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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 technigues.
So, computer simulation becomes an invaluable aid. |
| In this thesis, for digital communication system simulations a
software package SSNDC-Semianalytic Simulator of Nonlinear Digital
Channels- 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
complex 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 lowpass representation of signals results in much faster
simulations than the standard Monte CarTo method.

The progrem has a modular structure presenting convenience for
future modifications. The input data preparation is ﬁrranged in the form of
menu-driven interactions.

The mathematical theory for the development of the modules of the
software ié included.

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

with theoretical solutions or their counterparts in literature are presented.



OZET

Sayrsal  iletigim  dizgelerinin  bagarim,  ideal  olmayan
gerceklestirilme ve dis etkenler ylziinden, kuramsal en iyi basarimdan
farklilagma gdsterir. Bu farklilagmamn niceliginin yalmz analitik
yontemlerle hesaplanmasi g¢ofu kez zordur. Bu probleml'erin bilgisayar
benzetimi ile ¢oziimesi dederli bir segenek olugturmaktadir.

Bu tezde, sayisal iletigim dizgelerinin benzetimini gerceklestirmek
lizere SSNDC (Yan-Analitik Dogrusal Olmayan Kanallar Benzetimcisi) adinda
bir yazihim paketi geligtiriimigtir. Bu paket evre uyumlu evre kaydirma
anahtarlamali (CPSK) dizgelerin, dodrusal ve dogrusal olmayan kanallarda,
eklenen beyaz Gauss garultisd ortaminda bagarimlarm benzetim yoluyla
hesaplamaktadir. Bitin imler ve sizgegler bant gegiren tasarimlarinin
karmagik algak gegiren eglenikleri olarak olugturulmustur. Once kisa bir
bilgi dizisi ile glriltisiz ortamda benzetim gergeklestirilmektedir. Sonra
ghrultinin bagarim (zerindeki etkisi analitik olarak eklenmektedir. Bu
yontem, imlerin karmasik algak gegiren gosterimleri ile birlikte 61¢in Monte
Carlo yénteminden gok daha hizl1 benzetimleri olanakh kilmaktadir.

Geligtirilen yazihim, ilerideki dedisikliklere olanak tamimak {izere
modiler bir yapida olugturulmustur. Girdiler menilerle etkilegimli olarak
hazirlanmaktadir. Modillerin  olusturulmasi igin gereken matematiksel
| cikanmlar kapsanmigtir.

Son bilimde, benzetimle elde-edilen sonuglann kuramsal sonuglaria

ve/veya ilgili teknik yayinlaria kargilastiriimalan yapiimistir.
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I. INTRODUCTION

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 quickly, requires that the product design be done in a timely , cost
effective and error free manner . These demands can be met only through the
use of p.owerful computer aided analysis and design (CAAD) tools. As &
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
mathematical techniques or simulation. In many problems neither approach
by itself would be quite satisfactory because of excessive run time in
(Monte Carlo) simulation or intractibility in the case of analysis. These two
approaches are somewhat complementary and the traditional dichotomy
between 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.



1.2 Thesis Qutline

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-Semianalytic Simulator of Nonlinear Digital Channels- has been
developed.

In chapter 2, compiex lowpass representation of bandpass signals is
examined. Firstly, the need for complex lowpass 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
imperfections include phase and amplitude imbalance in modulators,
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
channels. These models present various group delay and amplitude
distortions. The sensitivities of different modulators to these distortion
types are examined. IR filters which are utilized in SSNDC are also a part
of this chapter. _

Chapter 5 examines methods of evaluating symbol error probability in
presence of differeht type of interference and A'WGN. For the case of the
only interference being intersymbol tg'pe, methods presenting some bounds
to the probability of error like Chernoff bound or moment space bounds and
methods based on Taylor series expansion of characteristic functions are
discussed. 'Ivn this chapter a method which utilizes non-standard Gaussian

quadrature rules to evaluate the symbol error probability in the presence of



a combination of intersymbol, interchannel, cochannel interferences 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 amplifiers used in satellite links namely
traveling wave tube amplifiers (TWT). Considerable emphasis is given to
- VYolterra 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 8 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. |n
appendix B , the computation of Gaussian quadrature rules are given. In

appendix C , program.listing of SSNDC is given.



I1. COMPLEX LOWPASS REPRESENTATION OF
BANDPASS SIGNALS

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 sampling rate due to the elimination of the
need for simulating a high-frequency carrier component [1],[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.

| Warrowband signal representation is based on the concept of the
analytical signal. 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 Hermitien

-symmetry in the spectrum [3].
Let x(t) be a narrowband bandpass signal centered around the carrier

f.. Then the analytic signal x,,(t) is defined as in equation (2.1) where x,;, (t)
denotes the Hilbert transform of x(t). The complex envelope of x, (t) is given

in equation (2.2). The relation between x(t) and ., (1) is given in equations
(2.3) and (2.4). |
~jonf t

c

¥ (th=n (e (2.2)
comp an’

|

' : jonf t
x(1) = Re { . we CJ (2.3)

comp



% (t)=| *)+])x

1 -jenf t
comp hilb(t)] e ¢ (2.4)

The spectrums of x(t), %.,..{t) and %, (t) are shown in figure 2.1

where f. and 2f, are the carrier frequency and the the signal bandwidth

respectively.

(1)

o= Terfy fe-f

Figure 2.1 Spectruimn of a bandpass signal and its analytlic and complex versions{ 3]

Let us consider a narrowband filtering operation wheré x(t) is the
input, h(t) the narrdeand impulse response of the linear filter and y(t) the
narrovrband output. Some simple maniﬁulations of the convolution integral
lead to the result in equation (2.3) where the symbol (¥*) denotes
convolution.This result can be easily visualized by examining Figure 2.1 and
remembéring that convolution in time-domain corresponds to multiplication

in frequency-domain.



=1
Yeomp = 7 Mg (O ¥ % (0 (255)

comp omp comp

- Let us represent the narrowband bandpass signal as in equation

(2.6).Then ®;,(t), % (t) and x (1) are calculated as shown in the

comp

succeeding equations.

%(1) = a(t) cos(2nf t + 8(t)) | (2.6)
= a{t) [ cos (B(1)) cos ( 2ﬂfct) - sin (8(t)) sin( Qﬂfct)]

OE a(t)[ cos ( 6(t) sin[ Q’lfct] (2.7

+ sin(o(t) cos( 2’“,}”

x,,(1) = a(t) cos (8(0)[cos (201t )+ jsin(20f ]| (28)

+ alt) sin [e(t)][ j cos (2nft | - sin(2nft ]]

joned

% (1) = el gy oY (2.9)

an

X (t) = alt) eV

comp

{2.10)

Examples:

1) (1) = cos(2nf ) = Reop,(t) = el0 =1

2) %(t) = sin(2nf ) = %, () =eW2= -]



2.1 Complex Envelopes of Some Modulayted Waves

The complex envelopes of bandpass modulated signals can be easily
obtained by using'equatiuns (2.6) and {2.10).Now we will give the equationé
of the bandpass signals and their complex envelopes for some popular
modulation techniques [3),[4].

For BPSK the bandpass signal x(t) and its complex envelope ¥, (t)

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

bit sequence.
(1) = A b(t) cos (2nf t) (2.11)
eomplt) = A DL ' (2.12)

for QPSK where b,{t) and b,(t) are the bit sequences in quadrature channels
x(t) = A b,(t) cos (2rf t} + A by(t) sin (2nf t) (2.13)
Reomp() = A [Dy (1) + j by(t)] (2.14)

the OK-QPSK modulator is essentially a QPSK modulator where b,{t) and

by(t) are staggered 1/2 symbols.In MSK modulators b,(t) and by(t) are

defined by equations (2.15) and (2.16) and they are staggered 1/2 symbols.
b,({t) = cos (nt/(2T)) (2.15)
b,(t) = sin (nt/(2T,)) o (2.16)

where T, is the bit period.



11i. PERFORMANCE DEGRADATIONS DUE TO
REALIZATION IMPERFECTIONS

The theoretical performance of digital communication 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 dn realization
imperfections. Considerations will be limited to coherent communication

systems and linear channels.

(t) Data

S ansmitter |Channel Y Predetection gut

— filt Detection .
filter Hier filter filter

Carrier Timing

AWGN reference error

Figure 3.1 Model of nonideal communication system [4]

A general model for considering these impairments is shown in
- figure 3.1. The degradations to be considered are listed beldw [4].

1. Phase and amplitude imbalance in BPSK

2. Phase and amplitude imbalance in QPSK

3. Power loss due to transmitter filtering

4. Phase offset of the carrier recovery circuitry

5. Nonideal detection filter

6. Predetection filtering

7. Bit synchronizer timing error



3.1 Phase and Amplitude Imbalance in BPSK

In some BPSK modulators perfect switching of m-radians of the

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

phase switched BPSK signal can be represented as :

u(t):AeszL[ ""[ "Oi] b“)] | (3.1)

where b{t)=+1 is the input data stream to the demodulator and O<a ¢1 is the

fractional error from perfect phase swithing. The case a=0 corresponds to
ideal BPSK waveform. The output of an optimum coherent demodulator for
u(t) in equation (3.1} will be given in (3.2) where r{t) is the received
waveform which is not subject to attenuation or phase shift for the sake of
ease in illustration [3]. ' |

. |
U = Re U r(t) ui" (t) dt] i=1,2 (3.2)

uy{t) is the ideal BPSK signal with unity amplitude assuming b{t)=+1. So

u1*(t) and the resulting optimum demodulator output Uy become
]
wi(t) =[eJQ[ ”']] =1 (3.3)

J"}[ -1+(1- @) b(t)]] (3.4)

= A Re { j%‘[-H(l—Q) b(t)]}
e
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= A sin [-’g—(l- a)_b(t)]
= A sin [ n b(t)] cos [Mz—b@]
= & b(t) cos [1‘-5‘1]

The cosine term in the equation corresponds to a demodulation power loss of
D, given in equation (3.5) which represents the required additional signal

power to attain the same probability of error as in case of no imbalance is

present.
- an
Dph(dB) = 20 log, 0{ cos( > ” (3.5)

Amplitude imbalance in BPSK occurs when there is an offset in the
amplitude level. Complex envelope of the BPSK signal; u{t), which is subject
to amplitude imbalance, the corresponding coherent demodulator output; U

- and the resulting bit error probability; Py, will be:

| YL (—l+ (t))
ult) = A [8 + b(t) I EJQ ’ (3.6)

U= A[ £+ b(t)j 7

r
2E 2E
_._1_ —b +£) 1 + —b 1-€
Pbe-2|:u VN e VA ( )} (38)




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 P,,=10"® ; obtained by our simulation program; are shown in figure 9.3

with amplitude imbalance as a parameter.

3.2 Phase and Amplitude Imbalance in QPSK

The complex envelope of a QPSK modulator with phase imbalance is
given by equation (3.9) where b,(t) and by(t) are the bit sequences
modulating two orthogonal carriers and 320 represents a phase imbalance.

The outputs of the orthogonal coherent demodulators are given by equations
(3.10) and (3.11) respectively.

B -j [ I, ﬁ.)
= J 2 2
uit) = A Dl(t) . 2 bz(t) o V22 (3.9)
Defining u (t) and u,{t) as: u{t) = 1
| UQ(t) = _j
| T
u=re{ [uuwa - (3.10)
0
= A[ b (t) cos g - bz(t) sin g—]
. |
uz=re [utyy, wat (3.11)
. 0 R

=A[ - b (1) sin12l + b, () cos g-]
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In addition to the power loss in demodulator outputs, the term with
bo(t) in U, and the term with b,(t) in U, represents the crosstalk between
the quadrature channelsThe effect of those two degradations on the
receiver performance can be evaluated by analgzing thé coherent
demodulator outputs. Each of them is of the form given in (3.12). They result

in two different output powers P, and P, The corresponding probability
of bit error is given by Py, in equation {3.14) where E, is the energy per bit

and N, is the single sided noise spectral density.

UizzA(cos%z sing—) _(3.12)

2

2 . .
P =A (cos% + sm% ) (3.13)

outl ~

2
22[ oos B - s .&)
Pout2 A (0032 sz

{

; , _
' 2E | 2E
b B . ﬁ) _.b..( B _ 13.)
Q( —-——NO (cos,‘2 +s;m2 )+Q( NO 0052 's.m:2

_
Pbe_§

(3.14)

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

to attain the same error probability, it is seen that, there is no simple
expression as in the BPSK case since the error probability is the average of
two Q(.) functions. So a numerical solution is required. Figure 3.2 is a plot of

phase degradation in QPSK for a bit error probability of 1076,
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Figure 2.2 Degradation due to phase imbalance in QPSK [ 4]
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Figure 3.3 Phasor diagram

Degradation due to amplitude imbalance is refered to as differencein

of QPSK with amplitude imbalance[ 4]

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) respectively. The |Q-plot of a QPSK

modulator output with A;=1 and A,=2

is given in figure 3.3.
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3.3 Power Loss due to Filtering the'Hod.ulated Signal

To limit the out-of-band power of the transmitter, band-pass filters
are placed after the modulators. The price of them will be the power loss
~and phase distortions due to nonideal filter characteristics which cause
intersymbol interference. The power loss degradations due to filtering QPSK |
signal with 3rd order Butterworth, Bessel and 0.1 dB ripple Chebychev
filters are shown in the figure 3.4.

OQPSK
Bit crror prohability = 106

Conventional MSK

Degradation (dB)

Serial MSK (Sampling
time derived from average
2ero crossings).

BPSK
0 n 1 1 1 1 1 ! 1 :

0 1 2 3 4 5 6 7 8 9 10 11 12 13 14 15
Carrier 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 ¢ 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 ¢ radians phase offset and the
corresponding power loss are given by U in equation (3.19) and by Dypskg 1N

(3.20) respectively.

wt) = Ab(t) el ® (3.18)
T
U=Re{ utw)u (v at (3.19)
0
= A b(t) cos y
D, . ,(4B) = 20.T0g, Jeose] (3.20)

For quadrature modulation systems the analysis of demodulator phase
error is more complicated due to the crosstalk introduced between the
quadrature channels. Similar steps, as in the phase-imbalance in modulator
case, are followed. Degradations due to demodulator phase error at BPSK,

OPSK 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 will be
negligible crosstalk between quadrature channels which explains the fact

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

3.5 Nonideal Detection Filter

The implementation of an ideal correlation type filter may be
difficult. Also considering the freedom from the necessity to dump the
Afilter, the use of an intentionally mismatched data filter can be very
desirable [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 novise will be less than

the theoretically maximum value 2E/N,, E being the signal energy and N, the

noise power spectral density. Second, a suboptimum filter will introduce |
intersymbol interference from one symbol period to succeeding symbol
periods due to its transient response.

Figure 3.6 shows average probability of error versus BT product

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

- E,/N, as a parameter.

The integrate and dump filter is not always the best choice (even
vhen it can be implemented convementlg) because it is not the matched
filter for distorted signals. Improved performance with distorted signals
may be available with simpler data filters. This fact can be seen in the

figure 3.7 where 0.1 dB riﬁple Chebychev filters distort the signal.
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6 5-pole, 0.1-dB ripple Chebyshev filter
integrate-and-dump detection

Transmission filter; noise added after filter

Predetection filter; noise added before filter
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Figure 3.8 Comparison of transmission and predetection filtering
with QPSK signals [51

3.6 Predetection Filtering

Since all practical receivers involve filtering prior to the detection
operation, which may be for example due to an intermediate frequency
amplifier, the effects of filters placed prior to an ideal matched filter
receiver are now considered. In figure 3.8 the degradation in the case of
antipodal base band signhalling 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 normalized by the 3-dB RF~bandwidth of the filter. The only
difference is in the placement of the Chebgchev filters. In the case of
predetection filtering, the noise is added before filtering and in the case of
transmitter filtering the noise is added after filtering. The predetection
filtering case introduces less degradation due to the noise rejection effect
of the filter. So the‘ effect of signal power loss and intersymbol
interference caused by filtering is less compared to transmitier ﬂlterlng
case.
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3.7 Bit Synchronizer Timing érrnr
The degradation due to bit synchronization error in baseband systems

- are investigated by several authors; [6},[7],[8]; for a number of pulseshapes
including ideal bandlimited, Gaussian, Chebychey pulses.

Input bits 1/D filter output at t=At+T -
A AT
8 g S
A
ATH
2T N T
D) 5 - t 5 \ At
-Al | -ATH |
g' ATt /
T /
c) T a7 T A
-A i
d) ¢ T 2T ; 0 T At
-A -AT

Figure 3.9 1/D filter outputs for bit combinations as function of sampling time[ 4]

The 1/D filters output for PSK systems 1s similar to the case of
antipodal baseband signalling with rectangular pulses. For analysis two
adjacent bits must be considered. The 1/D filter outputs for four different

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

The degradation in SNR is proportional to the square of matched
filters output as a function of At/T. For each case the relative degradation
is given in equation (7.1). The resulting average bit error probability for
BPSK assuming equang likely sequences is given in (7.2).
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(3.21)

(322)
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V. IMPERFECT LINEAR CHANNELS

To obtain optimum performance in digital communiéation systems we
try to satisfy Nyquist's ISI-free transmission criterion. In many
applications a virtually ideal received pulse spectrum tan be obtained with
available hardware. The variation from the ideal arises from the non-ideal
phase and amplitude characteristics.This phase distortion or the
corresponding group delay distortion together with ﬁng amplitude
distortion, introduce ISI. In this case additional signal power is required to
achieve the same performance as in the distortionless AWGN case.

The quadratic and linear 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 2f_ . , the ideal group delay in the f.sf .

range should be constant which corresponds to a linear phase,remembering
that group delay is defined as in equation (4.1) where T is the group delay
spectrum and B is the phase spectrum.

dp(w)
dw

Quadratic delay distortion is in theory approached near midband of &

T{w) = -

(4.1)

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 withouf phase equalization [10]. The corresponding phase
distortion will be cubic. Minimum egé 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 D_E!PSK (QPSK with differential phase
detection) [11].
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Figure 4.1 Maximum transmission impairments with raised-cosine
pulse spectrum and quadratic delay distortion

(d: maximum delay distortion over band fr ) 11]

0.8 T
p =107 /
e
06
measured /
0.4 4 4

O:2 | /// /
/{/ Amputed

0.0 0.2 04 0.6 0.8
Delay slope (ns/Mhz)

Degradation of C/N (dB)

0.0

Figure 4.2 Measured and computed C/N degradation due to delay slope
on a 45-Mbit/s offset QPSK, SO raised-cosine system[ 12]

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



selective fading can also be represented as linear distortion type [10]. The
corresponding'phase characteristics will be quedratic. 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).

