDIM) =AMP

CONTINUE RSN
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OPTIMIZE THE SAMPLING INSTANT

230 MI=1 ; - -
MQ=1 -
EOT=FLOAT(NSYMB) + 1. . _ . -
EOQ=FLOAT (NSYMB). + 1, ‘ N
_VARIAN=PNOISE®EB/19 - ' ' .
SIGMA=SQRT (VARIAN) . - ;
DO 80 J=1,LSAMPL
EI=0. = .
EQ=0.

DO 70 K=1,NSYMB
VERIFY THAT NO SAMPLED SYMBOL IS IN ERROR

. J1=(K~1)®LSAMPL +J

AXBAR=(REAL(DATA(J1))+REAL{DATA(J1+1)))/2.
AYBARZ( ATMAG (DATA(J1))+AIMAG (DATA(J1+1)))/2.
INDEXT =0 _

SS=FLOAT(NI(K))®AXBAR

IF (85 .LT. 0.) INDEXI 1

AMPX = ABS(AXBAR)

- AMPI:=zABS(FLOAT(NT(K)))

30

" THR1I=AMPI ~ 1.0

THR21=AMPI- + 1.0 ‘ ‘ 1
I7FLAG=0 -

IF (AMPI.EQ. 7. 0) GO TO 30

IF (( AMPX.GE.THR2I).OR.(AMPX. LE THR1I)) INDEXI= 1

GO. TO 40

IF( AMPX.LE.THR1I) INDEXI 1

I7FLAG=1

UQ_CONTINUE

50

60
. IF(INDEXI.EQ.1) EI=EI + 1. _ - s

INDEXQ=0
SS=FLOAT(NQ(K))*AYBAR
IF(SS .LT. 0.) INDEXQ=1
AMPY=ABS (AYBAR)

AMPQ=ABS( FLOAT (NQ(K)))
THR1Q=AMPQ ~ 1.0
_THR2Q=AMPQ + 1.0
Q7FLAG=0 ..

IF (AMPQ.EQ.™7.0) GO TO 50

IF (( AMPY.GE.THR2Q).OR. (AMPY LE. THR1Q)) INDEXQ=1
GO TO 60

TF( AMPY.LE.THR1Q) INDEXQ=1
Q7FLAG=1 - ’_‘\»«FD :
CONTINUE , -

-

IF(INDEXQ.EQ.1) EQ= EQ + 1. .
COMPUTE -THE .PROBABILITY OF ERROR FOR THIS SYMBOL AT EB/NO=19dB

" D1=ABS{AMPX~THR1I) ™~

ARG=D1/(SIGMA*SQRT(2.))
CHECK IF ARG IS LARGE INWHICH CASE PE IS INSIGNIFICANT

-
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IF (ARG.GT.12.) ARG=12. , - , .
- EI=ETI + ERFC(ARG)/2. . . ~ : : :
IF (I7FLAG .EQ. 1) GO TO 65
D2=ABS(THR2I~AMPX) : ,
ARG=D2/(SIGMA®*SQRT(2.)) - -
IF (ARG.GT. 12.) ARG=12. o .-
EI=EI +.ERFC(ARG)/2. ‘
65 D1=ABS(AMPY~THR1Q)
ARG=D1/{SIGMA%#SQRT(2.))
IF ( ARG.GT.12.) ARG=12.
EQ=EQ + ERFC(ARG)/2.
IF (Q7FLAG .EQ. 1) GO TO 70
D2=ABS (THR2Q~AMPY)
“ARG=D2/(SIGMA*SQRT(2.))
IF (-ARG.GT.12.) ARG=12.
EQ=EQ + ERFC¢ARG)/2.
70 CONTINUE _
IF(EOI.LE.EI). GO TO 75 °
EOTI=zEIL
MT=J
75 CONTINUE
IF (EO0Q.LE.EQ) GO TO 80 .
EOQ=zEQ
MQ=J
80 MOFF=IABS{MI~MQ)
IF(MOFF.NE.O) WRITE(6,90) MOFF '
OFF=(FLOAT(MI) + FLOAT(NOF))/FLOAT(LSAMPL) .
90 FORMAT(5X,'SAMPLING POINTS FOR I AND 'Q CHANNELS DIFFER BY', *
. #I2,' SIXTEENTHS OF THE SYMBOL INTERVAL',/) :
- WRITE(6,95) OFF _ .
95 FORMAT(5X,'RECEIVED DATA IS DELAYED BY ',F7.3,' SYMBOLS',/) -
RETURN - TN

END ~ L _ o
" /

’
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C._  DECODE:
c THE FOLLOWING SUBROUTINE DECODES THE RECEIVED DATA. *
c INPUT PARAMETERS: DATA,PNOISE,MI,MQ,NI,NQ, EB LSAMPL, NSNR NSYMB
g OUTPUT PARAMETERS: EBNO PE

DATA ~THE COMPLEX DATA ARRAY IN THE TIME DOMAIN. T?

PNOISE ~THE NORMALIZED NOISE POWER.

MI ~THE T CHANNEL OPTIMUM SAMPLING POINT.

~MQ- ~THE Q CHANNEL OPTIMUM SAMPLING POINT.

NI ~THE T CHANNEL SYMBOL ARRAY.

‘NQ ~THE Q CHANNEL SYMBOL ARRAY.

