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ABSTRACT 

Digital communication systems are subject to various realization 

imperfections and outer disturbances. The effect of such problems on the 

systems performance are difficult to solve using only analytical techniques. 

So. computer simulation becomes an invaluable aid. 

In this thesis. for digital communication system simulations a 

software package SSNDC-Semiana1ytic Simulator of Nonlinear Digital 

Channe1s- has been developed. This software is capable of simulating 

coherent phase shift keying systems with linear or nonlinear channels in an 

additive white Gaussian noise environment. All the signals and filters are 

com'plex lowpass equivalents of their bandpass counterparts. First a 

noisefree simulation with a short information sequence is performed and 

then the effect of additive noise is analytically added. This method together 

with complex 10wpass representation of signals results in much faster 

simulations than thestandard Monte CarTo method. 

The program has a modular structure presenting convenience for 

future modifications. The input data preparation is arranged in the form of 

menu-driven interactions. 

The mathematical theory for the development of the modules of the 

software is included. 

Finally. the results of the simulation as well as their comparison 

with theoretical solutions or their counterparts in literature are presented. 
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OZET 

SaYlsa1 11et1~im dizge1erinin ba~anmll ideal olmayan 

gercekle$tirilme ve dl~ etken1er yuzundenl kuramsa1 en iyi ba~anmdan 

fark111a~ma gosterir. Bu farkl11a$mamn nice1iginin ya1mz ana1itik 

yontem1erle hesap1anmasl cogu kez zordur. Bu prob1em1erin bilgisayar 

benzetimi i1e cozUlmesi degerli bir seeenek olu$turmaktadlr. 

Bu tezdel saYlsa1 ileti$im dizge1erinin benzetimini gereek1e$tirmek 

uzere SSNDC (Van-Analitik Dogrusal Olmayan Kanallar Benzetimcisi) adtnda 

bir yazl11m paketi geli~tiri1mi~tir. Bu paket evre uyumlu evre kaydlrma 

anahtar1ama11 (CPSK) dizgelerinl dogrusa1 ve dogrusal olmayan kanal1ardal 
-

eklenen beyaz Gauss gurUltusu ortamtnda ba$anm1anm benzetim yoluyla 

hesaplamaktad1r. Butan imler ve suzgee1er bant geeiren tasanmlartmn 

karma$lk aleak geeiren e$lenik1eri olarak olu$turu1mu$tur. Once k1sa bir 

bilgi dizisi 11e gurultusuz ortamda benzetim gereek1e$tirilmektedir. Sonra 

gurUltanun ba$anm uzerindel(i etkisi ana1itik olarak ek1enmektedir. Bu 

yonteml imlerin karma$lk aleak geeiren gosterimleri 11e birlikte oleun Monte 

Carlo yontemi nden eok' daha h1 Z11 benzet i m 1 eri 01 anakl1 kl1 maktadl r. 

Geli$tirilen yaz111ml ileridek;' degi$ikliklere olanak tammak uzere 

modUler bir yaplda olu$turu1mu$tur. Girdiler menUlerle etkile$imli olarak 

hazlr1anmaktad1r. ModUl1erin olu$turu1masl iein gereken matematiksel 

elkanm1ar kapSanml$t1r. 

Son bo1 umde I benzet i m 1 eel de -edi 1 en sonue 1 an n kuramsa 1 sonue larl a 

vel veya 11 gil i tekni k yaym 1 arl a kar$11 a$t 1 n 1 ma 1 an yapl1 ml $t 1 r. 
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I. I NTROOUCT ION 

1.1 General 

The complexity of communication systems has grown considerably 

during the past few decades. While this growth increases the lead time for 

analysis and design, the need to insert new technologies into commercial 

products Qui ckl y, reQui res that the product desi gn be done ina timely , cost 

effective and error free manner. These demands can be met only through the 

use of powerful computer aided analysis and design (CAAD) tools. As a 

result the use of digital simulation has become an important tool for the 

analysis and design of communication systems. 

A central issue in the analysis and design process is that of 

performance evaluation which can be carried out using formula based 

mathemat i cal techni Ques or si mulat i on. I n many problems nei ther approach 

by i tse 1 f woul d be Qui te sat i sf actory because of excessi ve run time in 

(Monte Carlo) simulation or intractibi1ity in the case of analysis. These two· 

approaches are somewhat complementary and the tradi t i onal di chotomy 

bet ween the two approaches has become blurred in recent years. New 

techniques have been developed which are based on the combination of these 

two approaches. In some cases, simulation supports analysis. In other cases, 

simulation can be made .more efficient by judicious use of analysis which 

allows formulation of the problem or structuring of the simulation so as to 

reduce the run time. 
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1.2 Thesis Outline 

In this study, for the evaluation of symbol error rates of a digital 

communication system in additive white Gaussian noise (AWGN) and 

interference environment, a simulation software named as 

SSNDC-Semiana1ytic Simulator of Nonlinear Digital Channe1s- has been 

developed. 

In chapter 2, complex 10wpass representation of bandpass signals is 

examined. Firstly, the need for complex 10wpass representation, especially 

in simulation is discussed. Then the short description of complex envelopes 

of the bandpass modulator outputs included in SSNDC is given. 

In chapter 3, the degradations resulting from the realization 

imperfections of digital communication systems are analyzed. These 

i mperf ect ions include phase and amp 1i tude i mba 1 ance in modu1 ators I 

incorrect phase reference at demodulator, synchronization error, nonideal 

detection filters and effects of transmitter and predetection filters. 

Chapter 4 is devoted to linear distortion models of the communication 

channe 1 s. These model s present vari ous group del ay and amp 1i tude 

distortions. The sensitivities of different modulators to these distortion 

types are examined. IIR filters which are utilized in SSNDC' are also a part 

of this chapter. 

Chapter 5 examine.s methods of evaluating symbol error probability in 

presence of di ff erent type of i nterf erence and A WGN. For the case of the 

only interference being intersymbol type, methods presenting some bounds 

to the probabi1i ty of error li ke Chernoff bound or moment space bounds and 

methods based on Taylor! series expansion of characteristic functions are 

di scussed. In thi s chapter a method whi ch uti 1 i zes non-standard Gaussi an 

quadrature rules to evaluate the symbol error probability in the presence of 
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a combi nat i on of i ntersymbo 1, i nterchanne 1, cochanne 1 i nterf erences and 

AWGN is explained in detail. 

Chapter 6 is devoted to nonlinearities introduced in communication 

systems. Several methods for representation of nonlinearities are 

discussed. Differnt nonlinearity models are given which are ideal hard 

limiter, soft limiter, nonlinear ampllflers used in satellite links namely 

traveling wave tube amplifiers (TWT). Considerable emphasis is given to 

Volterra series representation of nonlinearities. The method of calculating 

the probability of symbol error in digital satellite links with nonlinearities 

using Volterra series is calculated. 

Chapter 7 presents techniques for estimating the bit error rate in the 

simulation of digital communication systems. 

Chapter 6 presents the possible choices for linear and nonlinear 

simulations and the system configuration of SSNDC. 

The results and output of the developed software are given in chapter 

9. In this chapter, a discussion on the simulation results and the curves, 

obtained using these results, can be found. 

The conclusion and recommendations for the further studies on this 

topiC is given in chapter 10. 

In appendix A , a technique for evaluating moments are presented. In 

appendix B , the computation of Gaussian quadrature rules are given. In 

appendix C , program.listing of SSNDC is given. 



II. COMPLEX LOWPASS REPRESENTATION OF 

BANDPASS SIGNALS 

4 

In most cases of interest in digital communication systems, we deal 

with narrowband bandpass systems. So, in simulating the channel signalling 

waveform, the utilization of the complex envelope representation 

drastically reduces the required sampllng rate due to the elimination of the 

need for simulating a high-frequency carrier component [1 L[2]. 

Using this technique, the choice in the working bandwidth in the 

simulation program depends only on the bandwidth of signals and systems 

and not on the frequency around which the bandwidth extends. 

Narrowband signal representation is based on the concept of the 

analytical signa1. It is well known that, given a real signal x(t) with 

spectrum X(W), the knowledge of X(w) for positive frequencies is sufficient 

to get all the information on the signal x(t) because of the Hermitian 

. symmetry in the spectrum [31. 

Let x(t) be a narrowband bandpass signal centered around the carrier 

fc' Then the analytic signal xan(t) is defined as in equation (2.1) where Xhilb(U 

denotes the Hllbert transform of x(t). The complex envelope of xan(t) is given 

in equation (2.2). The relation between x(t) and xcomp(t) is given in equations 

(2.3) and (2.4). 

(2.1 ) 

-j21tf t 
c x (t) = x (t) e 

comp an, 
(2.2) 

{ 
_ j21tf t} 

x(t) = Re x (t) e c 
comp 

(2.3) 
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(2.4) 

The spectrums of x(t), xcomr,(t) and xan(t) are shown in figure 2.1 

where fc and 2fs are the carner frequency anCl the the s1gnal bandwidth 

respect i ve 1 y. 

X(f) 

~r~--·----l..---l _---ll:-----L--c_--J..L..-- f 
-f --f -f".+f - f(.-f~J-- fc+L: 

C E; .' ';,-' 

Xan(f) 

----'-I ------1....-.-.[:1--,---::-- f 
fefs fc+ f ., 

Xcomp(f) 

_--:>--I{~'l ----'--f 
-fs f s 

F-igur-e 2. 1 SpectrulTI of a bandpass signCll anll its analytic and COlli p lex ver-sions[ 3] 

Let us consider a. narrowband filtering operation where x(t) is the 

input, h(t) the narrowband impulse response of the linear filter and yet) the 

narrowband output. Some simple manipulations of the convolution integral 

lead to the result in equation (2.5) \'vhere the symbol (*) denotes 

convolution.This result can be easily visualized by examining Figure 2.1 and 

remembering that convolution in time-domain corresponds to multiplication 

in frequency-domai n. 
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y (t) = 1 h (t) ~ x (t) 
comp 2 comp comp 

(2.5) 

Let us represent the narrowband bandpass s1gnal as 1n equation 

(2.6).Then ~iJb(t), xan(t) and Xcomp(t) are calculated as shown in the 

succeedi n9 eQuat 1 ons. 

X(t) = a(t) cos(2Rfct + 8(t) (2.6) 

Xhilb (t) = a( t) [ cos (8<t») 51 n ( 2Rf c t) (2.7) 

+ sin (8(t») cos ( 2Rf c tJ] 

Xan(t) = a(t) cos (8(t)l[ cos (2Rfct ) + j sin (2RfJ )] (2.8) 

+ a{t) sin (8(OJ[j cos (2Rfct J - sin (2Rfct J] 

it) _ j 2Rfcl (t) jO(l) xan\ - e a e (2.9) 

x (t) =. a(t) ejO(l) 
comp (2.10) 

Examples: 

1) x( t) = COS{2Rf c t) => xcomp (t) = ej 0 = 1 

2) x(t) = s1n(2Rfct) ~ XCOHlP(t) = e-jRI2 = -j 
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2.1 Complex Envelopes of Some Modulated Waves 

The complex envelopes of bandpass modulated signals can be easily 

obtained by using equations (2.6) and (2. to).Now we will give the equations 

of the bandpass signals and their complex envelopes for some popular 

modulation techniques [31,[4]. 

For BPSK the bandpass signal x(t) and its complex envelope ><Comp(t) 

are given in equations (2.11) and (2.12) where b(t)=± 1 and represents the 

bi t sequence. 

x(t) = A bet) cos (2nf ct) 

xcomp(t) = A bet) 

(2.11) 

(2.12) 

for QPSK where bl(t) and b2(t) are the bit sequences in quadrature channels 

x(t) = A bl(t) cos (2nfct) + A b2(0 sin (2nfct) 

xcomp(t) = A [b I (0 + j b2(t)] 

(2.13) 

(2.14) 

the OK-QPSK modulator is essential1y a QPSK modulator where bl(t) and 

b2(t) are staggered 112 symbols.ln MSK modulators bl(t) and ~(t) are 

defi ned by equati ons (2.15) and (2.16) and they are staggered 1/2 symbols. 

b I (t) = cos (ntl(2T b» (2. 15) 

b2(t) = sin (ntl(2Tb» 
where T b is the bi t peri od. 

(2.16) 



III. PERFORMANCE DEGRADAT IONS DUE TO 

REALIZATION IMPERFECTIONS 

8 

The theoret i ca 1 performance of di g1ta 1 communi cati on systems can 

hardly be attained in reality. Among the reasons of this fact change in the 

channel characteristics in the AWGN case when various functional blocks 

in digital communication system are nonideally realized, are the major ones. 

In this part of our study we will concentrate ourselves on realization 

imperfections. Considerations will be limited to coherent communication 

systems and 1 i near channe 1 s. 

s(t) ransmitter 

filter 

AWGN 
Carrier 

reference 
Timing 
error' 

Figure 3. I Model of non ideal communication system [ 4J 

A general model for considering these impairments is shown in 

figure 3.1. The degradations to be considered are listed below [4]. 

1. Phase and amplitude imbalance in BPSK 

2. Phase and amplitude imbalance in QPSK 

3. Power loss due to transmi tter fi lteri ng 

4. Phase offset of the carrier recovery circuitry 

5. Nonideal detection filter 

6. Predetection filtering 

7. B1 t synchroni zer t i mi ng error 
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3.1 Phose ond Amplitude Imbolonce in BPSK 

In some BPSK modulators perfect switching of n-rad1ans of the 

modulated output does not occur. The complex envelope of an imperfectly 

phase switched BPSK signal can be represented as : 

(3.1 ) 

where b(t)=± 1 is the input data stream to the demodulator and Oi<x 11 is the 

fractional error from perfect phase swithing. The case <x=O corresponds to 

ideal BPSK waveform. The output of an optimum coherent demodulator for 

u(t) in equation (3.1) wf11 be given in (3.2) where ret) is the rece1ved 

waveform which is not subject to attenuation or phase shift for the sake of 

ease 1 n 111 ustrat 1 on [3]. 

1= 1,2 (3.2) 

u 1 (t) is the 1 dea 1 BPSK s1 gna 1 wi th un1 ty amp 11 tude assum1 ng b( t)=+ 1. So 

u 1 *(t) and the resulting optimum demodulator output U 1 become 

(3.3) 

I U = Re fl j ~ [ -1 +( 1- <X) b(t)] } 
1 Ae 

(3.4) 

= ARe ti ~ [-I+(1-albml} 
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= A b(t) cos [ R2<X] 

The cosine term in the equation corresponds to a demodulation power loss of 

Dph given in equation (3.5) which represents the required additional signal 

power to attain the same probabllity of error as 1n case of no imbalance IS 

present. 

(3.5) 

Amplitude imbalance in BPSK occurs when there is an offset in the 

amplitude level. Complex envelope of the BPSK signal; u(tt which is subject 

to amplitude imbalance, the corresponding coherent demodulator output; U 

and the resulting bit error probability; Pbe will be: 

jR (-l+b(U) 
u(t) = A [£ + bet) Ie 2 (3.6) 

U = A [ E + b(t)] (3.7) 



1 1 

The degradations due to phase and amplitude imbalances cannot be 

added simply because no clear power degradation term for amplitude 

imbalance can be given. The combined effects of these degradations on BPSK 

for Pbe= 1 0-6 ; obtained by our simulation program; are shown in figure 9.3 

wi th amp 1 i tude i mba lance as a parameter. 

3.2 Phose and Amplitude Imbalance in QPSK 

The complex envelope of a QPSK, modulator wi th phase imbalance is 

given by eQuation (3.9) where bl(t) and ~(t) are the bit seQuences 

modulating two orthogonal carriers and J3~O represents a phase imbalance. 

The outputs of the orthogonal coherent demodulators are given by eQuations 

(3.10) and (3.11) respectively. 

[ 
.Il -j ( n + J!)] 

u(t) = A () J 2 ( ) 2 2 
b

1 
t e + b

2 
t e 

Defining ul(t) and u2(t) as: ul(t) = 1 

u2(t) = -j 

U 1= Re U u(t) u; (t) dt} 

= A [ b (t) cos Ii - b')(t) sin III 
I 2 ... . 2J 

U. = Re { JT u{t) U ... * (t) dt1 2 I;.:' 

o • 

- A [ - b (t) S1 n J! + b (t) cos J! 1 
- I 2 2 2J 

(3.9) 

(3.10) 

(3.11) 
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In addition to the power loss in demodulator outputs, the term with 

b2(t) in U1 and the term with bl(t) in U2 represents the crosstalk between 

the quadrature channels.The effect of those two degradations on the 

receiver performance can be evaluated by analyzing the coherent 

demodulator outputs. Each of them is of the form given in (3.12). They result 

in two different output powers Poutl and Pout2' The corresponding probabil1ty 

of bit error is given by Pbe in equation (3.14) where Eb is the energy per bit 

and No is the single slded noise spectral density. 

U = + A ( cos.li ± si n.li ) 
i - 2 2 

(3.12) 

2 
P = A 

2 
( cos.li + si n.li ) 

outl 2 2 (3.13) 

2 

P -= A 2 
( cos II - sin.li ) 

o~2 2 2 

(3.14) 

Expressing the degradation as the amount of increase in bit energy Eb; 

to attain the same error probability, it is seen that, there is no simple 

expressi on as in the BP5K case si nee the error probabi 1 i ty 1 s the average of 
\ 

two QU functions. 50 a numeri ea 1 sol ut ion is requi red. Fi gure 3.2 is a plot of 

phase degradation in QP5K for a bit error probability of 10-6. 
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Degradation due to amplitude imbalance is refered to as difference'in 

Quadrature carrier amplitudes. Let the complex envelope of QPSK given as in 

equation (3.15). It will result in the deCision variables and the bit error 

probability of equation (3.16) and (3;17) respect1vely. The IQ-plot of a QPSK 

modulator output with At= 1 and A2=2 is given in figure 3.3. 
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· -j 1I. 
u(t) = Albl(t) + A

2
b

2
(t) e 2 (3.15) 

(3.16) 

(3.17) 
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Figure 3.4 Power Joss degradation due to filtering OPSK; third order fllters[S] 
\ 
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3.3 Power loss due to Filtering the Modulated Signal 

To 1 i mi t the out -of-band power of the transmi t ter, band-pass f11 ters 

are placed after the modulators. The price of them will be the power loss 

. and phase distortions due to nonideol fllter characteristics which couse 

intersymbo1interference. The power loss degradations due to filtering QPSK 

signal with 3rd order Butterworth, Bessel and 0.1 dB ripple Chebychev 

fllters are shown in the figure 3.4. 

2.0 

Sorial MSK (s"mpUI1& 
time derived from averase 
zero crossinss). 

o~~~~~~ 
o 2 3 4 5 6 7 8 9 10 II 12 13 14 15 

Carrkr phase error (degrees) 

Figure 3.5 Degradation due to demodulator static phase error [4] 
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3.4 Phase Offset of the Carrier Recovery Circuitry 

When there is a phase reference offset of cp radians at a coherent 

demodulator of a BPSK system, degradation effects similar to phase 

imbalance at modulator case are observed. Let the complex envelope of 

BPSK signal be given by equation (3.18) where a is a constant phase. The 

output of a coherent demodulator with cp radians phase offset and the 

corresponding power loss are given by U in equation (3.1 g) and by ~PSk'P in 

(3.20) respect j ve 1 y. 

u(t) = A b(t) ej 
Q (3.18) 

U = Re {I u(t) u ~ (t) dt } (3.1 g) 

= A b(t) cos IP 

(3.20) 

For quadrature modulation systems the analysis of demodulator phase 

error is more complicated due to the crosstalk introduced between the 

quadrature channels. SHnilar steps, as in the phase-imbalance in modulator 

case, are followed. Degradations due to demodulator phase error at BPSK, 

QPSK and MSK systems are shown in figure 3.5. In serial MSK systems, the 
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sampling time is derived from average zero crossings. The effect w111 be 

negligible crosstalk between Quadrature channels which explains the fact 

that, serial MSK and BPSK are subject to essentially same amount of 

degradat ion. 

3.5 Nonideol Detection Filter 

The implementation of an ideal correlation type filter may be 

difficult. Also considering the freedom from the necesslty to dump the 

fflter, the use of an intentionally mismatched data filter can be very 

desi rab 1 e [5]. 

When this is done the performance of the receiver is degraded from 

that of the optimum receiver for two reasons. First at the output of such a 

filter the ratio of peak signal to root-mean-sQuare noise will be less than 

the theoretically maximum value 2E/No' E being the signal energy and t\ the 

noise power spectral denslty. Second, a suboptimum filter will introduce 

intersymbol interference from one symbol period to succeeding symbol 

peri ods due to its transi ent response. 

Figure 3.6 shows average probability of error versus BT product 

where B is the two-sided RF-eQuivalent detection filter bandwidth, with 

Eb/No as a parameter. 

The integrate and dump f1lter is not always the best choice (even 

when ft can be implemented conven1ently) because it is not the matched 

filter for distorted s1gnals. Improved performance with distorted s1gnals 

may be available with s1mpler data fllters. Thts fact can be seen in the 
i 

figure 3.7 where 0.1 dB ripple Chebychev ftlters d1stort the s1gnal. 
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Figure 3.6 Two pole Butterworth data filter detection of 
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Figure 3.8 Comparison of transmission and predetection flltering 

with QPSK signals [5] 

3.6 Predetect10n Filtering 
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Since all practical receivers involve filtering prior to the detection 

operation, whIch may be for example due to an intermediate frequency 

ampl1fier, the effects of fflters placed prior to an ideal matched fl1ter 

receiver are now consIdered. In fIgure 3.8 the degradatIon in the case of 

antipodal base band s1gnalling or, equivalently BPSK signalling whIch 

Includes QPSK and OK-QPSK when viewed on a per Quadrature channel basis 

are shown. The two curves in the figure show the degradation as a functIon 

of symbol rate normal1zed by the3-dB RF-bandwidth of the fl1ter. The only 

difference is in the placement of the Chebychev fl1ters. In the case of 

predetectlon filtering, the noise is added before filtering and in the case of 

transmItter fllter1ng the noise 1s added after fl1tering. The predetect10n 

fl1terfng case introduces less degradation due to the noise rejection effect 

of the fflter. So the effect of s1gna1 power loss and 1ntersymbol 
l 

Interference caused by f1ltenng is less compared to transmitter filterfng 

case. 
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I 

3.7 Bit Synchronizer Timing Error 

The degradation due to bit synchronization error in baseband systems 

are investigated by several authors; [61,[71,[8]; for a number of pulseshapes 

including ideal bandlimitedl Gaussianl Chebychev pulses. 

Input bits 110 filler output att=At+ T 

8) :1 Ap 
I t o T At r LT 

A AN 0) 2T 
t o . T At 

0 T I -A -AT 

A Ar C) 0 T I t o T At 2T 
-A -AT 

d) J T 2T pAt j t 

-AT 

Figure 3.9 lID filter OLitputs for bit combinations as function of sampling timer 4] 

The 110 fllters output for PSK systems 1S similar to the case of 

antipodal Oaseband slgnalhng with rectangular pulses. For analysis two 

adjacent bits must be considered. The 110 filter outputs for four different 

bit combinations at times 6t+T is shown in the figure 3.9 

The degradation in SNR is proportional to the square of matched 

fllters output as a function of ~tlT. For each case the relative degradat10n 
, 

is given in equation (7.1). The resulting average bit error probabllity for 

BPSK assuming equally likely sequences is given in (7.2). 



D = D =1 
a d 

D = 0 = ( 1- 2 ~ t)2 
beT 
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O~t~T (3.21 ) 

O~t~T 
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I V. IMPERFECT L I NEAR CHANNELS 

To obtain optimum performance in digital communication systems we 

try to satisfy Nyquist's lSI-free transmission criterion. In many 

applications a virtually ideal received pulse spectrum can be obtained with 

available hardware. The variation from the ideal arises from the non-ideal 

phase and amplitude characteristics.Thls phase distortion or the 

corresponding group delay distortion together with any amplitude 

distortion, introduce lSI. In this case additional signal power is required to 

achieve the same performance as in the distortionless AWGN case. 