Figuré 4.3 illustrates the degradation of QPSK and BPSK signals
resulting from quadratic or cubic phase distortions [S]. The degradation in
power is plotted as a function of the phase deviation in degree_s measured at
a frequencg 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 guadrature channels of the QPSK system. in order
not to introduce crosstalk, the distortion filter must have a real impulse
response. If the impulse response of a filter is to be real, it must have
antisymetrical phase characteristics. So a parabolic phase distortion which

is a symetrical phase function, introduces crosstalk between the quadrature
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3.0™ ..ceccuBIC PHASE + 3-POLE, 0.1-DB RIPPLE CHEBYSHEV FILTER, BT & 2
g _—
= a8 ,/
[ -] /
[
Q
‘20
&n ’ QPSK / B
% ’ BPSK
< /\’_/
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Figure 4.3 Effect of pure phase distortion with integrate-and-dump detection 4]
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channels of a QPSK system. With cubic phase distortion ‘which is ﬁn
antisymetrical phase function; the impulse response of the distortion filter
is real, resulting at the same amount of degradation in QPSK and BPSK
systems. The figure also shows the res‘u‘lt where a cubic phase distortion is
cascaded with a five pole 0.1dB ripple Chebychey filter (with BT=2). The
Chebycheyv filter intoduces an initial degradation in the absence of phase
distortion. Notably however, the introduction of a bandlimiting transmission
filter reduces the sensitivity to phase distortion.

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
distortion are shown in figure 4.4 [12] . Other possible amplitude and delay
distortions are ripple type. The detailed description of these filters are
given in the following section.

9 T
-4
P =10

s .l i/
3 N
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° 3
5 / L/
w
..g- 2 Ve /
s 4 /
g | A computed
@ v
s /

0 i

0.0 0.1 02 0.3 0.4

Amplitude slope (dB/MHz)

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 compliex lowpass equivalents of their
bandpass versions. So the frequencies in the figures and equations are

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

4.1.1) Linear Amplitude 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
- T is the frequency in Hz [9]. The transfer function of the distortion filter;

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

D= bf (4.2)
Hp(f) = 106720 (4.3)
b
4
g2 <
g 0
@
-2
/
-4
-6
-2 -1 0 1 2

Normalized frequency

Figure 4.5 Power spectruin of linear amplitude distortion{ 10]

4.1.2) Parabolic Amplitude Distortion:
The parabolic amplitude distortion can be defined as (see figure 4.6)

in equatidn (4.4) where b is the amplitude variation defined in terms of
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dB/(Hz)? and f is the frequency in Hz. The transfer function of the distortion
filter is obtained as in equation (4.5).

D = bf2 (4.4)

H, (1) = Qb 720 (4.5)

)

=]

Power (dB)
o
1
~d

L~
™~

2 /

v
0 =
-2 -1 0 1 2
Normalized frequency

Figure 4.6 Power spectrum of quadratic amplitude distortion{ 10]

4.1.3) Ripple Amplitude Distortion:

There are two types of ripple amplitude distortion. Type | 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), ¢ the number
of ripples in the passband and fy is the Nyguist frequency in Hz. The
corresponding transfer function of the distortion filter is given as in
equation (4.7).

D,(dB)= b sin (?”C’ fy) (4.6)

% sin [nfc/ft 4 ]
H, ()= 10 (4.7)
|

Tupe Il. ripple amplitude distortion differs from type [. in that, it has

a peak at the center of the passband. 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).

D, (dB) = b cos (?W W (4.8)

D os [nfc/fN ]

Ho(f) = 10°° (49)
DH
0 VAR
" NS
]
£
-10
-2 -1 0 1 2

Normalized frequency

Figure 4.7 Ripple amplitude distortion type | [9]

Power (dB)

-2 -1 0 1 2

Normalized frequency

Figure 4.8 Ripple amplitude distortion type II [9]
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4.1.4) Linear Group Delay;

By definition the linear group delay 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 103 comes from the
change in the units.

1= bf - (4.10)
¢ = -nbf2 (4.11)
G=-nbf2 1073 (4.12)
///
Group delay ,//
//
~
//
P

Normalized frequency

Figure 4.9 Linear group delay [ 11}

4.1.5) Parabolic Group Delay:

By definition the parabolic group delay is given by (see figure 4.10)
equation (4.13) where b is given in sec/Hz and T is given in Hz. The
corresponding phase distortion is found as in egquations (4.14); or

(4.15),where b is given in ns/(MHz)2 and f is given in MHz.
7= bf? . (4.13)

0= (-2nbf3)/3 (4.14)
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0= p’10” (4.15)

Group delay i

Normalized frequency

Figure 4.10 Parabolic group delay [ 11]

4.1.6) Ripple Group Delay;

There are two types of ripple group delay. Type I. ripple group delay is
defined as {see figure 4.11) in equation (4.16) where b is the maximum group

delay in the passband in sec, ¢ the number of ripples in the passband and f
the Nyquist frequency. The'phase distortion is obtained as in equation (4.17)
where ¢ is in radians. Equivalently, when b is in ns and f and fy is in MHz

equation {(4.18) is obtained.

1 = b cos |16/ i (4.16)
) |
¢ = -2nb [?N} sin (116/1,) (4.17)
W 165 e afe/t
= -2nb |- 10°® sin[1fC/Ty) (4.18)

|

The corresponding equations for ripple group delay type Il (figure

4.12) are as follows.
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T,=b Sin[nfc/fN] (4.19)
Iy fe/f
¢, = -2nb = cos [" c N] (4.20)
f
¢, = -2nb {FN] 10° cos ["f‘:" fN] (4.21)

AVAVAVS

0 o
=
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G
a. -
g c=6
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Figure 4.11 Ripple group delay type | [9]

A AVAVAWV,
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0.0 10
Normalized frequency

Figure 4.11 Ripple group delay type |1 (9]
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4.2 Linear Filters of SSNDC

4.2.1) Butterworth Filters:

| Butterworth filters, also cal'led maximally flat amplitude response
filters, are commonly used types of linear filters in communication
systems. An n'th order normalized Butterworth filter has a magnitude

function given by:

. 2 1 '
ol = — (4.22)

Power (dB)

=10 1 f ‘\
127 N\

-14 ittt L
-2 -1 0 1 2
Normalized frequency

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

The magnitude response of a 2nd order Butterworth filter is shown in
figure 4.13. The gain at the center frequency is unity and the 3-(dB) cut-off
frequency is at w=1. The high frequency roll-off of an n'th order Butterworth
filter magnitude square is 20n dB/decade. The poles of Butterworth filters
are located equally spaced on a circle in the s-plane [13]. In the figure 4.14

the poles of & 3rd order Butterworth filter are shown.
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s-plane

Figure 4.14 Pole locations of a 3rd order Butterworth filter [ 13]

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 o; and w; define the pole location on

s-plane.The angles of the LHP poles are given by (2i+M-1)n/(2M) where
i=1,2,3,.. M

M |
: |
H(jw) = H m | (4.23)

4.2.1) Chebychey Filters:

These are |IR filters which have ripples in the passband of their

spectrums and show monotonically decreasing behaviour in the transition-
and stopband. The squared magnitude: response of a 3rd order Chebychev
filter with 3dB ripple amplitude is given in figure 4.15.

A Chebychev filter is defined by three parameters; the critical

frequency, «.; the order N; and the passband ripple amplitude A, .The

number of ripples in tﬁe passband is equal to the filter order. When Anax 18

the peak-to-peak passband ripple given in dB, the ripple parameter € is
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obtained as:

(A_. /10)-1
£ = \/ 10 M (4.24)
O N s
N T N S
5 / e - \‘\
-10 /
/ \\
Power (dB) -15 1 // \
\
_20 L
lll/ \ \\
_"5 + ’f'
2 y \\\
VR Lt U T e T B e pr e T e
-2 -1 0 1 2

Normalized frequency

Figure 4.15 Power spectrum of 3rd order Chebychey filter
with 3dB ripple[13]

The poles of a Chebychey filter 1ie 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 [3]. The radius of the minor axis is aw,

where : :
o= 5o - !N (4.25)

with :
=€+ 87 (4.26)

The radius of the major axis is bw, where :

Cbs _;_[al/N + V] - {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-1)n/(2N) where i=1,2,.N

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

The po]és of a Chebychey filter fall on the ellipse with the ordinate
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
el = ——1 | (4.26)
1+ €7V, (/o)

where V, (%) is the N'th order Chebychev polynomial defined as :

V(%) = cos { N cos™'(x)) (4.29)
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Y. INTERFERENCE INTO DIGITAL SIGNALS

The effects of interfering sources on ‘digital communication systems
are of great interest since interference is among the major causes of
performance degradations; Because of the inherent nonlinear nature of
digital systems, there is no formal solution to this problem. The
perform'ance of the digital system depends upon every detail of its design 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 D, {at a given BER) without
interference and a degradation D, with interference, it is fair to say that
D,-D, is degradation that can be attributed to the presence of interference

with the given set of conditions. IT 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

keying (CPSK) systems.
5.1 General Formulation, CPSK :

An M-ary CPSK system which is subject te intersymbol, interchannel
and cochannel interferences and AWGN can be modelled as in figure 5.1. The
complex envelope of the desired signal at the receiver input is given by
equation (5.1) [14]. ‘

| e (=3 p(t-kT) expl 18,80k | (5.1)

k=ceo
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ez(t) —b H2(t) -

eNt. t)‘—h Hr 1( t)

Figure S.1 Block diagram of linear interference problem [ 14]

where
p(t) .:possible amplitude shaping function
8(t) :possible phase pulse shaping function

8,  :k'th symbol phase

For an M-ary system, g, is usually chosen in the set [2nn/M] for n=1,2,

..., M. The i'th interfering complex LP-equivalent signal can be represented
by equation
8(t)=R(t) exp[j[z"f}t )+ p ]] i=2,3,... N (52)

Yrhere )
R(t} :envelope of the i'th interfering signal
y;(t) :phase of the i'th interfering signal
f,  : the frequency difference of the interfering carrier from the
desired signal
I . phase angle of the i'th interfering signal assumed to be

independent of one another and uniformly distributed on

{0,2n)
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When the interfering signals are digital modulation signals, their form will
be :

ei(t)= z ri Di(t-kiTi- .t]) BXD[][an.lt + ﬁiki‘l‘i(l-kiTi- TI) + lll]] (53)
where
T, : sumbol duration
T : relative time origin
g : relative interference level

8ik; - possible symbol phases of interfering signals

Each signal is passed through-a filter with LP-equivalent transfer

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

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

a=(2nk/M) was sent if:

(-1 o (2kridm
T

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

N
(=N (1) + jn,(1) + 3 e-h(t) (5.4)

n.(t) and n,(t) are the in-phase and quadrature components of the noise.

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

be :

g e (t,)
BOE B(to) = tan et(to)
where e (t) and e(t) 'are the real and imaginary parts of e(t), given as
follows:

‘e (ty) = So* Neo* Xeo* Yeo
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es(to) =S50t Ngo* X0t U

where
s :useful signal
n :noise |
% :intersymbol interference
y :interchannel interference
Let

C {t) = p(t-KT) cos(a 6(t-kT))
S, (t) = p(t-KT) sin(a,6(t-kT))
A(t) = R{t) cos(w,t + y,(t) + p.)
B(t) = Ri(t) sin(w, t + y(t) + )

h(t) = h (t) + jh. (1)

Then :
5.(t) = Cy{t+h, (1) - 5 (t:*h, (1) - (550)
s5(t) = Colthh, (1) +5 (t*h, (1) (5.5b)
%(t) =2 C{th (-5 (t=h () (5.5¢)
k=0
%s(th = 3 C (thh (1)+5 (t)h, (1) (5.5d)
k=0 ‘
Y(t) = 2 Alt)h (1)-B.(t)h (1) (5.5€)
i=2 -
N :
ys(t) = ¥ A(txh,_(D+B(t)xh, (1) (55f)
=2 .

If the interfering signals are digital modulation signals, equations
(5.5e) and (5.5f) become similar to (5.5¢) and (5.5d) Thus, the external
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interference problem becomes formalllg similar to ISI, making techniques
developed for the latter possible to use for the former.

In order not to bother with the hea“vg notation of M-ary system, we
will deal with binary 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

bi‘narg system [15). For a binary system the error probability, with the noise

being a white Gaussian process of yariance 02, is given by equation (5.6) :

R P oty P ) RGP
where
8y 18, givenay=0
82 S, givenay=n
Q : cumulative Gaussian distribution function
E - expectation over X, U

Thus the computational problem reduces to a conditional expectation
of Q(). 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

-e|a[5Y)] (5.78)
or equivalently .
1= (54w au (5.70)

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

O oo .
=2Ln£ l ox [—-—o v )exp‘[-jv(x-s}]dv dx (5.7¢)

~where % 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 (A) is
assigned to noise power and a reduced interference source is obtained, to
speed up the convergence of the series [16]. But no constructive method to

find A is available.

5.2.2) Gaussian Quadrature Rules:

This approach approximates the integral in (5.7b) as:

P i [S”‘ ] 8

The set of pairs {w,,u,) is called a quadrature rule and can be derived from
the first 2L+1 moments of u [15], [17]. The fact that,it has the best
convergence specifications among the meinods of this type [17], and it is
easily applitablef to many situations, makes this approach more
advantageous than the other ones. A method to obtain the moments of
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 Averaging Method:
» This approach is based on a per letter evaluation of equation
{5.7b).This requires an explicit representaiion 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.
2.3 Bounding 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 boLmding techniques are given below.

5.3.1) Chernoff Bound:

The point of departure of Chernoff bound is the inequality P e

where g(A)=1n E(e*V). % 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 [71.

5.2.2) Moment Space 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
original paper [18] which takes only IS] into account, can be extended to
include other interference effects by evaluating the moments of those
interfering symbols using the technique which is given in appendix A. The
tightness of the obtaiﬁed bounds and the rapid convergence specifications

make this method an»interesting research subject.
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V1. NONLINEAR CHANNELS
6.1 Modeling of Nonlinearities in Simulations

Practical communication systems include nonlinear elements. Typical
nonlingar 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 their maximum power output operating points.

The nonlinearities can be modelled as in figure 6.1.

Xeomp{) —81 Mool —mt  MNL 8 Poggno(t) o Yeomp(D)

Figure 6.1 Modelling of a nonlinearity with memory [ 19]

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

narrowband filters H{(f) and Hp(f). The ZMNL can exhibit two kinds of

- nonlinear distortion effects on its input signal:

1} A nonlinear output-ihput power characteristic (amplitude
modulation to amplitude modulation or AM/AM conversion)

2} A nonlinear output phase-input power characteristic (amplitude
modulation to phase modulation or AM/PM conversion)

Those effects can be seen, considering the input-output relation of a
ZMNL device. Suppose for the time bein;q that hyorelt)= hogor(t)= 8(1) where
8(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):

Ueomp(t) = 901X compltI) eXPL JF(x o (t+arglx o (1) ] (6.1)



Let
Xeompbl) = A exp(je) (6.2)

then equation 6.1 can be rewritten as:

Ueomp(t) = G(A) expl j{1(A4)+6) ] (6.3)

In equation (6.3) g(A) representé the AM/AM conversion and f(A) the
AM/PM conversion.

- The inphase and quadrature channel representation of this

nonlinearity is shown in figure 6.2 [20].
Z,(A) exp(j0)

—® |-nonlinearity |

Xearnpt L) — Yeomp( D)

L 90" —| Q-nonlinearity |

ZQ(A) exp(j0)

Figure 6.2 1Q-channel representation of nonlinearity [20]

Referring to figure 6.2 the input-output relation can be written as:
Yeomp(t) = [ Z,(A) + jZ,(A) ] exp(j6) (6.4)

The relation of Z(A) and Zy{A) with g(A) and f(A) are found to be:

A = 248 + M) (6.5)

PEAL
f(A) = tan _ZRJ—&T (6.6)
when hmo(t) and hy,, (1) have colored Fourier spectrum the

nonlinearity will attain memory. We used Butterworth filters for h,comp(t)
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and Mycony(t) in our simulation program. Usually hy., (t) has smaller

bandwidth than h, . (1).

6.2 Nonlinearity Models

6.2.1) Bandpass Limiters:

The bandpass limiters introduce AM/AM conversion effects and have
the input output characteristics shown in figure 6.3 [20].

e -

Figure 6.3 Limiter characteristics [ 20]

€, in the figure is the clipping point. When €=0 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 satellite link wheré the limiting takes place in a

repeater that detects the signal before transmitting it.



46

6.2.2) TWT Amplifiers

The high frequency, large output TWT amplifiers, 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 mbdel 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 nonlinearly until a point is reached where any additional 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.

| e
"

20 -15  -10 5 0
Input power (dB)

Output power (dB)

/

Figure 6.4 AM/AM characteristics of INTELSAT-IY TWT amplifier[21]
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20 -15 =10 -5 0

input power (dB)

Figure 6.5 AM/PM characteristics of INTELSAT-1Y TWT amplifier [21]

To simulate a TWT nonlinearity, samples of the quadrature curves are
stored and used for specific input power, the outputs are obtained by
interpolation.

Alternatively, approximations to these quadrature curves can be used
on a "best fit" basis. For the INTELSAT IV TWT (Hughes Corp. 261H tube)
these two envelope nonlinearities are given by a least square fit.

A2 2 :

210( C,A%) 6.7)
-S,A

Zy(A)=8,Ae 2 | (5.A%) (68

._02

where

lo : modified Bessel function of zero'th order
I, : modified Bessel function of first order
C,=1.61245

$,=1.71830

Cz=0.53557
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§,20.242218

Polynomial approximations could be used as well but more
coefficients are required.

6.3 Volterra Series Representation of Nonlinearities

For nonlinearities that have memory, the Volterra series approach is
appealing due to its generality and its clear relationship to a linear system
impulse response; A Volterra series is a Taylor series with memory
described by [19]; |

=3 ¥ (1) (6.9)
n=1

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:

* I v

Yn(t)i]. Lhn(T1,T2,...,Tn)x(t-TI)...x(t-Tn)dT‘...dT (6.10)

5 0

The first order term is the usual linear system response. An
immediate problem with Volterra series is the justification of truncating
the series at some order. The other problem is the complexity of finding the

Volterra kernels denoted by hy(Ty, To, .. . . Ty) in equation (6.10). These

problems make a Volterra series model impractical for all but a very few
applications in which the complexity and cost can be justified.
As an application of the Volterra model, consider the simplified block

diagram of a digital satellite link with complex lowpass representation,

shown in figure 6.6 [22] where (a,) is the sequence of discrete

independehtlg identiballg distributed generally complex random variables.