EB ~THE AVERAGE ENERGY PER BIT.

EBNO ~THE ARRAY CONTAINING THE EB/NO VALUES CONSIDERED.

PE ~THE Pe ARRAY FOR THE GIVEN EB/NO VALUES.

LSAMPL ~THE NUMBER OF SAMPLES PER SYMBOL.

NSNR ~THE NUMBER OF PE VERSUS EBNO VALUES CALCULATED.

NSYMB ~THE

D1
D2

SEQUENCE.

~" POINTLESS.-

THR1

AND FOR THE INNER POINTS
1/2%ERFC(D2/(SIGMA*SQRT (2)

176.

DIMENSION OF THE NI AND NQ ARRAYS.

THIS SUBROUTINE CHECKS FOR AN ERROR AT THE SAMPLING INSTANT
AND TERMINATES -THE RUN IF ONE IS FOUND.
AN UNACCEPTABLLY HIGH Pe AND AS SUCH FURTHER CALCULATION IS
FLAGS ARE SET (I7FLAG OR Q7FLAG) WHICH INDICATE THE .

ORIGINAL TRANSMITTED T OR Q SYMBOL WAS AN ENDPOINT. THE
) APPROPRIATE Pe EQUATION IS THEN USED TO CALCULATED THE Pe
g FOR THAT SYMBOL.

FOR THE END, POINTS THE PE=1/2%ERFC(D1/(SIGMA¥SQSRT(2)))

WHERE SIGMA=SQRT(VARIAN)

=[[SAMPLE] ~ THR1]
—[THRB-[SAMPLE]]

=[NI] "{OR [NQJ]} -1
THR2 =[NI] {OR INQ]} +1

"THIS CALCULATION IS REPEATED-FOR ALL THE SYMBOLS 1IN THE .

lllillllllllllIl'ill!liIl!**Illlll!iliﬁl*li!!_ﬁ!iil*Ii!!llll!*ll*l

THIS ERROR SIGNIFIES

(gE PE=1/2%ERFC(D1/(SIGMA®SQRT(2))) +

C
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SUBROUTINE DECODEﬁ\1¢A¢PﬁOISE MI,MQ, NI, NG, EBNO,PE,EB)
INTEGER Q7FLAG .

- COMPLEX DATA(1),AMP \\

30

40

50

60

DIMENSION EBNO(1) PE(1),NI(1){NQ(1) ’
COMMON /NUMB1/ FBH ALPHA LDIM, I0OFF,LSAMPL -

"COMMON /NUMB2/ NSNR,NSYMB,BﬁUD

NERROR=0 - ,
DO 1 I=1,NSNR ~

- PE(I)=0. '

CHECK FOR AN ERROR AT THE SAMPLING INSTANT, ONLY THOSE
ERRORS IN ADJACENT LEVELS ARE CONSIDERED

DO 2 K=1,NSYMB : .
J1-(K-1)*LSAMPL+MI '

J2=(K~1)*LSAMPL + MQ

AXBAR= (REAL(DATA(J1))+REAL(DATA(J1+1)))/2

AYBAR= (AIMAG(DATA(JZ))+AIMAG(DATA(J2+1)))/2.
INDEXI =0

SS=FLOAT(NI(K))*AXBAR

IF (SS .LT. 0O.) INDEXI=1

AMPX=ABS(AXBAR)

AMPI=ABS(FLOAT(NI(K)))

THR1I=AMPI ~ 1.0

THR2I=AMPI + 1.0

I7FLAG=0

IF. (AMPI.EQ. 7.0) GO TO 30 .

IF (( AMPX.GE.THR2I).OR.(AMPX.LE. THR1I)) INDEXT =1
GO TO 40

IF( AMPX.LE.THR1I) INDEXI=1
- ITFLAG=1

CONTINUE

INDEXQ=0 ’
SS=KLOAT(NQ(K))*AYBAR

IF(SS .LT. 0.) INDEXQ-1 . P
AMPY=ABS(AYBAR) - .
AMPQ=ABS{FLOAT(NQ(K)))

THR1Q=AMPQ ~ 1.0

THR2Q=AMPQ + 1.0

Q7FLAG=0

IF (AMPQ.EQ. 7.0) GO TO S50

IF (( AMPY.GE.THR2Q) .OR. (AMPY LE. THR1Q)) INDEXQ 1
GO TO 60

IF( AMPY.LE,THR1Q) INDEXQ 1

Q7FLAG=1

CONTINUE ‘

IF( (INDEXI.EQ. 1).0R. (INDEXQ EQ.1)) NERROR=NERROR+1

COMPUTE THE PROBABILITY OF ERROR FOR THIS SYMBOL. .

THE VARIABLES ARE AS FOLLOWS: M IS EB/NO IN dB; PNOISE IS.
1/2%INTERGAL ([ H(F)¥*#*2] DF); AND VARIAN = NO'PNOISE .