The Quadratic and 1inear delay distortion models, used in our 

simulation program, are shown in figures 4.9 and 4.10, respectively. When 

the double sided RF-bandwidth is 2fmax ' the ideal group delay in the fc±fmax 

range shoul d be constant whi ch corresponds to a I i near phase ,rememberi ng 

that group delay is defined as in equation (4.1) where 1 is the group deloy 

spectrum and P is the phase spectrum. 

T(W) = - dP(w) (4.1) 
dw 

Quadratic delay distortion is in theory approached near midbond of a 

flat bandpass channel with sharp cut-offs such as a carrier system voice 

channel and approximates the type of delay distortion often encountered in 

channels without phase equalization [10]. The corresponding phase 

distortion will be cubic. Minimum eye diagram opening at the best sampling 

instant with raised cosine pulse spectrum and quadratic delay distortion is 

given in figure 4.1 for coherent BPSK and QPSK, for DPSK (BPSK with 

differential phase detection) and DQPSK (QPSK with differential phase 

detection) [11 J. 
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Figure 4.2 Measured and compu~ed C/N degradation due to delay slope 
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After phase equalization of quadratic delay distortion a linear delay 

distortion component may remain, owing to inexact equalization. Delay 

distortion encountered in troposcatter channels as a result of frequency 



24 

se 1 ect i ve f adi ng can also be represented as 11 near di stort i on type [10]. The 

corresponding phase characteristics will be quadratic. Computer calculated 

and measured carrier to noise power; (C/N); degradations due to delay slope 

distortion are shown in figure 4.2. For the measurements a 45Mbit/s bit rate 

OK -QPSK modem was employed [12]. 

Figure 4.3 illustrates the degradation of QPSK and BPSK signals 

resulting from Quadratic or cubic phose distortions [5]. The degradat10n 1n 

power is plotted as a function of the phose deviation in degrees measured at 

a frequency displaced by the symbol rate from the carrier. Matched filter 

detection is utilized. A parabolic phase distortion causes larger degradation 

with QPSK signals than with BPSK. This is because of the crosstalk 

introduced between the quadrature channels of the QPSK system. In order 

not to introduce crosstalk l the distortion filter must have a real impulse 

response. If the impulse response of a filter is to' be real, 1t must have 

antisymetrical phose characteristics. So a parabol1c phase distortion which 

is a symetr1cal phose function, introduces crosstalk between the quadrature 
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channe 1 s of a QPSK system. Wi th cubi c phase di stort ion whi ch is an 

antisymetrica1 phase function; the impulse response of the distortion fllter 

is real, resulting at the same amount of degradation in QPSK and BPSK 
, 

systems. The figure also shows the result where a cubic phase distortion is 

cascaded with a five pole 0.1 dB ripple Chebychev filter (with 6T=2). The 

Chebychev filter intoduces an initial degradation in the absence of phase 

distortion. Notably however, the introduction of a bandllmiting transmission 

fi lter reduces the sensit i vi ty to phase di storti on. 

The major amplitude distortions are linear and parabolic. They are 

encountered in fading multipath channels. Computer calculated and measured 

carrier to nOise power; (C/N); degradations due to amplitude slope 

di stort i on are shown in f1 gure 4.4 [12] . Other possi b 1 e amp 11 tude and delay 

distortions are ripple type. The detailed description of these filters are 

given in the following section. 
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Figure 4.4 Measured and computed C/N degradation due to amplitude slope 

on a 45-Mb/s offset QPSK. 50% raised-cosine system [ 12] 
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4.1 Linear Distortion Models of SSNDC 

All of the following filters are complex lowpass equivalents of their 

bandpass versions. So the frequencies in the figures and equations are 

shifted by the carrier frequency and normallzed to the baud rate. 

4.1. 1} Linear Amglitude Distortion: 

The linear amplitude distortion can be defined as (see figure 4.5) in 

equation (4.2) where b is the amplitude slope defined in terms of dB/Hz and 

f is the frequency in Hz (9). The transfer function of the distortion filter; 

Ho(f); is obtained as in equation (4.3). 

D = bf 

HD(f) = 10 bf120 

6~----~---~-~--~ 

4+--~~---~--~----~ 
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~ 0 -i----/----:7I!G-----t-----j 
o a.. 
-2+--~~-~~-~--~ 

-4~-----I------i---~--__I 

-6+-----~--~~--~----~ 

-2 -1 0 1 2 
Normalized frequency 

Figure 4.5 Power spectrum of linear amplitude distortion[ 10J 

4. 1 .2) Parabo 11 C Amgl 1 tude 01 stort ion: 
-- I 

(4.2) 

(4.3) 

The pBrabol1c amplitude distortion can be defined as (see figure 4.6) 

in equation (4.4) where b is the amplitude variation defined in terms of 
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dB/(Hz)2 and f 1s the frequency in Hz. The transfer funct10n of the d1stort1on 

filter is obtained as in equation (4.5). 

D = bf2 (4.4) 

HD(f) = 10b(2120 (4.5) 

10 

8 

'"' III 
36 
1. 
'11 
) 

Ii. 4 

2 

0 
-2 -1 0 1 2 
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Figure 4.6 Power spectrum of quadratic amplitude distortion[ 10] 

4.1.3) Rip"J;!le AmJ;!litude Distortion: 

There are two types of ripple amplitude distortion. Type I ripple 

amplitude distortion is defined as (see figure 4.7) in equation (4.6) where b 

is the maximum amplitude distortion in the passband in (dB)1 c the number 

of ripples in the passband and fN is the Nyquist frequency in Hz. The 

corresponding transfer function of the distortion fllter is given as in 

equation (4.7). 

(4.6) 

(4.7) 

Type II. ripple amp11tude d1storti-on d1ffers from type I. in that l 1t has 

a peak at the center of the passba,nd. The distortion in logarithmic scale and 
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the transfer fuction of the distortion filter are given as (see figure 4.8) in 

equations (4.8) and (4.9). 

(4.8) 

(4.9) 

-10 -i----i----i-----j----j 

-2 -\ o 2 

Normalized frequency 
I 

Figure 4.7 Ripple amplitude distortion type 1[9] 

-10 -I---+----t----t-----j 
-\ o 2 

Norlllalized frequency 

Figure 4.8 Ripple amplitude distortion type II [9] 
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4.1.4l Linear Groul::! Delay~ 

By definition the llnear group dela~ is given by (see figure 4.9) 

equation (4.10) where b is the delay slope and given in terms of sec/Hz and f 

is given in Hz. Refering to equation (4.1) the phase distortion can be found as 

in equation (4.11). If b is given in ns/MHz and f is given in MHz, the phase 

distortion is found as in equation (4.12). The factor 10-3 comes from the 

change in the unl ts. 

'{: = bf 

$= -nbf2 

$ = -nbf2 1 0-3 

o 
Normalized frequency 

Figure 4. 9 Linear group delay [ 11 ] 

4.1.5} Paraboltc Groul::! Delay~ 

(4.10) 

(4.11) 

(4.12) 

By definition the parabol1c group delay is given by (see figure 4.10) 

equation (4.13) where b is given in sec/Hz and f is given in Hz. The 

con-esponding phase distortion 1S found as in equations (4.14); or 

(4. 15), where b 1 s g1 ven in ns/(MHz)2 and f 1 s gi ven in MHz. 

'{: = bf2 (4.13) 

$ = (-2nbf3)/3 (4.14) 
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(4.15) 

Group delay 

o 
Normalized frequency 

Figure 4.10 Parabolic group delay [ 11] 

4.1.6)..R1p"p'le Group. Delay~ 

There are two types of ripple group delay. Type I. ripple group delay is 

defined as (see figure 4.10 in equation (4.16) where b is the maximum group 

delay in the passband in sec, c the number of ripples in the passband and fN 

the Nyquist frequency. The phase distortion is obtained as in equation (4.17) 

where ttl is in radians. Equivalently, when b is in ns and f and fN is in MHz 

equation (4.18) is obtained. 

11 = b cos [nfc/f N] (4.16) 

(4.17) 

(4.18) 

The correspond1ng eQuat10ns for r1pple group delay type II (f1gure 

4.12) are as follows. 
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(4. 1 g) 

(4.20) 

(4.21) 

c=6 

-10 -t-------------r---
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Figure 4.11 Ripple group delay type 1[9] 

o 

c=6 

-10 -t------------r---
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Normalized frequency 

Figure 4.11 Ripple group delay type II (9] 
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4.2 linear Fi 1 ters of SSNDC 

4.2.1} Butterworth Filters: 

Butterworth filters l also called maximally flat amplitude response 

fllters} are commonly used types of linear filters in communication 

systems. An n'th order normalized Butterworth filter has a magnitude 

function given by: 

POWtW (dB) 
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2 

(4.22) 

Figure 4.13 Power spectrum of 2nd order Butterworth filter [ 13] 

The magnitude response of a 2nd order Butterworth fllter is shown 1n 

figure 4.13. The gain at the center frequency 1s unity and the 3-(dB) cut-off 

frequency is at 00= 1. The high frequenc.y roll-off of an n'th order Butterworth 

fllter magnitude square is 20n dB/decade. The poles of Butterworth filters 

are located equally spaced on a circle in the s-plane [t 3]. In the figure 4.14 

the poles of a 3rd orderiButterworth filter are shown. 
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Figure 4. 14 Pole locations of a 3rd order Butterworth filter [ 13] 
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The transfer function of these filters can be obtained by using the 

LHP poles; namely for an M'th order Butterworth filter the transfer function 

. is given as in equation (4.23) where OJ and CUj define the pole location on 

s-plane.The angles of the LHP poles are given by (2i+M-1)n/(2M) where 

M 

H(jcu) =11. ( .) Jcu- o.+Jcu. 
j=l I I 

4.2.1} Chebychev Filters: 

(4.23) 

These are IIR filters which have ripples in the passband of their 

spectrums and show monotonically decreasing behaviour in the transltion­

and stopband. The squared magnitude' response of a 3rd order Chebychev 

filter with 3dB ripple amplitude is giyen in figure 4.15. 

A Chebychev filter is defined by three parameters; the critical 

frequency, cue; the order N; and the passband ripple amplitude ~ax.The 
, 

number of ripples in the passband is equal to the filter order. When Amax is 

the peak-to-peal< passband ripple given in dB, the ripple parameter E is 



obtained as: 
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Figure 4. 15 Power spectrum of 3rd order Chebychev filter 

with 3dB ripple [13J 
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(4.24) 

. The poles of a Chebychev filter 11e on an ellipse in s-plane. Refering 

to figure 4.16 the ellipse is defined by two circles corresponding to minor 

. axis and major axis of the ellipse [31. The radius of the minor ax1s 1s awe 

where: 

(4.25) 

with: 
-1 J. -2 (X=£ + .1+£ (4.26) 

The radius of the major axis is bwc where: 

(4.27) 

To locate the poles of the Chebychev· filter on ellipse we identify N angles 
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as in the Butterworth case (2i+N-l )n/(2N) where i= 1 ,2, .. N 

Figure 4.16 Pole locations of a 2nd order Chebychev filter [ 13] 

The pol es of a Chebychev fi1 ter fallon the ell ipse wi th the ordi nate 

specified by the pOints identified on the outer circle and the abscisca 

specified by the inner circle. The resulting square magnitude function will 

be: 
2 

I H(jUl)1 = ') 1 
1+ r/"VN(Ul/Ulc) 

(4.28) 

where VN(x) is the N'th order Chebychev polynomial defined as : 

VN(x) = cos ( N cos-1 (x» (4.29) 
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V. I NTERFERENCE INTO DIGITAL SIGNALS 

The effects of interfering sources on digital communication systems 

are of great interest si nce i nterf erence is among the major causes of 

performance degradations. Because of the inherent nonlinear nature of 

. di gi tal systems} there is no f ormal sol uti on to thi s problem. The 

perf ormance of the di gital system depends upon every detail of its desi gn on 

environment, interference being only one aspect. 

Thus effect of interference cannot be explicitly defined as can be 

done (in most instances) for analog systems. For an existing system design 

which produces a certain degradation 0\ (at a given BER) without 

interference and a degradation 02 with interference} it is fair to say that 

°2-0\ is degradation that can be attributed to the presence of interference 

with the given set of conditions. If many sources of impairment are present} 

it becomes more difficult to extract one effect from another. In this case it 

is perhaps possible to show a generalized method to obtain numerical 

methods. Here we will consider some numerical approaches including exact 

and bounding techniques} with their application to coherent phase shift 

keyi ng (CPSK) systems. 

5.1 6enerol Formulotion .. CPSK : 

An M-ary CPSK system which i~ subject to intersymbol} interchannel 

and cochannel interferences and AWGN can be modelled as in figure 5.1. The 

comp lex envelope of the desi red si gna 1 at the recei ver input is gi yen by 

equation (5.1) [14]. 

e\(t)= i p(t-kT) ~xp[ jak9(t-kT)] 
K=-"' 

(5.1 ) 



where 

eFt) 

e (t) 
N 

noise 

Figure 5.1 Block diagram of linear interference problem [14] 

p(t) ': possible amplitude shaping function 

a(t) : possible phase pulse shaping function 

a" : k'th symbo 1 phase 
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For an M-ary system, a" is usually chosen in the set [21tn/M] for n= 1,2, 

... , M. The l'th interfering complex LP-equiva1ent signal can be represented 

by equation 

ej(t)= Rj(t) exp[j[21tf;t + 1JIj(t) + JLj 1] i=2, 3, ... ,N (5.2) 

where 

Rj(t) : envelope of the i'th interfering signal 

1JIj(t) : phase of the i'th interfering signal 

f i' : the freque'ncy difference of the interfering carrier from the 

desired signal 

Iii : phase angle of the rth interfering signal assumed to be 

independent of one another and uniformly distributed on 

(O,21t) 
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When the interfering signals are digital modulation signals, their form will 

be: 

ej(t)~t r
l 
PI(t-kjTj- 1;> exp[ j[ 2nf;t • \1V1(t-kjTj-l;> • ~jl] (5.3) 

I 

where 

T i : symbol duration 

'G : relative time origin 

r i : relative interference level 

ai ki : possi b 1 e symbol phases of i nterf eri ng sf gna 1 s 

Each signal is passed through' a filter wah LP-eQufvalent transfer 

function Hj(f). The receiver is assumed to be an ideal phase receiver that, 

once per symbol, samples the instantaneous phase p and decides that 

ak={2nk/M) was sent if: 

(2k-On < A < (2k+ On 
M -p- M 

The complex envelope of the input to the phase detector is : 

(5.4) 

n/t) and ns(t) are the in-phase and Quadrature components of the nOise. 

Suppose the zero'th symbol ao is to be detected. The decision variable will 

be: 

where ee(t) and es(t) 'are the real and imaginary parts of e{t), given as 

follows: 



where 

Let 

Then: 

s : useful signal 

n : noise 

x : intersymbol interference 

y : interchannel interference 

Ck(t) ;: p(t-kT) cos(ak9(t-kT» 

Sk(t);: p(t-kT) sin(ak9(t-kT» 

Aj(t) ;: Rj(O COs(wj't + lj!j(t) + p) 

6j(t) ;: Rj(t) sin(wj't + lj!j(O + J1j) 

hj(t) ;: hjc(t) + jhjs(t) 

N 
yc(t) = .4, Aj(t)lIhlc(~)-Bj(t)lIh15 (t) 

I"~ 

N 
ys(t) = 2 A.{t)lIh 1 (t)+6.(t)lIh 1 (t) . 2 I 5 I C 

I t= • 
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(5.5a) 

(5.5b) 

(5.Sc) 

(5.5d) 

(5.5e) 

(5.50 

If the interfering signals are d~gital modulation signals~ equations 

(5.5e) and (5.5.0 become similar to (5.5c) and (5.5dt Thus~ the external 
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. 
interference problem becomes formally similar to ISI~ making techniques 

developed for the latter Possible to use for the former. 

In order not to bother with the heavy notation of M-ary system~ we 

wi 11 deal wi th bi nary systems and note that for the M-ary system~ the 

symbol error probability is bounded to within a factor of 2 by that of the 

binary system [151. For a binary system the error probability, with the noise 

being iJ white Gaussian process of variance 02, is given by equation (5.6) : 

[ (
s +x +y 'J (-S -x -y ) 1 p 2= 1 E Q 1 ~ cO + Q 2 ~O cO (5.6) 

where 

S 1 : seO 9i ven ao=O 

Q : cumulative Gaussian distribution function 

E : expectation over xeO ' YeO 

Thus the computational problem reduces to a conditional expectation 

of 00. The different methods attacking to this problem constitute the 

difference in various approaches. 

5.2 Numerical Methods For Interference Calculations 

The problem can be expressed as to evaluate a term 

(5.7a) 

or equivalently 

(5.7b) 
-00 

u represents the probabilistic interference terms and f(u) its pdf. 51111 
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another equivalent form, using the characteristic function can be obtained, 

which is : 

I = inJ J exp (- ~ a2 y2) exp [-jY(X-S) I dv dx (5.7c) 

. where x and s represent the interference and the useful signal respectively. 

5.2.1} Series Methods: 

These approaches either start from (5.7a) and are based on a power 

series expansion of Q(') function or start from (5.7c) and consist of 

expanding the characteristic function. When the characteristic function 

expansion method is used, some fraction of interference power (~) is 

assigned to nOise power and a reduced interference source is obta1ned, to 

speed up the convergence of the series (16). But no constructive method to 

find ~ is available. 

5.2.2) Gaussian Quadrature Rules: 

This approach approximates the tntegralin (5.7b) as: 

I " i~ Wi Q (S:Ui ) (5.6) 

The set of pairs (wj,Uj) 1s called a Quadrature rule and can be derived from 

the f1 rst 2L + 1 moments of u [151, [17]. The fact that,1 t has the best 

convergence specif1cat.ions among the methods of this type [171, and it is 

east 1 y app 1 i cab 1 e to many si tuat ions, makes thi s approach more 

advantageous than the other ones. A method to obtain the moments o! 

interference is presented in appendix A. Appendix B gives the description of 

a method to find Quadrature rules. 
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5.2.3) Direct AveraQing Method: 

This approach is based on a per letter evaluation of equation 

(5.7b).This requires an explicit representation of pdf of interference. In 

general this is practically impossible. In special cases, f(u) is available in 

particular when the interfering signals'are all angle modulated. 

5.3 Boundi ng Approaches 

Because of the numerical complexity of the "exact" formulation, 

bounds which are perhaps less accurate but definitely easier to compute are 

proposed. Two of these bounding techniques are given below. 

5.3. 1) Chernoff Bound: 

The point of departure of Chernoff bound is the inequality P e1 e9U') 

where g(;l..)=ln E(e}.V). ;l.. is any positive integer and V is the decision variable. 

Although this upper bound is tighter than the worst case bound, its 

tightness decreases with increasing interference power [7]. 

5.3.2) Moment Sp'ace Bounds: 

These are bounds obtained via an isomorphism theorem, from the 

theory of moment spaces. These upper and lower bounds are seen to be 

equivalent to upper and lower envelopes of some compact convex body 

generated from a set of kernel functions. The proposed method of the 

on gi na 1 paper [1 a] whi ch takes only I S I into account, can be extended to 

include other interference effects by evaluating the moments of those 

i nterf eri ng symbols usi ng the techni Que whi ch is gi yen in appendi x A. The 
\ 

tightness of the obtained bounds and the rapid convergence specifications 

make this method an interesting research subject. 
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VI. NONLINEAR CHANNELS 

6.1 Modeling of Nonlinearities in -Simulations 

Practical communication systems include nonlinear elements. Typical 

nonlinear elements are amplifiers. Their nonlinear behaviour becomes 

dominant when they are operated so as to extract the maximum power they 

are capable of delivering. This is just the case with satellite 

communications. The travelling wave tube (TWT) amplifiers at satellite 

transponders are operated at thei r maxi mum power output operating poi nts. 

The nonlinearities can be modelled as in figure 6.1. 

"comp(t) -1 hI comp (t) H ZMNL H h2comp ( t) r Ycornp( t) 

Figure 6.1 Modelling of a nonlinearity with memory [ 19] 

The zero memory nonlinear device (ZMNL) is sandwiched between two 

narrowband filters H 1 (f) and H2(f). The ZMNL can exhibit two kinds of 

nonlinear distortion effects on its input signal: 

1) A nonllnear output-input power characteristic (amplltude 

modulation to amplitude modulation or AM/AM conversion) 

2) A nonlinear output phase-input power characteristic (amplitude 

modulation to phase mod.ulation or AM/PM conversion) 

Those effects can be seen, considering the input-output relation of a 

ZHNL device. Suppose for the time being that hlcomp(t)= ~comp(t)= a(t) where 

a(t) is the dirac delta function, then the relation between input and output is 

of the system in figure 6~ 1 can be expressed as in equation (6.1): 

Ycomp(t) = g(lxcomp(t)1) exp[ j(f(xcomp(t»+arg(xcomp(t» ] (6.1) 



44 

Let 

Xcomp(t) = A exp(jO) (6.2) 

then equation 6.1 can be rewritten as: -

Ycomp(t) = g(A) exp[ j(f(A)+O) ] (6.3) 

In equation (6.3) g(A) represents the AMI AM conversion and f(A) the 

AMIPM conversion. 

The inphase and Quadrature channel representation of this 

nonllnearlty is shown in figure 6.2 (20). 

..-----~ I-nonlinearity 1-----, 

I---.! Q-nonlinearity t-----' 
L----I 

Figure 6.2 IQ-channel representation of nonlinearity [20] 

Referring to figure 6.2 the input-output relation can be written as: 

(6.4) 

The relation of ZI(A) and Zo(A) wah g(A) and HA) are found to be: 

. g{A) = 
? ? 

Z~(A) + Z~(A) (6.5) 

(6.6) 

When hlcomp(t) and ~comp(t) have colored Fourier spectrum the 

nonlinearity will attain memory. We used Butterworth filters for hlcomp(t) 
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and ~comp(t) in our simulation program. Usually ~comp(t) has smaller 

bandwidth than hlcomp(t). 

6.2 Non 1 i neari ty Model s 

6.2.1) Bandp'ass Limiters: 

The bandpass 1i miters introduce AMI AM conversi on effects and have 

the input output characteristics shown in figure 6.3 [20], 

V oul 
AlE _________________ , 

," , . 
" . 

" I " . 
,/ 

: ' , , 
, I 
I I . . 

"'--_'_~' _____ _. V. 
10 E A 

Figure 6.3 Limiter characteristics [20] 

E, in the figure is the cllpping point. When E=O all of the amplitude 

information in the input signal is lost. Then the limiter is called to be the 

hard limiter. If a predetection bandpass limiter is introduced preceding the 

detection filter which is otherwise matched to the received signal, the 

performance of the digital signal will decrease. Such a situation could arise 

in a communication ~atellite llnk where the llmiting takes place in a 

repeater that detects the signal before transmitting it. 
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6.2.2) TWT Amp-lif1ers 

The high frequency, large output TWT ampllfiers, used in satellite 

communications, exhibit both AM/AM and AM/PM conversion effects. The 

single carrier AM/AM and AM/PM conversion effects of an INTELSAT IV TWT, 

which is also the TWT nonlinearity model of SSNDC, are shown in figures 6.4 

and 6.5. For low input levels the output power is essentially a linear 

function of the input power. As the input power increases, the output power 

increases non 1 i near1 y until a poi nt is reached where any addi tiona 1 input 

level increase results in a decreassing output power. This pOint is called the 

saturation point. The operation point of a TWT is given as the input or output 

power relative to saturation or back-off. One definition of saturation is that 

11 dB decrease in input power will result in 7 dB decrease in output power. 

To maximize the available power out of a TWT, it is operated near 

saturation. 

5 

r. 0 
m 
1:1 
~ 

~ 
011 

~ -5 
0. ..., 
j 
0. ..., 

I I 
1/ v 

V VI I 
6-10 

-15 
-20 -15 -10 -5 

Input power (dB) 
o 

Figure 6.4 AM/AM characteristics of I NT EL SAT -IV TWT amplifier[21] 
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Figure 6.5 AM/PM characteristics of INTELSAT -IV TWT amplifier [21] 
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To simulate a TWT nonlinearity, samples of the quadrature curves are 

stored and used for specific input power, the outputs are obta1ned by 

interpolation. 