%(t) is the modulated signal:
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x(t) =3 a st-nT) (6.11)
n

s(t) is the overall impulse response of(the linear filters preceding the
nonlinearity. c(.) is a ZMNL device with:

c(.) = g(.) exp(jf()) o (6.12)
g(.) and f() are defined as in equation (6.3). u(t) is the impulse

response of the filters following the nonlinearity. ny(t) and np(t) are
generally complex baseband Gaussian processes with zero mean and

variances 0,2 and o,2 (representing uplink and downlink noises i'espectivelg).
First we will assume that ny(t) = 0 . Following a few straightforward steps,

the relation between y(t) and x(t) can be expressed as in equation (6.13) (a
complete description is given in [22] and [23] ).

m+1 2m+1

=5 |.. [ (T T VT[T T KT )T T

M0 -o0 =1 M l=me2 zm+ |

B (6.13)
Assume that the ZMNL can be represented by a Taylor series

expansion:

2m+|

) =m2=0 Yoy e A (6.14)

(a,) ___x(Y) (1) w(t) y(t) ~1)

SAMPLING
SOURCE || MODULATOR Ml s(t) ’(?" c(.) I u(t) "(? ®! & DECISION

n,(t) n2(t)

Figure 6.6 Equivalent block dia&ram of a digital satellite 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:

Wi =mgoy2m+ll,zm+](t)z*m(t) (6.15)
Since:
2(t) = ]q(T)x(t-T) (6.16)
and: |
yit) = Ju(T)w(t—T) (6.17)

After some straight forward steps, the following expression is
obtained:

o0 i m+]l 2m+1 .
y(t)—nzoymﬂj Lu I <) T 51T

- S=m+2
m+ 2+ 1 .
1[[1 x(t-T.) IQ (T )dT T T, (6.18)

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

kernels:
m+ 1 2m+ |

T - 'T2m+1)=72m+lj u(T)rI=[] ST )S=lrl-lI+2 SUTe-THT

| (6.19)
The received signal r(t) is given by:
r(t)=y({t)+n,(t) (6.20)

Let y(t) be sampled at time t=t, and defining:

Hore 01 -+ s Nomet) = Nomet (o Teymons - -+ 10~ Mome Teympon? {6.21)
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M, = nylte) (6.22)
R= l’(to) 3 (6.23)

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

o0

a,...a. a. ...ax H, (n.,...,n. )N
* r'2m§.="°“’ " et Me2 Momey 2ME11 m+it 2

b8

R=

m

13

0N
(6.24)

The decision 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 g, which contributes to form the

useful sample Ry
m

. e 2m
RO = R0P+]ROQ— a, m§=:0 laol H2m+l(0'0’ ...0) (6.25)

my in (6.25)v is asuitable number to stop the summation which is
found to be 3 for TWT nonlinearity. Letting P=R-R, equation (6.24) becomes:

R={Rgp* Pp*Nyp) + J (Rog* Pgt Nog) | (6.26)

The error probability can be evaluated in a similar manner as in the
case with linear interference problem discussed in chapter 6. The complete
description of this method is given in [23].

For nonlinear digital communication systems which contain one

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

symbaol error probability curves in a shorter time compared to a simulation.
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Y11. TECHNIQUES OF BER ESTIMATION

The definition of digital links perforrﬁa’nce 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, however as closed-form solutions are not available.
The advantage of these approaches is their speed and their disadvantagve is
the analytical intractability when the system under examination gets more
complex. Even for the nonlinear systems analytical methods exist, [22], [23]
but they seem to be limited with very particular cases.

| The second class of approches are simulation-based which 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) tail extrapolation

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 {(pdf), f,(Q) and f,(Q), of the input voltage at

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

These densities are sketched in f igure 7.1.
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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 voltage at the input of the decision device

exceeds threshhold voltage, V; or a "one” is sent and disturbances cause the

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

Y

.
Prob [error/one] = p, = J f l(v) dv = FI( VT) (7.1a)
Prob [error/zero] = P, = J f O(v) dv = 1- FO(VT) (7.1b)
y
T

The average probability is then i

P=Problone] p, +Problzero] p,
The functions F,{.) and F,() 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 case, it is
only a small region of these funciions, namely "the tails”, that we are
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 distribution functions evaluated at a single point. Because it is the most
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general, it 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 bef_ore are applicable to the simulation,
while others are limited to mom’toring{cases. A basic distinction between
these two cases is that monitoring 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 MC method, of course emulates the
conventional laboratory BER measurement method, using @ known
transmitted sequence. It is not suitable for monitoring unless, the
operational environment provides for periodic sequences. Methods b and e
are not_ suitable for a physical counterpart.

Since we are primarily concerned with 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:

2

Py L () 1,(¥) dv (7.2)

Where

1 vav,
ho(v) 1o vy

A natural estimator p, is the sample mean

N
1
b= Z hotv) (7.3)

i=1



If N bits are processed through the system, out of which n are

observed to be"irj_ error, a simple unbiased estimator of the BER is the
samplie mean

_n
b=3 | (7.4)

in the lim'it when N = o0 ,p will tend to true value p. For finite N, we
quantify the reliability of the estimator in terms of confidence intervals.

Two numbers h, and h, are searched, functions of p, such that for given high

error probability, h, < p < h, and the confidence interval hj-h, be as small as

possible. The confidence level, 1-a is defined through the relation
Problhy<pshl=1-a | (7.5)

The confidence levels for M.C. methods are shown in figure 7.2.

10”0V

S S | IJJJJ_.I

1

(3]
|

1

10-(kol) r T T T LRSS N T T

0¥ 1ok 10%*2 k+3

10
N - TOTAL NUMBER OF BITS OBSERVED

Figure 7.2 Confidence bands on BER when observed value is 10~K
(Monte Carlo technique) [24]



7.2 Importance Sampling

The important events, namely errors-are caused very rarely by the
underlgihg 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
[13], [24]:

o f,{0) ‘ ‘
D°-L ()f” 5(v) dv (76)

fo* is ana'ther‘ probability density function of the same type with
f,(0), but with a higher variance. Denoting the term within brackets as

hy*(¥), the new estimator is given by:

*

. |
b o]
0=F]Z (vl) (7.7)

7.3 Hybrid Simulation/Analysis

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 noise is then added analytically and the
average error rate is calculated. .

When the demodulation and detection process is nonlinear, direct
simulation (Monte Carlo Method) is the only cheice. 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 as
quasi-analytic method is applicable [25], [26].

The distinction between these two approaches is shown in figure 7.3

TRANSMITTED A
SIGHAL "°“"“ ¢ W°°“'-““° ) SCATTER DIAGRAM symeos o)
s (SAVED)
/ No wansm. SAMPLE X, SYMBOL DURATION
& NONLINEAR DEMODULATION l—_ Ts
— PROCESS X —i
“* CHANNEL
I O ouTeuT
MODEM A
-—@-» OECRONS Pt RO |—e- ERNOR
FILY[R “Q" CHANNEL Bl_.‘ DETECTION
l CUTPUT
“0‘5‘ L_Anompm v
IDEAL PHASE SAMPLE ¥
REFERENCE
{a) PURE (ERROR COUNTING) SMULATION
SIGNAL POWER c (MODULATED) NOGE FREE SCATTER DIAGRAM
SAMPLE SYMBOL DURATION  X2.Y Y
LINEAR omoouwnou / X; (NO Nosg) s-/ T \"&— ' ,‘%,
AT T T T T ),
al Lo 4 CHANNEL H H ‘::;:I:AL
OouTPUT X, iTION
MOOEM ! P x 1 — <
[ — cadOaTion }—= £
"“‘“ = Q" CHANNEL 4 o Yy —ef OF AVERAGE
o 21 ouTRUT ' R PROBABILITY
]_AN T™H (I7 SRTS o8 W A
DEAL PHASE Lsmm.s ¥, {NO NOBE) : ﬂil S
REFERENCE "
SCATTER CAUSED .
(b) HYBRID SIMULATION/ANALYSS .N,mf,’}m‘,j‘.,‘,,:,;mm

ADJACENT CHANNEL INTERFERENCE,
CO-CHANNEL INTERFERENCE

Figure 7.3 Pure Monte Carlo and quasvanalytié simulations [24]

The upper and lower models illustrate direct simulation and
quasi-analytical- methods respectively. With quasi-analytical methods the

average P, is calculated as:

N
1
=4 ,2 P(EIX,,¥ (7.8),

‘where N is the number of symbols in the simulation run and P(EIX),Yy)

is the error probability given a particular value of decision metric ( ¥;,¥y).on

the I'th symbaol.
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Referring to the QPSK model shown in the lower part of figure 7.3, the

samples (X},Yy) are plotted as a noise free scatter diagrem. For a perfect

channel, exhibiting no interference and other distortions, the points should
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 given as:

where:

N, :noise density at the input to the receiver
E, : energy per QPSK symbol (E.=2E,)
ByT : product of receive modem noise bandwidth and the symbol

duration

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

N
Pl 2, 2 ,
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YIll. SOFTWARE SSNDC

8.1 Linear System Simulations

The software SSNDC is capable of performing linear transmission
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 linear system simulation.

PRBS Linear
Generator i~ Modulator Filter

v

Linear
Distortion
AWGN
Linear | ] Matched —
Filter Filter T Decision
Butterworth

Filter

Figure 8.1 Linear transmission system of SSNDC

When the linear transmission system is being configured, the user is
let to choose fm? each module from the available set of model library.
First the length of the symbol sequence and number of samples per a
symbol is entered. |
The available modulation types are:
a) BPSK
b) QPSK
c) OK-GPSK
d) MSK
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The modulators are subject to the following realization
imperfections:
| a)amplitude imbalance
b)phase imbalance
The available linear transmitter (TX)-filters are:
a) Phase equalized Butterworth |
b) Butterworth
c) Chebychey
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
¢) Ripple amplitude distortion type |
d) Ripple amplitude distortion type /I
e) Linear group delay
f) Parabolic group delay
g) Ripple group delay type |
h) Ripple group delay type 1! |
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
T¥-filters and the linear R¥-filter module in figure 8.1 can be also
con’figuréd'bg 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)static phase error
bysampling time error

For BPSK systems a Butterworth detection filter can be utilized
instead of matched filter.

8.2 Nonlinear System Simulations

The model for nonlinear system simulations by SSNDC is shown in

figure 8.2.
PRBS Linear
Generator L i Modulator *?. Filter

1 ZMNL

v

lf-:lil:f:: ’(?_, Demodglator__’ Decision

n
2

Figure 8.2 Nonlinear transmission system of SSNDC
\ ,

Until the AWGN n, is added to the signal, this model follows the same
steps as in the linear case. n, is generated by the Gaussnoise generating

routine. Without changing the symbol sequence the simulation is repeated
until the confidence level attains a satisfactory value. A
The/linear filters before and after ZMNL are chosen from the set in

the linear system simulation. The possible ZMNL devices are:
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a) Hard Limiter
b) Clipper
c) TWT
These nonlinear devices are generated according to the principles which are

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

8.3 System Configurator of SSNDC

The flow diagram of a system congiguration session with SSNDC is

given in the following figures.

ENTER NUMBER OF SYMBOLS IN SIMULATION

v

ENTER NUMBER OF SAMPLES PER A SYMBOL

v

CHOOSE THE TYPE OF THE MODULATION

ANY
IMPERFECTIONS
IN MODEMS

CHOOSE IMPERFECTION

| Figure 8.3 a) First part of system configuration session with SSNDC
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2)

ENTER INITIAL FINAL VALUES &
INCREMENT FOR SNR

-, ‘

i ! AY\ ~
CHOOSE FILTER |§— TRANSMITTER
‘\\HLTER/

ANY
"~ OTHER

CHOOSE FILTER

~

Y
CHOOSE FILTER Q—-( RECEIVER
~_FILTER

~.
N ~MATCHED N
FILTER

\%ECTION Y
| \

CHOOSE FILTER

END

Figure 5.3 b) Second part of system configuration session with SSNDC (linear system)
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~

< AWGN BEFORE S
HONLINEARITY
\\\ P

ENTER RANDOM NUMBERS
FOR GAUSSIAN NOISE GENERATOR

!

ENTER UPLINK SNR

‘ 3

ENTER INITIAL,FINAL VALUES &
INCREMENT FOR DOWNLINK SNR

FILTER BEFORE
NONLINEARITY

CHOOSE FILTER

)

CHOOSE NONLINEARITY MODEL

Y

//;NY '

o~ FILTER AFTER SN
“ NONLINEARITY .~

‘\\ //
Y L

CHOOSE FILTER

Figure 8.3 ¢) Second part of system contiguration session with SSNDC (nonlinear system)
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I1X. RESULTS OBTAINED BY SSNDC

9.1 General

The results we have obtained by our simulation program, are in
general similar to the ones given in [S] 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
respectively.

For linear delay distortions, the crosstalk introduced between the
inphase and quadrature channels caused larger degradation in QPSK than in
BPSK as discussed in chapter 4., which is shown in figure 9.6. For quadratick
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 [S] given in figure
42, |

The effect of parabolic amplitude distortion in BPSK and QPSK are
shown in figure 9.8. |

The degradation caused by 0.1 dB ripple Sth order Chebychey 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 frequerfcg of the filter (i.e. BT=1). This was not a surprise
considering the increased matching-between the signals and the filters

frequency responses.



66

For imperfect demodulator structures, figures 9.9 and 9.11 are
obtained which show the degradations due to demodulator étatic 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 degradation
is resulted in agreement with the expression in equation (3.20). Figure 9.12
which shows the effect of sampling time error, is also in close agreement
with the corresponding curves in figure 3.5 although only small sampling
time shifts are considered in the later one.

Detection of BPSK with 2nd order Butterworth filters is considered in
figure 9.11. Our result was quite similar to the results formerly obtained in
[5] given in figure 3.6.

For nonlinear system simulations the OK-0PSK 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 bottbming
effect is observed. For TWT amplifier at saturation and with removéd
nonlinearity the systems performance did not change practically although

with increased backoff the performance decreases.
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9.2 Figures |
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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 9.3 Degradation due to combined effects of phase and
amplitude imbalance in BPSK
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Figure 9.4 Degradation due to phase imbalance in QPSK
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Figure 9.5 Degradation due to amplitude 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 !l 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
and filters are generated as complex lc;wpass equivalents of their 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 realizationf'
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 and Chebychey filters. Nonlinear channel modeis of SSNDC are
ZMNL (zero memory nonlinear) devices, introducing one or both of the
possible nonlinear distortions which are AM/AM and AM/PM conversions.
Linear and nonlinear filtering operations are performed in frequency and
time domains respectively.

Relying on the qﬁasi-analgtic simulation method, SSNDC can be used
to obtain probability of error curves for CPSK systems operating over linear

or nonlinear channels 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
convenience of personel computers make using them very desirable. Also
using a medium level computer language like “ C " the speed and portability
of the simulation software may be increased.

In this thesis the Volterra series representation of nonlinearities is
presented. Using this representation analytical solutions to limited amount
of nonlinear systems can be obtained.

We have utﬂized quasi-analitice;l simulation technique to get the
simulaiion 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 S., is
another interesting subject. When the interchannel interference 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 this thesis linear and nonlinear channels in AWGN environment 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 library according to the requirements.

Other features of a digital communications simulation package
include various source and channel encoding capabilities and other

modulation scemes [11], [26].
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APPENDIX A
Obtaining The Moments Of Interference

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]

M
EDRA (A1)
h=1
let us define the partial sum
. n .
V=2 % - (A2)
h=1
note that
The j'th moment of X is given as
_ _ j
| Elx]-E [\"M] (A4)
because of the statistical independence of the interference terms
j ] ‘
E ["m] =E [[v,; xnﬂ]} (AS)
AMELELS
:% o[ B E{ %oy (A6)
often X, are even random variables, in this case
;; E[x2j+1]: 0 j20 (A7)
a1 12] . 2h 2j-2h
2
e[ 3 [ZJ E [VH_,] E [xm ] (AB)
h=0 ,

Let ¥, be a function of ; and B;, where o; and j; are also random variables.
The samples ¥, are not in general independent due to the same di and B, , but

they become statistically independent for constant values of «; and ;. So,

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

h=1

: j
" ,
E (z xh)| o, (A9)

which results in the equation
VN
EV Y X
h=1

Evaluating the double integral in equation (A10), the moments of X can

]

=”E (N Xh)lai'[’i dF(e) F(B)  (A10)

h=1

be calculated.
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APPENDIX B

Obtaining The Quadrature Rules From The Moments

Let
b

[0 a0 dx 2 3 afx) ®1)
i=1

a

the k'th moment of & is given as [29]:

b
pE = [ alx) dx k=0, 1, 2N (B2)
a

are known,
Then the Gram matrix M of the moments is formed {23], [29], [30], whose
entries are given as (M) = pl |
i,j=0,1, e N{B3)
The Cholesky decomposition is performed on M, such that
M=R'R (B4)

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

i-1
Fi = (mii-k:1 ril) (BS) .
i
M & ) .
r 3 i<j (B6)
Using the entries of matrix R, new variables are obtained, given as
: . r, .
_ j.jt1 _ =4j .
ozj = rj‘j rj_l'j_l j=1,2,...,N
(87)
_ rj+1,j+l _ i=1 2 N-1
B] == - J=l,4,..,

b

with r, ;=1 and ry =0.
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The sets of {; } and { B ; } are used to form the tridiagonal matrix [J] which

is defined as

) . —
Bya, . O
[J] = s (B8)
0 v By
| Byt |

The relation in equation (A10) is true for any set of orthogonal pvolgnomials
N
{p.(x)]
Il
=1

p (0= (3B p 00 -ep 0 12N (B9)

where p_,(x)=0 and p,{x)=1.Then in matrix notation:

xp(x) = [ Blx) + (1/8)) p (%) &, (B10)

where g, =[0,0,.,1]T .1t is easily seen that

b,

j
Q. =~—
3,

} j

1
c 2
j+1
B_l = ajaj-"l

The quadrature rule { w; , % }_,, @re obtained from the eigenvalues and

(B11)

eigenvectors of [J]. 1T

[J] qj = t_jqj (512)
then
X.=t .
[
2 (B13)
q].j
. = 5
boop(t)



APPENDIX C

Program Listing of SSNDC

Main Program

System Configurator

Nonlinear System Simulator
Gaussnoisegenerator

Linear System Simulator

Phase Cnmpensﬁtor

TWT Amplifier

Modified Bessel Function Of 0'th Order
Modified Bessel Function Of 1'st Order
Colored Noise Power Calculator
Sampling Time Shifter

Equalized Butterworth Filter
Butterworth Filter

Chebychev Filter

Hard Limiter

Clipper

Constants

Initialize

Maximum Length Complete Sequence Generator
BPSK Modulator |
BPSK Demodulator

OPSK Modulator

QPSK Demodulator

OK-QPSK Modulator

page

83
84

92

96
97
100
101
102

103

104
105
106
107
108
109
110
11
112
13
114
115
117
118
120

B1



OK-QPSK Demodulator

MSK Modulator

MSK Demodulator

Fast Fourier Transformer

Linear Amplitude Distortion
Parabolic Amplitude Distortion
Ripple Amplitude Distortion Type |
Ripple Amplitude Distortion Type ||
Linear Group Delay

Parabolic Group Delay

Ripple Group Delay Tupe |

Ripple Group Delay Type 11

PRBS Generator

Complementary Error Function
Time Begin

Time End

82

page
121
123
124
126
128
129
130
131
132
133
134
135
136
139
140
140
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PROGRAM SSHDC

comiod /C11/ HODTYPE

COnnaN /0667 1SYSTEMTYPE
OPENCUNIT=1,FILE="RESULT .DAT" , STATUS="UNKNOUN " >
OPEHCUNIT=2 FILE="PLOT.DAT ", STATUS="UNKNOWN ' )
CALL CONST

CALL SYSTEM_CONF IGURATOR

CALL INITIALIZE

PRINT#*,CHARC2?3/ /' (24"