FOR THE END POINTS (7FLAG=1) THE PE= 1/2'ERFC(D1/(SIGMA'SQSRT(E)))
AND FOR THE TNNER POINTS THE PE=1/2¥ERFC(D1/(STGMA®SQRT(2))) +
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1/2%ERFC(D2/(SIGMA®SQRT(2))).

a0

N
DO 4 M=1,NSNR
VARIAN=PNOTSE®EB*(10.%%(~0. J*FLOAT(M)))
SIGMA=SQRI (VARIAN) <
D7=ABS (AMPX~THR1I)
ARG=D1/(SIGMA®SQRT (2.)) .
CHECK IF ARG 1S LARGE INWHICH, CASE PE IS INSIGNIFICANT
CHECK IF SYMBOL IS IN ERROR, IF IT IS TERMINATE RUN

o XoNe]

/-‘—‘"“ .

IF cLuﬁﬁxt.EQ.1) GO TO 153

oS IF (ARG.GT.12.) ARG=12.
PET=ERFC(ARG)/2.
IF (I7FLAG .EQ. 1) GO TO 100
D2=ABS(THR2I~4MPX)
ARG=D2/(SIGMA¥SQRT(2.))
IF (ARG.GT.12.) ARG=12.
PEI=PEI + ERFC(ARG

100 D1=ABS(AMPY~THR1Q

" ARG=D1/(SIGMA%SQRT(2.))

--IF (INDEXQ.EQ.1). GO TO 153
IF (ARG.GT.12.) ARG=12.
PEQ=ERFC(ARG)/2.

IF (Q7FLAG .EQ. 1) GO TO 110
D2=ABS{THR2Q~AMPY)
ARG=D2/(SIGMA®#SQRT(2.))
IF (ARG.GT.12.) ARG=12.
PEQ=PEQ + ERFC(ARG)/2.

110 IF(PEI.LT.1.E~15) PEI=0.

IF(PEQ.LT.1.E~15) PEQ=0.
4  PE(M)PE(M)+PEI+PEQ
2 INUE

DO 5 I=1,NSNR s .
PE(I)= PE(I)/FLOAT(NSYMB)

S5 EBNO(T)=FLOAT(I) \ (\
~PRINT 150 '

150 FORMAT(5X,'EB/NO',10X,'PROB. OF ERROR',/)
WRITE (6, 151) (EBNO(I) PE(I),I=1,N3NR)
151 FORHAT(SX F5.1,710X,E13.6)
WRITE (6, 152) NERROR
152 FO@MAT(/SX,'ERRORS:',15,/)
GO TO 155
153 PRINT 154

)

.

154 FORMAT (10X,'SYMBOL WAS IN ERROR, - RUN WAS TERMINATED'

155 CONTINUE
RETURN . . .
END F

.'_.f?'

va .
[ TR VE
T

P

/)
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PROGRAM FOR SIMULATION OF 64~QAM IN A NONLINEAR CHANNEL

MODIFIED BY TRICIA HELL FROM DCL REPORT #112 BY DR.V.ARUNACHALAM

COMPLEX DATA(16384), DATA2(16384),TF(16384)
REAL MPO

DIMENSTION PEI(25),EBNO(25),NI(2048), NQ(2048)
DIMENSION XARRAY(ET) YARRAY(27) '

INITIALTZE PROGRAM.
SET THE PARAMETERS FOR THE RUN

COMMON /NUMB1/ FBW,ALPHA,LDIM, TOFF,LSAMPL
COMMON /NUMB2/ NSNR,NSYMB, BAUD

COMMON /INPUT/ NI, NQ

FBN=60.0

BACKOF=0.0

ALPHA=0.4

LDIM=16384

IOFF =0

LSAMPL=8

NSNR=25

NSYMB=2047

BAUD=60.0 — o

NRUNS=1 . o
KM=1 '

NFILTR=2

ICRDER=4

‘END OF INITTALIZATION. * s

START OF COMPUTATIONS..

CALL RCOSTX(TF) |

THIS PROGRAM GENERATES THREE QPSK SIGNALS AND' SUMS THEM.
EACH QPSK STGNAL IS GENERATED IN LOADY, EILTERED

AND THEN SUMMED TO GENERATE 64~QAM.

NUM=1
CALL LOADY4 (DATA,NUM)

CALL HLIM(DATA) : |
CALL POWER(DATA,MPO) _//f’""//
" CALL HPA(DATA,BACKOF, PSHIFO,MPO)
CALL PHASE(DATA,PSHIFO) .

CALL FILTER(DATA,TF)

NUM=3 -
CALL LOADH(DATA2,NUM)

CALL HLIM(DATA2)

CALL POWER(DATAZ2,MPO) ,
CALL HPA(DATAZ,BACKOF, PSHIFO,MPO) #
CALL PHASE(DATA2, PSHIFO) .

~ CALL FILTER(DATA2,TF)

' Cl‘lilllllllillllllllilllill!’IlﬁlillllilI*I‘Iﬂl!II!!!!I!*!!!!!!II!I&****
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CALL SUH(DATA DATA2, NUM)
NUM=5
CALL LOAD4{DATAZ, NUM)
CALL HLIM(DATA2)
CALL POWER(DATA2,MPO)
CALL HPA(DATA2,BACKOF, PSHIFO, MPO)
CALL PH DATA2, PSHIFO)
CALL TER (DATA2, TF)
CALL SUM(DATA DATA2, NUM)
CALL RCOSRX (TF)
CALL HHGG(TF,PNOISE)
CALL ENERGY (DATA,EB)
CALL FILTER(DATA,TF)

- CALL SYNCRO(DATA,PNOISE,MI,MQ,EB)