Alternatively, approximations to these quadrature curves can be used 

on a "best fit" basis. For the INTEL5AT IV TWT (Hughes Corp. 261 H tube) 

these two envelope nonllnear1ties are given by a least square fit. 

where 

10 : modified Bessel function of ~ero·th order 

11 : modified Bessel function of first order 

C1= 1.61245 

51= 1.71850 

C2=O.53557 

(6.7) 

(6.8) 
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S2=0.242218 

Polynomial approximations could be used as well but more 

coefficients are required. 

6.3 Volterra Series Representation of Nonlinearities 

For nonlinearities that have memorYJ the Volterra series approach is 

appea1ing due to its generality and its clear relationship to a linear system 

impulse response. A Volterra series is a Taylor series with memory 

descri bed by [ 1 9]: 
00 

vet) = L V net) 
n=l 

(6.9) 

Here the system is assumed to have no constant (d.c.) response. Each 

term of order n is described by an n-fold convolution as: 

0\) 0\) 

Y n (t ) = J ... J hn (T 1 I T 2 I' • • .T n) x( t -T 1 ) ... x( t -Tn) dT l' .. dT n (6. 1 0 ) 
-00 -00 

The first order term is the usual linear system response. An 

i mmedi ate problem with Volterra seri es is the just Hi cat i on of truncating 

the series at some order. The other problem is the complexity of finding the 

Volterra kernels denoted by hn(T 1 J T 2J ... JT n) in equation (6.10). These 

problems make a Volterra series model impractical for all but a very few 

appllcations in wh1ch the complexity ~nd cost can be just1fied. 

As an appl1catlon of the Volterra model J cons1der the s1mpl1f1ed block 

diagram of a digital satellite llnk with complex lowpass representat10n, 

shown in figure 6.6 I [22] where (an) is the sequence of discrete 

independently identically distributed generally complex random voriables. 

x(t) is the modulated signal: 



x(t) = I an o(t-nT) 
n 

(6.11) 
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set) is the overall impulse response of the llnear f1lters preceding the 

nonlinearity. cO is a ZMNL device with: 

cO = gO exp(jf(.» (6.12) 

gO and fO are defined as in equation (6.3). u(t) is the impulse 

response of the filters following the nonlinearity. n1 (t) and n2(0 are 

genera 11 y complex baseband Gaussi an processes wi th zero mean and 

variances °1 2 and °22 (representing uplink and downlink noises respectively). 

First we will assume that n 1 (t) = 0 . Following a few straightforward steps, 

the re 1 at f on between y( t) andx( t) can be expressed as in equat jon (6. 13) (a 

complete description is given in [22] and [23] ). 

(6.13) 

Assume that the Zt'lNL can be represented by a Taylor series 

expansion: 

~ ___ .. ,(an)',--__ -; 

SOURCE MODULATOR s( t) 

n
1
(t) 

u(t) 

. 

(6.14) 

SAMPLING 
& DECISION 

Figure 6.6 Equivalent block diagram of a digital sate11ite link [22] 
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Only odd terms are present in equation (6.14) due to the bandpass 

nature of the nonlinearities. Using (6.14) the output of ZMNL can be 

represented as: 
00 1 m 

w(t)=2: y zm+ (t)z* (t) (6.15) 
m=O 2m+ t 

Since: 
00 

z(t) = J s(T) x(t -T) dT (6.16) 
-00 

and: 
00 

y(t) = 1 u(T) w(t-T) dT (6.17) 
-00 

After some straight forward steps, the following expression is 

obtained: 

00 00 

00 J J m + 1 2m + 1 
y(t)= 2: ~m+J .. , u(T) n s(T r-T) n s*(T s-T) 

m=O r= 1 s=m+2 
-co -00 

m+ I 2m+ I 
nx(t-T j ) n x*(t-TI)dTdTl,,·dT2m+1 (6.18) 
1=1 l=m+2 

Comparing (6.18) with (6.13) one gets the low pass equivalent 

kernels: 
00 

J 
m+ 1 2m+ 1 

1-'2 J (T 1" .. ,T 2 . + 1 ) = Y2 + 1 u(T) n s(T r -T) n s *(T s -T }n 
m+ nl m r= 1 s=m+2 

(6.19) 

The received signal r(t) is given by: 

(6.20) 

Let yet) be sampled at time t=to and defining: 



N2 :: n2(tO) 

R :: r(to) 

(6.22) 

(6.23) 
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Remembering that x(t) is given in equation (6.11) one can write R as 

fo11ows: 

00 ('X\ (X) 

R = L L· .. L an ... an a~ ... a~_ H2 l(n l ,,,·, n2n 1 )+N2 rn=O n :::-00 n.... =-00 1 m+1 m+2 ''?m+ 1 01+ + 
, ~m+' -

(6.24) 

The declsion device operates on samples of the in-phase and 

Quadrature components of R. From (6.24) we can extract all the terms 

containing only the transmitted symbol 60 which contributes to form the 

useful sample Ro: 

mM in (6.25) is asuitable number to stop the summation which is 

found to be 3 for TWT nonlinearity. Letting P=R-Ro equation (6.24) becomes: 

(6.26) 

The error probability can be evaluated in a simllar manner as in the 

case with linear interference problem d1scussed 1n chapter 6. The complete 

description of thlS method is given in [23). 

For nonllnear digital communication systems WhlCh contain one 

nonllnear element, the results of this section can be utilized to obtain 

symbol error probabl1Hy curves in a shorter time compared to a simulation. 



VII. TECHNIQUES OF BER ESTIMATION 
I 

) 
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The definition of digital links performance commonly used is the bit 

error rate (BER), or the bit error probability. To arrive at an estimate of BER 

basically two different approaches exist. The first one, which we might 

refer as analytical, is strictly based upon manipulation of equations. It is 

still computer-aided l however as closed-form solutions are not available. 

The advantage of these approaches is their speed and their disadvantage is 

the analytical intractability when the system under examination gets more 

complex. Even for the nonlinear systems analytical methods exist l [22L [23) 

but they seem to be li mi ted with very particular cases. 

The second class of approches are si mu1at ion-based whi ch may be 

further divided into the following groups [24): 

a} Monte Carlo (M.C.) simulation 

b) modified M.C. simulation also referred to as importance sampling 

c) extreme value theory (classical and generalized) 

d} tai 1 extrapo 1at ion 

e} hybrid simulation/analysis (quasi-analytical) 

Before discussing these methods, it is useful to mention the decision 

process shortly. The decision process can be described in terms of the 

probability density functions (pdft fo(O) and ft(Ot of the input voltage at 

the sampling instant, ,given that a "zero" or a "one" is sent respectively. 

These densities are sketched in figure 7.1. 



53 

Vr 

Figure 7.1. Hypothetical probability density functions [24] 

For a simple threshold-sensing decision device an error will occur 

when a "zero" is sent and the voltag'e at the input of the decision device 

exceeds threshhold voltage, Vr or a "one" is sent and disturbances cause the 

voltage to drop below Vr . These probabilities are given as follows: 

Vr 

Prob [error/one] == PI = J f 1 (v) dv = F 1 ( V r) (7.1 a) 
-00 

00 

Prob [error/zero] == Po = J f o(v) dv = 1- F 0 (V r) (7.1 b) 

Vr 

The average probability is then 

P=Prob[one] Pl +Prob[zero] Po 

The functions FoU and FlU are evidently the cumulative distribution 

functions (CDF). Generally one may make assumptions or deal directly with 

the CDF or pdf depending upon the estimation technique. In either easel it is 

only a small region of these functions, namely "the tails", that we ~re 

interested in. 

The M.C. method makes no a priori assumptions and in that sense, it is 

the most general of the techniques. _It supplies and empirical determination 

of distributjon functions evaluated at a single point. Because it is the most 
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general, ;t is the computationally most costly of these methods. This cost is 

related to the number of observations for a reliable estimate of BER that we 

are interested in. 

Some of the techniques listed before are applicable to the simulation, 

while others are limited to mon;toring cases. A basic distinction between 

these two cases is that mon;toring implies lack of knowledge of the actual 

transmitted sequence while reverse is true for simulation. Hence, methods c 

and d are applicable to monitoring. The Me method, of course emulates the 

conventional laboratory BER measurement method, using a known 

transmi t ted sequence. It is not sui tab 1 e for moni tori ng unless, the 

operat i onal envi ronment provi des for peri odi c sequences. Methods band e 

are not sui tab 1 e for a physi cal counterpart. 

Since we are primarily concerned w;th simulation, we will discuss 

the methods a, b, and e. 

7.1 Monte Carlo Method 

Let us assume that a "zero" is sent, so that 1 b) applies. Then: 

00 

Po= J ho(V) f o(v) dv (7.2) 
-00 

Where 

A natural estimator Po is the sample mean 

(7.3) 
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If N bits are processed through the system, out of which n ore 

observed to be in error, a simple unbfflsed estimator of the BER 1s the 

samp 1 e mean 

A _11 
IJ- N 

(7.4) 

In the limit when N => 00 , p w1ll tend to true value p. For f1n1te N, we 

quantify the reliability of the estimator in terms of confidence intervols. 

Two numbers hI and h-.? are seflrched, functlons of p, such that for given high 

error probability, h2 i P i hI and the confidence interval hl-h2 be as smell os 

possible. The confidence level, l-a is defined through the relation 

(7.S) 

The confldence levels for M.C. methods are shown 1n figure 7.2. 

lO-(k-l) 

lOk+l lOk+2 
N - TOIAL NUMBER OF BITS OBSER\'ED 

Figure 7.2 COnfidence bands on BER when observed value 15 10-1< 

(Monte Carlo technique) [24] 

lOk+3 



55 

7.2 Importance Samp 11 ng 

The important events, namely errors ~are caused very rarely by the 

underlying noise processes. The simulation efficiency could be enhanced if 

errors could be made artificially to occur more often in an invertible way, 

such that the true BER could be obtained from the inflated one. This is the 

idea behind importance sampling. Let us modify the equation (7.2) as follows 

[131. [24] : 

(7.6) 

fo * is another probability density function of the same type with 

fo(O), but with a higher variance. Denoting the term within brackets as 

ho *(v). the new estimator is given by: 

(7.7) 

7.3 Hybr1 d 51 mulati onl Anal YS1 S 

In this method the thermal noise is omitted and simulation is used 

only to obtain the statistics of all other sources of distortion and 

interference, The effect of thermal no"ise is then added analytically and the 

average error rate is calculated. 

When the demod~lation and detection process is nonlinear, direct 

simulation (Monte Carlo Method) is the only choice. Such cases include 

envelope detection of FSK signals. However with coherent phase shift keying 
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(CPSK) systems the hybrid simulation/analysis, also referred to os 

Quasi-analytic method 1s applicable [251, [26]. 

The distinction between these two approaches is shown in figure 7.3 

[25]. 

(a) PURE (ERROR COUNTING) S1MULA TION 

SIGNAL POWER C (MODULATED) 

i SAMIU X (NO NOISE) SYMBOL DURA TION 
LINEAR DEMOOULA TION / I / T S 

_~)ss X -I ....... .-- -, rr-·. ..t·_· -I" CHANNEL 

I "I" r L .. OUTPUT ~ MODEM • _._ • 
SlGNAL~ R. Y 

I FILTER ~ ,-r-'- "Q" CHANNEL 
" I OUTPUT 

L!!..,,!,~JQr_H _ I --, •• L.X • .l ... 
UN ~ L 

IOEAL PHASE SAMPlE YI (NO NOISE) 
REFERENCE 

Ib) HYBRID SIMULATION/ANALYSIS 

SCA TIER DIAGRAM 

NOISE·FREE SCA TIER O,AGRMI 

Xt'll Y 
~ __ I- _____ ~ 

, 
:x 

-I : : I 
I I 

TRANSMITIW A/ 

SJ:'~ BI 

ERROR 
DETECTION 

ANA~YTtCAL 
NOISE 

ADDITION 
AND 

CALCULATION 
OF AVERAGE 

ERROR 
PAOBABII.ITY 

~---------~" 
·1 \ 

SO TIER CAUSED BY. 
INTERSYMIlOLINHRfERENCE. 
ADJACENT CHANNEL INTERFERENCE, 
CO.(HANhEL INTERfEREhCE 

Figure 7.3 Pure Monte Carlo and quasI-analytic simulations [24) 

The upper and lower models 111ustrate direct simulation and 

Quasi-analytical, methods, respectively. W1th quasi-analyt1cal methods the 

average P e is cal culated as: 

- 1 N 
peE) = N L: P(EIX),V) 

1=1 
(7.8>. 

where N is the number of symbols in the simulation run and P(E1Xl,Vl) 

is the error probability given a particular value of decision metric ( )(l,Vl).on 

the 1'th symbol. 

ERROl! 
COU"l 
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Referring to the QPSK model shown in the lower part of figure 7.31 the 

samples (XlIVl) are plotted as a noise free- scatter diagram. For a perfect 

channell exhi bi t i ng no i nterf erence and other di start ions I the poi nts shaul d 

lie on top of each other. Such a diagram should give ideal (theoretical) 

performance. For a single scatter point the conditional probability of bit 

error is gi ven as: 

where: 

No : noise density at the input to the receiver 

Es : energy per QPSK symbol (Es=2Eb) 

BN T s : product of recei ve modem noi se bandwi dth and the symbol 

duration 

P is the mean square value of detected samples given by: 

(7.10) 
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VIII. SOFTWARE SSNDC 

8.1 Lineor System Simulotions 

The soft ware SSNDC is capable of perf ormi ng H near transmi ssi on 

system simulations in a few seconds, relying on the hybrid 

simulation/analysis method discussed in chapter 6. Figure 8.1 shows the 

possible blocks in a Hnear system simulation. 

Figure 8.1 Linear transmission system of SSNDC 

When the linear transmission system is being configured, the user is 

let to choose for each module from the available set of model Hbrary. 

First the length of the symbol sequence and number of samples per a 

symbo lis entered. 

The available modulation types are: 

a) BPSK 

b) QPSK 

c) OK-QPSK 

d) MSK 
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The modulators are subject to the following realization 

i mperf ect ions: 

a)amp 1 i tude i mba 1 ance 

b)phase imbalance 

The available linear transmitter (TX)-filters are: 

a) Phase equal i zed Butterworth 

b) Butterworth 

c) Chebychev 

These filters are reentrant. The linear TX-filter module in figure 8.1 (the 

linear filter succeeding the modulator) can be configured by a cascade 

combination of these filters. A cascade combination of two filters of the 

same type is also possible. 

The available linear distortion models are: 

a) Linear amplitude distortion 

b) Parabolic amplitude distortion 

c) Ripple amplitude distortion type I 

d) Ripple amplitude distortion type II 

e) Linear group del ay 

f) Parabolic group delay 

g) Ripple group delay type I 

h) Ripple group delay type II 

The linear distortion module in figure 8.1 can be configured from a cascade 

combination of these filters, each. one of them being included only 

once,since they are not reentrant. 

The possible linear receiver (RX)-filters are same as linear 

TX-filters and the lin1ear RX-filter module in figure 8.1 can be also 

configured by a cascade combination of these filters. The only difference 

is, that the noise power after passing this filter must be calculated. 
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There are four different demodulators matched to the signals at the 

corresponding modulator outputs. These demodulators are subject to the 

following realization imperfections: 

a)stat i c phase error 

b)sampling time error 

For BPSK systems a Butterworth detection filter can be utilized 

instead of matched filter. 

B.2 Nonlinear System Simulations 

The model for nonlinear system simulations by SSNDC is shown in 

figure 8.2. 

n 
2 

Demodulator 

Figure 8.2 Nonlinear transmission system of SSNDC 
<, 

Until the AWGN n1 is added to the signal, this model follows the same 

steps as in the linear case. n1 is generated by the Gaussnoise generating 

routine. Without changing the symbol sequence the simulation is repeated 

until the confidence level attains a satisfactory value. 

The linear filters before and aJter ZMNL are chosen from the set in 

the linear system simulation. The possible ZMNL devices are: 



a) Hard L i mi ter 

b) Clipper 

c)TWT 

62 

These nonlinear devices are generated according to the principles which are 

presented in chapter 6. The demodulators are matched to the corresponding 

modul ator outputs. 

B.3 System Confi gurator of SSNDC 

The flow di agram of a system congi gurat ion sessi on wi th SSNDC is 

given in the following figures. 

ENTER NUMBER OF SYMBOLS IN SIMULATION 

ENTER NUMBER OF SAMPLES PER A SYMBOL 

CHOOSE THE TYPE OF THE MODULATION 

Figure 8.3 a) First part of system configuration session with SSNDC 



ENTER INITIAL.FINAL VALUES & 
INCREMENT FOR SNR 

'. 
Y ANY" <: RECEIVER > 

"FILTER / 

N , 
Y ,/" ANy ............ N 

, OTHER >-'-'---~--11to1 
' ............... 
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FIgure 8.3 0) Second part ot system configuration seSSlOn wtth SSNDC (linear system) 



/ " <" AWGN BEFORE ~N:..:..-........ _--. 
"-tIONLINEARITY 
~ // 

Y 

ENTER RANDOM NUMBERS 
FOR GAUSSIAN NOISE GENERA TOR 

ENTER INITIALJINAL VALUES & 
INCREMENT FOR DOWNLINK SNR 

N 

CHOOSE NONLINEARITY MODEL 
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FIgure 8.3 c) Second part at system contiguratlOn sessIOn WIth SSNDC (nonlinear system) 



65 

I x. RESULTS OBTAI NED BY SSNDC 

9.1 General 

The results we have obtained by our simulation program, are in 

general similar to the ones given in [5] and [4]. For phase imbalances in BPSK 

and QPSK our results given in figures 9.1 and 9.4 are just the same as their 

counterparts in [4]. For amplitude imbalances we have found a different 

expression for degradation and our result matches to this expression given 

in equation (3.8). The effect of these two realization imperfections are 

found to be additive which can be justified, examining figure 9.3. The effect 

of amplitude imbalance in BPSK and QPSK are given in figures 9.2 and 9.5 

respect i ve 1 y. 

For linear delay distortions, the crosstalk introduced between the 

inphase and Quadrature channels caused larger degradation in QPSK them in 

BPSK as discussed in chapter 4. 1 which is shown in figure 9.6. For Quadratic 

delay distortions in BPSK and QPSK same amount of degradation is observed. 

But, introduction of a 0.1 dB ripple 3rd order Chebychev filter worsened the 

situation (figure 9.7), in contradiction to the results of [5] given in figure 

4.2. 

The effect of parabolic amplitude distortion in BPSK and QPSK are 

shown in fi gure 9.8. 

The degradation caused by 0.1 dB ripple 5th order Chebychev filter is 

shown in figure 9.10. Our result shows a great amount of degradation. A 

relatively smaller degradation is observed when the signalling rate equals 

to the critical freQuen!cy of the filter (i.e. BT=1). This was not a surprise 

considering the increased matching -between the signals and the filters 

frequency responses. 
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For imperfect demodulator structures, figures 9.9 tmd 9.11 ore 

obtained which show the degradations due to demodulator static phase error 

and delayed sampling times for various modulation schemes. Our results are 

similar to the theoretical results" Observe that, in figure 9.9 for 

demodulator static phase error of 45 degrees (50 per cent), 3 dB degradotion 

is resulted in agreement with the expression in equation (3.20). Figure 9.12 

which shows the effect of sampling time error, is olso in close ogreement 

with the corresponding curves in figure 3.5 although only small sompling 

time shifts are considered in the later one. 

Detection of BPSK with 2nd order Butterworth filters is considered in 

fi gure. 9. 11. Our resu1 t was qui te si mi 1 ar to the resu1 ts f ormer1 y obtai ned in 

[5] given in figure 3.6. 

For nonlinear system simulations the OK-QPSK signals performance 

with TWT amplifier nonlinearity sandwiched between two Butterworth 

filters are considered. The probability of bit error curves for different 

values of uplink SNR are given in figure 9.13. For increased values of 

downlink SNR, the dominance of uplink AWGN and the resulting bottoming 

effect is observed. For TWT amplifier at saturotion ond with removed 

nonlinearity the systems performance did not change practically although 

with increased backoff the performance decreases. 
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Figure 9.1 Degradation due to phase imbalance in BPSK 
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Figure 9.2 Degradation due to amplitude imbalance in BPSK 
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Figure 9.4 Degradation due to phase imbalance in QPSK 
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x. CONCLUSION 

In this thesis various channel models for digital communication 

systems are analized and in order to investigate the performance of digital 

communication systems under influence of such disturbing sources, a 

simulation software package called SSNDC-Semianalytic Simulator of 

Nonlinear Digital Channels- is implemented on Microvax II under VMS 

operating system, using standard FORTRAN. 

Various CPSK (Coherent Phase Shift Keying) modulation types can be 

simulated by SSNDC. To shorted the CPU time, all of the bandpass signals 
I 

and filters are generated as complex lowpass equi val ents of thei r bandpass 

counterparts. Further the effect of AWGN (additive white Gaussian noise) is 

included analytically which makes a simulation with a short information 

sequence possible for evaluation of symbol error probability curves under 

influence of several disturbing sources. 

The modulators and demodulators of SSNDC are subject to realization' 

imperfections which are considered in chapter 3. Both linear and nonlinear 

channels can be simulated. Linear channel models of SSNDC include several 

possible linear distortion filters which introduce amplitude and phase 

distortions into the system and some commonly used linear filters, such as 

Butterworth andChebychev filters. Nonlinear channel models of SSNDC are 

ZMNL (zero memory n'onlinear) devices, introducing one or both of the 

possi b 1 e nonlinear di stort ions whi ch' are AMI AM and AMIPM conversi ons. 

Linear and nonlinear filtering operations are performed in frequency and 

time domains respectively. 

Relying on the quasi-analytic simulation method, SSNDC ctln be used 

to obtain probability of error curves for CPSK systems operating over linetlr 

or nonlinear c'hannels in a few seconds. 
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10.1 Suggestions for Future Work 

The progress in integrated circuit design and computer manufacturing 

technology made it possible, to implement simulation programs which 

required a large amount of CPU time formerly, on personel computers and to 

get results at reasonable time periods. The availability and economical 

conveni ence of persone 1 computers make usi ng them very desi rabl e. Also 

usi ng a medi um 1 eve 1 computer 1 anguage li ke .. C .. the speed and portabi 1 i ty 

of the simulation software may be increased. 

In this thesis the Volterra series representation of non lineari ties is 

presented. Using this representation analytical solutions to limited amount 

of nonlinear systems can be obtained. 

We have utilized quasi-analitical simulation technique to get the 

simulation results in a short time. Another possible technique to achieve 

this, is importance sampling which is also an active research field. 

The moment space bounding technique, mentioned in chapter 5., is 

another interest i n9 subject. When the i nterchanne 1 i nterf erence effects are 

reduced to the same level as intersymbol interference effects, by the 

method described in appendix A, the performance of digital communication 

systems under the influence of all possible interferences can be calculated. 

The bounds obtained by this method are very tight and their convergence is 

rapid. 

In thi s thesi s 1 i near and non 1 i near channels inA WGN envi ronment are 

considered. Other channel models which are to be implemented, are· 

stochastic channels such as troposcatter channels and noise sources with 

other disributions such' as impulsive noise and noise with a Ricean density 

function. 
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Currently not implemented linear filters should also be included in 

the model 1i brary accordi ng to the requi rements. 

Other features of a digital communications simulation package 

include various source and channel encoding capabilities and other 

modulation scemes [11 L [26]. 
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APPENDIX A 

Obtaj nj ng The Moments Of I nterf ere nee 

Let us rank from 1 to M, the M statistically independent interfering 

samples that are significantly different from zero, so that the interference 

X is given by [28] 

let us define the partial sum 

note that 

n 

Vn = L Xh h= 1 

The j'th moment of X is given as 

E [xj
] = E [ V~] 

because of the statistical independence of the interference terms 

E [V~+ll = E [[Vn+ xn+1i] 
\t[~] E [V~ E [x~:J 

often Xh are even random variables, in this case 

E[lj+l]=O j~O 

E [lj] = ± [2j] E [V~~l] E [X~j-2h] 
h=O 2h 

(A 1) 

(A2) 

(A3) 

(A4) 

(AS) 

(A6) 

(A7) 

(A8) 

Let Xh be a function of a j and Pj' where a i and Pi are also random variables. 