{FGI0DTYPE . EG. 11)THEN

HRITECT, #*)! BPSK SIMULATION’

HRITECR, *)° BPSK SIMULARTION®
ELSE IF(HMODTYPE.EG. 12 YTHEN

HRITECT, #*)* QPSK SIMULATION'

URITELG,* OPSK SIMULATION'
ELSE iF<MODTYPE.EQ. 13)THEN

HRITECT, #*) OK-0OPSK SIMULATION®

LRITECG, #5° OK-0PSK SIMULATION®
ELSE IFCHODTYRE.EQ. 14 THEN '

URITECY *)* MEK SIMULATION'

HRITECD,*3' MSK SIMULATION'
ENDIF

{FLLSYSTEMTYPE.EQ. 1CALL LINERR_SYSTEM_SIMULATOR
IFCISYSTEMTYPE EQ. 2)CALL HOMLIMEAR_SYSTEM_SIMULATOR
clib .
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~ ZUBROUTINE SYSTEM_CONF IGURATOR
C this subroutine inputs the parameters from the keyboard

CHARACTER*1 CH
CHARACTER*2 CHA

INTEGER INPUTDATA(4096 )
COMPLEY. S1GNALC 16384
COMPLEX GRUSSHOISEC 16384 )
YNTEGER OUTPUTDATAC4095)
IMTEGEFR*4 PANDOMHUMEER(2)
CHARRCTER* 1 PLOTCONTROL
CHARACTER+*1 AWGNBEFORE
'HTEGER REGISTER(24)
CHARACTER*1 ERRORTYPE
DIMENSIOH TRANSFERFUNCC 16384 )
COMPLEX, FFTOUT(16384 )
COMPLEX HOISE(16584)

RERL. COLOREDNOISE3¢122)
OIMENSION LFILTERGRDERC10)
OIMENSION CRITICALFREQC10)
DIMENSI10N LFILTERNUMBER( 10)
DIiMENS10H MLFILTERNUMBERC 10D
DIMENSION PASSBANDRIPPLEC 10

COMMON /CY/ PILPIZ

COMMON /€27 INPUTDATA
COMMON /C3/ HUMSAH

COMMON /C4/ HBITS

coMmon /C7/ SIGHAL

COMMON  /C9/ GRUSSHOISE
COMMON /2107 RANDOMMUNMBER
COMioN /C11/ NMODTYPE
COMMON L1127 OUTPUTOHTA
comMon /0147 REGISTER
ConMon /C15/ NREG

CoMMoN G164 DELTASNR
ConioN /C17/ NERROR
coMnon AC18/ ERRORRATIO
CoMHoN /G197 ERRORTYPE
COMMOM JC2G/ SAMINT
commoN /C214 BITLENGTH
COMMON /C22/ SAMFREQ .
COMHMON /C24/ TRANSFERFUNC
COMMON fC29/ FETOUT
CoMMoN #C30/ PLOTCONTROL
oMo fC33/ PHASEOFFSET
COMMON  /C34/ AMPLITUDESFFSET
corion fC35/ LFILTERNUMBER
COfMoN /C36/ CRITICALFRED
COMMON /C37/4 LFILTERORDER
COMMON /C38/ ALIN

COaMMON /C39/ APAR

COMMON /C40/ ARS,MSRIP
COMMON /C41/ ARC,HCRIP
COoMMoN /C42/ GLIN

COitMON  /C43/ GPAR

ComMMoN /C44/ GRS,NGSRIP
COMHON  /C45/ GRC,NGCRIP
COMMON /CS1/ PRSSBANDR IFPLE
COMMON /C55/ SIGNALPOLER

Co

I
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COMMON /£567 NLF ILTERMUMBER
COnMoH /CS?/ DEMOD_PHASEERROR
COMMON /CS87 NOISE

COMMDN CB0/ LSHIFT

COMMON /C61/ COLOREDHOISES
COMMON /C62/ COLOREDNO|SEPOMER
COMMON /C63/ IDETECTIONTYPE
COIMMON  /C64/ EQUIVHOI SEBANDM
COMMON /0557 BACKOFF

COMMON  /CB6/ 1SYSTEMTYPE
COMMDN  /C67/ AWGNREFORE
COMioN /957 UPSHR

CotnGH /C?07 1SHRINITIAL
COMMOM /C77 ISNREND

COMMON /C?8/ ISHR

PBlHT*,CHRRf°?\/}‘[2J'

PRINT#, ' sususassnns T T T R BB BRRBB
PRINT#, * ENTER NUNBER OF SYMBOLS GENERATED (pouer of 2)2°
BRINT*

PR INTH, S S R R I S R SR S A RSB BB B S
PRINT*

RERD(S,#3MBITS

PRINT® CHRR<2? /4 (20"

PRINT®, ' s#eusssngananenus £ #BUBBBRBERERESS
PHIHT*,' ENTER NUMBER OF °HMPLES'SVHBUL (power of 2)?°
FRIHT*

FPRINT#, ' #usuanan ST # # #ed
PRINT*

RERDLS, # XNUNMSAM

BITLENGTH=1.

SAMFREQ=REAL (NUMSAM>

SAMINT=B I TLENGTH /REAL {HUMSAM)

PRINT* CHHR(Z?)!f 12J°

PRlHT* # HHEHS it sHuaRRBRRER

PRINT* * CHOOSE THE TVPE 0F THE HODULHTIUN )

PR!HT"

PRINT®," 11 ..... _BPSK*

PRINT*,* 12 ._... OPSK'

PRINT#,* 12 ..... OK-QPSK®

PRINT®, " 14 _ ..., MSK*

PR]NT*’ RELE22 2 22 iR 2 g 2 222 g2t 1i21212:212 110

PRINT#*

RERLD(S, #ODTYPE

PRINT*, CHARC2?34/° [2d

PRINT# * ssnaiunnts #a8 # B #uuugnsn
PRINT#*, CHOOSE THE SYSTENM TVYPE

PHINT*

PRINTk," 1 ..., LINEAR®

FRINT*, " 2 ... NOML IHEAR®

PRINT®, ‘#usaaanis #* #H #BHLEH #4 seRHgQRRpRBHSHERBBR
PRINT*

READ(S,*) |SYSTENTYPE

PHIHT* CHHR(Z?);[ [2J4° . . .
FHINT* ‘und e AunABEnd #RuHERRERY
PRINT*

FRINT*, ' ENTER THE FOLLOWING UALUES FOR °

FFCISYSTEMTYPE .ED. 2)THEN



cn
[
[}

i
=

527

FRINT*, *

ELZE
PRINT*, *

ENDIF

DOWNLINK NOISE in ¢dB)*

AHGN in (aB)

FRINT#, ‘s

# 22202022212 L2222 1

NRITECH, *>" INITIAL SNR

n
'~

READCS, ¥IISHRINITIAL

HRITECG, * ) FIHAL SHR =

RERDCT, * X SNREND
WRITELD,*)'SHR
READCS, *)ISHR

-~

STEP = 2

IF (MODTYPE . GE. 11.AND.MODTYPE.LE. 14 )THEN
PRINT®*, CHARCZ?)/ /' 124"

PRINT#, * e

8 # '

PRINT*,* ANY REALIZATION IMPERFECTIONS IN MODEMS (Y/N)Y 2°

PRINT*, *

PRINT®, " ##unguuny

FERDCS, 110XCH

{F(CH.EQ. '%* THEN
FRINT*, 'ENTER YOUR CHOICE'

PRINT*

PRINT*,* 1...
PRINT*, " 2. ..
PRINT*,* 3. ..
FRINT#," 4...
READICS, 110CH

. .PHASE UMBALANCE"

. .ANMPLITUDE UNBALANCE"

. .DEMODULATOR PHASE ERROR'
. .SAMPLING TIME ERROR'

IFCCH.EQ. * 1° THEN
PRINT*, "ENTER MORMALIZED PHASE UMERLANCE’

PRINT#, *
PRINT*, *

HINIWUN = 0.0°
HAXIMUN = 1.0°

RERDCS, *# )PHASEOFFSET
IF{PHASEOFFSET.LT.0. .DR.PHASEOFFSET.GT. 1. )GOTO 510
ELSE IF(CH.EQ. "2 JTHEH
PRINT#*, "ENTER HORMALIZED AMFLITUDE UNBALANCE'

PRINT*, "
FRINT#, "

MINIMUN = 0.0°
MAXCIMUN = 1.0°

READCS, *AMPL I TUDEOFFSET
IFCANMPLITUDEOFFSET.LT.O. .OR. AMPLI TUDEOFFSET.GT. 1. )

ELSE IFC(CH.EQ. 3" DTHEN
PRINT*, '"ENTER HORMALIZED DEMODULATOR PHASE ERROR®

PRINT*, "
PRINT*, *

MIHIUM = 0.0°
MAXINUM = 1.0°

RERD(S, * DENOD_PHASEERROR
{F(DEMOD_PHASEERROR.L.T.0. .OR.DEMOD_PHASEERROR.GT. 1. )

$60TO 525

ELSE IF(CH.EQ: 4" )THEN
PRINT#, 'ENTER SAMPLING TIME ERROR IN NUMBER OF SAMPLES'

PRINT#, "
PRINT#, "

0'
* ,NUMSAM

MINIMUM
HMAXTHMUM

non

RERD(S, *ILSHIFT

$G0OTO 527

IF(LSHIFT.LT.0.0R.LSHIFT.GT.NUMSAM)

ELSE
GOTO 500
_EMDIF
PRINT*,' PHASE IMBALANCE =" ,PHRSEOFFSET
PRINT*,*  AMPLITUDE IMBALANCE =", AMPL I TUDEOFFSET

FRiMT*, * DEMODULATOR PHASE ERROR
PRINT#,*  SAMPLING TIME SHIFT

PRINT*

*’ DEMOD_PHASEERROR
*,LSHIFT," SAMPLES'®



PRINT*, *  ANY CHANGE IH THESE UALUES <Y/N) 2
GUTO 302
IFCCH.NE. "N* 3G60TO 501
ENDIF
FRINT#,CHARC2? /7" [2J°
EMDIF

IFCISYSTEMTYPE .EG. 2)THEN
PRINT# PHHRf°?\ff {2J°

rRINT* ' #ngennun #EHd 2312033 #fBBBRUR guRgRy
PRINT#

PRINT, * AUGH BEFURE THE MOHL INERRITY (VIN) ?*

FRINT#, *# .

REARD(S, 110)CH
IF(CH.EQ."Y* > THEN
ANGHBEFORE=CH

D00 K=1,2
PRINT®,CHARC2?)/ /" [2d°
FRINTH, * #Suasssaaataaaa st s st nennaeasasunuaunnnny '
PRINT* ,
FRINT#, " ENTER R 5-DIGIT ODD NUMBER®
PRINT*
PRINTH, | 08 uau st s us o s s uua s an s s annunananang

READCS, * JRANDOMNUMBER (K

END DO
PRINT®,CHRAR(272// " [24°
PR! HT?'}-J RR-3:2:2: 2221202020212 HRBRU4ABUEYE 22202021 $3°
PRINT* '
PRINT#,' ENTER UPLINK SNR in (dB>'
PRINT*
PRINT#, * susnunues s ut :
PRINT#*
RERD, # MUPSHR
WRITECT,*>"  UPLINK SHR =',UPSHR, " (dB)’
EMDIF
ENDIF ' !
PRINT#,CHARCZ2?)/ /" 124"
PRINT*®, ‘% b suunHny’
PRINT#

{ECISYSTEMTYPE .EQ. 2 )THEN
PRINT#," ANY LINERR FILTERING BEFORE NONL INERRITY <(¥/H> ?°
ELSE
PEINT® * ANY LINEAR TRANSHMITTER FILTERING (Y/M> ?°
ENDIF » |
FRINT# ‘'#iéas # # # # Hittest it
Ki{=0 .
READCS, 1100CH
{FCCH.ED. "Y' OTHEN
K=KK+ 1
PRINT#, 'ENTER YOUR CHOICE’
FRINT® _ ,
FRIWTE, " 1..... EQUAL1ZED BUTTERWORTH FILTER'
PRINT®, " 2..... BUTTERHORTH FILTER'
FRINT®*," 3..... CHEEYCHEY FILTER'

. READCS,*YICHOICE
|F{ICHOICE.EQ. 1)THEN
LF [LTERNUMBER(KK =1
ELSE IF(ICHOICE.EQ.2)THEN
LF ILTERNUMBER(KK)=2
ELSE IF<ICHOICE.EQ.3)THEN

g7
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LF ILTERNUMEERCKK )=3
FRINT*, " ENTER PEAK UALUE OF RIPPLE in (dB)"
PERD(S, * )PRSSEANDR I FPLECKK >

ENDIF

FRINT*, ' ENTER ORDER OF FILTER®
RERDLS, *JLF ILTERORDER (KK )

HRITEC 1, * ) LF ILTERORDER=", LF IL TERORDERCKK
FRINT#,* EMTER NGFNHLI_ED CRITICAL FREQUENCY®
READCS, SICRITICALFREGCKK)

HE!TE(i *)'CRITICRLFREQ=",CRITICALFRECQCKK )

IFC1SYSTEMTYPE .EQ. 2 THEN
GOTO 680

ELSE
PRINT*,* ANV OTHER LINEAR TRANSMITTER FILTERING (YN 2
GOTO 560

ENDIF

ELSE IFCCH.NE. 'N* >THEN
BOTO S60
EMDIF

IFCISYSTEMTYPE .NE .2 G0TO 700
HKK=0

HIKK=HEK+ 1
PRINT®, CHAR(2?3/ /' 124"

PRINT#*, sUBBEEeRBHER L SESHRBBRBHEBERBE

FRINT: _ ‘

PRINT#," ENTER HOMLINEARITY MODEL'

PRINT*,'“““"”"“""A #ygRi £:3:2:202:5:80 20211 2122120202001 202 0202020
PRINT*

PRINT®, 1., CLIPPER'
PRINTE, " 2., HARRD LIMITER®
PRINT®, " 3..... THT®

READCS,* 2 ICHOICE
IF{ICHOICE. EQ. 15THEN
HLF ILTERNUMBERCHKIK )=1
ELSE IF{ICHOICE.EQ.2THEN
HLF | LTERNUMBER CHKK )=2
ELSE IFCICHDICE.EQ.3)THEN
HLF i LTERNUMBER(HKK )=3
PRINT#,* ENTER INPUTPOWER BACKOFF in (dB)'
RERD(S, * )BACKODFF
EROIF

PRINT#,CHAR(Z7)//" [°J .
PP'HT* s #1 s gty gttt

PRINT*
PRINT®, " ANY LIHEHH FILTERING HFTEH NOHLIHEHRIT? VD 2

PRINTs  *#uu HHEBISY sHEEHHERNY e
READCS, 110)CH
IFCCH.EQ. *V" JTHEN
pK=2 :
PRINT#, "ENTER VOUR CHOICE'

PRINT* :
PRINT*,* 1.....EQUALIZED BUTTERHORTH FILTER®

PRINT®," Z..... BUTTERWORTH FILTER'
PRINT#*,* 3. .. CHEBVCHEV FILTER'
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RERDCS, #31CHOICE
(FCICHOICE.EQ. 1)THEN
LFILTERNUMBER{KK )=1
ELSE IF(ICHOICE.EQ.2)THEN
LFILTERNUMBER (KK )=2
ELSE IFCICHOICE.EQ.3)THEN
LF ILTERNUNMBERCKK 3=3 .
PRINT*,* EMTER PEAK WALUE OF RIPPLE in (dB)'

RERD(3, # )PASSEANDR I PPLECKK )
ENDIF

FRINT#, * ENTER ORDER OF FILTER'
RERDICS, # LF |LTERORDERCKI)D
HRITEC1,* ' LF ILTERORDER=",LF ILTERORDERCKK )
PRINT*, " ENTER MORMALIZED CRITICAL FREQUENCY®
RERDYS, *SCRITICALFREQCKK
WRITECT, * 3 CRITICALFREQ=",CR1TICALFREQCKK)

ELSE 1F(CH.NE.'M" THEN

GOTO €50
ENDIF
GOTO 1000

PRINT®, CHAR(2?)>//° 124°

PRINT*, ' saasussnusn TR SRR BRRERY

PRI NT#
PRINT®,* ANY LINEAR DISTORTION CY/M) 2°

PRINTH, * stss e e 8 .