CALL DECODE(DATA, PNOISE MI,MQ,
#EBNQ, PEI EB)

CALL THE DRAWING ROUTINE.
DO 99 I=1,NSNR

XARRAY(I)=EBNO(T)
YARRAY(I)=PEI(T)

CALL DRAW(XARRAY,YARRAY, KM, NRUNS)'

CONTINUE
STOP
END
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G\A Du Al

THIS SUBRQ@TINE GENERATES AN BASEBAND QPSK SIGNAL.
INPUT PARAMETERS: LDIM, IOFF,LSAMPL _ . .
OUTPUT PARAMETERS: DATA NI, NQ ‘ -

P

LDIM . ~THE DIMENSION OF THE COMPLEX DATA ARRAY.
I0FF ~THE NUMBER OF SAMPLES THE Q CHANNEL DATA IS

OFF'SET FROM THE I CHANNEL DATA,
LSAMPL -Tﬂg NUMBER OF SAMPLES PER SYMBOL.
NUM ~THE PARAMTER INDICATING WHICH QPSK DATA ARRAY.
DATA .___ ~THE COMPLEX DATA ARRAY IN THE TIME DOMAIN. .
NI \ilﬂgﬁéjCHANNEL'SYMBQL ARRAY. .
NQ ~THE CHANNEL SYMBOL-ARRAY.

THIS SUBROUTINE GENERATES TWO 2«~LEVEL SYMBOL ARRAYS,

NI AND NQ, AND THE BASEBAND QPSK DATA ARRAY. A GENERATOR
POLYNOMIAL OF DEGREE 11 IS USED TO GENERATE A PRBS OF NRZ

DATA FROM THE PRIMER DATA NY,. G(X)=14XRR2, (%%

A SEQUENCE OF 2%%#17 DATA SYMBOLS IS GENERATED WITH THE FIRST
SYMBOL REPEATED* A§ THE LAST SYMBOL. THIS SEQUENCE IS SHIFTED
TO PROVIDE THE ADDITIONAL SEQUENCE.TO FORM THE I CHANN@F ‘
SYMBOLS AND THE Q@ CHANNEL SYMBOLS. _
THESE SYMBOLS ARE THEN LOADED IN THE COMPLEX DATA ARRAY

WITH A SET NUMBER OF SAMPLES REPRESENTING EACH SYMBOL(LSAMPL).
THE REAL PART OF THE DATA ARRAY CORRESPONDS TO THE I COMPONENT

AND- THE IMAGINARY PART CORRESPONDS TO THE Q COMPONENT.
ERE RN RN RN RN RN E R RN RN R RN R RN R R R RN RERRRRRERR R R RN RN RN RRE

P
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SUBROUTINE LOAD4(DATA,NUM)
COMPLEX DATA(1) , _
DIMENSION K(6),NY(11),NI(2048),NQ(2048),NX(2048)
COMMON /NUMB1/ FBW,ALPHA,LDIM, IOFF, LSAMPL 4
COMMON /INPUT/ NI,NQ - .
DATA NY(1),NY(2),NY(3),NY.(4),NY(5),NY(6),NY(7),NY(B),NY(9),
#NY (10),NY (11)/=1,«1,1,1,1,=1,a1,e1,=1,=1,~1/

DATA JLAST,JTAP/11,1/

KKK=2*#JLAST :

KK=KKK~(1+JLAST) . -

DO 6 I=1,JLAST :

NX{(I)=NY(T)

CONTINUE

-

GENERATE 2%*JLAST ~1 LENGTH SEQUENCE USING GTVEN DATA AND
* GENERATOR POLYNOMIAL.

DO 1 J=1,KK

I=J +JLAST

NXCT)=NX(J)*NX(J+2)

NX(I)=0=NX(L)

CONTINUE | <
GENERATE 6 CYCLICALLY SHIFTED VERSTIONS OF ORIGINAL
SEQUENCE OF LENGTH 2%**JLAST FOR THE SAMPLE ARRAY.

ALV L =

Cv 11 H

RARARRAR
el R o e e R
(o NS RN =S UL A% By
PO = e e e s N

[

o
L
[o -

IF (NUM .NE. 1) GO TO 4
NI(I)=(NX(K(1))*4) + (NX(K(3))*2) + NX(K(5))
NQ(I)=(NX(K(2))*4) + (NX(K(4))*2) + NX(K(6))

LOAD QPSK DATA INTO SAMPLE ARRAY, 8 SAMPLES PER SYMBOL

4 NUMI=NUM ' .
~ II=K(NUMI)
NUMQ=NUM+1
IQ:K(NUMQ& ..
Ji=(Ie1)*LSAMPL +1
J2=I *LSAMPL -
DO 3 J3=J1,J2 N
DATA(J3)=CMPLX(FLOAT(NX(II)),FLOAT(NX(T1Q)))
DO 7 J=1,6
7 K(J)=K{J) + 1



2

CONTINUE

END

184
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HLIM: _

. THIS SUBROUTINE SIMULATES A HARD LIMITER . .
INPUT PARAMETERS: DATA,LDIM ' . »
OUTPUT PARAMETERS: DATA , .

DATA ~THE COMPLEX DATA ARRAY IN THE TIME DOMATIN.
LDIM ~THE DIMENSION OF THE COMPLEX DATA ARRAY.