The samples Xh are not in general independent due to the same a j and Pi I but 

they become statistically independent for constant values of a j and Pi . So, 

the above procedure can be used in the computation of the conditional 
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moments 

which results in the equation 

E [(h~ xhJ] = II E [(h~ Xh)i I cxi ,~] dF(cxj ) dF(~i) (A 1 0) 

Evaluating the double integral in equation (A 1 0), the moments of X can 

be calculated. 



APPENDIX B 

Obtaining The Quadrature Rules From The Moments 

Let 
b m J f(x) (iI(x) dx ~ L (iI. f(K) 
a i= 1 I I 

the kith moment of x is given as [291: 
b 

are known. 

II k = J Xk (iI(x) dx 
a 

k=0/1 / ......... 2N 

(B 1) 

(B2) 
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Then the Gram matrix M of the moments is formed [231, (291, [301, whose 

entries are given as 

i /j=0/1 / ........... N(B3) 

(M) .. = II i+j 
lJ r 

The Cholesky decomposition is performed on M, such that 

M = RTR (B4) 

where R is a upper triangular matrix with positive entries found as 
1 

( 

2 
i-I 

roo = m .. - L 2k.) 
11 11 k= 1 1 

(B5) 

i-I 
m .. - L rk· rk· 

lJ k= 1 1 J 
r .. = r 

lJ ii 
i<j (B6) 

Using the entries of matrix R, new variables are obtained, given as 
r .. 1 r. 1 . 
J ,J+ J- ,J . 1 2 N a. = -r- - r J= 1 , .... , 

J j.j j-l,j-l 
(B7) 

I 

~ =rj+1,j+l 
j r .. 

J,j 
j= 1/2/ .... /N-l 

with ro.o=l and rO•1=0. 
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The sets of { ex j } and { P j } are used to form the tri di agonal matri x [J] whi ch 

is defined as 

I I I 

[J] = I I I (B8) 

o 

The relatton in equation (A 1 0) is true for any set of orthogonal polynomials 
N 

{Pj(X)} . 
J= I 

P.(X) = (ajX+bj) p. lex) - C.p. 2(X) 
J J- J J-

(B9) 

where P_I (x)=O and po(x)= l.Then in matn x notation: 

(B 10) 

(B t t) 

The Quadrature rule { cui I Xi }i=I.N are obtained from the eigenvalues and 

eigenvectors of [J].lf 

then 

[J] Q. = tiQ. 
J ~ J 

X. = t. 
J J 

2 Q
1 

. 
oJ 

CU--
j - p~(tj) 

(B12) 

(613) 
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APPENDIX C 

Progrom Listing of SSNDC 

gogg 

Mai n Program 83 
System Configurator 84 

Nonlinear System Simulator 92 

Gaussnoisegenerator 96 

Linear System Simulator 97 

Phase Compensator 100 

TWT Amplifier 101 

Modified Bessel Function Of O'th Order 102 

Modified Bessel Function Of l'st Order 103 

Colored Noise Power Calculator 104 

Sampling Time Shifter 105 

Equalized Butterworth Filter 106 

Butterworth Filter 107 

Chebychev Fi 1 ter 108 

Hard L i mi ter 109 

Clipper 110 

Constants 111 

Initialize 112 

Maxi mum Length Complete Sequence Generator 113 

BPSK Modul ator 114 

BPSK Demodulator 115 

QPSK Modul ator 117 

QPSK Demodulator 118 

OK-QPSK Modulator 120 
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QDg§. 

OK-QPSK Demodulator 121 

MSK Modulator 123 

MSK Demodulator 124 

Fast Fourier Transformer 126 

Linear Amp 1 i tude Di stort ion 128 

Parabolic Amplitude Distortion 129 

Ripple Amplitude Distortion Type I 130 

Ripple Amplitude Distortion Type II 131 

Linear Group Delay 132 

Parabolic Group Delay 133 

Ripple Group Delay Type I 134 

Ripple Group Delay Type II 135 

PRBS Generator 136 

Comp 1 ementary Error Function 139 

Time Begin 140 

Time End 140 



PROGRAt1 SSNDC 
cor-mati IC 11;' 110DWPE 
corn'ION IC66/ I SVSTEt1TYPE 
OPEN< UN 1T=1 ,FI LE= ' RESULT .OAT' ,STATUS= 'UNKNOWN , ) 
OPEN<UIiIT=2,FILE='PLOT.OAT' ,STATUS='UNKNOWIi') 
CALL CONST 
CALL SVSTEtl.....cOt'iF I GURATOR 
CALL I N I TI ALI ZE 
PRINT"',CHAR(27)//'[2J' 
IF G100T'y'PE. EQ. 1 t >THEN 

WR I TE ( 1, '" ) , BPSK S I MULAT I ON' 
l-lP.!TE(6,*)' BPSK Sl11ULATlON' 

ELSE I FO·I00TYPE.EQ. 12)THEN 
14R I TE( 1 J "')' QPSK S I MULATI ON' 
~lR ITE (6 , *')' QPSK S I MULATI ON' 

ELSE iF (I'lOOTYPE. EQ. 13 )THEN 
t·IR !TE( 1, *')' OK-QPSK SltlULATION' 
UR I TE6, "') , OK -QPSK S I NULATI ali' 

ELSE I F ~ 1·100TYPE. EO. 14 )THEN 
UR I TE ( I., *') , MSK S I MULATI ON ' 
UniTE(o, *)' MSK SIMULATION' 

HiDlF 

j F,- I SVSTEmYPE. EQ. 1 )CALL L I NEAR...sVSTEM...s I ttULATOR 
IF ( I S%TEI1TYPE. EQ . 2 )CALL NONL I t~EAR_SVSTEM_S I ttULATOR 

EIID 

07 
U,) 



c=========================================================== 
:::UBROUT I HE S'}STEtLCOHF I GURRTOR 

C th is subt'out. i ne i nput.s t.he paramet.et's from the keyboard 

CHAFiftCTER*l CH 
CHARACTER*2 CHA 

iNTEGER INPUTOATA(4095) 
COliPLEX S I GNAL( 15384 :. 
COtlPLE'A GAUSSNO I SE ( 15384) 
INTEGER 0IJTPUTDATA(4096) 
! ~ITEGEP.*4 RANDOt1t"lUt1BER(2) 
CHHRhCTER~1 PLOTCGNTROL 
CHARACTER*l AWGN8EFORE 
lNTEGER REGISTER(24) 
CHARACTER*l ERRORTVPE 
01 1·1ENS ION TRANSFERFUNC( 16384) 
COr-1PLEX FFTOUT(153S4) 
COl1PLEX NOISE( 16384) 
REAL COLOREONOISE3(128) 
Olt1ENSION LFILTERORDER( 10) 
o BiENS I ON CR I TI CALFREQ( 10) 
o 1t1ENS I ON LF I L TERNUI1BER( 10) 
01 I1EHS I ON NLF I LTERNUt·IBER( 10) 
o I tiENS I ON PASSBANDR I PPLE ( 10 ) 

COttMON ICII PI,PI2 
COMMON IC2/ INPUTDATA 
COt1MON IC31 NUMSAI1 
cot-mON IC4/ I·m I TS 
COMMON IC71 S I GliAL 
cmir·lON iC9 I GAUSSNO I SE 
CmlMON IC101 RANDOMNUtlBER 
COl"1t1Ot'i iC 11/ tlODTVPE 
COriri0N /C 12/ OUTPUTOFITA 
COliMOH /CI4/ REGISTER 
C(;liMON IC 151 NPoEG 
COr-1MON lC16/ DELTASNR 
COt1t-1ON Ie 17/ NERROR 
Cm·1t10N ICI8/ ERRORRATIO 
COIit·l0N /e 19/ ERRORTVPE 
cmmON ;C'2.0i SAtl1 NT 
COMMON /C21/ BITLENGTH 
CONtlON 1C2.31 SAMFREQ 
Cmit-10N IC241 TRANSFERFUNC 
COt1110N /C29/ FFTOIJT 
Cotitiot'! /C30l PLOTCOtITROL 
cOtinOti IC331 PHASEOFFSET 
COt1MON IC341 AMPL I TUDEOFFSET 
cm-mOB iC351 LF I L TERtlUt·1BER 
COtlMON IC361 CRITICALFREQ 
Cot-1M ON lC371 LF I L TERORDER 
COttMON 1C381 fill N 
COtit10N IC391 APAR 
cm-mON IC40 I RRS I NSR I P 
CO!"ttlON /C4 11 ARC., NCR I P 
C0I1t1Ot'! IC421 GLI N 
CGW10N lC43l GPAR 
CONtION /C441 GRS) NGSR I P 
COMt10N lC451 GRC, NGCR I P 
COt1t1ot:l IC511 PRSSBANDR I PPLE 
COntlON lC55l S I GtlALPmlER 

0;1 
u'+ 



COt1t10N IC561 NLF I L TERNU!1BER 
COt1t10n iCS?" DEI10DYHASEERROR 
C0!1r1Oti ICS81 NO I SE 
C0I111Oti /C60 I LSH I FT 

COMMON IC611 COLOREDttO I SE3 
CO~lI'10N IC62/ COLOREONO I SEPQl.1ER 
Cot1110N IC63/ I DETECT I OtH';PE 
CO!'ltlON iCM 1 EQU I UNO I SEBANDW 
COMt10N IC65/ BACKOFF 
C0I1ttON IC661 I SYSTEI1TYPE 
COt1110N IC671 AWGNBEFORE 
Cot1~tOtI /C751 UPStlR 
Cul'tMON IC761 I SNR Iii I T I AL 
COMI10N len/ I SNREliD 
COt1MON iC781 I SliR 

PRltn*,CHAR(27)/I' [2J' 
PRIt"lT*, '#######################################################' 
PRItH*, ' EtHER NUI1BER OF SYMBOLS GENERATED (power of 2)?' 
PRlm* 
FIiINT*, '#######################################################' 
PRINT* 
READ(S, *)tlB I TS 

PRINT*,CHAR(27~/!' [2J' 
PRll'IT*, '#######################################################' 
PR I tH*, ' ENTER NUMBER OF SAMPLES /SYMBOL (powet' of 2)?' 
PRINT*' 
pp, I tiT,I<, '#######################################################' 
PRINT*' 
READ (S , * )NUMSAtl 
B I TLEtiGTH= 1 . 
SAMFREQ=REAL(NUMSAM) 
Snl'1 I IiT::B I TLENGTH/REAL(NUMSAM) 

PR!NT*,CHAR(27)II'[2J' 
PR I tn*, '#############################################' 
PRINT*,' CHOOSE THE TYPE OF THE MODULATION ' 
PRlm* 
PRltiT*,' 11 BPSK' 
PRINT*,' 12 QPSK' 
PRltlT*,' 13 OK-QPSK' 
PRINT* ' 14 t1SK' 
PRINT*:'#############################################' 
PRINT* 
READ(S,*')MODTYPE 

PR IIH* ,CHAR(27) II' [2J' 
PRINT*~ '#######################################################' 
PR I tiT*,' C H 0 0 S E THE S Y $ T E M T Y P E' 
PRlliT*' 
PR I tiT"',' 1. . . .. LI NEAR' 
PR I tiT"',' 2. . . .. NONLI liEAR ' 
PRINT* '#######################################################' , 
PRltlT* 
REflO(S,"') ISYSTEtHYPE 

PRIt'fT"',CHAR(27)/1' [2J' , , 
PRINT'" '#####################################################' 

" 

PRIt!T* 
F'RINT* ' ENTER THE FOLLOWING UALUES FOR ' , 
IF(ISYSTEMTYPE.EQ.2)THEN 

01:' u .... 



PRIt'!T*, ' 
ELSE 

PRINT*, ' 
ENDIF 

DOUNLINK NOISE in (dB)' 

AWGN in (dB)' 

PRINT*, '#####################################################' 

IJRITE(6.,*)'INITIAL SNR = ?' 

READ(5, *') I StlR I N I TIAL 
WRITE(6,*)'FINAL SNR = ?' 
REAO(5,*)ISNRENO 
WF:ITE(6,*)'SNR STEP = ?' 
REAO(5., *) I SNR 

600 I F <t10oTYPE . GE. 11. AND. t100TYPE . LE. 14 >THEN 
PRINT*,CHAR(27)Il' [2J' 

501 PRINT*, '#####################################################' 

PR I NT*,' ANV REAL I ZAT I ON I tlPERFECT lotiS IN t10DEt1S (V IN) ?' 
PRINT*,' , 
PRINT*, '#####################################################' 

502 READ(5, 110)CH 
IF(CH.EQ. "I' m.jEN 

500 PR/NT*, 'ENTER 'lOUR CHOICE' 
PR/NT* 
PRlm*,' 1 ..... PHASE UNBALANCE' 
PR I NT*,' 2 ..... At'IPL I TUDE UNBALANCE' 
PR I NT*,' 3 ..... DEMODULATOR PHASE ERROR' 
PR I NT*,' 4 ..... SAt1PLI NG TI tIE ERROR' 
REAO(5, 110)CH 
IECH.EQ. ' l' >THEN 

510 PR/NT*, 'ENTER NORMALIZED PHASE UNBALANCE' 
PRINT*,' t'lINltlUM = 0.0' 
PRINT*,' t1AXlt1Utl = 1.0' 
READ(5,*)PHASEOFFSET 
IF(PHASEOFFSET.LT.O .. OR.PHASEOFFSET.GT. 1. )GOTO 510 

ELSE IF(CH.EQ. '2' )THEti 
520 PR I tiT*, 'ENTER tiORMAL I ZED AMPL I TUDE UNBALANCE' 

PRINT*,' tlltliMUtl = 0.0' 
PRINT*,' tlf1XIMUt-1 = 1.0' 
REAo(5,*)AMPLI TUDEOFFSET 
IF(At1PLITUDEOFFSET.LT.0 .. OR.AMPL/TUDEOFFSET.GT.1.) 

~;GOTO 520 
ELSE IF(CH.EQ. '3')THEN 

525 PR I NT*, 'EtiTER NORt1AL I ZED DEt-10DULATOR PHASE ERROR' 
PRINT*, , MINIt-1UM = 0.0' 
PRINT*,' t'IAXIMUM = 1.0' 
READ(5, * )DEt-10D...PHASEERROR 
IF(DEMODJPHASEERROR.LT.0 .. OR.DEMODJPHASEERROR.GT.1.) 

$GOTO 525 
ELSE IF(CH.EQ: '4' >THEN 

527 PR I til'*, 'ENTER SAMPL I NG T I ME ERROR I N NUMBER OF SAMPLES' 
PR/NT*,' t1ltilMUtl = 0' 
PR I NT*,' t1AX I MUM = ',NUMSAM 
READ(5,*')LSHIFT 
IF(LSHIFT .LT. O.OR.LSH/FT .6T .t!UtlSAM) 

$60TO 527 
ELSE 

GOTO 500 
ENDIF 
PRltlT*,' PHASE IMBALANCE 
PR I NT*,' At-1PL I TUDE I t1BALANCE_ 
PRINT*,' DEMODULATOR PHASE ERROR 
PRINT*,' SAMPLING Tlt'IE SHIFT 
PRINT*' 

=',PHASEOFFSET 
=' ,AMPLITUDEOFFSET 
=' , DEtl0DJPHASEERROR 
=',LSHIFT,' SAMPLES' 
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PR I t-n*,' AtW CHANGE II'i THESE IJALUES t.Y IN) ?' 
GOTO 502 

530 IF(CH.NE. 'N' )GOTO 501 
ENOIF 
PR I tlT*, CHAR(27) II' l2J' 

EtiDlF 

i F ( I SYSTEi1WPE . EQ . 2 )THEN 
PRINT*,CHAR(27)/1' [2J' 
PRINT*, '#####################################################' 

PRltiT* 
PR I tH*,' AWGN BEFORE THE ttONLI NEAR ITY (V IN) ?' 
PRINT*, '#####################################################' 

REAo(5,110)CH 
IF(CH.EQ. 'V') THEN 

Al~GtiBEFORE=CH 
00 K=l,2 

PRItIT*,CHAR(27)il' [2J' 
PRINT*, '###########################################' 

PRINT* 
PR I tH*,' ENTER A 5-0 I G I TODD NUt1BER' 
PR I tiT * 
PRltlT*, '###########################################' 

REAO(5., * )RANDot1tM1BER(K) 
END DO 
PRINT*,CHAR(27)/I' [2J' 
PRINT*, '###########################################' 

PRINT* 
PRINT*,' ENTER UPLINK SNR in (dB)' 
PRltIT* 
PRINT*, '###########################################' 

PRINT* 
REAO(*,*)UPSNR 
WRI TE( 1, *)' UPLINK SNR =' ,UPSNR,' (dB)' 

EtiDIF 
EtlolF 

PR I NT*, CHAR(27 )/1' [2J' 
PR I tIT*, ,#####################################################' 

PRltiT* 
'56 1 I F ( I SYSTEt1TYPE . EQ .2 )THEN 

PR I NT"',' ANY LI NEAR F I L TER I NG BEFORE NONLI NEAR I T\' (Y Iti) ?' 
ELSE 

PB! HT"', , At!\' LI NEAR TRANSt11 TTER FILTER I NG ('lItD ?' 
ENOIF . 
PRINT*, ,#####################################################' 

1(1(=0 
560 REAo(5, 110)CH 

IF(CH.EQ. 'Y')THEN 
I(K=KK+ I 
PRINT*, 'ENTER YOUR CHOICE' 
PRINT* 
PRltH*, ' 
PRINT"', ' 
PRIt'll"', ' 

1 ..... EQUAL I ZED BUTTERl./ORTH F I L TER ' 
2 ..... BUTTERl·lORTH F I L TER' 
3 ..... CHEBYCHEV FILTER' 

REAo(S, *) ICHO ICE 
IF( ICHOICE.EQ. 1 )THEN 

LFILTERNUMBEFi(KK)=l 
ELSE IF(ICHOICE.EQ.2)THEN 

LFILTERNUMBER(KK)=2 
ELSE IF(ICHOICE.EQ.3)THEN 
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LF I L TERNUt1BER(KK )=3 
PR HIT*,' ENTER PEAK UALUE OF RIPPLE in (dB) , 
REAO(5,*)PASSBANORIPPLE(KK) 

ENDIF 

PRINT*,' ENTER ORDER OF FILTER' 
REAO(5,"')LFILTEROROER(KK) 
URI TE( 1, *)'LFILTERORDER=' ,LFILTERORDER(KK) 
FR I tlT*,' ENTER nORI-1AL I ZED CR I T I CAL FREQUENCY' 
REAO(5,"')CRITICALFREQ(KK) 
~lFi I TE( 1, *)' CR I T I CALFREQ=' ,CR I T I CALFREQ(KK) 

IF ( I S'r'STEt1TYPE _ EQ _ 2 )THEN 
GOTO 680 

ELSE 
PR I NT"',' ANY OTHER LI NEAR TRANStll TTER F I L TER I NG (Y IN) ? 
GOTO 560 

ENOIF 

ELSE I F(CH. tiE .• ti' )THEN 
GOTO 560 

EHDIF 

IF(ISYSTEMTYPE.NE.2)GOTO 700 

680 NKK=O 
NKK=tlKK+ 1 
PR ltiT*, CHAR(27)/ /' [2J' 
PRINT*, '#####################################################' 

PRltIT* . 
PR I riT"',' EtiTER NONL I NEAR I TY MODEL' 
PRINT"', '#####################################################' 

PRINT'}: 
PRINT"',' 1 ..... CLIPPER· 
PRINT"',' 2 ..... HARD LltllTER' 
PRlriT*,' 3 ..... TUT' 

READ(5,"')ICHOICE 
IF( ICHOICE. EQ. DTHEr-, 

NLF I L TERNUt1BER(NKK)= 1 
ELSE I F( ICHOICE.EQ.2)THEN 

NLF I L TERNUt18ER(NKK )=2 
ELSE IF(ICHOICE.EQ.3)THEN 

IiLF I L TEFiNUMBER (tiKK )=3 
PR I tiT* J' ENTER I NPUTPOl~ER BACKOFF in (dB)' 
READ(5,"')BA~KOFF 

EtiOI F 

PR I NT'" I CHAR(27 )//' [2J' . 
PRINT"', '#####################################################' 

PRINT'" 
PR I NT* I' ANY L ltiEAR F I L TER I NG AFTER NONLI NEAR I TY (YIN> ?' 
PRINT* '#####################################################' , 

860 READ(5, 110)CH 
IF(CH.EQ. '''I' )THEN 

KK=2 
PRINT"', 'ENTER YOUR CHOICE' 
PRINT'" 
PR I tiT"', ' 1 ..... EQUALIZED BUTTERUORTH FILTER' 
PR I NT*,' 2 ..... BUTTEm~ORTH F I L TER' 
PR I liT'" .,' 3 _ . _ .. CHEBVCHEU F I L TER' 
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READ(S,*)ICHOICE 
IF(ICHOICE.EQ.1)THEN 

LF I L TERNUI1BER(KK)= 1 
ELSE IF( ICHOICE.EQ.2)THEtt 

LFILTERNUMBER(KK)=2 
ELSE I F( I CHO I CE. EQ. 3 >THEN 

LF I L TERNUI1BER(KK )=3 
PR I NT*,' ENTER PEAK IJALUE OF RIPPLE in (dB)' 
READ(S,*)PASSBANDRIPPLE(KK) 

HIDIF 

PRINT*,' ENTER ORDER OF FILTER' 
REAO(S,*)LFILTEROROER(KK) 
UR I TE ( 1, *)' LF I L TERORDER=' , LF I LTERORDER(KK) 
PR I t1T*,' ENTER IlORl1AL I ZED CR I T I CAL FREQUEtiCY' 
REAO(S,*)CRITICALFREQ(KK) 
~lFi I TE( 1, *) 'CRITI CALFREQ=' ,CRIT I CALFREQ(KK) 

ELSE IF(CH.NE. 'N' )THEtI 
GOTO 860 

EtiDIF 
GOTO 1000 

700 PRINT*,CHAR(27)/I' [2J' 
PRltIT*, '#####################################################' 

PRINT* 
661 PR I NT*,' ANY LI NEAR 0 I STORTI ON (Y ltD ?' 