READCS, 1102CH
IFCCH.EQ. "Y' THEN
- KK=KK+1
PRINT*, "ENTER ¥OUR CHOICE®
PRINT*
PRINT*, " 1..... LINERR AMPLITUDE DISTORTION®
PRINT*,* 2..... PARABOLIC AMPLITUDE DISTORTION'
FRINT*," 3..... RIPPLE AMPLITUDE DISTORTION (Type 1)*
PRINT®," 4. .. RIPPLE AMPLITUDE DISTORTION (Type 11)*
CPRINT®, " 3..... LIHERR GROUP DELAY®
PRINT®, " 6..... PARABOLIC GROUP DELAY®
PRINT*," 7..... RIPPLE GROUP DELRY (Type )
- PRIWT®," B..... RIPPLE GROUP DELAY {(Type t13'
RERDCS, #>ICHOICEZ
{FCOSCHOICE2 EQ. 1)THEN
LF ILTERHUMBERCKK =11
FRINT#, ' ENTER SLOPE OF THE LINERR AMPLITUDE
$ DISTORTIOH in <(dB/MHz)'
RERD(S, *OALIN
URITECT,*2" ALIN = *,ALIN, " (dB/MHz)’
ELSE IF{ICHOICEZ.EQ.2)THEN
LF ILTERNUMBERCKK =12
. PRINT#,* ENTER PRRABOLIC AMPLITUDE DISTORTION
$ COEFFICIENT in (dB/(MHz 2}’
READ(S, * )APAR
ELSE IFCICHOICE2.EQ.3)THEN
LF ILTERHUMBER(KK >=13
PRINT#, " ENTER PEAK VALUE OF RIPFLE in (dB)'
READ(S, *JARS
WRITECT,*3' ARS = ',ARS," (dB)’
PRINT*, " ENTER MUMBER OF RIPPLES®
READ(S, *NSRIP
WRITEC1,*)>" NSRIP = *,NSRIP

89



761
760

ELSE lF(lCHGlCE?.EQ.4)THEH
FILTERHUNBERY KKi=14

F‘FHHT+ ' EMTER PERK UALUE OF RlPFLE in (dB)

FREAD(S, * YARC
HHITE(i *3' ARC = °,ARC, " (dB)’
PRINT*, ' ENTER NUMBER OF RIPPLES®
RERDCS, *OHCRIP
HRITECT,#3" HCRIP = *,HCRIP

ELSE {FTICHDICEZ .EQ.5)THEN
LFILTERHUMBER(KK >=15

PRINT#, ' ENTER LINEAR GROUP DELRY in <{ns/tHz)’

FEAD(S,*)GLIN
ELSE IF(ICHUILEQ.EQ.E)THEH
LFILTERNUMBERCKK 2=16

FRINT*," ENTER PARABOLIC GROUP DELAY in <{ns/Hz2)'

RERD(3, *)GPAR

ELSE IFCICHOICE2 .EQ.7)THEN
LFILTERNUMBER(KK )=17
FRINT*, ' ENTER MAXIMUM DELAY in (ns)’
READCS, *# GRS
HWRITECT,*3' GRS = *,6RS, " (ns)’
PRINT®, " ENTER HUMBER OF RIPPLES®
READ(S, #JHGSRIP
HRITECT,#*)>" HGSRIP = ' ,NGSRIP

ELSE IF{ICHOICEZ.EQ.E)THEH
LFILTERHUMBER(KK =18
PRINT*, * ENTER MAXiMUM DELAY in (ns)’
READ(S, *)GRC
WRITECT,*3" GRC = *,GRC, " (ns)’
FRINT*, * ENTER HUMBER OF RIPPLES®
RERDCS, *# IHGCRIP
WRITECT,*)* WGCRIP = ' ,NGCRIP

ELSE
GOTO 661

EHDIF

PRINT#," ANY OTHER LIHEAR DISTORTION (Y/H) ?°
GOTO &R0

ELSE IFCCH.HE. "H" >THEN
GOTO 660

EHDIF

PRINT*, CHRR(2?3/ 4 [20°

PRI HT*‘ 'HRBHHNHES #HAHY HAH B #HUBRBHUYS

PRINT*
PRINT*, " ANY LIHEHR RECEIUER FlLTEHINB &emdy 2

PRINT#, ' susunnaun b suBHHS

HEHDfS 1103CH
IF(CH.EQ.'?')THEH
KK=KK+2
PRINT*, "ENTER YOUR CHOICE"
FRINT*
PRINT#," ... EQUALIZED BUTTERWORTH FILTER'
PRINT®,* 2..... BUTTERHORTH FILTER'
PRINT®," 3..... CHEBYCHEV FILTER®,

READCS, *#)>ICHOICE

IFCICHOICE EG. 1)THEN
LFILTERNUMBERCKIK )=1

ELSE IFCICHOICE.EQ.2>THEN
LFILTERNUMBERCKK =2
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1000

ELSE IFCICHOICE.EQ.3)THEN
LFILTERHUMBERCKE >=3
PRINT*, * ENTER PERK UALUE OF RIPPLE in (dB)"
READLS, * )PASSEANDR I PPLECKK)

ENDIF

FRINT#®,* ENTER ORDER OF FILTER'

READCS, *)LF ILTERORDER(KK ) _

HRITEC!, *3'LFILTERDRDER=",LF ILTERORDERCKK >
PRINT*,* ENTER NORMALIZED CRITICAL FREQUENCY®
RERD(S, *CRITICALFREQCKK >

WRITEL T, *3'CRITICALFREGQ=",CRIT I CALFREQCKK >

ELSE IFCCH.NE. "N° >THEN

GOTO Voo

ENDIF

IF<MODTYPE.EQ. 11)THEN

PRINT*, CHARCZ2?3 /4" [2J°

PR]HT*" HHUGBREHJBROGHBERR R:2:2:2:3: 21212021

PRINT*, " ENTER YOUR CHOICE®
PRINT*
PRIMT®," 1..... MATCHED FILTER DETECTION®

FRINT®," 2..... BUTTERHORTH FILTER DETECTION'

-2:2:2: 2y

PRINT#, * sesseanuns

220202

X

FERDCS, * 2 [DETECT 1OHTYPE
IFCIOETECT LONTYPE . ED. 20THEN
KR=KK+3
LF ILTERHUMBERCKK >=2
PRINT*, * ENTER ORDER OF FILTER®
READCS, #)LF ILTERORDERCKK >
WRITEC1,*>'BUTTERHUORTH DETECTION FILTER®
HRITECY, * 3 *"LFILTERORDER=",LF L. TERORDER(KK ¥
PRINT*," ENTER NORMALIZED CRITICAL FREQUENCY®
RERDCS, *)CRITICALFREQCKK >
HRITEC1,*) CRITICALFREQ=",CRITICALFREQCKK)
DUM=P | /RERL¢2*+LF | LTERORDERCKK >
EQUTUNG I SEBANDL={DUM 21 H¢DUM > »CRITI1CALFREQCKK
EHDIF

EHOIUF .

FORMATCAT)

RETURH
EnD
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SUBROUTIHE MONL | HEAR_SYSTEM_S1HMULATOR

CHARACTER* 1 AUGHEEFORE

COMPLEX FFTOUTC 16334 »

COMPLEX, SIGNALC 16384

COMPLEX HOISYSIGNALC 16384

COMPLEX MO{SEFREESIGNHALC 16384 )
COMPLEX GRUSSNHOISE( 162845

INTEGER IHPUTDATA{409G6 >

DIHENSION LFILTERNUMBERC1G) .
OIMENSION HLFILTERHUMBERC 103

COMMON /C2/ IMPUTDARTA
COMMON  /C37 NUMSANM

COMMON /C4/ HBITS

COMMON /C7?/ SIGNAL

COMMON /C9/ GRUSSHOISE
COMMoH /C117 HODTYPE

COMMON  /C15/ MREG

COMMON /C1?/ NERROR

COMMON fC13¢ ERRORRATIQ
COMMOM /C29¢ FFTOUT

COMMON fC34/ AMPLITUDEOFFSET
COMMON T35/ LFILTERHUMBER
COMMOM  /C40 /KSNR

COMMon /C53/ HOISYSIGHAL
comMMoN /L5117 PRSSBANDRIPPLE
CofMon /CS6/ HLF |LTERNUMBER
COMMON /657 BACKOFF
CoMMod /C67/ RAWGNEEFORE
COMMON /CeS/ ERROR

COMMON /LTS UPSHR

COMMoN SC96/ 1SNRINITIAL
COMMON /C?7/ ISHREND
COMMON JC78/ 1EHR

REAL. HOISEPOWER, NOISEPOUERNEN
FEAL DOHNSHRC10D
REAL AVERAGEERRORC 10>

HODCMNSNR=C ¢ | SNREND- I SHRIHI T 1AL >/ 1SNR >+ 1
00 =1, NODDWNSNR

DOMNSNRC | =REAL ¢ ISHRINITIAL+<1—1)*I1SNR)
EMD DO

CALL PRBSGEHERATOR

IF {NODTYPE.HE. 11)THEN
CALL HMLCS
HUMSAM=MUMSAM /2

EHDIF

IF ¢ MODTYPE.EQ. 11 JCALL BPSK_MODULATOR
IF ¢ HOOTYPE.EQ. 12 JCALL OPSK_MODULATOR
{F { NODTYPE.EQ. 13 JCALL OKQPSK_MODULRTOR
IF ¢ MODTVYPE.EQ. 14 JCALL MSK_MODULATOR

C signalpower and uplink noise power correction factor calculation

SIGHALFPGHER=0.0

DO =1, HUMSAMENEITS

31GNALFONER=S | GHALFOWER+REAL ¢S 1GMAL C | D+CONJGCS IBNALC 1 )))
END G
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2 1GNALPONER=S | GNALFOWER /FLOAT (2*HUMSAMKNBI TS )
CORRECT | OHFACTOR=CREAL CHUMSAM S | GHALPONER > /< 10 . 0%*{UPSNR /10.0)>

B0 =1, HUMSAMHNEITS
NOISEFREESIGNAL (1 )=SIGNALCI >
END 00

DO =1, NODOWNSHR ST
AVERAGEERRORCT X=0

END DO

HRUMS=0

| RUMCONTROL=0

CRLL TIME_BEGIN

500 CALL GAUSSHOISEGEMERATOR

C addition of uplink noisze
OO 200 I=1,HUMSAH+NBITS
SIGHAL (1 3=N0 | SEFREES I GHAL (| XGAUSSHOISE(] »*
$SORT(CORRECT | OHFACTOR
200 COMT [NUE

C zero padding ,to shsure |inear convolution equivalence
LOHM=NUMSAI*NBITS
o 1=LDIN+1,2+LDIN
SIGHAL{ ] »=CHPLX{D. »
END 00
MBITS=NBITS#2

C linear filtering in fraquency domain before memoryless nonlinearity
KK=1
}FC(LFILTERHUMBERA 1) .HE . OJTHEN
CALL FFT(SIGNAL ,NUMSAM*NBITS,0)
|F{LF ILTERHUMBER{KK >.EQ. 13CALL EQUAL |ZED_BUTTERWORTH(KK>
{FCLFILTERHUMBERCKK > .£Q. 2 )CALL BUTTERNORTHCKK?
IFCLFILTERNUMBERCKK > . EQ. 3)CALL  CHERYCHEUCKK)
00 1=1,HUMSRIM*NBITS
SIGHAL (1 =CORJG(FFTAUTC] )
EHD DO
CALL FFT{SIGHAL, NUMSAM*NEITS,0)
D0 1=1,HUMSRI*HBITS
SIGHALC | »=COMJGCFRTOUTC ] 20 ACHPLX CFLOAT (HUNMSAHFNBITS 3
EHO Q0 '
ENDIF
HBITS=NBITS/2

C nonlinear fiitering in time domain
|F<HMLF ILTERNUMBERY 1>.EQ. 1)CALL CLIPPER
IF<HLF ILTERNUMBERC 1> .EQ.2)CALL HARD_LIMITER
IF{NLF ILTERNUMBERC 1>.EQ.3)THEN
CALL TWTCERCKOFF,PSHIFT)
CALL PHASECOMPENSATOR(PSHIFT)
EHDIF

C zaro padding , to ensure linear convolution equivalencea
00 1=LDIM+1,24LDIM
SIGHALC | »=CHPLXO. ) -
END 00 .
MBITS=HBITS*2

€ linear filtering in frequency domain after memoryless nonlinearity



IFCLF ILTERNUMBER(Z Y. HE. 0 >THEN
KKk=2
CALL FFT(SIGNAL , MUMSAM+NBITS, D)
AFCLFILTERNUMBERCKIK) .EQ. 1>CALL EQUAL | ZED_BUTTERHORTHCKKD
IF{LF ILTERNUMBERCKK) EG.2CALL BUTTERNORTHC(KK)
IFCLFILTERNUMBERCKK ) . EQ. 3)CALL CHEBYCHEU(KK)
DO I=1,HUMSAM*MBITS
SIGHALCI >=CONJGCFFTOUTCL 30 -
END DO
CHLL FFT(SIGNAL , HUHSAM*NBITS,0)
0o 1=1 NUHcHHFHBlTL
“IGHHL(I)—CUHJG(FFTDUT(I))}CHPLX(FLUHT(HUHSHM*NBlTS))
END DO
EMDIF
MBITS=NBITS/2

I SHRNUMBER=0
HURITE{B,*»'HUNBER OF BITS CONSIDERED =", (NRUNS+1>*#NBITS

C calcuiation of BER for a number of downlirk SHR's
Do KSHR=ISNRIMITIAL, ISNREND, 15HR
| SHRMHUMBER=1 SNRNUMBER+ 1

IF ¢ MODTVYPE.EG. 11 JCALL EPSK_C_DEMODULATOR
'F ¢ HODTYPE.EQ.12 >CALL OPSK_C_DEMODULATOR
IF { MODTYPE.EQ. 13 >CALL OKGPSK_C_DEMODULATOR
IF ¢ MODTYPE.EQ. 14 JCALL HMSK_C_DEMODULATOR

C decision mechanism to use another additional set of random uplink
C hoise samples to increase confidence level
RVERAGEOLD=RUERAGEERROR( | SHRHUMBER >
AVERARGEERROR ( | SHRNUNMBER >=RVERAGEERRDOFR{ 1 SNRHUMBER »*MRUNS+ERROR
RVERAGEERRORC | SHRNUMBER )=AVERAGEERFCORY 1 SHRNUMBER >
3 /REAL{HRUNS+ 12

HRITECH  # )KSHE, 1 SHRNUMBER , AVERAGEERROR ¢ | SNRNUMBER )
IFCISNRNUMBER . EQ . NODOHNSNR . AHD . NRUNS . GT . 1)THEN
{F(ARS { CAVERAGEERRORYC | SMRHUMBER >-AVERAGEQLD 3/
$AVERRGEERRORS | SNRNUMBER >3.LT.0.05)THEN
IRUNCONTROL=1RUNCOHTROL+1
ELSE
IRUNCONTROL=0
ENDIF
ENOIF

TF{ TRUNCONTROL . EQ 3)G0T0 1000
END DO )
HRITECH, #)*"
HRUHS=HRUNS+1
5OTO 500

1000 00 1=1,NODDHNSHR
HRITECT, 177 )D0UNSHRC 1 3, RUERAGEERRORC 1 )
HHITE(D 1??)DDNNSHR(I) AVERAGEERRORCI >
END DO

WRITECT,#5 NUMBER OF EITS CONSIDERED =", (NRUNS+1)*NBITS
LRITECE, %) NUMBER DF BITS CONSIDERED =', (NRUNS+1 ¥NBITS
PRINT*,CHAR(272/ /" 1

FRINT#, * ‘
FRINT*,* SEE FILE : RESULT.DAT FOR THE RESULTS OF THIS RUN...°
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PRINT*, *

FORMAT {2X,F4.1,4X,E11.3,2%, 14
CALL TIME_END

FRETURH
EMOD
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SUBROUT INE GRUSSHDISEGEHERATOR
This subroutine gensrates in-phase and quadrature Gaussian
random variables with
* mean = 0.0
* uagrianee = 1.0

CHARACTER*1 CH oo

COMPLEX GRUSSHOISE({ 16384 >
INTEGER*4 RANDOMNHUMBER(Z >
CHARACTER*1 PRINTCONTROL
CHARACTER*1 REPORTCONTROL
CHARACTER*1 PLOTCONTROL

comion JsC1y PILPIZ
COMMON /C2/ NUMSAH

COMMOH fC4/ NBITS

COMMON /297 GRUSSHOISE
COMMOM SC10/ RRHDOMMUMBER
COMMOM /C20/ SARINT
COMAMON JC307 PLOTCONTROL

REAL MEAN
0o K=1,2

HEAN=0.0
VAR ANCE=0.0 !
oo 60 I=1, HUMSAMHNBI TS
=RANCRANDOMHUMBERCK > >
l*‘HHH(EHHDGHHUHBEP\K))
36=-2.J+ALOG(U1+3. 000001 >
IF { GG.LT.0.0 » 6G=0.0
IFCK.EQ. 1>THEH
GRUSSNDISEC] >=CHPLXCSART (GG PES INC2 . 0*F | %¢(U2~0.52)>
HEAN=MERN+RERL (GRUSSNDI SEC] 3)
VAR I ANCE=VRR | ANCE+REAL (GRUSSHO I SEC | Y*GAUSSNOISEC] >)
ELSE
GRUSSNOISEC] »=GAUSSNOISET | »+CHPLXQ, — 1 ¥*CHPLX(SORTY. 5))
$HCHPLXCSORT (GG WS INC2 . OFP 1%¢U2-0.5) )
MEAN=MEAN-AIMAG{GAUSSNOISE(] >3 '
UHHIHHLE—UHEIHHLE+HlNHb(GHUSSNOIbE(l))*HIHkuGHUSSNUlSE(I))
ENDIF
CONT THUE
MEAN=MERN /FLOAT (HUMSAMHNBI TS )
UHPIHHCE—UHRIHHCE!FLDHT(HUHSHN*NBITS)
END DO

RETURN
ERD



SUBROUTINE LINMEAR_SYSTEM_SIHULATOR

COMPLEX FFTOUT(16384)
COMPLEX SIGNRL( 163347
COMPLEY NOISEC 16384 )

FERL COLOREDHOISE3(128)
DIMENSION LFILTERNUMBER( 102
DIMEHSION MLFILTERHUMBERS 10

COMMON  /C32/ HUMSAM

CoMMoM JC4/ NRITS

COMMON /C?¢ SIGHAL

COoMRoH SC114 MODTYPE

COMMON /C23/ SAMFREQ

common /C29/ FFTOUT

COMMON /C332/ PHRSEOFFSET
COMNoM /G347 AMPLITUDEDFFSET
COMMON /C35/ LFILTERNUNMBER
CoMMON fC26/ CRITICALFREQ
CoMMoM /C374 LFILTERORDER
COMMON  /C40/KSNR

COomMMoN /Co1/ PASSBRNDRIPPLE
CoMroN /€567 HLFILTERHUMBER
COMMON /CS8/ NOISE

COMMON /CB0/ LSHIFT

COMMON /C61/ COLOREDNOISE3
COMMoN  /C62;/ COLOREDNOISEPGUER
COHMON /CD3/ |DETECTIONTYPE
COMMON  /C65/ BRACKOFF
COMMON /C76/ ITSHRIMITIAL
corron /9?4 |SHREND

COMMON /C78/7 ISHR

FEAL HUISEPDMER,HGISEPOHERHEN

CALL TIME_BEGIH

CALL PREBSGENERATCOR

IF{MODTYPE .NE. 113THEN
CALL MLCE
NUMSRM=NHUMSAM /2

ENDIF

{ECHODTYPE (EQ. 11)CALL BPSK_MODULATOR
IFCHMODTYPE . EQ. 120CALL OPSK_MODULATOR
IFCMODTYPE EQ. 135CALL OKOPSK_MODULATOR
1FCMOOTYPE (EQ. 14 JCRLL MSK_MODULATOR

C zero padding ,to ensure linear convolution equivalence
LOTH=HUMSAM*NEI TS :
00 I1=LDIM+1, 2#L0DIN
SIGNALCT >=CHPLXO. >
END 00
NEITS=NBITS*2

C linear filtering in frequency domain before noise addition
KK=0
IFCLFILTERNUMBERC 1> NE.QO)THEN .
CRLL FFT(SIGHAL , HUMSAMANBITS,0)
S54 {H=KK+1
IFCLFILTERNUMBERCKK > EQ. 1)CALL EQUAL 1ZED_BUTTERWORTHCKK
IFCLF ILTERNUMBERCKK > EQ. 2)CALL BUTTERMORTHCKK )
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[FCLFILTERNUMBER/KK Y . EQ. 2 )MALL CHEBYCHEUCKE)
IF{LFILTERHUMBER(KK > . EQ. 113CALL LINEAR-AMP.DIST
IFCLF ILTERHUMBERCKK > .EQ. 12)CALL PARABOLIC_AMP_DIST
IF{LFILTERNUMBERCKK > .EQ. 130CALL RIPPLE_AMP_DIST_SIN
IF(LFILTERNUMBERCKK » EQ. 14 3CALL RIPPLE_AMP_DIST_COS
IF(LFILTERNUMBERCKK Y. EQ. 15)CALL L INEAR_GROUP_DELAY
IF(LFILTERNUMBERCKK > .EQ. 16CALL PARABOL 1C_GROUP_DELRY
IF{LFILTERNUMBERCKK > . EQ. 1?)CALL RIPPLE_GROUP_DELARY_SIH
IFCLFILTERNUMBERCKE Y .EQ. 182CALL R 1PPLE_GROUP_DELRAY..COS
IF(LF ILTERNUMBERCKK > . EQ. 0>THEN