THE OUTPUT SIGNAL OF THE HARDLIMITER RELATTVE TO AN TNPUT
SIGNAL OF I(t) +jQ(t) IS GIVEN BY

U T(£)=T(t)/SQRT(I(t)*¥2 + Q(t)*¥2)

Q(t)=Q(t)/SQRT(T(L)%¥%¥2 + Q(L)*¥*2)
e R e R iR R A AL

a
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SUBROUTINE HLIM(DATA) .

COMPLEX DATA(1) -

COMMON /NUMB1/ FBW, ALPHA LDIM, IOFF,LSAMPL

DO 10 I= 1,LDIM

DATA{T)= DATA(I)/CABS(DATA(I))

RETURN

END . .
I

. »
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HPA:

THIS SUBROUTINE SIMULATES THE EQUIVALENT BASEBAND
NONLINEARITY OF THE HUGHES_ 261~R, TNT COURTEOUSY OF
DR. V. ARUNACHALAM

INPUT PARAMETERS: DATA,LDIM BAKOFF\MPO

OUTPUT PARAMETERS: DATA PS@;EJ;__J

‘DATA ~THE COMPLEX DATA ARRAY IN THE TIME DOMATN.

LDIM ~THE DIMENSION OF THE COMPLEX DATA ARRAY.

BAKOFF ~THE BACKOFF OF THE DEVICE IN dB.

MPO ~THE MEAN POWER OF THE INPUT DATA SIGNAL.

PSHIET ~THE PHASE SHIFT OF THE DATA RESULTING FROM THIS
) ‘SYBROUTINE. .

THE NONLINEAR DEVICE IS SIMULATED USTNG -TWO POLYNOMTALS P(R)
‘AND Q(R). THE OUTPUT DATA IMAGINARY AND REAL COMPONENTS
CAN BE WRITTEN AS:

REAL DATA= P(R)*X~ Q(R)¥*Y
IMAGINARY DATA= P(R)*Y + Q(R)*X

WHERE X IS THE NORMALIZED DATA'S REAL COMPONENT’
Y IS THE NORMALIZED INPUT DATA'S TMAGTNARY COMPONETNT
AND R IS THE NORMALTIZED ENVELOPE OF .THE TNPUT SIGNAL.

FOR DEVICES OPERATIATING WITH "BAKOFF" db BACKOFF THE .
NORMALIZED INPUT SIGNAL IS MULTIPLYED BY

10**. (BAKOFF)10)}/SQRT(MPO) TO FORM THE NORMALTZED TNPUT
DATA.
ERERRE RN RN R R RN NN R R RN RN RN RN RN R RN NN RN N RN NN RN RN NN NN NN
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SUBROUTINE HPA(DATA,BAKOFF,PSHIFT,MPO)

COMMON- /NUMB1/ FBW,ALPHA,LDIM, IOF, LSMP

COMPLEX DATA(1)

REAL MPO

DATA ZPMAX,ZQMAX,VMAX,V0/1.068,0. 928 1.4814,1./

* DATA A1,A3,A5,A7,A9, A11 yA13, A15 A17/1 916288 ~9.358132E~1,

#1.9&2392E-1,-2.832262£-2,1;8HO3OSE-2,-M.282407E—3,0.0,0.0,0.0/
DATA B1,B3,B5,B7,B9,B11,B13,B15,B17/~5.9659E~2, 1.907669,
#~1.846724,8.615552E~1,~1.%990954E~1, 1. 815157E~2,0.0, 0.0, 0.0/
PX)= (((((((A17‘X"2+A15)'x**2+A13)*X**2+A11)*X**2+A9)*
#x"2+A7)*x'*2+A5)*X'*2+A3)*X**2+A1

ZP(X)=P(X)*X

Q(X)= (((((((B17'x'*2+B15)*X**2+B13)*X**2+B11)*X**2+89)*
#x**2+37)'x-*2+35)*x-*2+33)*x*-2+31

ZQ(X)=Q(X)*X -
Z(X)=SQRT(ZP(X)*#2+ZQ(X)**2)

TWTIN=VO#*10,##(~BAKOFF/20.)
PSHIFT=ATAN(ZQ(TWTIN®*1.414)/ZP(TWTIN®*1.414)) i

WRITE (6,2) BAKOFF,PSHIFT

FORMAT(5X, '"HPA INPUT BACKOFF:',F4.1,' DB',
#'  OUTPUT PHASE SHIFT:',FT7.3,/)

CALL POWER(DATA, MPO) .

FNORMI=TWTIN/SQRT(MPO)

DO 11 I=1,LDIM

DATA(I)=DATA(I)*FNORMI

CONTINUE .

DO 10 I=1,LDIM N

X=REAL(DATA(T)) !

Y=ATIMAG (DATA(I))

R=SQRT(X##2,+Y %¥%2)

IF(R.GT.VMAX) GOTO 12
DATA(TI)=CMPLX(P(R)*X~Q(R)*Y, P(R)*Y+Q(R)*X)
GO TO 10

DATA(I )= CMPLX(ZPMAX'X-ZQMAX'Y ZQMAX'X+ZPMAX*Y)/R
CONTINUE _ .