PRINT*, '#####################################################' 

660 REAO(S, 110)CH 
IF(CH.EQ. 'Y' >THEN 

KK=KK+l 
PRINT*, 'ENTER YOUR CHOICE' 
PRINT* 
PR I NT*,' 1. .... LI NEAR AI1PLI TUDE 0 I STORTI ON' 
PR I NT*,' 2 ..... PARABOL I C At1PL I TUDE 0 I STORT I ON' 
PR I NT*,' 3 ..... RIPPLE AMPLI TUDE DISTORT I ON <Type I)' 
PRINT*,' 4 ..... RIPPLE AMPLITUDE DISTORTION (Type I I)' 
PR I tiT*,' S ..... L I NEAR GROUP DELAY' 
PR I NT*.,· 6 ..... PARABOL I C GROUP DELAY' 
PR I tiT*' 7 ..... RIPPLE GROUP DELAtl (Type I)' 
PR I NT*:' 8 ..... RIPPLE GROUP DELAY (Type II)' 
READ(S, *') I CHO I CE2 
IF( !CHOICE2.EQ. 1 >THEN 

LF I L TERNUtIBER(W<)= 11 
PRINT*,' ENTER SLOPE OF THE LINEAR AMPLITUDE 

$ DISTORTION in (dB/11Hz), 
READ(5~ * )ALI N 
~·lRITE( 1,*)' ALIN = ',ALlN,' (dB/MHz), 

ELSE IF(ICHOICE2.EQ.2)THEN 
LF I L TERNUt1BER(KK)= 12 
PRINT*,' ENTER PARABOLIC AMPLITUDE DISTORTION 

$ COEFFICIENT in (dB/(MHz)2)' 
REAO(S,*)APAR 

ELSE IF(ICHOICE2.EQ.3)THEN 
LF I LTERNUMBER(KK)= 13 
PRINT*,' ENTER PEAK VALUE OF RIPPLE in (dB)' 
READ(S,*)ARS 
WR I TE (1 *)' ARS = ',ARS,' (-dB) , 
PRINT*,! ENTER NUMBER OF RIPPLES' 
FiEAO(S,*)NSRIP 
I~R I TE ( 1, * )' NSR I P = 'I NSR I P 
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ELSE I F( I CHO I CE2. EO. 4 )THEti 
LF I L TERtiUt1BER (KK )= t 4 
PR I NT*., , ENTER PEAK lJALUE OF RIPPLE in (dB) , 
READ(5,*)ARC 
URITE( 1,*)' flRC = ',flRC,' (dB)' 
PR I NT*., , ENTER NUMBER OF RIPPLES' 
REAO(5, * )NCR I P 
l·lR ITE ( 1 , * )' NCR I P = '., tiCR I P 

ELSE IF( !CHOICE2.EQ.5)THEN 
LF I L TERNUtlBER (k1< )= 15 
PR I NT*,' ENTER LI NEAR GROUP DELAV in (ns It1Hz )' 
REAO(5, * )GLt tl 

ELSE I F( I CHO I CE2. EQ. 6 >THEN 
LF I LTERNUtlBER(KK)= 16 
PR I NT*,' ENTER PARABOL I C GROUP DELA" in (ns/ttHz2)' 
READ(S,*)GPAR 

ELSE IF( ICHOICE2.EQ. 7 >THEN 
LF I L TERNUt'1BER (KK)= 17 
PR I NT*,' ENTER MAX I t1Ut1 DELAY in (ns) , 
REAO(S,*=)GRS 
l~RITE( 1,*)' GRS = ',GRS,' (ns)' 
PR I NT*,' ENTER NUt'1BER OF RIPPLES' 
READ(5, *= >NGSR I P 
l·JR ITE( 1, *)' tiGSR I P = ',NGSR IP 

ELSE (F( (CHO ICE2. EQ .8>THEti 
LF I L TERNUr'lBER(KK)= 18 
PR I NT* l' ENTER MAX I t1Utl DELAY in (ns )' 
REAO(S,*)GRC 
URITE( 1,*)' GRC = ',GRC,' (ns)' 
PR I NT* i' ENTER NUr-1BER OF RIPPLES' 
READ (5, *= XiGCR I P 
l~R ITE ( 1, * )' tiGCR I P = '., NGCR I P 

ELSE 
GOTO 661 

ENOIF 

PFi I NT*,' ANY OTHER LI NEAR 0 I STORT I ON (Y IN) ?' 
GOTO 660 

ELSE IF(CH.NE. 'N' >THEN 
GO TO 660 

ENDIF 

PRINT*,CHAR(27)II'[2J' 
PRINT*, '#####################################################' 

PRINT* 
761 PRINT*,' ANY LINEAR RECEIVER FILTERING (YIN) ?' 

PRINT*, '#####################################################' 

760 READ(S, 110)CH 
IF(CH.EQ. 'Y' )THEN 

KK=KK+2 
PRINT*, 'ENTER YOUR CHOICE' 
PRINT* 
PRINT*,' 1 ..... EQUALIZED BUTTERWORTH FILTER' 
PR I tlT*,' 2 ..... BUTTERWORTH F I L TER' 
PR UiT*,' 3 ..... CHEBYCHEIJ F I L TER '. 

READ(S, *') I CHO I CE 
IFe" ICHOICE.EQ. 1 )THEN 

LF I L TERtlUt1BER (I(K)= 1 
ELSE IF( ICHOICE.EQ.2>THEN 

LFILTERNUMBER(KK)=2 -
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ELSE IF(ICHOICE.EQ.3)THEN 
LF I L TERNUI1BER(KK )=3 
PR I NT*,' ENTER PEm< VALUE OF RIPPLE in (dB)' 
READ(S,*)PASSBANDRI PPLE(KK) 

ENDIF 

PRINT*,' ENTER ORDER OF FILTER' 
READ(S,*)LFILTERORDER(KK) 
UR I TE( I, *)' LF I LTERORDER=' ,LF I L TERORDER(KK) 
PR I NT*,' ENTER NORtlAL I ZED CR I T I CAL FREQUENCY' 
READ(S,*)CRITICALFREQ(KK) 
~mITE( I, * )'CRITICALFREQ=' ,CRIT ICALFREQ(KK) 

ELSE IF(CH.NE. 'N' )THEN 
GOTO 760 

£NDIF 

IF, t-lODTYPE . EQ. 11 )THEN 
PRINT*,CHAR(27)II'[2J' 
pp. I NT*, '#####################################################' 

PR I NT* I ' EtHER VOUR CHO I CE ' 
PRINT* 
PR I tH*,' 1 ..... 11ATCHED F I L TER DETECT I ON ' 
PRINT*,' 2 ..... BUTTERl-lORTH FILTER DETECTION' 
PRINT*, '#########################¥###########################' 

READ(S, *) I DETECT lotiWPE 
IF(IDETECTIONTVPE.EQ.2)THEN 

KK=KK+3 
LFILTERNUMBER(KK)=2 
PRINT*,' ENTER ORDER OF FILTER' 
READ(S,*)LFILTERORDER(KK) 
!~R I TE ( t , * )' BUTTERWORTH DETECT I ON F I L TEA ' 
URITE( 1,*)'LFILTERORDER=' ,LFILTEROROER(KK) 
PR I NT* I' EtHER NORI-IAL I ZED CR I T I CAL FREQUENCY' 
REAO(S,*)CRITICALFREQ(KK) 
URI TE( " *)'CRITICALFREQ=' ,CRITICALFREQ(KK) 
D1J11=P I/REAL (2*LF I L TEROROER(KK) ) 
EQlIllJNO I SEBANml=(DlIt1/S I N(DUM) )*CR I T I CALFREQ(KK) 

ENDIF 
EfiOIF, 

110 FORI1AT<A 1 ) 

1000 RETURN 
END 
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c=========================================================== 
SUBROUT I HE NONl I tlEAR--SVSTEILS I t'IUlATOR 

CHAP.ACTER*I AUGHBEFORE 
CGI'IPlEX FFTOUT< 16384) 
COtlPlEX S I GliAL ( 16384 ) 
CotlPlEX NO I SVS I GNAl ( 16384 ) 
Cm'1PlEX NO I SEFREES I GNAl( 16384) 
COMPLEX GAUSSNOISE(16384) 
INTEGER INPUTDATA(4096) 
OIt-1ENSION lFllTERNUMBER(10) 
o I MENS I ON tllF I l TERtlUtiBER ( 10) 

Cotit-1or'l /C2/ I NPUTDATA 
Cot1tloti IC3/ tlUt-1SAM 
COr-ltlOti /C41 riB I TS 
COt1t-10N /C71 SIGNAL 
cmn10N IC9 I GAUSSNO I SE 
COr1t'lON IC 111 t100TYPE 
Cot1tlON IC 15/ tlREG 
Cot1MON Ie 171 NERROR 
COt1t10N IC 18/ ERRORRAT I 0 
COl1tlON /C29 I FFTOUT 
COtmON /C34/ AtlPl I TUOEOFFSET 
C1Jt1t'lON IC35/ IF I lTERNUt'IBER 
COI·n·ION /C40 /KSNR 
COt·lt·ION IC50 I NO I SVS I GNAl 
COtlMOti IC51/ PASSBANOR I PPlE 
COt1110N /C55/ NlF I l TERNUMBER 
cor·1t·10N /C65/ BACKOFF 
COMt'1ON IC5 7/ AI~GNBEFORE 
cmmON IC68/ ERROR 
COt-1tlOt'l IC751 IJPSNR 
COt·moti /C751 I slm I Ii IT I Al 
COtlti0N /C77/ I SNRENO 
COMtlON /C78/ I SNR 

REAL NO I SEPOI-IER, NO I SEPOI-IERNE~1 
REAL DmmSt·m ( 10) 
REAL AlvIERAGEERROR( 10 ) 

tiOOOl-JNSNR= ( ( I StiREtiO- I StiR I ti I T I Al ) I I SNR )+ 1 
DO I = I, NOOOWNSNR 

DOl-UiStlR( I )=REAL< I StIR I N IT I AL +( 1-1 )* I SNR) 
END DO 

CAll PRBSGENERATOR. 
IF HIOOWPE. NE. IDTHEN 

CAll tiles 
NUt"lSfltl=tlUI'ISAt1/2 

EHOIF 

IF ( ti0DTVPE. EO. II )CALl BPSIU10DULATOR 
IF ( t·100WPE. EO. 12 )CALL QPSKJ10DULATOR 
I F ( t10DTVPE. EO. 13 )CAll OKOPSlU10DUlATOR 
IF ( t·100TVPE. EO. 14 )CAll t'ISKJ'IODUlATOR 

C signalpowerand uplink noise power correction factor calculation 
SIGNAlPOUER=O.O . 
00 ! = I, NlIt"ISAl"I*NB I TS 

S I GNALPOI~ER=5 I GtlALpm~ER+REAl (5 I GNAL ( I )*CONJG(S I GtIAL ( I ») 
END 00 
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S I GNAlPOlJER=S I GliAlPOWER/FlOAT (2*tiUr1SAM*riB I TS ) 
CORRECT I OIlFACTOR=(REAl <l'IUr-tSAtl )*S I GNAlPOlJER) I( 10.0** (UPSNR 110.0) ) 

DO I = 1 , NUr1SA!1*tlB I TS 
NO I SEFREES I GliAL ( I )=S I GNAl ( I ) 

END DO 

DO I = 1 , NODOWiStlR 
AI)ERAGEERROR(I)=O 

END DO 
I"lRUNS=O 
I RutlCONTROl=O 
CAll TIME-BEGIN 

600 CALL GAUSS!"IO I SEGE!"~ERATOR 

C .::tdd i t i on 0 f up link no i se 
DO 200 I = 1 , NUI1SAtl*tlB I TS 

SIGNAl(1 )=NOISEFREESIGNAl(I)+GAUSSNOISE(I)* 
$SQRT<COF:P.ECT I OtlFACTOR) 

200 CONTINUE 

C z€:r-o padd j ng ,to erlsupe I i neap convo I u t j on equ i va I ence 
lD 111=NUMSAt-l*NB I TS 
DO I =lD I 1-1+ 1, 2*lD I 11 

SIGNAL ( I )=Cr-1PLX (0. ) 
END 00 
!"IB I TS=NB I TS*2 

C I ineap fi I teping in frequency domain before memor'yless non I ineari ty 
KK=1 
I F (IF I LTERNUMBER( 1 ) .tiE. 0 )THEN 

CALL FFT (S I GNAL, !"IUt1SAM*NB I TS, 0 ) 
IF(lFllTERNlIMBER(KK).EQ. I)CAll. EQUAL I ZED-BUTTERWORTH(KK) 
IF (IF I l TERNUtlBER(KK) . EQ . 2 )CALL BlITTERlJORTH(KK) 
IF(lFllTERtlUMBER(KK).EQ.3)CAlL CHEBVCHEV(KK) 

00 1=I,!"IUMSAM*tlBITS 
S I GNAL( I )=COIiJG(FFTOUT< I » 

END DO 
CALL FFT(S I GliAL, NlIMSAM*tlB I TS, 0 ) 
DO I = I, NUr-1SAt1*NB I TS 

SIGNAL< I )=CONJG (FFTOUT( I » /Cr-tPlX (FLOAT <tiUtlSAtl*NB I TS ) ) 
END 00 

EtlOIF 
liB I TS=NB I TS/2 

C noni inear f i i teringin time domain 
'F(NLF I L TERNUt1BER( 1 ). EQ. 1 )CAll CL I PPER 
IF (t'lLF I L TERNUtlBER( 1 ) " EQ " 2 )CAll HARD-L 1t1ITER 
IF(NLFILTERNW"IBER( 1 ).EQ_3)THEN 

CALL TWT<BACKOFF,PSHIFT) 
CALL PHASECOt1PENSATOR(PSH 1FT) 

ENOIF 

C zero padding ,to ensure linear convolution equivalence 
DO I=LDIM+l,2*lDIM 

S I GtlAL< J )=CtIPlX (0" ) 
END DO 
NBI TS=NBI TS*2 

C linear filtering in frequency domain after memoryless nonlinearity 
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I F~LF I L TERliUt1BER(2). NE. 0 )THEN 

CALL FFT<S I GliAL, NUtlSAN*NB I TS, 0) 
IF (LF I L TERtiUN8ER( KK ) . EQ. 1 )CALL EQUALI ZED-BUTTEm~ORTH(KK) 
IF (LF I L TERliUNBER(KK) . EQ. 2 )CALL BUTTEFil~ORTH(KK) 
I F (LF I L TERtllJN8ER (KK ) . EQ. 3 )CALL CHEBYCHEV(KK) 

DO 1= 1 , NUMSAt1*NB I TS 
SIGNAL(I )=COti,JG(FFTOUHI» -

ENO DO 
CALL FFHS I GliAL, tiUt-1SAM*IiB I TS, 0) 
00 I = 1 , NUI1SAI1*NB I TS 

S I GUAL< I )=CONJG(FFTOUH I » /Ct1PLX (FLOAHtiUNSAN*NB ITS» 
END 00 

EtlOIF 
NBITS=NBITS/2 

ISNRNUNBER=O 
~lFIl TE (5, * ) 'NUI-1BER OF BITS CONS I OEREO =', (NRUtiS+ 1 )*NB I TS 

C calculation of SER for a numbet' of downl irlk StiR's 
00 KSNR=IStiRltiITIAL, IStiREliO,ISNR 

I SNRtlUMBER=IStiRliUMBER+ 1 

I F ( r-IOOTVPE. EQ. 11 )CALL BPSK.-C-DEI-IOOULATOR 
I F ( t100TYPE. EO. 12 )CALL QPSK.-C-DENOOULATOR 
IF ( t-l00TYPE. EQ. 13 )CALL OKOPSK.-C-DEt-100ULATOR 
IF ( 1100TYPE. EO _ 14 )CALL tlSK.-C-DENODULATOR 

C decision mechanism to use another addi tional set of t'andom upl ink 
C t~O i se SCI/TIP I e: to i nct'ease cc.nf i dence I eve I 

AlJERAGEOLD=AVERAGEERROR ( I SNRIiUt-lBER) 
AlJERftGEERROR( I SNRtiUt1BER )=AVERAGEERROR ( I SNRNUtlBER )*NRUNS+ERROR 
AlJERAGEERROR ( I St-mNUt-lBER )=AUERAGEERROR ( I SNRt~Ut1BER ) 

:};iREAUliBUtiS+ 1 ) 

HR I TE (* , * )f(SNFi, I SNRtlUNBER, AVERAGEERROR( I SNRtIUNBER) 
IF(ISNRNUNBER.EQ.NOOOJ.lNSNR.ANO.tiRUNS.GT. !>THEN 

IF (ABS ( (AVERAGEERROR ( I SNRNUt1BER )-AlJERAGEOLD ),/ 
$AVERAGEERROR ( I SNRNUMBER ) ) . LT. 0 . 05 >THEN 

I RUNCOliTROL= I RUliCONTROL + 1 
ELSE 

I RUIiCOliTROL=O 
ENOIF 

ENDIF 

I F ( I RUNCONTROL. EQ . 3 )GOTO 1000 
END 00 

URITE(*,*)' , 
NRUNS=tlRUNS+ 1 
GOTO 600 

1000 00 1= 1, tlODm~NSNR 
~-JR I TE ( 1, 177 )OOWNStiR ( I ), AI._JERAGEERROR ( I ) 
URITE(6, 177)00WNSliR( I ),A~JERAGEERROR( I) 

EliD 00 

~lR ITE ( 1 , * ) 'NUt-IBER OF B ITS CONS I DEfiED =', (tIRUtIS+ D*tiB I TS 
UR I TE (6, * ) 'NUtlBER OF BITS CONS I OERED =', (NRUNS+ 1 )*NB I TS 
PRINT*,CHAR(27)//'{2J' 
PRINT"', ,_0 _____________________ _ 

PRINT"',' SEE FILE: RESULT.DAT FOR THE RESULTS OF THIS RUN ... ' 
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PRINT*, ' _____________________ _ 

177 FORt-1RT (2X,F4. 1,4X,E11.3,2X, 14) 
CALL TIME-ENO 

FiETURN 
Et-m 
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c==================================================================== 
SUBROUTINE GAUSStiOISEGENERATOR 

C This subroutine generates in-phase and quadt~ature Gaussian 
C random vat'i ab I es III i th 
C * mean = 0.0 
C * variance = 1.0 

CHARACTER*l CH 

COt1PLEX GAUSSNO I SE ( 15384 ) 
I NTEGER*4 RAND0I1t'IUMBER(2) 
CHARACTER*l PRltlTCONTROL 
CHARACTER*1 REPORTCONTROL 
CHARACTER*1 PLOTCONTROL 

COt1t10N IC 1/ PI, P 12 
COt1t1ot'l IC3;' tiUt1SAt-1 
Cmn-ION /C4 I tlB I TS 
COI11-1Ot'l Icg / GAUSSt'!O I SE 
C(!tltl0N /C 101 RANDOMtiUl-1BER 
COt1MON IC201 SAtlltiT 
COnr1Oti IC301 PLOTCONTROL 

REAL t1EAN 

DO K=1,2 

!-IEAN=O.O 
IJAR I F!NCE=O . 0 
DO 60 1= 1 .• NUMSAtl*NB I TS 

U 1 =RAtl <F:ANDOHNUMBER (K » 
U2=RAN(RAND0I1NUtlBER (K) ) 
13G=-2. O*ALOG<U 1+0.000001) 
IF ( GG.LT.O.O ) 1313=0.0 

IF(I(.EQ. 1 >THEN 
GALISSNOISE(I)=CMPLX(SQRHGG)*SIN(2.0*PI*<U2-0.5») 
r-1EftN=11EftN+REAL <GAUSSNO I SE ( I » 
IJAR I ANCE=IJAR I ANCE+REAL<GAUSSNO I SE ( I )*GAUSSNO I SE ( I » 

ELSE 
GAUSSNO 1 SE( J )=GALISSNO I SE( I )+CtlPLX <0 , -1 )*CtlPLX(SQRH. 5» 

$*CI-1PLX(SQRT(GG )*$ I N(2. o*p I * (U2-0 . 5») , 
1-1EAti=t-1EAtl-A I HAG <GAUSStiO I SE ( I » 
VAR I AtiCE=UAR I AtiCE+A I t-1AG(GAUSSNO I SE( I ) )*A I r1AG(GAUSStiO I SE( I » 

ENDIF 
60 CONTINUE 

t1EAti=tlEAN IFLOAT (NUI-1SAtl*NB I TS ) 
1·,1AR I ANCE=VAR I ANCE/FLOAHNUtlSAtl*NB I TS) 
END DO 

RETURN 
HID 
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c=========================================================== 
SUBROUT I NE L I NEAR_SYSTEtLS I t-IULATOR 

Cot1PLEX FFTOUT< 16384) 
COMPLEX SIGNAL(16384) 
COtlPLEX NO I SE( 16384) 
REAL COLOREONOISE3(128) 
o I r'IENS I ON LF I L TERNUt'IBER ( 10 ) 
o I t'~ENS I ON NLF I L TERNUt·mER( 10) 

cor'ni0N /C3/ NUMSAti 
Cot~tiOti /C4 i NB I TS 
CljI11·tON /e7/ SIGNAL 
com'IOr-! /C 11/ r'IOOTYPE 
CotitlON /C23/ SAr1FREQ 
Cor-U'ION /C29/ FFTOUT 
COMtloti /C33/ PHASEOFFSET 
COIUlON /C341 Ar-tPL I TUOEOFFSET 
Cor'1r10N /C35/ LF I L TERNUt1BER 
COt1t"1oti /C26/ CR I T I CALFREQ 
COMtlON /C37/ LF I L TERORDER 
COtmON IC40 IKSNR 
COI1110n IC51/ PASSBANOR I PPLE 
Cor-U'IOti /C56/ NLF I LTERNUtlBER 
COIiliori /C58/ NO I SE 
cmU'ION /C60/ LSH I FT 
COtlMON iC6 1/ COLOREONO I SE3 
COMMON /C62/ COLOREONOISEPOWER 
COIi1i0N /C63/ I DETECT I ONTVPE 
COtn'ION /C65/ BACKOFF 
COMt10N /C76/ I SNR I NIT I AL 
cor·moti /C77/ I SNRENO 
C0I1tlOti /C78/ I SNR 

FiEAL t·w I SEPOWER I NO I SEPOUERNEW 

CALL TIME-ElEGIN 
CALL PRBSGENERATOR 
I F <li00T' .... PE . fiE. 11 )THEN 

CALL t"lLCS 
NUtISAt1=Nur'ISAf1/2 

ENDIF 

! F (t'100TVPE . EQ. 11 )CALL BPSKJ100ULATOR 
I F(t10DTVPE. EQ. 12 )CfiLL QPSKJ10DULATOR 
IF(MOOTVPE.EQ. 13)CALL OKQPSKJ100ULATOR 
I F (MODTVPE . EO, 14 )CfILL t'ISKJ100ULATOR 

C zero padding J to ensure linear con'Jolution equivalence 
LO J t'l=tiUt'ISAtl*tiB I TS . 
DO I=LDlt'1+1,2*LOIt"l 

S I GtiAL( I )=CtIPLX(O. ) 
END DO 
NBITS=NBITS*2 

C linear fi I tering in frequency domain before noise addi tion 
l(K=O 
IF(LFILTERNUMBER(I).NE.O)THEN 

CALL FFT (S I GNAL J NUt'ISAt1*NB I TS, 0) 
564 1(1( =.{K + 1 

IF (LF I L TERNUtlBER (KK). EQ. 1 )CALL EQUAL I ZEO-BUTTERUORTH (KK ) 
IF (LF I L TERNLltlBER (KK). EQ . 2 )CALL BUTTERWORTH(KK) 
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I F(lF I lTERHUt18ER~Kn. EQ.3 )CAll CHEBlICHE'.I(KK> 
I F\lF I l TERtiUI"1BERn~IO. EQ. 11 )CAll l It'lEAR...At1P -D I ST 
IF(lFllTERNUM8ER(KK).EQ. 12)CAll PARABOlIC...AMP-DIST 
IF (IF I l TERNUMBER (KK ). EQ. 13 )CAll R I PPlE....AtlP -D I ST -S I N 
IF(lFllTERNUM8ER(KK).EQ. 14)CAll RIPPlE...AMP-DIST-COS 
IF(lFllTERNlIMBER(KK).EQ. 1S)CAll lINEAR-GROIJP-DElAlI 
I F (IF I l TERNUI1BER(KK) . EQ. 16 )CAll PARABOl I C-GROUP -DELAY 
IF (IF I l TERNUr'lBER(KK ) . EO. 17 )CAll R I PPlE-BROUP -DELAY -S I N 
I HlF I lTERtiUr1BER(KK). EO. 18 )CAll R I PPlE-GROUP -DELAY -COS 
I F (IF I l TERtiUt1BER (KK ) . EO . 0 >THEli 

KK=KK-l 
DO I = 1, t'lUMSAt1*NB I TS 

S I GliAL< I )=CONJG(FFTOUH I » 
END 00 
CAll FFT(SIGNAl,NUM8AM*tfBITS,O) 
00 I = " NUt'lSAt1*NB I TS 

S I GHAl( I )=CONJG(FFTOUH I ) )/CtlPlX(FlOAHt{UMSAt1*NB I TS» 
END DO 
GOTO 601 

EtlDIF 
GOTO 564 

ENOIF 
601 t'lB I TS=tlB I TS /2 

C zero padd i ng I to ensure I i near com}o I uti on equ i o..'a I ence 
DO I =lD I 1"1+ 1, 2*lD I M 