KK=KK-1

DO 1=1,HUMSAM*MBITS

SIGNALC >=CONJGCFFTOUTC 30

END DO

CALL FFTC(SIGHAL, NUMSAM*NBITS, 02

00 1=1,NUNSAM*NBITS

SIGHALC 1 >=CONJGCFFTOUTCI 32 /CHPLXCFLORTCNUMSAIPFNBITS ) >

EHD DO

5OTO 601
ENDIF
GOTD So4

ENCUF
&01 HEITS=HEBITS/2

C zero padding ,to ensura |inear cohvolution eguivalence
DO 1=LDIM+1, 2HL01H
SIGNALCT >=CHPLXKO. >
£HD Do
HBITS=HBITS#*2

C linear filtering in frequency domain after noise addition
IFCLF ILTERNUMBERC(KK+2 2 .HE .0 )THEN
KE=KK+2
CALL FFT{SIGHAL, HUMSRI*NBITS,0)
[FCLFILTERHUMBERCKIC) (ED. 15CALL EQUAL 1ZED_BUTTERWORTHCKK
|FLLFILTERMUMBERCKK Y . EQ.2)CALL BUTTERMORTHCKE >
IF(LFILTERNUMBERCKK > .EQ. 3XCALL CHEBYCHEU(KK >
G0 (=1, HUMSAMHHBITS
SIGHALC ] >=COMJG{FFTOUTC! 33
EHD DO
CALL FFT(SIGHAL, HUMSAIHNBITS, 0O
00 1=1,HUMSAMN*MBITS
SIGHAL (1 )=CONJGCFFTOUTC | 3 >/CHPLX(FLOATCNUNSAM*NBITS »>
EHD DO

CALL COLOREDNO!SECALCULATORCKK Y
KR=KIK-2
WRITE(6, *>' CORREL COLOREDMOISEPOMER=",COLOREDNOISEPOMER
EMDIF
701 HBITS=NEITS/2

C linear filtering in by a nonmatched (Butterworth)detection filter
DO I=LDIM+1, 24011
SIGNAL! )=CHPLXKO. >
END DO
HBITS=NBITS*Z .
IFCIOETECT IONTYPE .EQ. 2 3THEN
KK=KK+3 :
CALL FFTCSIGNAL, NUMSAMMEITS,0)
CALL BUTTERHORTHCKKD
00 i=1,HUHSAMAMBITS
SIGHAL ! >=CONJG{FFTOUT ] 3)



END OO
CHLL FFT{SIGHAL , HUHEAM+HB1TS, 03
oo =1, HUMSAM*NE( TS
SIGNALC L >=CONJGCFFTOUTC L 30 /CHPLXCFLOAT CHUNSAMHFNBITS 3D
END DD
KE=KK-3
EHDIF
MEITS=NBITS/2

C the sampling time is shifted if desired
CALL SAMPLING_TIME_SHIFTERCSIGNAL , NUMSRIPFNBI TS, LSHIFT

D0 KSHR=ISHRIMITIAL, 1SHREND, ISHR
IFCMOOTYPE .ED. 11)CALL BPSK_C_DEMODULATOR
IFCMODTYPE .EQ. 12)CALL OPSK_C_DEMODULATOR
IFCHMODTYRE . EG. 13)CALL OKOPSK_C_DEMODULATOR
{FCHODTYPE . EQ. 14 2CALL MSK_C_DEMODULATOR

END DO

CALL TIME_END

FRETURH

EHD
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SUBROUT INE PHASECOMPENSATORCPSHIFT )
C the phass shift introduced by the THT nonlinearity is compensated
COMMON #C27 NUMSAN
COMMOH /C4/ NEITS
COMHOH fC?¢ SIGHAL
COMPLEX SIGHALC 1635843

DO =1, HUMSAM+NBITS
SIGHAL S >=S1GHAL {1 ¥CHPLX(COS(PSHIFT >, ~SIHCPSHIFT)>
END DO '
RETURN
EHD
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C
SUBROUTINE TWT(BACKOFF,PSHIFT>
C computes rasponse of IHTELCHT U THT nonllneurltg using a best
C fit by modified Bessel functions
COMHMON /C3/ HUMSAM
COMMON . /047 HBITS
CoMMoN /C774 SIGHAL
COMPLEX SIGHALC 16384)
DATA C1,C2,51,52/1.61245, .053557, 1. ?1850, 242218!

C for saturation point compansation
FRCTORA=10.%¢{Q, f20. )

C for operation point compensation
FRCTORA=FACTORA* 10 #+(-BACKOFF £20. )

A=SORT(2. Y*FACTORA
CIAD=C2HRHA
C1R=C 1*A
52AZ=S2HRHA
S1A=S 1A
ZP=BESS | D(C2A2 )/EXP(C2A2 ¥*C 1A
Z0=EESS | 1(S2A2)/EXP(SZA2*S 1A
SHIFT=ATANCZO/2P)
00 K=1,NUMSAM*NB TS
=GORTCREAL (S 1GNAL (I XFCONJGCS I GNALCK 33
A=A+FACTORA
CZAZ=C2HF+A
C1R=C1*A
S2AZ=G2HFHA
S1R=S 1*A
ZP=BESS | 0(C2A2 ) /EXP(C2A2 YC 1A
20=BESS | 1(S2A2)/EXP(S2AZ MS 1A
S1GHAL (K =5 | GNRLCK MCHPLX(ZP, 202

£ to adjust the output power to O 4B
SIGHAL CKO=SIGNAL (K ¥ (10, (=7 252484 /20, 3> /S0RT(2.)
ENMD DO
RETURH
EHD



FUHCTIOH BESS10:K5
Humerical Recipes routine to find the modified Bessel function
of 0'th order

Lo B ]

REAL*S ¥,P1,P2,F3,P4,P5,P6,P7,
+  01,02,03,04,05,05,07,08,00 :
ORTA P1,P2,P3,P4,PS,P6,P7/1.000,3.5156229D0, 2. 089942400, 1.20674920
Q) _
*  (.2659732D0,0.360768D-1,0.458130-2/
DATA 01,02,03,04,05,06,07,03,09/0. 3059422800, 0. 132859201,
*  [.2253160-2,-0. 1575650-2,0.916281D-2, -0. 205770601,
& 0.26355370~1,-0.16475330-1,0.392377D-2/
IF (ABSCX).LT.3.75) THEN
Y=(X ST .75 P2
BESS | 0=P 14V (P24+Y# (PR+Y#+(P4+YR(PSHYHR(PE+YAPT))2))
ELSE
RX=FBSCX)
¥=3.75/AX
BESS{0=CEXPCAX ) /SORT (AX ) YFCQ 1+V Q2+ (Q2+Y+ (04
# R QGHPR QB (O THHCOBHROG) D)D) D)
ENOIF
RETLAH
END



C . St
FUHCTION BESS! 10X

C NHumatical Becipes routine to find the modified Bassel function

Cof t'st order -

REAL*E ¥,P1,P2,P3,P4,P5,F5,P7,
* 01,02,03,04,05,06,07,08,09 _
DATA P1,F2,P3,P4,P5,P6,P7/0.500,0. 5789059400, 0.5 140886900,
®  0.1508493400,0.26567330~1,0.3015320-2, 0. 224 11D-3/
DATA Q1,02,02,04,05,06,07,08,09/0. 3989422500, -0 398802401,
% -).3620120-2,0. 1635010-2, -0. 103155501, 0. 223296701,
#  ~0.2895312D-1,0. 178765401, ~-0.420059D-2/
IF (RBSCX3.LT.5.75> THEN
Y= G 75
BESS | 1=)0# (P 14Y# (P24Y+ (P3HY* (P4 (PSHERPEHMPT 3))0))
ELSE
AX=ABSCX)
Y¥=3.75/AX
BESS | 1=(EXPCAX Y /SORTCAX ) ¥:¢ 0 1494 D2Z+VH(Q3+Y#(Q4+
s’ L QS+ OBHRC QP COZ+YRD)) ) D))
ENDIF
RETLIRN
EMD
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SUEROUT INE COLOREDHOISECALCULATORCKK S
C routine to calculate the noise powsr after p055|ng
C through a linear filter

COMPLEX COLOREDMOISEC 163845
COMPLEX COLOREDNOISEZ( 16384 >
FEAL COLOREDMOISE3( 1282
DIMENSION LFILTERNUMBERC 10D
COMPLEX FFTOUT( 16384)

COMMON  /C3¢ NUMSAM

coMMoN /C4/ NBITS

CoMMoN /€237 SAMFREA

COMMON  /C29/ FFTOUT

COMMON /C35/ LF ILTERNUMBER
COMMON /C61/ COLOREDNOISE3
CorMoN /C62/ COLOREDHO1SEPOWER

HUMSAMOLD=HUMSAM
HBITSOLD=NBITS
SRHMFREQOLD=SANFREQ
HUMSAM=32
NEI1TS=32
SAMFREO=REAL (NUMSAHM >
00 1=1,HUHSHIM*NBITS
FFTOUTCT 3=CHPLXCT. )
END DO

IFCLFILTERNUMBERCKK > . EQ. 10CALL EQUAL 1 ZED_BUTTERHORTHCKK)
IFCLFILTERHUMBERCKK 3 (EQ. 25CALL BUTTERHORTHCKK )
IFCLFILTERHUMBER(KK ) .EQ . 3CALL CHEBYCHEUCKKS

=0
SUH=0.
D0 I=1,NUMSAM
bUI-°UH+EEHLkFFTUUT(Iﬁ*CﬂHJG(FFTUUT(I)))
K=K+1
END DO
COLOREDNO 1 SEPOUER=ABS ¢ SUM » /REARL CHUMSAM >
HRITECH,*>* COLOREDHOISEPONER=", COLOREDND { SEFONER

NHUMSHAM=NUMSAMOLD
MEITS=NEITSOLD
SAMFREQ=SANFREQOLD

RETURH
END
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C

SUBROUT IHE SAMPLINMG_TIHE_SHIFTER(S|GHAL ,LDIN,LEHIFT)
C routina to shift an array by a number of array elements

COMPLEX SIGNAL (153845
COMPLEX ARRAYY 16384 )

IFCLSHIFT.EQ.0RETURN

MO1=LOIH-LSHIFT

00 I=1,LSHIFT
ARRAYC | =51 GHALC L )

EMO DO

o0 1=1,H01
SIGNALC | =8 [GNALC 1+LSHIFT)

EMD DO

00 i=1,LSHIFT
SIGNALCND 1+1 Y=ARRAVC 1 >

END DO

RETURN

END
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SUBROUTINE EQUAL | ZED_BUTTERWORTHCLCOMTROL Y
routine to generate equalized Butieryorth filter freguency responce
this routine is reentrant .

[ Mo}

COMPLEX. TRANSFERFUNC( 16334 )
COMPLEX FFTOUTC16384)
DIMENSION LFILTERHUMBERC 10, CRITICALFREQC 10, LFILTERORDERC 107

CoMMoH /237 NHUMSAN
COMMON /247 NBITS

COMMON /C22/ SAMFREQ
oMo /C23¢ FFTOUT
COMHON /C35/ CRITICALFREQ
COMMON /C37/ LFILTERORDER

DELTAFREQ=SAHFREQ /REAL (HUMSAMHNBI TS X
HO 1=HUMSAM*ANB I TS f2+1

HI2=HO1+1

TRRHSFERFUNC{ 15=CHPLX¢1. >

C generatas the positive frequency part of the filter
00 1=2,H01
J=i-1
fz2=1. /SORT{ 1. +{DELTAFREQ*FLOAT(J > /CRITICALFREGCLCONTROL >
§ »e{ 2+ F ILTERORDER{LCONTROL > )
TRANSFERFUNCCL )=CHPLXCAZ >
EHD DO

C computes the negative frequency part of the filter
. DO 1=H0Z, HUMSAMHHBITS
THHHoFEHFUHC(I)-THHHSFERFUHC(HUHSHH*HBITS+£—l)
END DO

C multiplies the fraquency responses
DO (=1, NUMSAM*HBITS
FFTOUTCI >=FFTOUTC | »*TRANSFERFUNCC
END 00

RETURN
END
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[

SUBROUT IHE BUTTERHORTH(LCONTROL »
C routinz to gcnernfe Butterworth filtar trequpncg response
C this reutine iz reentrant

COHFLEY TRANSFERFUNCC 16384 )
COMPLEX FFTOUT( 153847
OiHENSION LFILTERNUMBERC 10>, CRITICALFREGY 10),LFILTERDRDERC 10)

COorHon /C1f PBLLPIZ
COMMaM /C3/ NUMSAM
COMMON /C4/ NBITS

COMMaN /0234 SANFREQ
COoMMaN /C29/ FFTOUT
COMMON /C26/ CRITICALFREQ
COMMoN AC37/ LFILTEROPDER

CELTRFREQ=SAMFRED /REAL (NUMSARMANBI TS
HO 1=HUMSHM*HB I TS /241

HOZ=HO1+1

TRAMSFERFUNC C 1 3=CHPLXCT. 2

A2=0.

R3=Fi2/4. /RERLCLFILTERDROERCLCONTROL >3

Z genarates the positive freguency part of the filter
00 1=2,H01 ‘
J—l—1
AZ=DELTAFRECHFLOAT (J3/CRITICALFREQCLCONTROL >
TRARSFERFUNCC) 0=CHPLXCL . S
00 J=1,LFILTERORDERLLCONTROL >
A4=REAL (LF ILTERORDERCLCOHTROL >= 1+(2#%J) A3
TRAMSFERFUNC (| )=TRANSFERFUMCC( I 3/
$CHPLY.(~-COSCA4 ), -SINCA4 I+AZ )
END 0O
END DD

L computes the negative frequency part of the filter
DN 1=H02, HUMSAMENB I TS
TRANSFERFUNCC I y=CONJG( TRANSFERFUNC CHUMSAM*HB I TS+2-1 )
END DO

C multiplies the frequency responses
00 =1, HUMSAMENEITS
FFTOUTC] =FFTQUT (I YTRANSFERFUNCC I )
ERD GO

FRETURN
END
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SUBROUTIHE CHEEYCHEUCLCONTROL »
routina to gensrate Chebychey filter trequenrg respohse
C this routine is reentrant

by

COMPLEX TRAMNSFERFUNC{ 163342

COMPLEX FFTOUTC16384)

DIMENSIGH LFILTERHUMBERC 103, CRITICALFREQC 100, LF ILTERORDERC 102
DIMENSIOH PRSSBAMDRIPFLEC10) ’

COMMON fC1/ PILPIZ

COMMON SC2/ HUMSAM

cOrhon /C4/ NBITS

COMMON /C234 SANFREQ
COMMoN /C29/ FFTOUT

COMMONM /C364 CRITICALFREQ
COMMON /C37/ LFILTERORDER
COMMOM /CS1/ PRSSEANDRIPPLE

PRESERANDR | P=PASSEANMDR | PPLECLCONTROL )
GEL TAFREQ=5ANMFREG/RERL CHUMSAMHNBI TS
HO1=HUMSRHHNB TS #1241

HO2=HO1+1

Az=0.

A3=P12/4 . /REARLYCLF ILTERORDERCLCOMTROL >)

PHSSEANDR I P=SORT (10 #+(PASSBANDRIP/10. )-1.)
ALPHA=1. /FASSBANDRIP

ALPHA=ALPHA+SORT( 1. +ALPHA*ALPHA >

DURMMY 1=(ALPHA®*C 1, /REAL{LF {LTERORDERCLCONTROL 3323
Durty2=1. 70U

FIN=(DUMHY 1-DUNMMY2 )3 /2.

ROUT=¢DUMMY 1+DUMMY2 2 /2.

 germrates the positive frequency part of the filter
0o 1=1,Ho1
J=1-1
A2=0ELTAFREQ*FLOAT CJ>/CRIT I CALFREQ{LCONTROL >
TRAMSFERFUNC (1 >=CHPLX(2. /PASSBANDRIF >
00 J=1,LFILTERORDER{LCOMTROL >
FHASE=REAL {LF | LTERORDER(LCONTROL )= 1+{2%J) »*A3
TRANSFERFUNC{ | )=TRANSFERFUHC{ 1 3 /CHPLXL2. X/
FCMPLXC-COSCPHASE R IN, -5 INCPHRSE »*ROUT+A2)
EMD DO
END GO

C computes the negative frequency part of the filter
00 1=H02, HUNSAM+HEI TS
TRAMSFERFUNC (! 3=CONJG ( TRANSFERFUNCCNUMSAIT*HE I TS+2-1))
EHD GO

C muitipiie=s the frequency responses
00 1=1,HUM3SAM*NELTS
FFTOQUTCI 3=FFTOUT (1 TRANSFERFUNCC ! )
EMD OO

RETURN
chD



C

SUBROUTINE HARD_LINMITER
C this routine performs ideal hard limiting

COMPLEX SIGHALC 163340

coMMoH /C3/ HUMSAM
COMMOM /C4/ NBITS -
COMMOM fC7/ SIGHAL

00 1=1,HUMSAM*NBI TS
SIGHALCT )=S16HALL 1 3 /CRESCSIGHALL) 30
END 0O

FRETURN
EHD

-
-
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C

SUBROUT INE CLIPPER
£ this routine performs ideal elipping
COMPLEX SIGHMAL{ 16284 )

COMMON AC3/4 HUMSAM
COMMON fC4/ HBITS
COMHON /C?/ SIGNAL

DO i=1,HUNSAM#NBITS
IFCCABSCSIGNALC! 2 GT.SORTC2. 3
$SIGHALC | )=SORT (2. PSIGHALC1 ) /CABSCSIGNALLL >
END DO

RETURH
END



SUBROUT IHE CONST
COMMON fC1/ PI,PIZ2
P1=3.14199265353979
Pl12=2.0%F| '
RETURN

EHD

111
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C this routine initializes the variables

110

SUEROUTIHE INITIALIZE

INTEGER IMPUTDATAL4095)
COMPLEX SIGHALC 16384 >

{HTEGER OUTPUTDATA{4096)
DIMEHSION TRANSFERFUNMCC1E384)
COMPLEX FFTOUTC 163284)

REAL COLOREDMOISESL 1280

COoMMoN
COMMON
COMHMON
COMHON
COMMON
COoMron
COMHON
COMHMOH
COMMON
corrion

/C2/ INPUTORTH

JC2/ HUMEAR

/C4/ HEITS

074 SIGNAL

/C9/ GRUSSHDISE

fC1z/ OUTPUTDATA

/C24/ TRAMSFERFUNC
€29/ FFTOUT

/C51/ COLOREDMDISEZ
fCE&2/ COLOREDNOISEPOWER

COLOREDHD I SEPONER=1.
o 1=1,128
COLOREDHOISE3(I »=1.