RETURN

END - .
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c - SUM:

THE FOLLOWING SUBROUTINE SUMS THE TWO QPSK DATA ARRAYS INTO
DATA1. : - -

INPUT PARAMETERS: DATA1,DATA2,NUM,LDIM

OUTPUT PARAMETERS: DATA1: ,

C
C
c
c
c
C .
c DATA4, DATA2 ~THE COMPLEX DATA ARRAYS IN THE TIME DOMAIN.
C - NUM ~THE *PARAMTER. INDICATING WHICH QPSK DATA ARRAY.
c LDIM ~THE DIMENSION OF THE COMPLEX DATA ARRAY.

C ’ L - .

c

c

C

C

DATA1 IS ADDED TO DATA2 /NUM~1 TO FORM THE OUTPUT DATA?
ARRAY.® AS A FINAL STEP, DATA1 IS MULTIPLIED BY 4 TO

OBTAIN THE CORRECT DATA LEVELS.
EERRERREERR B RN R R RN R RN R ERE R AR NN R R RN RN RN RRER RN R RN RN ER NN RN NN

3!
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SUBROUTINE SUM (DATA1,DATA2, NUM)

COMPLEX DATA1(1),DATA2(1)

COMMON /NUMB1/ FBW,ALPHA,LDIM,TOFF,LSAMPL
DO 1 I=1,LDIM

DATAT(T)=DATAT(I) ¥ (DATA2(I)/(NUM ~1))
IF. (NUM .EQ. 5) DATA1(I)=DATA1(I)*4.
CONTINUE »

RETURN o

END
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CRERBERE AR EE R R RN R RN RN R R RN RN R RN RN RN NN BN RN RN RN EEER Y

C PROGRAM FOR THE SIMULATION OF 64~QAM WITH ADJACENT CHANNEL
C AND COCHANNEL INTERFERENCE.

C COPYRIGHT UNIVERSITY OF OTTAWA
C
C
C

BY TRICIA HILL _ .
ERE RN RN RN RN EE RN R R R R R RN R R NN R RN R RN NN RN RN RN RERRR RN

COMMON /NUMB1/ FBW,ALPHA,LDIM, IOFF,LSAMPL '
COMMON/NUMB2/ NSNR, NSYMB,BAUD

COMPLEX DATA1(32768),TF(32768),TFTX(32768),DATA2(32768)
#,TFRX{32768), DATA3(32768)

DIMENSION PEI(25) EBNO(25),NI(2048),NQ(2048),P0(25)
DIMENSION XARRAY(ET) YARRAY(27)

REAL MP1,MP2,MP3 K

‘INITIALYIZE PROGRAM. ' \ .
SET PARAMETERS F%ﬁ RUN ' :

OO0

NSYMB=2048
LSAMPL=16
BAUD=15.
NSNR=25
NRUNS=U4
FBW=7.5
ALPHA=0.4
LDIM=32768
I0FF =0
DATA FOF1,FOF2,FOF3/-~20.,0.,20./
DATA PSHIF3,PSHIF1/3.64,1.70/ -
DATA ITSH1,ITSH3/0,0/
DATA -AT1,AT3/100.0,~27.0/ .
" DO 19 I=1,NSNR ‘ N
"PO(I1)=0.0 -
19 CONTINUE
P0O1=0.0
PO 500 KM=1,NRUNS
ACIR1==~1%AT1
ACIR3=~1%AT3
SSS1=FLOAT(ITSH1)/(16.%,06)
SSS3=FLOAT(ITSH3)/(16.%,06)
ITSHI1=ITSH1+672
ITSHI3=ITSH3+T72-

END OF INITIALIZATION.
START OF COMPUTATIONS. ' i

AOOO0

CALL RCOSTX(TFTX)
CALL RCOSRX(TFRX)

CHANNEL 1

GO0
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CALL LOADG6Y (DATAT,NI,NQ)
CALL. FILTER(DATA1,TFTX)
CALL SACI(DATA1,FOF1)
CALL PHASE(DATA1,PSHIF1)
CALL TIMSHF(DATA1,ITSHI1)
CALL ATT(DATA1,AT1)

CALL FILTER('DATA1,TFRX)
CALL POWER(DATA1,MP1,PF1)

CHANNEL 2

-CALL LOAD64(DATA2,NI,NQ)

CALL FILTER(DATA2,TFTX)
CALL ENERGY(DATAZ,EB)
CALL FILTER (DATAZ2,TFRX)
CALL POWER(DATAZ2,MP2,PF2)

CHANNEL 3

CALL LOADG64(DATA3,NI,NQ)

CALL FILTER(DATA3,TFTX)
CALL SACI(DATA3,FOF3)
CALL PHASE(DATA3, PSHIF3)
CALL TIMSHF(DATA3, ITSHI3)
CALL ATT(DATA3,AT3)

CALL FILTER(DATA3,TFRX)
CALL POWER(DATA3,MP3,PF3)

ADD CHANNEL 1 AND CHANNEL 3 INTERFERENCE TO CHANNEL 2.

DO 20 I=1,LDIM
DATA2(T1)= DATA1(I)+DATA2(I)+DATA3(I)

AT THE RECEIVER.