SIGNAL< I )=Ct1PlX(0. ) 
Et-lD DO 
t'181 TS=NB I T8*2 

C I i neap f i I tet~ i fig in kequency domQ i n 'Jfter no i se add i t i on 
I F(lF I lTERNUr·lBER(KK+2). NE. 0 )THEN 

KK=KK+2 
CALL FFH S I GliAL, tiUtlSAf'l*tiB I TS, 0 ) 
IF (IF I l TERI"lUt1BER( KK) . EQ. 1 )CAll EQUAL I ZED...BUTTERWORTH (KK ) 
I F (IF I l TERtlUI'lBER(I(I() . EO . 2 )CAll BUTTERWORTH(KK) 
IF(lFllTERNUMBER(KK).EQ.3)CAll CHEBYCHEU(KK) 

00 I = " NUt1SAM*tlB I TS 
SIGNAl( I )=COfiJG(FFTOUH I» 

END 00 
CAll FFT (5 I GtiAl, NUtlSAt-1*NB I TS, 0 ) 
00 I = " NUtlSAtl*NB I TS 

SIGNAL ( I )=CONJG(FFTOUH I » /CMPlX (FlOAHNUt1SAM*NB ITS ) ) 
END 00 

CAll COlOREDNOISECAlCUlATOR(KK) 
1(1(=1<1(-2 

WRITE(6,*)'CORREl COlOREDNOISEPOHER=',COlOREDliOISEPOWER 
ENOIF 

701 HB I TS=NB I TS/2 

eli neat' f i I tel" i ng in by 0 nonmotched (ButterllJorth )detect i on f i I tel" 
DO I =lD I t1+ 1,2*lO I t1 

SIGNAL<! )=Ct1PlX (0. ) 
END DO 
NBITS=NBI TS*2 
I F ( I DETECT I OtiTYPE . EO .2 >THEN 

KK=KK+3 
CAll FFT (5 I GliAL, NUtI8At1*NB I TS, 0) 
CAll BUTTERUORTH(KK) 

DO I = I, tiUMSHt1*NB I TS 
SIGNAL (J )=CONJG(FFTOUT( I » 
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END DO 
CALL FFT (S I GNAL, NUt"lSAt1*NB I TS J 0 ) 
DO I = 1 } NUMSAt1*NB I TS 

SIGNAL< I )=CON~IG(FFTOUT< I »/CMPLX(FLOAT(tfUt1SAM*NBITS» 
END DO 

KK=KK-3 
ENDIF 
NBITS=NBITS/2 

C the sClmpl ing time is shi fted if desire,d 
CALL SAt1PL I tfG_ T I t1E...SH I FTER( SIGNAL} NUMSAM*tfB I TS. LSH 1FT) 

DO KSHR= I StfR I tf I T I AL} I SHREND, I SNR 
I F (MODTYPE . EQ. 11 )CALL BPSK--C....DEI10DIJLATOR 
I F(MODTYPE.EQ. 12)CALL QPSICC....DEMODULATOR 
IF (t·10DTYPE . EO. 13 )CALL OKQPSICC....DEt10DULATOR 
I F (t·1ODTYPE . EQ. 14 )CALL t1SK--C....DEt10DULATOR 

EliD DO 
CALL T I t·1E..END 
RETURN 
Hm 
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c=================================================================== 
SUB ROUT I HE PHASECOtlPENSATOR(PSH 1FT) 

C the phase shift introduced by the WT nonlinearity is compensated 
C0I1MON lC3/ NUMSAt1 
COMMON IC4/ NBITS 
Cmlt·l0N lC7,/ SIGNAL 
COt1PLEX SIGNAL< 16384) 

DO I = 1, NlJt1SAt·1*NB I TS 
SIGNAL< I )=SIGliAL< I )*CMPLX(COS(PSHIFD,-SIN(PSHIFD) 

END DO 
RETURN 
END 
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c================================================================== 
SUBROUTINE TWT(BACKOFF,PSHIFT) 

C computes t'esponse of INTElSAT IV mT non I ineari ty using a best 
C fit by mod i f i ed Besse I fund ions • 

CotU-tON /C3/ NUt1SAM 
COtn-l0N . lC4 I' NB I TS 
COtmON /C7/ S I GtlAl 
Cor-IPLEX S I GNAU 16384) 
DATA Cl,C2,81,82/1_61245, _053557, 1.71850,.242218/ 

C i or sa hlra ti on po i n t. compensa t i on 
rp.CTO~~=10.**(9./20.) 

C for· oper-a ti on po i nt compensa t i on 
FACTORA=FACTORA*10.**(-BACKOFFI20. ) 

A=SQRT(2. )*FACTORA 
C2A2=C2*A*A 
C1A=Cl*A 
S2A2=S2*A*A 
SIA=SI*A 
ZP=BESSIO(C2A2)/EXP(C2A2)*C1A 
ZQ=BESSll(S2A2)/EXP(S2A2)*SlA 
PSHIFT=ATAN(ZQ/ZP) 
00 K= I, NUt1SAt1*r-tB I TS 

A=SQRHREAUS I GNAUK )*CDtiJG(S I GNAUK»» 
A=A*FACTORA 
C2A2=C2*A*A 
C1A=Cl*A 
S2A2=S2*A*A 
SIA=Sl*A 
ZP=BESSIO(C2A2)/EXP(C2A2)*C1A 
ZQ=BESSll(S2A2)/EXP(S2A2)*SIA 
S I GliAL (K )=S I GtiAl (K )*C11PlX (ZP , ZQ ) 

c to adj ust the output po Iller to 0 dB 
S I Gr-tAl(l()=SI GNAL(K )*( 10 _ **(-7.852484/20. ) )/SQRH2. ) 

END 00 
RETUF:N 
EtlD 
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c======================================================================= 
FUNCT I ON BESS I 00: ) 

C tiumericcll Recipes routine to find the modi fied Bessel function 
C of O· th order 

REAL*8 Y,Pl,P2,P3,P4,P5,P6,P7, 
* Q 1, Q2,Q3, Q4 ,Q5,Q6 ,Q7 ,Q8 ,Q9 

DATA Pl,P2,P3,P4,P5,P6,P7/1.000,3.51~622900,3.089942400, 1.20674920 
*0, 
* 0.265973200,0.3607680-1,0.458130-2/ 

DATA Q 1, Q2, Q3, 04, Q5, 06,07, Q8, Q/J/O. 3989422800, 0. 13285920-1, 
* 0.2253190-2,-0.1575650-2,0.9162810-2,-0.20577060-1, 
* 0.26355370-1,-0.16476330-1,0.3923770-2/ 

IF (ABS(X).LT.3.75) THEN 
'1=(X/3.75)**2 
BESS I O=P 1+Y*(P2+V*(P3+Y*(P4+Y*(P5+Y*(P6+Y*P7»») 

ELSE 
AX=ABS()~) 

V=3.75/AX 
8ESSIO=(EXP(AX)/SQRT(AX»*<Q1+V*<Q2+V*(Q3+V*(Q4 

* +V*(Q5+V*(Q6+V*(07+V*(Q8+V*Q9»»»» 
ENDIF 
RETURN 
END 
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c=============================================================== 
FUNCT I ON BESS I 1<X) 

C Numer'ical Recipes rout.ine to find the modi fied Bessel function 
C of l'st order 

REAL*8 V,P1 J P2,P3 J P4 J P5,P6 J P7, 
* Q 1 , Q2, Q3, Q4, Q5, Q5, Q7, Q8, Q9 . 

DATA PI .. P2 .. P3, P4 J P5., P6, P7/0. 500,0.8789059400,0.5149886900., 
* O. 1508493400,0.26587330-1,0.3015320-2,0.324110-3/ 

DATA Q1,Q2,Q3,Q4,05,Q6,07,Q8,Q9/0.39894228DO,-0.39880240-1, 
* -0.3620180-2, 0. 1638010-2, -0. 10315550-1,0.22829670-1, 
* -0.28953120-1,0.17876540-1,-0.4200590-2/ 

IF (ABS(X).LT.3.75) THEN 
V=(X/:;:.75)**2 
BESS I l=X*(P 1+V*(P2+Y*(P3+V*(P4+V*(P5+V*(P6+V*P7»»)) 

ELSE 
AX=ABS(X) 
V=3.75/AX 
BESSll=(EXP(AX)/SQRT<AX»*(Ql+V*(Q2+V*<Q3+Y*(Q4+ 

* ~!*(Q5+Y*(06+V*(Q7+V*(Q8+Y*Q9»»»» 
ENDIF 
RETURN 
am 
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c=============================================================== 
SUBROUT I NE COLOREDIiO I SECALClILATOR(KK) 

C routine to calculate the noise power after passing 
C through a I i near f i Iter 

COt-1PLEX COLOREDNO I SE ( 15384) 
COt1PLEX COLOREDNO I SE2( 15384) 
REAL COLOREONOISE3(128) 
o I ~lENS I ON LF I L TERN UMBER ( 10) 
C0I1PLEX FFTOUT ( 16384) 

COt-lMON IC31 NUMSA~t 
CGf1t1Oti /C4/ NB I TS 
COt1~tON /C23/ SAMFREQ 
COt1t10N 1C29/ FFTOUT 
COf1r'10N IC35/ LF I L TERN UMBER 
COMt·tON /C61/ COLOREONO I SE3 
COt·mOti /C62/ COLOREDIiO I SEPOUER 

NUMSAMOLO=NlIr1SA~t 
NBITSOLO=NBITS 
SA~lFREQOLO=SAMFREQ 
NUt1SAt1=32 
NBITS=32 
SAt·tFREQ=REAL< NUMSAt1 ) 
DO I = 1 J NUHSAt-t*NB I TS 

FFTOUT(I )=CMPLX(l.) 
END DO 

IF (LF I L TERNUttBER( KK ). EQ. t )CALL EQUAL I ZEO-BUTTERWORTH (KK) 
I F (LF I L TERNur·tBER(KK). EQ . 2 )CALL BUTTERWORTH (KK) 
IF (LF I L TERNut1BER(KK) . EQ .3 )CALL CHEBYCHEV(KK) 

K=O 
sur·l=O. 
DO I = 1 J tlUt1SAtl 

SUt1=Sur'1+REAL (FFTOUT ( I )*CONJG(FFTOUT ( I ») 

K=K+l 
END 00 

COLOREONO I SEPmJER=ABS( SUt1 ) /REAL (NUt'lSAt1 ) 
UR I TE (6 J * ). COLOREONO I SEPOUER=' I COLOREONO I SEPOlJER 

NUt1SAt'1=NUt1SAt10LD 
NB I TS=NBI TSOLO 
SAt1FREQ=SAtlFREQOLD 

RETURN 
END 
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c=============================================================== 
SUBROUT I NE SAt'lPL I NG_T I t·1E....5H I FTEFI(S I GNAL, LD I t'1, LSH 1FT) 

G t'OU tine to sh i ft an array by a numbet' .) f at't'ay e I emen ts 

COMPLEX SIGNAL(15384) 
C:OtlPLEX ARRAY( 16384) 

IF(LSHIFT.EQ.O)RETURN 
HO 1 =LD I t-l-LSH I FT 
DO l=l,LSHIFT 

AF:RAY( I )=S I GNAL< I ) 
EtlO DO 
DO 1= I,NOt 

SIGNAL(I)=SIGNAL(I+LSHIFT) 
END DO 
DO l=l,LSHIFT 

SIGNAL(NOt+I)=ARRAY(I) 
END DO 
RETURN 
END 
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C==================================~================================= 
SUBROUT I NE EQUAL 12ED....BUTTERUORTH(LCOIHROL) 

C rout.ine to generate equal ized BI.~t.terlJJorth fi I tet'" ft"'equency response 
C this routine is ."'eentrant 

COMPLEX TRANSFERFUNC(16384) 
COtlPLEX FFTOUT< 16384) 
o It'lENS I Ofi LF I L TERtiUI'lBER ( 10 ) , CR I TI CflLFREQ ( to) , LF I L TERORDER ( to) 

COttl'lOli IC31 NUl'lSAt'l 
COttl'lON leA I NB ITS 
COMMOli /C23/ SAMFREQ 
C0I1MON /C29/ FFTOUT 
cOm'tON /C36/ CR I T I CALFREQ 
cor'111ot"-t /C37/ LF I L TERORDER 

DEL TAFREQ=SAt'1FREQ/REAL (liUt1SAM*NB I TS ) 
NO l=tiUI'lSAt'l*tlB I TS/2+ t 
N02=N01+ 1 
TRAl'ISFERFUtlC( 1 )=Ct1PLX( 1, ) 

C genercl tes the pas i t i ve frequency par t of the f i Iter 
DO 1=2,N01 

J=I-l 
A2=1./SQRT(t.+(DELTAFREQ*FLOAT(J)/CRITICALFREQ(LCONTROL) 

$ )**( 2*LF I L TERORDER(LCotiTROL) ) ) 
TRANSFERFJJtlC ( I )=CtlPLX (A2 ) 

END DO 

C complltes the negative frequency part of the fi Iter 
00 I =N02, NUMSAt'l*NB I TS 

TRANSFERFUNC( I )=TRANSFERFUNC<fiUMSAI1*NB I TS+2- J ) 
END DO 

C mllltipJ ies the frequency responses 
DO I = 1, NUI'1SAM*NB I TS 

FFTOUT< I )=FFTOUT< I )*TRANSFERFUNC( I) 
END DO 

RETURN 
END 
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c================================================================== 
SUBROUTINE BUTTERl-lORTH(LCONTROL) 

Crout i ne to gener(lte BIJt.terIJJI)t~t.h fi Iter frequE:nc'J response 
C this t~c.utine is reentt~ant 

Cor"lPLEX TRANSFERFIJNC( 16384) 
COf1PLEX FFTOUI< 16384 ) 
o Il"tENS I ON LF I LTERNUt"lBER( 10), CR I T I CALFREQ( 10), LF I LTERORDER( 10) 

cm"n"ION /C 1 / PI, P 12 
COt1t10N /C3/ NIJNSAN 
COM~IOti /C4! NBI TS 
COm"ION /C23/ SAl"tFREQ 
CO~1t"10N /C29/ FFTOIJT 
COt1t10N /C36/ CR I T I CALFREQ 
COf"1t10N IC37/ LF I L TERORDER 

DEL TflFREQ=SAt-1FREQ iREAU NUI"ISAtl*liB I TS) 
NO 1 =liUt-1SAI"I*NB I TS /2+ 1 
N02=NO 1+ 1 
TRANSFERFIJNC( 1 )=Ct1PLX( 1. ) 
R2=0. 
A3=PI2/4./REAL(LFILTERORDER(LCONTROL» 

C genet'l:! tes: the pes i t i ve f t~equency par t 0 f the f i Iter 
DO 1=2,1'101 

• ..1=1-1 
A2=OELTAFREQ*FLOAT(J)/CRITICALFREQ(LCONTROL) 
TFiANSFERFUNC(I)=CMPLX(I.) 
00 • ..1= 1 , LF I L TEROROER (LCONTROL) 

A4=REAULF I LTERORDER(LCONTROL )-1+(2*J) )*A3 
TRANSFERFIJNC(I )=TRANSFERFIJNC(I)/ 

$Ct"lPLX (-COS (A4 ) , -S I WA4 )+A2 ) 
END 00 

END DO 

C (:omput.es the negat j ve ft~equency pat~t of the f j Iter 
01) I =N02 .. NlJt1SAtI*NB I TS 

TRANSFERFUNC( I" )=CONJG(TRAt'lSFERFUNC(till~ISAtl*NB I TS+2-1 » 
END DO 

C mu I tip lies the freql.-Iency responses 
DO I = I, l"lut1SAI1*N8 IT:; " 

FFTOIJT< I )=FFTOIJI< I )*TRANSFERFlJt'lC( 1 ) 
END DO 

F:ETIJRN 
END 
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c================================================================= 
SUBROIJT 1 t-lE CHEBVCHEU(LCOtiTROL) 

Grout i ne to genet'ate Cheby,~hev f i 1 tet' frequency t'esponse 
C th i s t'out i ne is reentrant 

COMPLEX TRANSFERFUNC(16334) 
COt-1PLEX FFTOUT(16384) 
o 1 I1EHS 1 ON LF I L TERNUI·tBER ( 10) I CR I T 1 CflLFREQ ( 10 ) I LF I L TERORDER ( 10 ) 

OII"lENSION PASSBANDRIPPLE(10) 

COI·mOli ICll PI,PI2 
C0I11'10N IC3/ NUtlSAtl 
COMMON /C41 NB ITS 
COt1MON IC23/ SAl'lFREQ 
COt1MON /C291 FFTOUT 
COtmON IC36/ CR 1 T 1 CALFREQ 
CmtMON /C37/ LF 1 L TEROROER 
Cor-U·tON /C51/ PASSBANOR 1 PPLE 

PA%8P.tlDR I P=PASSBANDR 1 PPLE(LCONTROL) 
DEL TftFFiEQ=SAtlFREQ/REAUNUMSAM*NBI TS) 
NO I =NlJt'ISAt'l*NB 1 TS /2+ 1 
t-l02=NO 1+ 1 
A2=0. 
A3=PI2/4./REAL(LFILTERORDER(LCONTROL» 

PASSBANORIP=SQRT(10.**(PASSBANORIP/l0.)-1. ) 
ALPHA=l./PASSBANORJP 
HLPHA=ALPHA+SQRT(l.+ALPHA*ALPHA) 
DUI1tW l=(ALPHA**( 1./REAULF 1 L TEROROER(LCONTROL»» 
OUf"1t1Y2= 1 . iDUt'1l1'l1 
R 1 N= (DUW'IY l-DUt111Y2 ) /2 . 
ROUT=(OUtllW 1+DUtllW2)12. 

C generl::! t.es the pos i t i ve ft'equency part 0 f the f i 1 tet' 
DO l=l,NO 1 

J=I-l 
A2=OEL TAFREQ*FLOAT (.J ) ICR 1 T 1 CALFREQ(LCONTROL) 
TFiAI'lSFERFUNC( I )=CI1PLX(2 ./PASSBANI)R 1 P) 
00 J=l,LFILTERORDER(LCONTROL) 

PHASE=REAULF 1 L TERORDER(LCONTROL )-1+(2*J) )*A3 
TRAtiSFERFUtlC(1 )=TRANSFERFUNC(I)/CI"lPLX(2.)/ 

:{;Cf"1PLX(-COS(PHASE)*RIN,-SIN(PHASE)*ROUT+A2) 
EtlO 00 

END DO 

C computes the negative fr'equenc:y part of the fi Iter 
00 1 =N02, l'iUtlSAl1*NBI TS 

TRANSFERFUNC( ! )=CONJG(TRAliSFERFUNC(NUI·tSAt1*NB 1 TS+2-1 » 
END DO 

C mu 1 tip lies the ft'equenc:y responses 
00 I = I, NUt'1SAt'1*N81 T S 

FFTOUT< 1 )=FFTOIJT< I )*TRANSFERFUNC( 1 ) 
END DO . 

RETURt~ 
clIO 
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c============================================================== 
SUBROUTINE HARD-Llt1ITER 

C th i s: rl)J...Iti ne pedot'ms: i de.) I hClpd lim i ti ng 

Cot1PLEX S I GtiAL< 16384) 

COMt10N 1C3/ HUMSAt1 
COm;10N IC4/ NB I TS 
COt'II'ION IC?/ SIGNAL 

00 I = 1 , t'jUt1SAI1*NB I TS 
SIGt"tALC I )=SIGHAL( I )/CA8S(SIGt-lAL( I» 

END 00 

FiETURN 
END 
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c================================================================ 
SIJBFiOUTltiE CLIPPER 

C this t'outine performs ideal cl ipping 
Cm1PlEX S I GURU 16384 ) 

COtltl0N lC::: l NIJtlSAt1 
COMt"1ON /C4/ nBITS 
COf1/"lON IC7/ SIGNAL 

DO j = 1, NUNSAtll<NB I T8 
IF(CABSCSIGNAlCI ».GT.SQRT(2.» 

$8 I GtiFtl ( I )=SQRTC 2. )*S I GliAL ( I ) ICABS C 8 I GNRU I » 
END DO 

RETURN 
END 
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c================================================================ 
SUBROUTINE CONST 
COt1t10N Ie 11 P I I P 12 
P I =3. 1415'n65358979 
PI2=2.0*PI 
RETURN 
EnD 
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c=============================================================== 
SUBROUTINE INITIALIZE • 

C t.h i s t~O"1 t. i ne i nit i a I i zes t.he vat~ i ab I es 
I NTEGER I NPUTDATA(4096) 
COMPLEX SIGNAL(16384) 
I t-HEGER 0IJTPIJTDATA(4096) 
D I t1EHS I ON TRANSFERFUNC( 16384) 
COMPLEX FFTOUT(16384) 
REAL COLOREONOISE3(12B) 

COt1MON /C2/ I NPIJTDATA 
COMMON IC2/ NU~lSAtl 
COMMON IC4/ NBITS 
COt1t"10N /C71 SIGNAL 
Cot1~lON /C9/ GAUSSNO I SE 
Cot1tlON IC 12/ OUTPUTDATA 
CGt11·10N /C24/ TRANSFERFUNC 
COl"1tlOti IC29/ FFTOUT 
COt1~101i /C61/ COLOREDNO I SE3 
Cot1t10N IC62/ COLOREDNO I SEPOJ.lER 

COLOREONO I SEpm~ER= 1 . 
DO 1=1,128 

COLORED NO I SE3( I )= 1 . 
END DO 

DO 100 1=1,NBITS 
I NPUTDATA( I )=0 
OUTPUTDATA(I )=0 

100 CONT I NUE 

00 110 I = 1 , NUr·lSAt1*NB I TS 
S I GNAL( I )=Ct1PLX(0. 0 .• O. (I;' 
TRANSFEF:FUNC(I )=0.0 
FFTOUT< i )=Ct1PLX(0. 0,0. (I) 

110 CONTI NUE 

RETURN 
END 
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c=============================================================== 
SUBROUT I NE tilCS 

C th i s t~ou tine genera tes the 4-ary symbo I sequences from 
C b i naq:/ symbo I sequences 

INTEGER INPUTDATA(4096) 

cor-moti lC2l I NPUTDATA 
Cot1MON ICA I liB I TS 

t-lBI TS=NBI TS*2 
DO J=NB I TS I 2*NB ITS-2 

I r"iPUTDATA(J)= I NPUTDATA(J+ 1-NB I TS) 
END DO 
I r"lPUTDATA (2*NB I TS-l )=0 
iNPUTDATA(2*NBITS)=0 
BETURN 
am 
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c================================================================ 
W8ROUT I HE BPSKJ-l0DULATOR 

C this routine generates t.he BPSK signal which is subject to 
C variol.ls t'eal ization imperfections ~ 

C PHASEOFFSET t'ept'esen ts a pass i b I e phase i mba lance min j lTIum=O _ 
C maximum=l_ 
C flt1PL I TUDEOFFSET t'epresen ts a poss i b I e amp I i tude i mba I once 
C arinimum=O. 
C maximum=l. 

I tHEGER I NPUTDATA (4096 ) 
COMPLEX SIGNAL(16384) 
CHARACTER*l CH 
CHARACTER*1 PLOTCONTROL 

Cor-1MON IC 1/ PI, P 12 
CO~1t-ION /C2/ I NPUTDATA 
Cot1t10N IC3/ UUt-ISAt-1 
Cot1t10N /C41 NB I TS 
COt1t"IOtI IC7/ SIGNAL 
COMMON fC211 BITLENGTH 
COt1t"10N IC30 1 PLOTCONTROL 
Cot1t10N IC331 PHASEOFFSET 
cm-n-ION IC34/ A~IPL I TUDEOFFSET 

eotu-ION IC55/ S I GtiALPOUER 
SIGNALPOUER=O. 