END DO

0o 100

1=1,NBITS

ITHPUTDATACT >=0
OUTPUTDATAC] =0
CONT INUE

0o 110

I=1,HUNSAM*NEI TS

SIGNALCI »=CHMPLXC0.0,0.02

TRANSFERFUNCC! »=0.0

FFTOUTC ] >=CHPLXCD.0,0.0)
CONMT THUE

FETURH
EHD

112
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Cm=s==s===s=s=====ss=s==ssssssssssssssssssesssssssssssssssssssss
' SUBROUTINE HLCS
C this routine gensrates the 4-ary symbol sequpncec from

C binary symbo! =equences
INTEGER {MPUTDATA<4096)

commen /C2/7 INPUTDATA
COMMON  /C4/ NBITS

MBI TS=NB I TS+2

D0 J=NEITS, 2+NB1TS~2
INPUTDATACY )= INFUTDATACJ+1-NBI TS )

END DO

|HPUTOATACZHBI TS- 1 7=

INPUTDATA{2#HB 1 TS y=0

RETURM

END
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SUBROUTIHE BPSK_HMODULATOR '

this routine generates thas BPSK signal which is subject to
varicus realization imperfections ’
FPHASEOFFSET represents a possible phase imbalance minimum=0.

maximum=1.

AMPLI TUDEGFFSET represents a possible amplitude imbalance

minimum=0.
maximum=1.

IHTEGER IHPUTDATA(4096)
COMPLEX SIGNALC 163842
CHARACTER*1 CH
CHARACTER*1 PLOTCONTROL

CGHMON
COMHON
COHMOH
COMMON
COMHOM
COMMON
COMHON
COMMOH
COMHMON

/C17 PI,PI2

/C27 INPUTDATA

/C37 HUMSAM

/047 NBITS

/C77 SIGNAL

/C217 BITLENGTH

/€307 PLOTCONTROL
/C33/ PHASEOFFSET
/C34/ AMPL!TUDECFFSET

COMMON /C35/ SIGHALPOHER
S1GHRLPONER=0.

BITLENGTH=1.

=1

DO 110
iF <
IF ¢

I=1,MBITS
INPUTDATACT 3.E0. 1 ) C=1.0
INPUTDATACI Y. ED.0 3 C=-1.0

DO 100 J=1,HUMSAH

SIGHAL CKO=CHPLX(SORT (2 . 0 /B I TLENGTH ¥*ABS{C+AMPL | TUDEQFFSET ) ¥

$CHPLALCOSC(-P 1 /2. >+ 1. ~PHASEQOFFSET »(P{ /2. W)
F,51HC-F1 /2. 21 . -PHRSEOFFSET )*(P1 /2. J¥C))

S IGHALPONER=5 | GNALPOMER+REAL ¢S 1 GNAL (K Y*FCONJB (S I GNAL (K3 2

K=K+1
CONTINUE
COMTIHUE

FETURN
END

\

114
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SUBROUTINE BPSK_C_DEMODULATOR

this routine demodulates the BPSK signal mlth q ttlter matched to
modulator filter

the effect of ANGH is added analitically
OEMOD_PHASEERROR represents a possible static phase error;minimum=0.
maximum=1.

v Ew A Ay A Y]

CHARACTER*+1 CH

COMPLEX SIGHALC16384)
INTEGER IMPUTDATAC4095)
{NTEGER OUTPUTDATR{4095)
THARACTER*1 REPORTCOMTROL
RERL COLOREDHOISE3C 1262

CoMioN JC1/ PLLPIZ

ComMoN /C2f IHPUTDARTA

ComroM /C3/4 HUMSAR

COMMON  /C4/ HEITS

COMMON L7/ SIGHAL

COMMON sC12¢ OUTPUTDATA !
CONMON /C18/ ERRORRATID
conron /C21/ BITLENGTH

COMMON  /C40 /KSHR

COMMON  /C35/ SIGHALPOMHER
COMHoN /CS5?/ DEMOD_PHASEERROR
COMMON /C6 1/ COLOREDNOISER
CoMMoM  /Co2/ COLOREDNO | SEPOMER
COMMON ACB3S IDETECTIONTYPE
COMMON /CE4/ EQUIUNDISEBRHDM
COMMON  /C66/ ISYSTENMTYPE
COMMON /C68/ ERROR

K=1

ERROR=0.

DO 200 I=1,NBITS
SUN=0.0

C the procedure when other detection filters are used
IFCIDETECT IOMTYPE . EQ. 2 >THEN
SUN=REAL (S 1GNAL CK+{NUMSAM/25 30
ENERGYZ=S1IM+5UN
W=C0RT CENERGY2 S 10k -REAL {KSHR >/ 10. )’EQUIUHO|°EBHNDN)
E=K+HUMSAN
GOTO 160
EHDIF

oo 150 L=1, MUMSAM

U= bUN+HEﬁL'UIGHHL\K)*CNPLAKSUHTKZ G/BITLENGTH),0. ¥
$CHPLX(COS(DENOD_PHASEERROR*PI /2.)

%, -2 H{DEMOD_PHASEERROR*P 1 /2.5
K=K+1
150 COMT IHUE
ENERGY2=(ABS{SUN > /REAL (HUMSAMN ) yk2

C....VY=SORT(ENERGY2#(1-RHO>/4+Ho >

Y=SORT(ENERGY2 /2. /COLOREDNO | SEPONER / 10%#(~REALCKSNR>/10. >)
160 Y=ERFCC(Y/SORT(2. 2 3/2.

C...included for nonlinear system
IF(SUMHAREARL { INPUTDATAL | )¥2-1) LT.0. )THEN



b
=

ERROR=ERROR+C1. Y3
ELSE

EFROR=ERROR+Y
ENDIF

CONTIHUE
ERROR=ERROR/RERLCHEITS »

IFCISYSTEMTYPE . HE . 20THEN

WRITECE, )" SHR=",KSNR, "
WRITECT,*)" SHR=',KSNR, "

ENDIF

FRETURN
END

PB{ERR )=
PB(ERR )=

* ERROR
* ERROR

16
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C —
SUBROUT INE QFSK_HODULATOR

£ this routine generates the OPSK signal which is subject to

C various realization imperfections ’

C PHASEOFFSET represents a possible phase imbalance minimum=0.

C maximum=1,

C AMPLITUDEOFFSET represents a possible amplitude imbalance

C N mitiimum=0.

c maimum=1.

INTEGER HPUTDATAC4OIG )
DIMENSION PHNYGUIST(16334)
COMPLEX SIGNALC 183842

coMan /Ct1f PLLPI2

comran A2 INPUTDATA
COMHON  /C3/ HUMSAN

COHHON /C4/ HBITS

COMMON  /C7 /7 SIGHAL

COMHOM /C21¢ BITLENGTH _
ConMMoN /C33/ PHRSEOFFSET
COMMOM /C344 AMPLITUDEDFFSET

INTEGER 1EIT,0BIT
REARL ITHETAR
BITLENGTH=1.

K=

T=0.0

00 200 I=1,NBITS,2

C the in-phase bit is updated
IBIT={NPUTDATAC | y#2-1

C the guadratur= bit is updated
QB IT=1HPUTDRTAC I +1 321

00 190 M=1, 2#*NUMSAM
SIGNAL (K >=ABS(REARL (181 T >+AHPL | TUDEOFFSET ¥REALCIBIT »#
FCHPLX(COSCPHASEOFFSET#P1 /4. >, SINCPHASEOFFSET#P1 /4. 2)
SIGHAL (K =51 GHAL (K >+ABSCREAL (QBI T >-AMPL | TUDEGFFSET »
$+RERLCOBI T WCHPLX(COSC(-P /2. »* (1. +(PHRSEQOFFSET /2. 3>}
B, SINCC-PL /2, »6C T +(PHASEOFFSET /2. 32 )

S1GMAL CK =5 | GHAL (K Y¥CHPLX (SORTC2.0/¢2 . 0+BI TLENGTH ) )
KK+
T=T+SAMINT
COHT | HUE
CONT THUE

|
[ ) ]
[ et

RETURN
END
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SUEROUT INE QPSK_C_DEMODULRTOR

this routine demodulatss the BPSK signad wnth a filter matched to
moduiator filter

the effect of AWGH is added analitiecally

DEMOD_PHASEERROR represents q possible static phase error;minimum=0.
maximum=1.

COMPLEX SIGHAL (16384 ) -
INTEGER {HPUTDATA40952
IHTEGER QUTPUTDATA{40862
RERL COLOREDHOISE3C 1280

coMMon /C1/ PLLPIZ

COMHON /C2/ INPUTDRTA

CoMMoN /C3/ HUMSAM

COMMON /C4/ NBITS

COMMOM /C?/ SIGNHL

cormon sC12/ OUTPUTDATA
COMMON /621f BITLENGTH

COMMOH SC2307 PLOTCONTROL
COMMON /240 /KSHR

COMHOM  /C57¢ DEMOD_PHASEERROR
COMMOM /C51/ COLOREDMOISE3
COMMON /CE62/ COLOREDHOISEPOMER
COMMON /CBB/ ISYSTEMTYPE
CoMioN /CB87 ERROR

k=1
ERROR=0.

00 700 i=1,NBITS,2
SUM1=0.0
SM2=0.0

Do 680 r=1, 2#HUMSAM
SUM1=SUM 1+REAL{S | GNAL (K »FCHMPLXCSQRTC 1. /R ITLENGTHY?
$+CHPLXCCOS{DENDD_FHASEERRORP /4. ¥
%, -SIH<DEMDD_PHASEERROR*P| /4. 3} '
FECHPLXC L., 0.0
LUH? SUMZ+REALCS | GNAL (K YCHPLXCSORTC 1. /BI TLENGTH )
¢+PHPL(fCDbeENUD_PHHSEEHRUR*Pl14 )
%, -S1H(DEHOD_FHASEERRORH P /4. 3)
f*LHPLL(D 1.0
V—F+1
CONTIHUE

..decision for | channel

EHERGY=CABS{SUN | > /REAL (Z#HUMSAH > »k2
V-HQHT(EHEPG?*9 ’LDLUHEDHDIUEFUNERI1O #k(—REALCKSNRY/10. )3
Y=ERFCC{% /SQRTLZ. 0372

..included for nonlinear system

{FCSUM BFRERL CTHPUTDATAC ] 3%2-13 LT .0. THEN
ERFOR=ERROR+1.-Y)

ELSE
ERROR=ERROR+Y .

ENDIF

..decision for J channhal

EHERGY={ABS{SUMZ 3 REAL ( 2*HUMSANM ) 442
Y¥=50RT{EMERGY#2. /COLOREDHO | SEPOMER ¢ 10 ##(~RERL(KSHR>/10. 3>
VY=ERFCCON SSORTL2. 3)/2.

D

U



C...included for nonlinear system

700

IF{SUM2+RERL ¢ INPUTDRTAC1+15%2-1) LT.0. >THEH
ERROR=ERROR+(1.-%)

ELSE
ERROR=ERROR+Y

EHDIF

CONT IHUE
ERFROR=ERPOR/REAL(HBITS X
SERROR=(1.-ERROR »#+2
SERROR=1.-SERROR ’

IFCISYSTEMTYPE . HE. 2 OTHEN
HRITECG,#®2* SHR=",KSHR,"'  PB(ERR)=',ERROR

HRITECT,*)" SHR=",KSHR,*  PECERR)=',ERROR
ENDIF
RETURH
END

119
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C

SUBROUT IHE OKOPSK_HMODULATOR
C this routine generates the OKOPEK signal

INTEGER IMPUTDRTAC4096)
COMPLEX SI1GHAL(1E234)

corma. /17 PLLPIZ
COMMoN /€27 INPUTDATA
COHMoN AC3/ HUMSAN
COMMON /C4# NBITS
COMMON /C?7 SIGHAL
COMMoN /C21/ BITLENGTH

REAL IBIT,OBIT
SITLENGTH=1.
k=1

0B | T=REALC INPUTOATACHEI TS »*2-1)
00 [=1,MBITS,2

£ the in—phase bit is updated
|BIT=REALC INPUTOATAC] ¥#2-1)
B3 H=1,HUMSAM
SIGHALCK >=CHPLX(SORTL2. /2. /BITLENGTH > »#CHPLX{IBIT,-0BIT>
K=K+1 ,
EHD DO

C the gquadrature bit is updated
OB T=IHPUTDATH( | +1 2-1
00 M=1,NUMSAN
SIGHAL K O=CHPLXC(SORT (2. /2. /BITLENGTH) CHPLXCIBIT,-0QBIT>
{=K+1
END 0O ’

END DO
FRETURN
END
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SUBROUTIHE OKOPSK_C_DEMODULATOR

this routine demodulates the OKOPSK signal with a filter matched to

modulator filter
the affect of ANGN is added analitically

OEMOD_PHASEERROR represents a possible static phase error;minimum=0.

COMPLEY, SIGHALC 15384

INTEGER INPUTDATAC4096)
INTEGER OUTPUTORTAC4095 )
RERL COLOREDNOISEZ{122)

COMMON TS5 PLLPEZ

CCHMON IC“X IHPUTDATA

CoMon /C3/ NUMSAN

COMMOH ,L4i HEITS

CoMraH fC7F SIGHAL

COMHMON /T2 OUTPUTOATH
COMMOM /C217 BITLENGTH

COMoN /0304 PLOTCONTROL
COMMON 040 /KSHR

COMMON /C57/ DEMOD_PHRSEERROR
ComMreN /Ce1/ COLOREDMOISES
COMHMON  /C62 4 COLOREDHDISEPQUER
COHMON fCB6/ 1SYETEMTYPE
CoMMoN /Ca8/ ERROR

ERROR=0.
K=
SUMZ=0.
oo 1=1,ME1TS,2
SUM1=0.
0O =1, HUMSAN
SUM1=SUM 1+RERL ¢S 1 GHAL G
FHCMPLY{COS(DEMOD_FHASEERROP*P /4. )
{, ~SI1HCOEMOD_PHASEERROR®F | /4. )0
FHECHPLYCSORT (2. /2. /BITLENGTH), 0. 3
SUHZ=SUM2+REAL {5 1 GHAL (KO
F#CHPLY COSCDEMOD_PHRSEERROR®P /4. )
%, =S INCDEMOD_PHASEERRORHF 1 /4. >
$#CHPLACO. , SORT(2. ;-.;BITLEHUTH;;)
t\—i\+ 1
CHO DO

IFC1.HE. 13THEN
dgeci=ion about SUMZ
ENERGY={ABS (SUM2 ) /REAL ¢ ZHHUMSANM ) Y2

V=CSORTENERGY#*2. !COLDREDHOluEPONER£1U *4(-REALCKSHR >/ 10. 2

Y=ERFCC{Y/SORT(2. >)/2
.included for nonlinear fgstem

HF{SUMHRERL CINPUTDATACT - 1%2-1) LT. 0. DTHEN

ERROR=ERROR+{ 1. -4
ELSE

ERROR=ERROR+Y
ENDIF

ELSE
SUMZLAST=SUNMZ
EHDIF

SUM2=0.

121



Do M=1,HUMSAN
SUM1I=SUM1+RERL (S IGHAL (KD
FHCHPLY (COSCDEMOD_PHASEERROR®F1 /4. )
%, S 1H(DEMOD_PHASEERROR*P1 /4. 03
FHCHPLXCSORTCZ. 2. /BITLENGTH), 0. >
SUMZ=5UM2+RERL LS I GHAL (KD
$H+CHPLXCCOS(DEHOD_FHASEERROR®FP | /4. )
$,-SH(DEMOD_PHASEERROR*P | /4. 22
FHCHPLYCO. ,SORTC2. /2. /BITLENGTH)Y))
K=K+1
EHD DO

C...decision about 3UMI
EHERGY=CABS(SUM 1 ) /REAL (2¥NUMSAM ) yok2
Y=S0RT{ENERGY*2. /COLOREDHO I SEFOUER /10 . #+(-RERL(KSNR >/10. »
Y=ERFCC{Y/SORTCZ. 2372, '

C...included for nonlinear system

I F(SUM1+REAL ¢ INPUTGATAC T »*2—-1) . LT.0. >THEH
ERROR=ERROR+(1.-Y) *

ELSE
EFROR=ERROR+Y

ENDIF

EHD 00

SUMZ=SUM2+SUM2LAST
C...decision cbout SUM2
ENERGY=C(RES(SUM2 3 /REAL C2FHUMSAN » yk+2
Y=SORT<ENERGY+2 . COLOREDMNOISEPOMER/ 10, ¥+ (-REALCKSNR >/ 10. 37
Y=ERFCC{Y /SORT(Z. 3372,
£...included for nonlinear system
LFSUMZHREALC IMFUTDATACNBITS »¢2-1> LT . 0. THEN
ERROR=ERROR+{1.-Y)
ELSE
ERROR=ERROR+Y
ENDIF

ERRGR=ERROR/REALCNBITS >
SERROR=( 1. -ERROR y#2 )
SERROR=1.-SERROR

{FCISYSTEMTYPE . HE. 2 5THEN
HRITECG,#>" SHR=",KSHR,'  PB{ERR)=',ERRUR
HRITEC,*)" SHRA=',KSNR,*  PB(ERRJ)=',ERROR
ENDIF

RETURM
END
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SUBROUTINE MSK_IMODULATOR
C thiz routine generates the BPSK signal which is subject to
C various realization imperfections ’

INTEGER INPUTDARTAC4096)
COMPLEX SIGHAL(15384 5

COMHON /C1/ PI,PIZ2
CofiioN /€27 IHPUTDATA
ComnoR /037 HUMSAN
COMMON /C4/7 HRITS
Cormon /G774 SIGHAL
COMMON AC204 SAMINT
COMMOH fC21/ BITLEHGTH

RERL {BIT,0BIT,M1, M2

BITLENSTH=1.

k=1

0B | T=REAL CIHPUTORTACHB 1 TS ¥*2—1
00 I1=1,MBITS,2

C the in—phase bit is updated
181 T=REALC INPUTDATACT 342-1)
b0 M=1, HUMSAH
MI=COS(CPI2 /4 /RITLENGTH ¥*REALCHHMODC T -1, 2 »#NUMSAM »*SAMINT ¥ IBIT
M2=51H(P12/4 . /RITLENGTH >*REALCH+MODC |, 2 ¥RNUMSAM D*SAMINT >*QBIT
SIGNALCK 3=CHPLXC(SORT (2. /BI TLENGTH > »CHPLX(M1,-M2>
K=K+1
END DO

€ the quadrature bit is updated
QB T=IHFUTDATAC [ +1 5%2-1
00 M=1, HUMSAM
Mi=COSCCPI2/44 . /BITLENGTH O*REAL (M+HODC |, 2 ¢NUMSAM »SAMINT »*#1BIT
M2=SIHCPIZ2 /4. /BITLENGTH ¥*REAL CHMH0DC 1 -1, 2 ¥¥HUMSAN ¥¢SAMIHT »+0BIT
SIGHAL (K D=CHPLY<SORT(2. /B I TLENMGTH » *CMPLX (M1, M2
{=K+1 »
END DO
EHD DO

RETURN
EHD
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SUBRGUTIHE MSK_C_DEHODULATOR
thiz routine demodulates the BFSK signal with a filter matched to
modulator Tilter
the efrect of AWGH is added analitically
DEMOD_PHASEERROR represents q possible statlc phase error;minimum=0.
maximum=1.