CALL HHGG(TFRX, PNOISE) '

CALL SYNCRO(DATA2,PNOISE,NT,NQ,MT,MQ,EB)

CALL DECODEXDATAZ, PNOISE MI,MQ, NI, NQ, EBNO,PET,EB)
DO 23 I=1,NSNR

PO(I)= PEI(I)+PO(I)

IF((PEI(I).LT..1E~03.AND. PEI(I) GT. 1E-Qu).hND.(KM.EQ.

CONTINUE
PO1=(PEI(KL)*¥2.)+P01

CITSH1=ITSH1~1

PSHIF 1=PSHIF 1+. 66
PSHIF3zPSHIF3~.23
ITSH3=TTSH3+1

CONTINUE

DO 64 I=1,NSNR
PO(I)=PO(I)/FLOAT (NRUNS)

CONTINUE

CALCULATE THE STANDARD DEVIATION.

1)) KL=T

) -
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190
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PO1=(PO1/FLOAT(NRUNS))~(PO(KL)¥*#2,)

PO1=ABS (PO1)

PO1=SQRT(PO1)

PO2=PO (KL )=PO1

PO3=PO(KL)+PO1

WRITE (6, 150) ‘
FORMAT(5X,'EB/NO',10X,'PROB. OF. ERROR', /)
WRITE(6,172) (EBNO(I),PO(I),I=1,NSNR)
FORMAT(5X,F5.1, 10X,E13.6)

DO 190 I=1,NSNR - .
XARRAY(T)=EBNO(I)

YARRAY (I)=PO(I)

"CONTINUE

STOP
END

/

-

sty

N
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C
Cs. LSAMPL " ~THE NUMBER OF SAMPLES/SYMBOL.
C
¢

Ke
C
C
C
¢
c

195

——

’ -
C - . .
C**!***'li*i!!l!l"I***!*"i"llll!**.**‘**"**!I*"'ll"l.l.!*."l

.C SACI: - T

THIS ROUTINE FREQUENCY SHIFTS THE -DATA BY "FOF" MHz.
INPUT PARAMETERS: TF1,FOF,LDIM,LSAMPL,BAUD
OUTPUT PARAMETERS: TP :

TF1 ~THE COMPLEX DATA SAMPLE ARRAY IN THE TIME DOMAIN.
FOF ~THE CHANNEL FREQUENCY OFFSET.FROM THE MAIN °

" CHANNEL IN MHz. ' '
LDIM ~THE DIMENSION OF THE TF1 COMPLEX ARRAY.

BAUD " ~THE- SYMBOL RATE IN MBaud.

THE DATA IS TRANSFORMED INTO THE FREQUENCY DOMATN AND
THEN SHIFTED TO THE RIGHT (+FOF) OR LEFT (~FOF)- MHz.
THE SHIFTED DATA IS THEN TRANSFORMED BACK TO THE TIME
DOMAIN. |

—~

365 3 3 3 3 0 N3 N AN YIRS SR RSRSSS R R 2 2R

L)

b
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SUBROUTINE SACI(TF1,FOF)

COMMON /NUMB1/ FBW,ALPHA,LDIM, IOFF,LSAMPL
COMMON /NUMB2/ NSNR,NSYMB,BAUD

COMPLEX TF1(32768)

COMPLEX XX _

DIMENSION IWK(16)

1
TRANSFORM TO FREQUENCY DOMAIN

CALL FFT2C(TF1,15, IWK)
SBANDW=FLOAT (LSAMPL ) *# BAUD

-

IFOF IS THE NUMBER OF THE FREQUENCY SAMPLE REPRESENTING FOF

IFOF=IF IX (FOF* FLOAT (LDIM) / SBANDW)
IF(IFOF.EQ.0) RETURN
IF(IFOF.LT.0) GO TO 50

SHIFT DATA BY IFOF SAMPLES

DO 20 K=1,IFOF o«
XX=TF1(LDIM) —
JJ=LDIM1 _
DO 30 I=1,JJ :
TF1(LDIM+1=I)=TF1(LDIM~I)
CONTINUE,

TF1(1)=XX

CONTINUE -

"GO TO 100

IFQF ==~IFQF

JJ=LDIM«1

DO 70 K=1,IFOQF : .

XX=TF1(1) , \
DO 60 1I=1,44 . "
TF1(I)=TF1(I+1) T

TF1(LDIM)=XX

CONTINUE

[

%RANSFORM BACK TO TIME DOMAIN

DO 1 I=1,LDIM

TF1 (I)=CONJG(TF1(I))

CALL FFT2C(TFT, 15, IWK)

DO 2 I=1,LDIM
TF1(I)=CONJG(TF1(1))/FLOAT(LDIM)
RETURN

END



QOO0

197

s
tllli'llllllllIllllll*lll*!**!!ill;;;*lll!!I*lll!!lillllliillllﬂl.
PHASE: o ;
THIS SUBROUMINE PHASE SHIFTS THE DATA BY "PSHIFT" RADIANS.
INPUT PARAMETERS: DATA,PSHIFT,LDIM
OUTPUT PARAMETERS: DATA
DATA ~THE COMPLEX DATA SAMPLE ARRAY IN THE TIME DOMAIN.
PSHIFT  ~THE PHASE SHIFT IN RADTANS.
LDIM ~THE DIMENSION OF THE COMPLEX DATA ARRAY.