B I TLEtiGTH= 1 . 
K=l 
DO 110 1=I,NBITS 

IF .: ltiPUTDATA( I).EO. 1 ) C=1.0 
I F ( I NPUTDATA ( I ;.. EO. 0 ;. C=-1. 0 
DO 100 J= 1 .. NUt-ISm-l 

SIGNAL (K )=Ct-1PLX (SORT (2 .0 /B I TLENGTH )*ABS(C+At1PL I TUOEOFFSET ) )* 
1:Ct-1PU(COS«-P 1/2. )+( 1. -PHASEOFFSET)*(PI12. )*0 
:!;. S I N« -P 1/2. )+( 1 . -PHflSEOFFSET)*(P 1/2. )*C» 

S I GNALPOUER=S I GNALPmlER+REAL (S I GNAL (K )*CONJG(S I GNAL (K ) ) ) 
K=K+l 

100 com I NUE 
110 CONTI HUE 

F:ETUF:N 
EtiD 
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c====================================================================== 
SUBROUT I tiE BPStLLDEt10DUlATOR 

c this routine demodulates the BPSK signal mith a fi Iter matched to 
C modul ator f i Iter 
C the e ff ec:t 0 f Al~Gti i s added ana I i ti ca I III 
C DEt1DD-.PHASEERRDR represen ts a pass i b I e stat i c phase error; min i mum=D . 
C max i mum= 1 . 

CHARACTER*l CH 

COt1PlEX S I GtiAL< 16384 ) 
I tHEGER I tlPUTDATA (4096 ) 
INTEGER OUTPUTDATA(4096) 
CHARACTER*l REPORTCONTROl 
REAL COlOREDUO I SE3( 128) 

COt1t-1ON lell P! IPI2 
COt1t'10N /C21 I t'lPUTDATA 
COrmor'l /C3/ NUt1SAt'1 
COt-1t1DN /C4 I t-lB I TS 
Cot-1t1ot'l /C7/ SIGNAL 
COtltl0N /C 12.1 OUTPUTDATA 
COt-mON IC 18/ ERRORRAT I 0 
cor-mOti IC21/ B I TlEt'lGTH 
COIi1i0N /C40 /KSNR 
em1l-10ti IC551 S I GliAlPOHER 
eOlil'lOti /C57/ DEt10D-.PHASEERROR 
COt1MON /C6 I / COLORED NO I SE3 
COt1Motl /C621 COlOREDNO I SEPOWER 
Cot-IMON /C631 I DETECT 10NTYPE 
COMti0N /C64/ EQU I UNO I SEBANm~ 
C0I1MON /C661 I SYSTEtlTYPE 
COIitloti IC68 I ERROR 

K=l 
ERROR=O. 
00 200 l=l,NBITS 

SlJtl=O .0 

C the pr'oc:edure tlJhen other detect i on f i I ters are used 
I F ( I DETECT I ONTVPE . EQ . 2 )THEt'I 
SUH=REAl (S I GNAl (1(+ (NUt'lSAt'l /2 ) ) ) 
EtiERGY2=SIJ11*SUr1 
'I=SQRT (ENERGn/l0** ( -FiEAl (KSNR ) /1 O. ) IEQU I UNO I SEBANDW ) 
K=K+NUttSAM 
GOTO 160 

ENDIF 

DO 150 l= 11 NUI'ISAt'1 
SUt-1=SUtl+REAl (S 1 GliAL (I( )*CI'lPlX (SQFiT (2.0 /B I TlENGTH) 10. )* 

$Cr'lPlX (COS<DEt10D-.PHASEERROR*P 1/2. ) 
:t; I -8 I N (DEI100..PHASEEF:F:OR*P 1/2. ») 

K=K+I 
150 CONT I NUE 

ENERG'r'2= (ABS (SUli ) IREAl (tiUt-lSAtl ) )**2 

C .... Y=SQRHEtiERGY2*( 1-RHO ) 14*No ) 
Y=SQRT(ENERGY2/2~/COlOREDNOISEPOWER/10**(-REAl(KSNR)/10.» 

160 V=ERFCC(Y /SQRH2. »/2. . 

c ... inc I uded for -non I i neat' sys tem 
IF(SlJt1*REAl( I NPIJTDATA( 1)*2-1) .IT .D. )THEN 
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EFiROF:=EF:ROR+ ( 1 . _\!) 

ELSE 
EFiROR=EFiROR+Y 

ENDIF 

200 CONT I tllJE 
ERROR=ERROR/REAL(UBITS) 

I F ( I SttSTEt1TYPE . tiE .2 )THEN 
~mITE(5,*)' SNR=' ,KSttR, ' 
I·JR ITE( 1, *)' StiR=', KSNR, ' 

EtlD IF 

RETURN 
END 

PB(ERR)=' ,ERROR 
PB(ERR )=' ,ERROR 
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c==================================================================== 
SlIBROllT I tlE QPSKJ·lODULATOR 

C this routine generates the QPSK signal which is subject to 
C var·iol.ls r·eal ization imperfections ~ 
C PHASEOFFSET t~epresents a poss i b I e phase i mba lance min i mum=O. 
C moximlllTi=l. 
C At1PL I TUDEOFFSET represen ts 0 p')SS i b I e amp I i tude i mba I once 
C minimum=O. 
C 

INTEGER INPUTDATA(4095) 
o I t1EtiS I ON PW!QU I ~;T ( 15384 ) 
Cm1PLEX SIGtiAL( 16384) 

COn~10t"l ICtl PI,PI2 
COntlON /(:21 I NPUTDATA 
COMnOti IC31 NUt·1SAr·1 
COnnON /C4/ NB I TS 
cor·1t10N /C? / S I GNflL 
cm1t"10~1 ,/C21,/ B I TLENGTH 
COt1t10N /C33/ PIiASEOFFSET 
c:Ctr-1t·lON /C34/ AMPL I TLlOEOFFSET 

IfHEGER IBIT .. OBIT 
REAL ITHETA 
B I TLENGTH= 1 . 
K=l 
T=O.O 

m.:J~< i mum= t . 

C the in-phase bit is updated 
I B I T= I tiPUTOATA( I >*2-1 

C the qUJ:Jdt~a ture bit is upd.J ted 
QB I T= I NPUTOATA( 1+1 )*2-1 

00 190 r·l= 1 , 2*NIjf·1SAr·l 
SIGNAL (I( )=ABS (REAL ( I BIT )+At·1PL I TUDEOFFSET )*REAL ( I BIT )* 

$CtlPLX(COS(PHASEOFFSET*PI/4. ),SI N(PHASEOFFSET*P I 14. » 
SIGNAUK)=SIGNAL(K)+ABS(REAUQBIT)-AMPLITLIDEOFFSET) 

$*REAU OB I T )*Ct1PLX (COS( ( -P 1/2. )* ( 1 . +(PHASEOFFSET /2. ») 
$,SIN«-PII2. )*( 1.+(PHA8EOFF8ET /2. »» 

S I GNAUK )=8 I GNAUK )*Ct1PLX(SQRT<2. 0/(2. O*B I TLENGTH») 
K=K+1 
T=T+SAMltH 

190 COtH I HUE 
200 CONTINUE 

RETURN 
END 
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c===================================================================== 
SUBROUT I tlE QPSK_C-DEt-l0DULATOR 

C th i s rou tine demodu I Q tes t.he BPSK s i gnai JD i th Q f i Iter mo tched to 
C modulate!' fi Iter -
C the e if el~ t of ftWGti i s added ana lit i ca I I Y 
C DEt-l00J'HASEERROR rep!'esen ts a poss i b I e s ta tic phase error; min i mum=O . 
C filaxilflum=l. 

Cor'lPLEX S I miAL ( 16384 ) 
INTEGER INPIJTOATA(4096) 
INTEGER OUTPUTDflTA(4095) 
REAL COLOREDNOISE3(128) 

COMt10N IC 11 PI, P 12 
COt1t"10N lC2/ I NPIJTDATA 
COMMON IC31 HUr'ISAI1 
Cot-mON lC41 tiB I TS 
CO~1t'10H IC71 SIGNAL 
CmU'lOB IC 12/ OUTPUTDATA 
COt-mati IC211 B I TLENGTH 
CO~1r10H /C30/ PLOTCOt"lTROL 
COt1tl0N IC40 I!(SNR 
emU'10N l(:57/ OEt-l0DYHASEERROR 
CO~lMON IC611 COLOREDNO I SE3 
COt-1t10N lC52l COLOREDHO I SEPOUER 
cor·n·10N IC66/ I SYSTEI1TYPE 
cor·mati /C58l ERROR 

K=l 
ERROR=O. 

00 700 I = 1, ttB ITS, 2 
SlWll=O.O 
'31Jt12=0 . 0 

DO 680 11= 1, 2*Nur'lSAt-l 
SUt11 =SUtt 1 +REAL (S I GNAL (!( )*CMPLX (SQRT ( 1 . /B I TLENGTH ) ) 

$*CI-lPLX(COS(DEMODYHASEERROR*PI/4.) 
$ J -S I N(OEt100YHASEERROR*P 1/4. » 
$*CI1PLX( 1. ,0. » 

SlJr'12=SUt-12+REAL<S I GNAL(K )*cr'IPLX(SQRH 1. /B I TLENGTH» 
$*CI-tPLX(COS(DEI·l0D....PHASEERROR*P 1/4. ) 
$, -S I H<DEt-lODYHASEERROR*P 1/4. » 
$*cr·lPLX(I). , 1. » 

K=K+l 
680 CONTINUE 

C ... decision fot' I channel 
ENERGY=(ABS(SUt11 ) IREAL(2*NUtlSAt-l ) )**2 
!/=SQRT (EHERGV*2 . /COLOREDNO I SEpm~ER/l0 . ** (-REAL (!(SNR ) /10. » 
1l=ERFCC(VISQRT(2.»l2. 

C _ .. i tiC luded f 01' non I i near sys tem 
IF(SUt11*REAL( I HPUTOATA( 1)*2-1 ).LT .0. )THEN 

ERROR=ERROR+ ( 1 . -\' ) 
ELSE 

ERROR=ERRORW 
ENOIF 

C ... decision fOI"' Q channel 
Et"IERGV= (FlBS(SUt12 ) /REAL (2*BUMSAtl ) )**2 
V=SQRT(ENERGY*2./COLOREOHOISEPOUERll0.**(-REAL(KSNR)/10.» 
V=ERFCC'-: ~/lSQRH2. » 12 . 
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c ... included fo .... non I inea .... system 
IF (SUt-l2*REAU I NPUTOATA ( 1+1 )*2-1 ) . LT. O. >THEN 

ERROFi=ERROR+( 1 . -V ) 
ELSE 

ERROR=ERROR+V 
Et-miF 

700 COUT I t·1UE 
ERROR=ERROR/REAL<NB I TS) 
SERROR=(1.-ERROR)**2 
SERROFi= 1 . -SERROR 

I F ( I SVSTEt-lWPE . NE. 2 >THEN 
I·JRITE(6,*)' StiR=' ,KSNR, ' 
UR ITE( 1.=i<) , StiR=' ,KSNR, ' 

ENOIF 

RETURN 
Et~O 

PB(ERR)=' ,ERROR 
PB(ERR)=',ERROR 
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c============================================================= 
SUBFiOUT I HE OKQPSK_JlODULATOR 

C this rout.ine generat.es t.he OKQPSK signal 

INTEGER INPUTDATA(4096) 
COMPLEX S I Gt-iAl ( 1 t.384 ) 

COr-tr10N IC 11 P I, P 12 
Cot1MON IC21 ltiPUTDATA 
Cot"1t10N IC31 NUt1SAt-l 
COMt10N IC4/ NB I TS 
COt1r10N le71 S I GtiAl 
COMI10N Ie'll I B I TLENGTH 

REAL IBIT,QBIT 
B I TLEHGTH= 1 . 
r=l 

QB I T=REAL( I NPIJTDATA<tiB I TS )*2-1 ) 

DO 1=I,NBITS,2 

C the in-phase bit is updated 
t B I T=REAL< I NPUTDATA( I )*2-1 ) 
00 tl= 1, NLlt1SAI1 

S I GliAL (K )=CI-1PlX (SQRT (2. /2. IB I TLEHGTH) ):t:Ct-1PLX ( I BIT I -QB IT) 
K=K+l 

END 00 

C the ql.Kldra hIre bit. is upda ted 
QBIT=IUPUTDATA(I+l)*2-1 
DO M= 1, ttUtlSm-l 

S 'GNAL (K )=Cr-1PLX (SQRT (2. 12. IB I TLENGTH ) )*Cr-1PLX ( I BIT I -QB 'T) 
K=K+l 

END 00 

HID 00 
RETURN 
END 
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C====================================================================== 
SUBROUT 1 NE OKQPSK-C...DEt-lODULATOR 

C th i s rou tine demodu I a tes the OKQPSK signa I ID i t.h a f i I ter matched to 
C modulator fi Iter -
C the e if ec t. 0 f HUGti i s added ana lit. i ca I I Y 
C OEr-100...PHASEERROR represen ts a P'Jss i b I e s to t. i c phase ert'or; min i mum=O. 
C maximum=l. 

Cot-1PLE~( S I GtiAL( 16384) 
I NTEGER I fiPUTDATA (4096 ) 
i tHEGER OUTPUTOATfi (4096 ) 
REAL COlOREONOISE3(128) 

COW-ION Ie 1/ PI, P 12 
CCt-U10N IC21 I t-IPUTDATA 
Cm-mON iC3/ NUMSAt1 
COt-U-ION /C41 r-1B I TS 
COI-U-lon /C7/ S I Gt-lAL 
Cor-1t-ION IC 12/ OIJTPUTDATA 
COtmoN /C211 B I TlEHGTH 
Cor-tr-101i /C301 PlOTCOiiTROL 
COt-tt-10ti /C40 /KSNR 
COt-U-ION IC57/ DEMOD...PHASEERROR 
CDt-U-lON lCe. 1/ COLOREDNO I SE3 
COt-mOti /C62/ COLORED NO I SEPOlJER 
CQl-It-lOti /C66i I SVSTEt-lTYPE 
COt-n-ION IC681 ERFiOFi 

ERROR=O. 
K=l 
SUt12=O. 
DO 1= 1 , NBITS ,2 

SIJt1 1=0. 
DO j-I= I , HUt-1SAt-1 

SIJt11 =SUt1 1 +REAL (S I GtiAl (K ) 
~t:*WPLX (COS <DEtl0D ... .PHASEERROR*P 1/4 . ) 
:1:, -8 I N<DEt-IOO...PHASEERROR*P 1/4. » 
$*Ct-1PlX(SQRH2./2 ./B I TLENGTH), O. » 

SUt-12=SUM2+REAL (S I GNAl (I( ) 
$*CI-IPLX': cos <OEr10D...PHASEERROR*P 1/4. ) 
'i; , -S I N (DEt10D...PHASEERROR*P I /4 _ » 
$*ct-IPLX (Q . , SQRT<2 . /2. 181 TLEt-1GTH ) ) ) 

K=K+l 
EnD DO 

I F(1 _ NE. DTHEN 
C. _ . d€:.~ i s i on about SUt12 

ENERGY= (ABS (SlII-12 ) IREAl (2*NUt-ISAtl ) )**2 
V=SQRT (ENERGY*2 . /COlOREDtiO I 8EPOlJER/l0 . **( -REAL< KSNR ) /10. » 
Y=ERFCC(Y/SQRT(2.»l2. . 

C. . . i nc I uded f Ot' non I i near sys tem 
IF (SUt12*REAL ( I NPUTDATA ( 1-1 )*2-1 ) . LT. O. )THEN 

ERROR=ERROR+( 1 . -Y) 
ELSE 

ERROR=ERROR+Y 
ENOIF 

ELSE 
SlJt-12LAST=SUM2 

ENOIF 

SlJt12=O. 
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DO ~1= I, NUt1SAt·l 
SUtll=SUt-11+REAL(S 1 Gt"lAL(K) 

$*Ct·1PLX(COS(OEt100YHASEERROR*P 1/4. ) 
$, -S 1 t"l(OEt-100....PHASEERROR*P 1/4. » 
$*CMPLX(SQRT(2./2./BITLENGTH),O.» 

SUM2=SIJr"12+REAL (S 1 GNAL (K ) 
$*Cr1PLX (COS (OEt-lOO....PHASEERROR*P 1/4. ) 
$, -S 1 N(OEr·lOD....PHASEERROR*P 1/4. » 
$"'Ct·1PU: (0. , SQRT<2 . /2. IB 1 TLENGTH ) » 

K=K+l 
END DO 

C ... dec i s i on (lbou t SUM 1 
ENERGV= (ABS (SUt11 ) IREAL (2*NUMSAM ) )**2 
'l=SQRT (ENERGY*2. /COLOREDNO I SEPOUER/l0 . **( -REAL (KSNR) 110. » 
V=ERFCC(V ISQRT<2. »/2. 

C ... inc I uded f Ot' non I i near system 
1 F (SUr·l1 *REflL ( I tiPUTDATA ( I )*2- 1 ) • LT. O. ) THEN 

ERROR=ERROR+( 1 . -V ) • 
ELSE 

ERROR=ERRORW 
ENDIF 
am DO 

SU~12=SUt·'2+sur12LAST 
C ... dec is i on about SUr·12 

Et-iERGV= (ABS (SUt·,2 ) /REAL (2*NUMSAt1 ) )**2 
V=SQRT(ENERGV*2./COLOREDNOISEPOUER/l0.**(-REAL(I(SNR)/l0.» 
t;'=ERFCC(Y/SQRT<2. »/2. 

C ... inc I uded for non I i near system 
I F (SUt·'2*REAL ( I tlPUTDATA (NB I TS )*2-1 ). LT. O. )THEti 

ERROR=ERROR+ ( 1 . -y ) 
ELSE 

ERROR=ERROR+\' 
ENDIF 

ERROR=ERROR/REAL(NBITS) 
SERROR=(1.-ERROR)*'*'2 
SERROR=l.-SERROR 

I F ( I SVSTEt1TYPE . tiE . 2 )THEN 
UR I TE(6 J *')' SNR=', KSNR, ' 
~~R I TE ( 1 J *' ) • StiR=', KStiR, ' 

ENDIF 

RETURN 
Etm 

PB(ERR)=' ,ERROR 
PB(ERR)=',ERROR 
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c==================================================================== 
8UBROUT I NE t-1SKJ10DULATOR 

C this routine generates the BPSK signal which is subject to 
C lJat~ious r-eal ization imperfections 

INTEGER INPUTOATA(4096) 
COt1PLEX 8 I GNAL ( 16384 ) 

car-n'lON /Cl/ PI,PI2 
COtH'lON /C2/ I t-lPUTOATA 
COr1t-lOr-~ /C3/ NUr1SAt1 
COt-mON /C4/ t181 TS 
eOtit'lON /C7/ SIGNAL 
COt-U'lON /C20 l 8ml1 tH 
COt1MON /C21/ B I TLENGTH 

B I TLENGTH= 1 _ 
K=l 
Q81 T=REAL< I t'~PUTOATA (NB I TS )*2-1 ) 
DO I = I, NBI T8, 2 

C the in-phase bit is updated 
IBIT=REAL(INPUTOATA(I)*2-1) 
00 t1= 1 , tiUt18At'l 

til =C08 ( (P 12/4 _ /8 1 TLENGTH )*REAL (H+HOD ( 1 - t , 2 )*NUH8At1 )*SAHI tiT )* I BIT 
H2=8 1 t-j ( (P 12/4 _ IB 1 TLENGTH )*REAL (H+HOD ( 1 ,2 )*tlUHSAH )*SAHI NT )*QB I T 

8 I GNAL (K )=CHPLX (SQRT (2 . /B I TLENGTH ) )*Ct1PLX (Hl , -H2 ) 
K=K+l 

END 00 

C the ql..lCldra ture bit is updated 
QBIT=lt-IPUTOATA(I+t)*2-1 
00 H= t , NUt1SAt1 

ttt =C08 ( (P 12/4 . IB I TLENGTH )*REAL (H+t10D ( I ,2 )*NUH8AH )*SAt11 tiT )* 1 BIT 
t12=8 I It ( (P 12/4 . /B I TLENGTH )*REAL (M+MOD ( 1-1,2 )*tiUt18AM )*SAM I HT )*QB I T 

SIGNAL (K )=Ct-lPLX (SQRT (2 . /B I TLENGTH ) )*CHPLX (ttt , -M2 ) 
K=K+l 

END 00 
END 00 

RETURN 
aID 
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C====================================================================== 
SUBROUT I NE I"1SK_C-DEt'100UlATOR 

C th i s t~out i ne demodu I ates the BPSK s i 9na I IJJ i th a f i I ter matched to 
C modulatot~ fi Iter . 
C the e f i ec: t 0 f AHGN is added ana lit i ca I I Y 
C OEt100J'HASEERROR represents a possible static phase error;minimum=O. 
C maximum=l. 

COI'lPlEX S I GNAl( 16384) 
ItHEGER INPUTDATA(4096) 
ItHEGER OUTPUTDATA(4096) 
REAL COLOREONOISE3(128) 

COMMON IC 1/ PI, P 12 
COt1t10N /C21 I NPUTDATA 
cOt-mOt'! /C3/ NW'lSAM 
COt1tl0N /C4 I' NB I TS 
COtll"lON iC7/ SIGNAL 
C:OMt10N IC 12/ OUTPIJTOATA 
COMt101"l lC20/ SAtll NT 
COMt101"l /C21/ B I TLENGTH 
COtlMON /C301 PLOTCOtlTROL 
COt"1t1Ot"t IC40 IKSt'm 
COI"1t"1or'i /C57/ OEMOOJ'HASEERROR 

COt1t"lON IC6 1/ COLOREDtiO I SE3 
COt-1l1Dt-i /C62/ COlOREONO I SEPOHER 
COMt'ION IC66/ I SYSTEtlTVPE 
COtlt'IOI"l /C58/ ERROR 

REAL M 1 , t'12 

£RROR=O. 
K=l 
SUt"12=O. 

DO I = 1 , !"iB ITS, 2 

SlItl1=O. 
DO r'1= 1 , NUt1SAt'l 

r'11=COS( (P 12/4 ./81 TLENGTH )*REAl(f-1+MOO( I-I) 2 )*NUt1SAt'1 )*SAr'll UT) 
1'12=S I N( (P 12/4 ./B I TLENGTH )*REAL<t1+t100( I ,2 )*NUt1SAtl )*SAI"1I NT) 

SlIr'll =SlItl1 +REAL (S I GliAL (K ) 
$*c:t'1PLX (COS( OEt100...PHASEERROR*P 1/4. ) 
$, -8 I tl<DEr"IOO...PHASEERROR*P 1/4. » 
$*CMPLX(SQRT(2./BITLENGTH)*Ml,0.» 

SlJt12=SlJt12+REAL(S I GtlAl(l() 
$*Ct·lPLX(COS(OEr100_.PHASEERROR*P 1/4. ) 
$, -S I N (DEt'100J'HASEERROR*P 1/4. » 
'!;*CllPLX (I) . I SQRT (2. /B! TLENGTH )*112 ) ) 

K=K+1 
END 00 

IF( I .NE. I )THEtl 
C ... dec i s i on abou t SlII12 

EtlERGV= (ABS (SlIM2 ) /REAL (2*tlUtlSAM ) )**2 
V=SQRHENERGY*2. lCOLOREONO I SEPOl~ERll 0 . **( -REAL (KSNR> /10. » 
Y=ERFCC (Y /SQRT<2. » /2 . 

C ... included for nonl inear system . 
I F (SUt-12*REAL ( I NPUTDATA ( 1-1 )*2-1 ) . LT. O. )THEN 

EP.ROR=ERROR+( 1 . -t,J) 
ELSE 

ERROR=ERROR+Y 
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ENOIF 
ELSE 

SlIt"12Lft8T =8UI12 
EtiOIF 

SlIt"12=O. 