THE-DATA IS MULTIPLIED BY EXP{(«~J *PSHIFT) TO SHIFT THE DATA.

lIlI*I***Iiiilll!*!l***l**I****!*!*l*lil*lill*ill***lll*ll**l!'!}
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SUBROUTINE PHASE(DATA,PSHIFT)

COMMON /NUMB1/ FBW,ALPHA,LDIM,IOFF,LSAMPL
COMPLEX EPS,DATA(32768)

EPS=CMPLX( COS{PSHIFT), ~SIN(PSHIFT))

DO 10 I=1,LDIM

DATA(I)=DATA(I)*EPS

CONTINUE o

RETURN

END

Ta

s

~
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R R R AR RN R RN R AR R R R R R RN RN NN AR RN RN N AR AR RN RN AN
TIMSHF:

[ )
1

-

THIS SUBROUTINE SHIFTS THE DATA SAMPLES 'IT' POSITIONS. -
INPUT PARAMETERS: DATA,IT,LDIM
OUTPUT PARAMETERS: DATA

DATA - ~THE COMPLEX SAMPLE DATA ARRAY 1IN THE TTME
DOMAIN. INPUT NOT SHIFTED. OUTPUT SHIFTED. -
IT . ~THE NUMBER OF POSITIONS TO THE LEFT THE
. DATA SAMPLES ARE SHIFTED.
"~ LDIM ~DIMENSTION OF THE COMPLEX DATA ARRAY.

THE SHIFTED DATA CORRESPONDS TO

DATA(J~IT)=DATA(J)

WHERE J REPRESENTS THE JTH SAMPLE OF - THE DATA IN THE TIME

DOMAIN.
!**lilll***iil**i***!!*!!!!**ll!*!*i*lllllll**l*l!li!!!i!llll?cll!l

OO0 000OOOA0N0aOO00000n
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SUBROUTINE TIMSHF(DATA,IT)
COMMON /NUMB1/ FBW,AL LDIM, IOFF, LSAMPL

COMPLEX DATA(32768),DAT
DO 10 I=1,IT .
DAT=DATA(1Y

PO 20 J=2,LDIM
DATA(J~1)=DATA(J)
DATA(LDIM)=DAT

RETURN

END

\\\

\"—h
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ATT:

THIS SUBROUTINE ATTENUATES THE SIGNAL 'AT' DB.
INPUT PARAMETERS: DATA,AT,LDIM
OUTPUT PARAMETERS: DATA

DOMAIN. INPUT BEFORE ATTENUATION
' OUTPUT ATTENUATED DATA.
AT ~THE ATTENUATION TN DB.
LDIM ~THE NUMBER QOF. SAMPLES PER CHANNEL.

c

c

C

C

c

C

C

C .

c DATA ~THE COMPLEX DATA SAMPLE ARRAY IN THE TIME
C

c

C

c

C . 7
£ THE INPUT DATA IS ATTENUATED 'AT' DB IN THIS ROUTTNE.
C

C

I 3333232322233 22S2222X222223 332232 R 2SR 2R R R 2R R R R 2 2 83
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COMMON /NUMB1//FBW,ALPHA, LDIM IQFF, LSAMPL
COMPLEX DATA(32768)
. ATTEN=10.%%(~AT/20.)
DO 10 I=1,LDIM:
10 DATA(I)= DATA(I\)\‘
RETURN

~.
END S

c
_ SUBROUTINE AT?;DATA yAT)

ATTEN
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C .
C!I‘/l“llliillllll!lllll!*l!*lll*lﬂl*‘lilllllﬁlllil!ii'llillllll'_lll

THE MEAN POWER OF THE TIME DOMAIN DATA SIGNALS IS
THE SUM OF THE MEAN OPOWER OF EACH SAMPLE DIVIDED BY THE NUMBER
OF SAMPLES. _ THE PEAK FACTOR IS THE PEAK POWER OF A SAMPLE

DIVIDED BY THE MEAN POWER OF THE SIGNAL.
EREE RN AR RN RN R RN R RN RN RN R RN RN RN RN R RPN RN R RN RRRE RN,

c POWER:

C : '

C THIS SUBROQUTINE CALCULATES THE MEAN POWER AND PEAK FACTOR OF
c THE DATA. :

c INPUT PARAMTEETERS: DATA,LDIM

C OUTPUT PARAMETERS: MP,PF

C ' .

c DATA ~THE COMPLEX SAMPLE DATA ARRAY IN THE TIME
C DOMAIN. T

C LDIM ~DIMENSION OF THE COMPLEX DATA ARRAY.

C MP ~MEAN POWER OF THE DATAA .

C PF ~PEAK FACTOR OF THE DATA '

C

¢

c

C

C

C
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SUBROUTINE POWER(DATA,MP, PF)
COMMON /NUMB1/ FBW, ALPHA ‘LDIM, IOFF, LSAMPL
COMPLEX DATA(32768) '
« REAL MP .
PF=0. . ‘ T
MP=0.0
DO 10 I=1,LDIM
- MP= MP+((CABS(DATA(I)))**2 )
IF(PF.LT.CABS(DATA(I)}) PF CABS(DATA(I))
10 CONTINUE
‘ MP=MP/FLOAT(LDIM) /2.
PF=(PF®#2_)/MP
PF = 10.*ALOG10(PF)
RETURN =
END ' %

P

Lo
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