00 tl= 1 , tiUl1Sftt·l 
tl1=COS«(P 12/4 ./B I TLENGTH)*REAUI1+MOD( 1,2 )*NUI1SAI1 )*Sftt1INT) 
t·12=S I t-f ( (P 12/4 . IB 1 TLENGTH )*REAL (tl+ttOO ( 1-1 , 2 )*tiUMSftt1 )*Sftt11 t-fT ) 

SUt11=SUM 1 +REAL (S I GNAL (K ) 
$*CMPLX(COS(OEMOD....PHASEERROR*PI/4.) 
$, -8 I ti(OEt100YHASEERROR*P 1/4. » 
$*Ct-lPLX (SQRT (2. /B I TLENGTH )*M 1 ,0. » 

SUM2=SUM2+REAL(SIGNAL(K) 
$:t:Cr·1PLX (COS (OEtlOD....PHflSEERROR*P 1/4. ) 
$, -8 I N(OEt100YHASEERROR*P 1/4. » 
$*ct-1PLX (0. , SQRH2. IB I TLEtiGTH )*M2 » 

K=K+1 
END DO 

c ... ded s i on aboll t SUt11 
ENERGV=(ABS(SUtll )/REAU2*NUt1SAM »**2 
V=SQRT(ENERGV*2./COLOREDNOISEPOUER/l0.**(-REAL(KSNR)/l0.» 
V=ERFCC(V /SQRH2. » /2. 

c ... included for nonl inear system 
I F(SUM t*REAL( I NPUTOATA( 1)*2-1). LT.O. )THEN 

ERROR=ERROR+( 1 . -I,') 
ELSE 

ERROR=ERROR+V 
EHOIF 

END 00 

SUt·12=SUM2+SUM2LAST 
C ... decision about SUt12 

ENERGV=(ABS(SUI12 ) /REAL (2*NUI1SAM ) )**2 
V=SQRHENERGV*2./COLOREONOISEPOUER/l0.**(-REAUKSNR)/10.» 
V=ERFCC(Y/SQRT<2.»I2. 

C ... included for non I inear system 
I F (SUI12*REAL ( I NPUTOATA (fiB I TS )*2-1 ) • LT. O. ) THEN 

ERROR=EFiROR+ ( 1 . -Y ) 
ELSE 

ERROR=ERF:OR+V 
ENOIF 

ERROR=ERROR/REAL(NBITS) 
SERROR=(1.-ERROR)**2 
SERROR= 1 . -SERROR 

IF ( I SVSTEf1TYPE . tiE . 2 )THEN 
WRITE(5,*)' SNR=' ,KStlR, ' 
~~R I TE ( 1 , *' )' SNR=', KStm, ' 

ENOIF 
RETURN 
END 

PB(ERR)=' ,ERROR 
PB(ERR)=' ,ERROR 
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· c================================================================== 
SUBROUTINE FFT(I),INLENGTH,CONTROL) 

C this rOI.~tine pet'tot'ms FOut'ier tt'onsiormotion 
C the I eng th 0 f the sequence i s 0 pouler 0 f 2 ; min i mum= 32 
C max i mum= 16384 

CHARACTER*1 CH 

CHARACTER*1 PLOTCONTROL 
Cot-IPLEX FFTOUH 16384 ) 

COMIi0N IC 1/ PI, P I 2 
COMl'lOrl /C3/ NUI·1SAr·l 
Coriliori IC41 I'IB ITS 
COtltl0N /C20/ SAtll NT 
COMl'10N IC23/ SAliFREQ 
COt1t"10N /C29/ FFTOUT 
COl1t"lON IC30 1 PLOTCONTF:OL 

COMPLEX U,W,T,I)(16384) 
OlliENSION XRE( 163:34),XIt1( 16384),XtlAG( 16384) 

1·1=0 
I F ( NUI·1SAll*NB I TS . EQ . 32 ) t·l=5 
I F ( NUtlSAt·l*NB I TS . EQ . 64 ) H=6 
IF ( NUI1SAI·1*NB I TS . EQ. 128 ) H=7 
I F ( I"1UI·1SAt1*NB I TS. EQ . 256 ) i"1=8 
IF ( f'lUI·1SAM*NB ITS. EQ. 512 ) 1·1=9 
IF ( NUt'lSAtl*NB ITS. EQ. 1024 ) H= 10 
IF ( NUMSAM*NBITS.EQ.2043 ) M=11 
I F ( NUtlSAt"1*N81 TS . EQ . 4096 ) tl= 12 
IF ( NUr·1SAI·l*NB I TS. EQ. 3192 ) t1= 13 
I F ( NUI·1SAtl*NB ITS . EQ. 16384 ) 11= 14 
I F ( 11. EQ. 0 ) THEN 

PR I NT*,' error i n f ft ... 1'1=0' 
STOP 

EtlDlF 
N=2**M 

00 100 1=I,N 
FFTOUH I )=1)( I ) 

100 CONTINUE 

l"ilJ2=N/2 
rlt"11=N-l 
J=l 
00 8 l=l,NMI 

IF ( I.GE.J ) GOTO 5 
T=FFTOUHJ) 
FFTOUTeJ)=FFTOUT(I) 
FFTOUH I )=T 

5 K=NU2 
6 IF ( K.GE.J ) GOTO 7 

J=.J-K 
K=K/2 
GOTO 6 

7 J=J+K 
3 CONTINUE 

DO 20 L=l,M 
LE=2**L 
LE1=LE/2 
IJ=( 1.0 I 1).0) 
W=ClIPLX(COS(PllFLOAHLE1», -SIN(PI/FLOAHLEI ») 
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DO 20 J= 1, LE 1 
DO 10 I=J)i,LE 

IP=I+LEl 
T=FFTOUHIP)*IJ 
FFTOUT(IP)=FFTOUT(I)-T 
FFTOUT(I )=FFTOUT(I)+T 

10 CONTINUE 
lI=lI*U 

20 CONTINUE 
RETURN 
END 
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c================================================================== 
SUBROUT I NE L I NEAR-At'IP -D I ST 

e generates the tt~ansfer furlct i on for 
e I inear amplitude distortion 

COMPLEX TRANSFERFUNC(16384),ATTENUATION 
e0l1PLEX FFTOUT< 16384) 

CotmON /C3/ tiUtlSAl'l 
eotU'lON IC4/ tiB I TS 
COMMON /C23/ SAt1FREQ 
C0I'1I'lON /C29/ FFTOUT 
COt1110N /C38/ AL I N 

HO 1=I"IUt1SAt1*NB I TS/2+ 1 
N02=l'I01+1 
A I =AL I N*SAtlFREQ/FLOAT (NUtlSAM*NB I TS) 

C the frequency response for positive frequencies is calculated 
DO 1= 1, NO I 

AJ=REAL ( 1-1 )*A I /20. 
TRANSFERFUNC(I )=CMPLX(10.**AJ) 

EnD DO 

e t.he frequency response fOt~ negat i J".'e frequenc i es is ca I cu I ated 
DO I =ti02 J NUI1SAt"1*NB I TS 

TRAtiSFERFUNC( I )=(Ct'lPLX( 1. )/TRANSFERFUNC(NUMSAI1*NBITS+2-1 » 
END DO 

e the signa lis at tenuat.ed to pt'event. the amp I i f i cat i on 
C in tt'oduced by the I i neat' amp I i tude d i stOt~ t i on 

ATTENUAT I Ot-l=ct"IPLX ( 10. **(AL I N*SAtIFREQ/2. /20. » 

DO I = 1, liUI'lSAM*liB I TS 
FFTOIJT(I )=FFTOIJT(I )*TRANSFERFIJNC(I )/ATTENIJATION 

END DO 

RETURN 
END 
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C================================================================== 
SUBROUT I liE PARABOL I CJltlP -D J ST 

C gener-(l tes the tr':lns fer f UriC ti on for 
C parabo lie amp I i tude d i st.jrt i on 

CotiPLEX TRANSFERFUNC( 16384) 
ClJt-1PLEX FFTOUT< 15384 ) 

Cm1t10N IC31 tiUMSAli 
COtu-ION lC4"" liB ITS 
Cot1t10N /C231 SAMFREQ 
COM~tON /C2'~ I FFTOUT 
COIi1i0N lC39/ APAR 

NO 1 =NUI-1SAI-l*NB I TSI2+ 1 
N02=1'I01+1 
A I =APAR* «SAt1FREQ/FLOAT (NUMSAtl*NB I TS) )**2. ) 

C the frequency t'esponse for posi tive frequencies is calculated 
00 1= 1 J NO 1 

AJ=(REAL< 1-1 )**2. )*A 1120. 
TRANSFERFIJNC( I )=ClIPLX ( 10. **A ... I) 

Et-lD DO 

C the frequency response fot' negative frequencies is calculated 
DO I =N02 J NUtlSAtl*NB I TS 

TRANSFERFUIiC( I )=TRANSFERFUNC(NUt1SAM*NB 1 TS+2-1 ) 
END DO 

C the f r-equency responses are mu I tip lied 
DO I = 1 J NUtiSAt1*NB I TS 

FFTOUT< I )=FFTOUT< 1 )*TRANSFERFUNC( I) 
END DO 

RETURN 
Elm 
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C================================================================== 
5UBROUT II'IE R 1 PPLLfltlP -D I 5T.-S I N 

G genet~ates t.he t.t~ansfer funct. i on for 
Cripple CllTlplitude distortion type I 

COtlPLEX TRANSFERFUNC( lE.384) 
CmlPLEX FFTOUT< 16384) 

COt1t10N IC 11 PI, P 12 
COtmON IC3/ NUMSAN 
Cot-mON IC4/ I'IB I TS 
cmmatt /G23/ SAt1FF:EQ 
COMt10N IC291 FFTOUT 
COMt10N /C80/ ARS, NSR I P 

NO I=NUt1SAl-l*I'IB I TS/2+ 1 
N02=t~OI+1 

AJ=Sflt-1FREQiREAL (NUt-1SAtl*NB I TS ) 
Gl=1_/2_/REAL(NSRIP) 

C the frequency t~esponse for positive ft~equencies is calculated 
DO 1= 1 ,NO 1 

A2=ARS*SIN(2_*PI*(REAL<I-l)*AJ)/Cl)/20. 
TRANSFERFUNC( 1 )=Ct1PLX( 10. **A2) 

END 00 

C t.he frequency response for negat.ive frequencies is calculated 
00 I =N02, NUMSAt1*NB I TS 

TRANSFERFUNC( I )=Ct1PLX( 1 . ) /TRANSFERFUNC(NUMSAt1*NB 1 TS+2-1 ) 
END 00 

C the frequency responses are multiplied 
00 I = 1 , NUt-tSAt1*NB 1 TS 

FFTOUH I )=FFTOUH 1 )*TRANSFERFUI'IC( 1 ) 
END DO 
RETURN 
END 

130 



c================================================================== 
SUBROUTINE RIPPLE...FtI"1P-DIST-COS 

C gener'::1tes the transfer funct i on for 
Cripple amp I itl.lde dist.ortion type II 

COt1PLEX TRANSFERFUNC ( 11:·384 ) 
COt1PLEX FFTOUT< 16384) 

COt1t10N IC 11 P II P 12 
Cmltioti /C3/ NUt'ISAt'l 
COmlOti IC4/ NB I TS 
CotlMot! /C231 SAMFREQ 
COMMON IC291 FFTOUT 
COMt'10N /C4 11 ARC, NCR I P 

tiO I=NUt'ISAt1*NB I TS/2+ 1 
N02=NO 1+ I 
AJ=SAI"lFREQ IREAL (NUt1SAtl*tiB I TS ) 
Cl=I./2./REALCNCRIP) 

C the frequen.:::y response for positive ft~equencies is calculated 
DO 1= I,NOI 

AZ=ARC*COSC2.*PI*CREALCI-1)*AJ)/Cl)120. 
TRAtiSFERFUNCC I )=Ct1PLX( 10. **AZ) 

END DO 

C t.he frequency response for negative frequencies is calculated 
DO I =N02, NUt'lSAt1*NB I TS 

TRANSFERFUNC( I )=TRAt'lSFERFUNC(NUMSAM*NB I TS+2-1 ) 
END 00 

C the frequency responses are multiplied 
DO I = I, NUtlSAt1*NB I TS 

FFTOUT< I )=FFTOUT< I )*TFiAtiSFERFUtiC( I ) 
END 00 
RETURN 
END 
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c================================================================== 
SUBROUTINE LltiEAR.J3ROUP-DELAY 

C genet~a tes the trans f et~ f unc t i on for 
C I i near gr'oup de I ay 

COtlPLEX TRANSFERFUNC( 16384) 
COMPLEX FFTOUT(16384) 

COtlt'10N IC 1/ P I, P 12 
COtU'lON /C3/ NUtlSAI'l 
CmmON /C41 NB I TS 
COMMON /C231 SAt-1FREQ 
COMt10N /C29/ FFTOUT 
conMON /C42/ GL I N 

NO 1=NUt1SAtl*NB I TS/2+ 1 
N02=H01+l 

C the frequency r-esponse for pos i t i ve frequenc j es is co I CIJ I oted 
00 1= 1,NO 1 

A I =FLOAT ( 1-1 )*SAt1FREQ/FLOAT (NUr·lSAI·t*NB I TS) 
PHI=PI*(GLIN!10.**3)*(AI**2) 
TRAt~SFERFUNC(1 )=Ct'lPLX(COS(PHI ),-SIU(PHI» 

END 00 

C t.he frequency response for negative frequencies is calculated 
00 I =N02, NUMSAI1*NB I TS 

TRANSFERFUNC( I )=TRANSFERFUNC(NUMSAl1*NB I TS+2-1 ) 
END 00 

C the frequency responses are multiplied 
00 1 = 1 , NUt1SAtl+<NB I TS 

FFTOUT< I )=FFTOUT< I )*TRAliSFERFUNC( I ) 
END 00 

RETURN 
END 
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c================================================================== 
:3UBROUT I HE PAFiABOL I C...J3ROUP .J:IELAV 

C genera tes the tt'cms f et' f unc t i on f Ot' 
C parabolic: group de:lay 

COt1PLEX TRANSFERFlINC( 16384) 
COt-1PLEX FFTOllT ( 16384 ;. 

COt11-10N IC 11 P I J P 12 
Cot-mON /C3 i NUtlSAH 
COMt10N leA I HB 1 TS 
COMMON /C23/ SAl"lFREQ 
C0l1MOI'I IC291 FFTOUT 
COt1t"10N /C4-::': l GPAR 

NO 1 =NUf1SAI1*riB I TS /2+ 1 
N02=N01+1 

C the frequency response for positive frequencies is calculated 
DO 1= 1, N01 

AI=FLOAT(I-1)*SAMFREQ/FLOAT(NlIMSFtM*NBITS) 
PHI=2.*PI/3.*(GPAR/10.**3)*(AI**3) 
TRANSFERFUNC( I )=CtlPLX(COS(PHI ),-SIN(PHI» 

END DO 

C the frequency response for negative frequencies is calculated 
DO 1 =N02 J NUMSAl1*NB 1 TS 

TRANSFERFUNC( 1 )=CotiJG (TRAtfSFERFUNC (Nut-1SAtl*NB I T5+2-1 » 
EtiD 00 

C the ft'equency t'espot)ses at'e mu I ti p lied 
00 I = 1 J tmnSAI1*NB I T5 

FFTOUT(I)=FFTOUT(I)*TRANSFERFUNC(I) 
END DO 

RETURN 
END 
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C=================================================================== 
SUBROUTINE RIPPLE-GROUP-DELA'r'-Sltl 

G genercltes the transfer function for 
Cripple grollp delay type I 

CorolPLEX TFiANSFERFUNC ( 16384 ) 
COt1PLEX FFTOUT ( 15384 ) 

COt1tolON /C 1/ P I, P 12 
Cmonol0N /C3/ Nut-1SAtol 
COt1tol0N IC4/ tiBI TS 
COMMON /C23/ SAt1FREQ 
C0t"1tl0ti IC29/ FFTOUT 
COtmON /(:44/ GRS, toiGSR I P 

tolO 1 =NUtISAtol*NB I TS /2+ I 
N02=N01+1 
A.J=SAtolFREQ /REAL (NUtolSArol*NB 1 TS) 
Cl=lol2o/F:EAL<NGSRIP) 

G the iroeql.lency response for posi tive frequencies is calculated 
00 l=lJiOl 

PHI=(GRS*Cl/(10.**3»)*SIN(2.*PI*FLOAHI-I)*AJ/C1) 
TRANSFERFUHC( I )=CtolPLX(COS(PHI ),-SIN(PHI» 

END 00 

C the freql.lencl,J r'eSpOtiSe for neg.J t. i '.Ie frequenc i es is ca I cu I at.ed 
DO I =tl02, tlUtolSAt1*NB I TS 

TRANSFERFLltlC( I )=CONJG (TRANSFERFUNC (tIUMSAM*NB I TS+2-1 » 
END DO 

C the frequency responses are multiplied 
DO I = I, NUt1SAtl*NB I TS 

FFTOUT< I )=FFTOUT< I )*TRAtiSFERFUtiC ( I ) 
HID DO 

RETURN 
EtiD 
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C=================================================================== 
SUBROUTINE RIPPLL.GROUP-DELAV--COS 

C generates the transfer function for 
C ripple gt~OUp delay type II 

COt-1PLEX TRANSFERFlINC( 16384) 
COMPLEX FFTOUT(16384) 

Cot-lt10N /C 1/ PI, P 12 
CotltlOti /C3/ NUt·tSAtt 
COMttON /C4/ NB I TS 
COt1MON /C23/ SAMFREQ 
COMMON /C291 FFTOUT 
COMMON IC451 GRC,NGCRIP 

NO 1=tlUt·1SAt1*NB I TS/2+ 1 
N02=N01+1 
AJ=SAt·IFREQlREAL (NUt-lSm·l*NB I TS ) 
Cl=1./2./REAL(NGCRIP) 

C the frequency response for positive frequencies is calculated 
00 1= 1,NOI 

PHI=(GRC*Cl/(10.**3»*COS(2.*PI*FLOAT(I-1)*AJ/C1) 
TRAliSFERFUNC( I )=Ct1PLX(COS(PHI ),SIN(PHI » 

END 00 • 

C the frequency response f Ot~ nega t. i ve frequenc i es is c:a I cu I ated 
00 I =N02, tlUMSAt1*NB I TS 

TRANSFERFUNC(I)=TRANSFERFUNC<HUMSAM*NBITS+2-1) 
Et·m 00 

C the frequency responses are multiplied 
00 I = 1 , HUMSAt1*NB I TS 

FFTOUT( I )=FFTOUT( I )*TRANSFERFUNC( I) 
END 00 

RETURN 
END 
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C=================================================================== 
SUBROUTINE PRBSGENERATOR 

C genet'a tes the pseudo random bit sequence 

CHARACTER*l CH 
INTEGER INPUTOATA(4096) 
CHARACTER* 1 PR I tHCONTROL 
CHARACTER*l REPORTCONTROL 
INTEGER REGISTER(24) 

COMf10N /C2/ INPUTDATA 
COMMON /C4/ NB I TS 
CotmON IC 13/ PR I NTCotHROL 
CotmON /C 14/ REG I STER 
CotmON lC1S/ t"lREG 
COl'1tlON IC28/ REPORTCOtHROL 
cot-maN IC46/ TAPPOSITIOH 
Cot-1MON IC47/ NTAP 

I tnEGER TAPPOS I T I ON(4), NTAP, SUtl 
IIHEGER SEQUEtiCELEIiGTH, SEQUENCE ( 16384 ) 
I NOEX=l 
00 1=1,13 

I NOEX= I tiDEX*2 
IF(!NOEX.EQ.NBITS)NREG=I 

END 00 
REGISTER(I)=1 
00 1=2,NREG 
REGISTER(I)=ABS(REGISTER(I-l)-l) 
END 00 
00 40 1=1,4 
TAPPOSITION(I)=O 

40 CONTINUE 

C First tap is all»ays connected. 
TAPPOSITION(l)=l 

C De term i ne t.he nell) tap pos i t ions. 
I F ( tiREG. EQ. 2 ) THEN 

tiTAP=2 
TAPPOSITION(2)=2 
GOTO 100 

ENDIF 

IF ( NREG.EQ.3 ) THEN 
NTAP=2 
TAPPOS IT I ON(2 )=3 . 
GOTO 100 

ENDIF 

IF ( NREG.EQ.4 ) THEN 
NTAP=2 
TAPPOSI TI 01'1(2)=4 
GOTO 100 

ENDIF 

IF ( HREG.EQ.5 ) THEIi 
NTAP=2 
TAPPOSITION(2)=4 
GOTO 100 

EtiDIF 
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IF ( I'IREG.EO.6 ) THEN 
t-ITAP=2 
TAPPOSITI01'I(2)=6 
GOTO 100 

ENOIF 

I F ( NREG. EO. 7 ) THEN 
NTAP=2 
TAPPOSITION(2)=7 
GOTO 100 

ENOIF 

IF ( tlREG.EQ.8 ) THEtl 
HTAP=4 
TAPPOSI T 101'1(2)=5 
TAPPOS IT I ON(3)=5 
TAPPOSITION(4)=7 
GOTO 100 

ENOIF 

IF ( NREG.EQ.9 ) THEN 
NTAP=2 
TAPPOSITION(2)=6 
GOTO 100 

ENOIF 

IF ( I'IREG.EQ.10 ) THEN 
NTAP=2 
TAPPOSITION(2)=8 
GOTO 100 

EtmlF 

IF ( NREG.EQ. 11 ) THEN 
IiTAP=2 
TAPPOSITION(2)=10 
GOTO 100 

ENOIF 

IF ( NREG.EQ.!2 ) THEN 
NTAP=4 
TAPPOS IT I ON(2)=7 
TAPPOSITION(3)=9 
TAPPOSITION(4)=12 
GOTO 100 

EtiDlF 

IF ( NREG.EQ.13 ) THEN 
NTAP=4 
TAPPOSITION(2)=10 
TAPPOSITION(3)=11 
TAPPOSITI01'I(4)=13 
GOTO 100 

ENOIF 

100 DO J= 1 J 2**NREG-l , 
INPIJTDATA(J)=REGISTER(I) 

SUtl=REG I STER( 1 ) 
DO 120 1=2, rHAP 

IF ( SUM.EQ.REGISTER(TAPPOSITION(I» ) GOTO 110 
SUM=! 
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110 
C end 
120 
C end 

130 

GOT0120 
SlIt-l=O 

{exod 
CONTINUE 

{SUIII 0 f the taps} 
00 130 l=l,NREO-l 

REGISTER(I)=REGISTER(I+l) 
emiT INUE 
REG I STER(NREG )=SUt1 

END 00 
I tiPUTOATA(2**NREG )=0 
RETURN 
END 
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C=================================================================== 
FUNCTION ERFCC(X) 

C compl..~tes the complementary error funct.ion 
C \/J i th Chebldchev norma I i za t i on 

Z=ABS(X) 
T=l. /( 1.+0.5*2) 
ERFCC=T*EXP( -Z*Z-1 .25551223+ T*( 1 . 0000236B+ T*( .37409195+ 

* T*< .0967B418+T*(-.-1862B806+T*( .27886807+T*(-I. 13520398+ 
* T*< 1.48851587+ T*< -. 82215223+T*. 17087277»»»») 

IF <X.LT.O.) ERFCC=2.-ERFCC 

RETURN 
END 
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c=========================================================================== 
SUBROUT I tiE T I t'IE-BEG I N 

CPU AND ELAPSED T 1I1E COl"IPUTATI 01'1 (toge ther- T 1t1E...END) 
PROGRml 

extet~raal I ib$ini Ltimer 
ex terna I I i t4;ge t...!.)1fI 

COl1l10ti HANDLE 

i nteget~*4 dyn...at'raY-Odr 
nlongwords = 50 
h,::u-Idle = 0 !zaman bi Igisi virtual bellekde saklanacak 

CALL I i b$ge Lvm (n I onguJords*4, dyn_array...adt' )! v i duo I be I I ek d i zayn i 

CALL I ib1;ini Ltimer(handle) ! timer set edi Idi 

RETURti 
END 

SUBROUT I tiE T I tlE...EtiD 
CPU AND ELAPSED T I t'lE COtlPUTAT I ON (together T I ME...BEG IN) 
PROGRAt1 

ex t.erna I I i b$shoUJ_ timer 
externa I I i b$ free_timer 

cot-mON HAtiDLE 
CALL I ib$show_timerChandle) ! is in son durumu ekrana yazi Idi 

CALL I ib$ft'ee_+.imer(handle) !yeni is icin timer serbest biraki Idi 
RETURN 

END 
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