COMPLEX SIGHAL {16384 )

INTEGER IHPUTDATA{4096>
INTEGER OUTPUTDATAC40952
REAL COLOREDMOISE3( 128>

COMMON /C17 PLLPIZ

conmon /€27 INPUTDRTA

CoMmoN ZC3/ NUNMSAN

COMMON /C4/ HBITS

COMMoN 7C77 SIGHAL

coMMon /C12/ QUTPUTDARTA
COoMMOM FC207 SAMINT

COMMON /C217 BITLENGTH

COMMON /0307 PLOTCONTROL
COMMOH /C40/KSHR

connod /C57/ DEMOD_PHASEERROR
COMHoN /C61/ COLOREDNDISES
CoMroH /Cezs COLOREDHOISEFPOWER
COMMON /CB6/7 ISYSTENTYPE
COMMON /CE3S ERROR

FEAL M1, M2

ERROR=0.
k=1
Sunz=

oo 1=1,HEITS,2

SUM1=0.
DO #1=1, HUNMSAN
H1=Cos \\Pl°f4 FBITLENGTH »+REAL(M4MODL 11, 2 PNUNMSAM Y<SAM ENT )
HZ=SIHOP 1244, fBITLEHbTH)*EEHL(H+MUDkl,:)*HUHcﬂﬂﬁ*SHNIHT)
SUM i=SUM1+RERL (S1GHAL (K
$HCHPLY (COS{DEMOD_FPHASEERROR*P] /4 . )
$, -S INCDEMOD_PHASEERROR*P] /4. ))
$*CﬂFL)(3QHT(° JBITLENGTH #M1,0. 33
SUH2= SUH2+REHL(S!GHHL(R
$+CHPLX(COS{DEMOD_FHASEERROR*P1 /4. )
F, -5 IH(DEMOD_PHASEERROR*P 1 /4. 3)
FHCHPLXCD. ,SORTCZ. /BITLENGTH »12))
K=K+1
END DO

IFCL.HE. 1 3THEN

C...decision about SUM2

C.

ENERGY=(RES(3UM2 > /REAL { 2¥NUMSAM ) ykk2
W=SORT(ENERGY+2 . /COLOREDHO | SEPONER S 10 4+ {~REAL{KSNR >/ 10. 3
Y=ERFCC(Y/SORTC2. 23/2.
.included for nonlinear system
| FCEUMZ#REALCINPUTDATAC 1= 1%2-1) LT.0. YTHEN
ERROR=ERROR+{1.-4>
ELSE
ERRB=ERROR+Y
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EHDIF
ELSE
SUMZLAST=5UN2
ENOIF

SUM2=0.

Do M=1, HUMSAN
NI-‘Dbf'P!9!4 ;EITLEHGTH)*PEHL(H+HUD(I 2 ¥NUMSAM >4 SAMINT )

M2=SIH{(Pi12/4. ;BITLEHGTHJ*HEHL(N+NDD\l—l 2 FFHUNMSAM D+SAMINT )

SUMI=SUM 1+REAL (STGHAL (KD
$HCMPLX(COS{DEMDOD_PHASEERROR*P1 /4. )
$, -5 INCDEHOD_PHASEERROR*P1 /4. )
PCHPLYXCSORT (2. /B I TLENGTH 11,0,

SUNMZ=SUM2+REAL (SIGHAL ()
$+CrPLX {COS(DEMDD_PHASEERROR*P1 /4. )
%, -S INCOEMOD_PHASEERRORPI /4. 3)
$H+CHPLX{0. ,SORT{2. /BITLENGTH »M2))

=K+1

END 00

..decision about SUM1

EHERGY=C(ABS(SUM1>/REAL (2+NUMSA ) k2
¥=SQRT{ENERGY*Z. /COLOREDMO | SEPOMER/ 10. ##(-REALCKSNR Y/ 10.))

Y=ERFCC(Y/CORTC2. Y3/2.

...included for nonlinear system

IFCEUM+REAL CINPUTORTAC | »#2-1) LT.0. DTHEN
ERROR=ERROR+(1.-%)

ELSE
ERROR=ERROR+Y

EHDIF

END DO
SUM2Z=SUM2+SUM2LAST

..decision about SUM2

EHERGY=(RBS(SUM2 > /REAL (Z*¥NUMSAM ) piok2
=00RT(ENERGY*2 . /COLOREDNO | SEPOUER/10. **(-REHL(KSNR)HIU »

Y=ERFCC(Y/SORT(2. 33/2.

..included for nontinear sustem

IFCSUMZHREAL C INPUTDATACHBI TS ¥2-1) LT.0. JTHEN
ERROR=ERROR+(1.-Y>

ELSE
ERROR=ERROR+Y

ENDIF

ERROR=ERROR/REAL(NBITS)
SERROR={ 1. -ERROR »#+2
SERRDR=1.-SERROR

IFCISYSTEMTYPE . HE. 2 )THEN
HWRITELG,*)>" SHR=",KSNR,'  PB{ERR)=',ERROR
HRITECT,*)" SHR=',KSNR,'  PB(ERR)=",bERROR
ENOHF
RETURN
EHD
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SUEROUTIHE FFTYV, INLENGTH, COMTROL »
thiz routine performs Fourisr transformation
the length of the saquence is a power of 2

CHARACTER* 1 CH

CHARACTER*1 PLOTCONTR

oL

COMFLEX FFTOUTC16384 2

CoMmoN fC1/ PLLPIZ
CoMMoM £C3/ NUMSAR
coMMon /C4/ HEBITS
COMMON /C204 SAMINT
COMHOH /C23/ SANMFRED
COMHON /C29/ FFTOUT
COMMON /C20/ PLOTCONT

COMPLEX U, H,T,UC16384

ROL

pJ

;o minimum= 32
max i mum= 15354

DIMENSION XREC1E3340, XIMC16384 5, XHAGC 16384 )

=0

IF ¢ NUMSRI+HEITS . ED.
IF { HUMSRI*NBITS.EQ.
{F ¢ HUMSAM*NBITS.EQ
iF { HUMSAM*MEITS.EQ
IF ¢ HUMSRM*HBITS EQ.
IF { HUMSAM*NEITS.EQ.
IF { HUMSAM*MEITS.EQ.
IF ¢ HUMSAH#HRITS .EQ
1F ¢ HUMSAM*HBITS .EQ.
IF. ¢ MUMSAM*HEITS.EQ.

IF ¢ M.EQ.O > THEH
PRINT*,' error in
STOR

EHDIF

M=z

03 100 {=1,H
FFTOUTC] 2=U<1D
COMHT {HUE

MU2=1 /2

M 1=N-1

J=1

00 8 I=1,H1
IF ¢ I.GE.J ) BOTO
T=FFTOUT{J)
FFTOUTCJ=FFTOUTL | )
FFTOUT( ] »=T
K=NU2
IF ¢ K.GE.J ) GOTO
J=d=K
K=K 2
GOTO & -
J=JHK

COMT INUE

DO 20 L=1,H
LE=Z#4{_
LE1=LES2
U=(1.0,0.00

32 ) H=3
64 7 =6

128 3 M=7
.256 ) H=8

512 > M=9
1024 > M=10
2048 > =11

4008 O M=12

3192 J NH=13
16324 ) M=14

fft ... hH=0"

3

7

H=CHPLXCCOSCP] A/FLOATC(LE 133, -SINCPI AFLOATCLE 1) YD



oo 20 J=1,LET
DO 10 1=J,H,LE
iP=1+LE1
T=FFTOUTC P )
FFTOUTCIP)=FFTOUTCE >-T
FFTOUTC | y=FFTOUTS | 24T

10 CONT HHUE
U=
20 CONTIHUE
RETURH

END

12
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SUBROUTINE LIMERR_AMP_DIST
generates the transfer function for
|inear amplitude distortion

COMPLEY. TRAMSFERFUNC{ 16384 >, ATTENUATION
COMPLEX FFTOUT(16384 >

COMMON /C3/ HUMSHNM
conmon /C4/ NBITS
COMMON /L2337 SAMFREQ
COMMON /C29/ FFTOUT
comMMoM /G387 ALIN

NO 1=HUNSAMHNB1 TS /2+1
NOZ=HO 1+1
A=AL | P*SAMFREQ/FLOAT CHUNSAINB I TS)

" the freqguency response for positive frequencies is calculated
ag 1=1,Ho1
AJ=RERLCi-12¥A1{ /20.
TRANSFERFUNCC | d=CHPLX.( 10 #+Ad )
EHD DO

the fraquency response for negative frequencies is calculated
D0 1=HOZ, NUMSHIHNBITS
TRENSFERFUNCCI Y=(CHPLX( 1. ) /TRANSFERFUHCCNUMSRIMANBI TS+2~-1 33
END DO '

the sigral is attenuated to prevent the amplification
introduced by the linear amplitude distortion
ATTENMUAT 1 ON=CHPLX{ 10 . #+{AL IN*SAMFREQ/2. /20. )

DO I=1,HUMSAM*NBITS -
FFTOUTCE >=FFTOUT (1 P TRANSFERFUNCC ] 5 /ATTENURT [ON
END DO ,

RETURN
END .



C

SUBROUTINE PARABOL IC_AMP_DIST
C genzrates the transter function for
C parabolic amplitude diztortion

COMPLEX TRANMSFERFUNC( 163245
COMPLEX FFTOUTC 16324 )

CoMMOM /C3/ HUMSAN
COMron G4/ HEITS
COMMON /C23/ SAMFREQ
COMMON /C22/ FFTOUT
ConMoN  /C33/ APAR

MO 1=HUMSAM+NBI TS /2+1
NO2=HO 1+1
A1=AFAR*CCSAMFRED /FLOAT (HUMSRIFHFHBI TS ) 42, )

C the frequency response for positive frequencies is calculated
DO t=1,H01 -
AJ=C(REAL C1-1>2 )¥#R1 /20,
TRAMSFERFUMCC | 2=CHPLXCID #R0
END DO

C the frequency response for negative fregquencies is calculated
DO 1=HOZ2, HUMSAM*NBITS
TRANSFERFUNC C| >=TRANSFERFUNC(HUMSAIMNB I TS+2-1 )
EHD DO :

C the frequency responses are multiplied
Do =1, HUNSAMENBITS
FFTQUT< | >=FFTQUT (| »*TRANSFERFUNCC I >
EHD 00

RETURH
EHD



C===================c===c=c==c======s=sooosssooomssoooosoooooooossoos
SUBROUTINE RIPPLE_AMP_DIST_SIN

L generates tha transfer function for

C ripple cmplitude distortion typ= |

COMPLEX TRANSFERFUNC( 16384 )
COMPLEX, FFTOUT( 16384 )

CoMHod /C1/ PLLPIZ
COMHON /C3/ NUMSAM
COMMON /C4/ HBITS
CoMMOM fT237 SANFREQ
COMMON  /C29/ FFTOUT
COMMOH /C207 ARS,NSRIP

NO1=HUMSAITFNBI TS /2+ 1
HOZ=HO1+1

AJ=5AMFREQ/RERL CHUMSAMFNBITS)
Ci1=1. /2. /REAL(NSKIP

C the frequency response for positive frequancies is calculated
G0 i=1,H01
AZ=ARS*3 M2 #PI+(REALC1-15¥AJY/C1)/20.
TRANSFERFUNCC 1 )=CHPLX (10, #+A2)
END DO

C the frequency response for negative frequencies is calculated
00 {=H02, HUMSAMH*HBITS
TRAHSFERFUNC {1 >=CHPLXC 1. 2/ TRANSFERFUNC{HUMSHM*NBITS+2-1)
END DO

C the frequency responses are multiplied
0o 1=1,HUHMSAM+NBITS
FFTOUTY I >=FFTOUTY | »*TRANSFERFUNCC I 3
END DO
RETURM
END
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ZUEROUT IHE RIPPLE_ARP_DIST_COS
C generates the transfer function for
C ripple amplitude distortion typs 11

COMPLEY, TRANSFERFUMCI1R284)
COMPLEX FFTOUTC 16384 2

COMMON /C1/ PI,PIZ
COMMON /C3/ NUMSAH
COMMON /C4/ NBITS
COMMON /C23/ SANMFREQ
COMMON /2297 FFTOUT
COMHON /€417 ARC,NCRIP

HO 1=NUMSAM*NB I TS f2+1
HO2=HO1+1
AJ=SANFREQ /RERL (HUMSAMHHBITS)
Ci=1_/2. /REALCNCRIPD

C the frequancy response for positive frequencies is calculated
oo i=1,H01
AZ=ARC*+COS{2. #P I*+(REALC -1 D*AJD/C10/420.
TRANSFERFUNCC I )=CHPLAC 10 #4A2Z )
END DO

C the frequency response for negative frequencies is calculated
DO 1=HOZ, HUMSAM*NBITS
TRANSFERFUNC | )=TRANSFERFUNC C(HUMSAM*NB I TS+2-1 )
EHD DO

C the frequency responses are multiplied
DO =1, HUNSAM*NEITS
FFTOUT ] »=FFTOUT{ | ¥*TRANSFERFUNCCI >
EHD OO
RETURN
EHD



C —————

SUBROUTINE LINEAR_GROUP_DELAY
C generates the transfer function for
C linear group delay

COMPLEXY. TRANSFERFUNCY 16384 )
COMPLEX FFTOUT(15334)

COMHON /C1/ PI,PIZ
COMMON fC3/ HUMSRH
conMoN /C4/ NBITS
COMMOH fC23/7 SAMFREQ
COMMON /297 FFTOUT
CORMON fC42/ GLIN

NO1=HUMSAN+NBI TS f2+1
NO2=MD1+1

C the freguzncy response for positive frequencies is calculated
Do =1, H01
A1=FLOAT C1—1 3SAMFREQ/FLORT (HUNSAM+NBITS 3
PHI=PI#(GLINS 10 43 k(A 442 )
TRANSFERFURC | 3=CHPLXC(COSC{PHI 3, -S1H(PHI 33
END DO

C the frequency response for negative freguencies is calculated
DO 1=NDZ, HUMSAM*NBITS
TRANSFERFUNCC | )=TRANSFERFUNCCNUMSAIMHNB I TS+2-1)
EHD DO

C the frequency responses are multiplied
00 1=1,HUMSAM+*NBITS
FFTOUTC I o=FFTOUTY | »*TRANSFERFUNCC I >
END DO

RETURN
END



s

SUBROUT IHE PARABOL | C_GROUP_DELAY
gzherates the transter function for
parabolic group delaoy

[ ]

COMPLEX, TRANSFERFUNCC 16324 )
COMPLEX FFTOUTC1ES84 >

CotMoN /C1f PILPIZ2
COMMoM fC3/ MUKSHN
COMMON /C4/ HBITS
CoMMoN  /C22/ SANMFREQ
COMMON /C29/ FFTOUT
CoMeor /C434 GPAR

MO 1=HUMSAM*NB I TS /2+1
HO2=HO1+1

]

the freguency response for positiue frequencies is calculated
DO 1=1,H1 ,
AI=FLOATC 1 -1 ¥*S5AMFREQ /FLOAT (HUMSAMH*HBI TS >
PHI=2 #P1 /3 . #(GFAR/ 10 #k3 pE{AH¥3)
TRAHSFERFUMC C { )=CHPLX(COSCFHI >, -SIN(PH1 3>
EHD DO

C the frequéncg response for negative frequencies is calculated
O 1=NHGZ, HUMSAMANE 1 TS
TEANSFERFUMC (! >=CONJG{TRANSFERFUHC{MUMSAIPKNB TS+2-1 )
EHD 00

C the frequency responses are multiplied
00 1=1,HUMSAM*+NEBITS
FETOUTC 3=FFTOUT {1 2 TRANSFERFUNCC1 >
END DO

ETURN E
ENG



SUEROUTIME RIPPLE_GROUP_DELAY_SIHN
L generatas the transfer function for
C ripple group delay tupe |

COMPLEY TRANMSFERFUNC{ 15384)
COMPLEX FFTOUTC 163845

COMMON fC1/ PL,PIL2
COMMON /C3/ HUMSAH
COMMON 04/ HBITS
coMMod /C23/7 SAMFRED
COMMOM /C29¢ FFTOUT
Connod /C44/ GRS, HGSRIP

HO 1=NUNSAMNBITS /241

HOZ=MHD 1+1
AJ=SAMFREQ /REAL CHUMEAMFHEI TS )
Ci=1./2. /REPLCHGSRIF)

L the Trequency response for positive frequencies is calculated
no i=1,HM
PHI=(ORS#C1/C10 . ##33 MSIH(2 4P IHFLOAT(1-13¥FRAJ/C1)
TRANSFERFUNCY | )=CHPLX(COS{PHI >,-SINCPHI >3
ENG DO

C the freguency response for hegotive freguencies is calculated
DO 1=HO2, HUMSAM*HMBITS
TRANEFERFUNC 1 )>=CONJGC TRANSFERFUNC (MUMSAM*NB I TS+2-1 3>
EHD DO

€ the frequency responses are multiplied
DO I=1,NUMSAM*NEITS
FFTOUTC I 5>=FFTOUT{ | »*TRANSFERFUNCC ] 3
END DO

RETURN
EHD

K4
<



SUERQUT IHE RIPPLE_GROUP_DELAY_COS
G nerates the transfer function for
ripple group delay type ||

'."}O cy

COMPLEX TRANSFERFUNC{ 16384)
COMPLEX FFTOUTC16384) o

CorMoN /C1/ PLLPIEZ
COMMON /C3/ NUHsAn
COMMDH fC4/ MBITS
COMMON  #C23/7 SRMFREQ
COMMON /C29/¢ FFTOUT
COMMON /C45/ GRC,NGCRIP

NO1=HUNSAMNBI TS /2+1
HOZ=HD1+1

AJ=SANFRED/REAL (NUMSAMAHB1ITS)
Ci=1. /2. /REALCHNGCRIP)

C the frequency response for positive frequencies is calculated
oo 1=1,H01
PHI=({GRC*C1 /(10432 FCOS(2 P PRFLOATC1-1¢AJ/C1)
TRAMSFERFUNC (1 »=CHPLXCCOS(PHI ), SlN(PHI))
END GO

C the freQuencg response for negative frequencies is calculated
DO 1=NOZ, HUMSAMHNBITS
TRANSFERFUNCC | >=TRANSFERFUNCC(HUMSAM*NE I TS+2-1)
EHD DO

C the frequency responses are multiplied
0o (=1, HUMSAM+HBITS
FFTOUTC ! >=FFTOUT | Y*TRAHSFERFUNC(] 3
END DO

RETURN
END



C

SUBROUTIME PRESGEHERATOR
C genarataes the pseudo random bit sequence

CHARACTER*1 CH

INTEGER INPUTDRTAC4035)
CHARACTER*1 FRINTCONTROL
CHARRACTER*1 REPORTCONTROL
INTEGER REGISTER(242

ComMMoN fC2/ IHPUTDATH
COMMOH fC42 MBITS

COMMOM /C13/ PRINTCONTROL
CoMmoN fC14/ REGISTER
CoMMon /C15/7 MREG

COMMON /C28/ REPORTCONTROL
COMMON /C46/ TRAPPOSITION
COMMOH fC47/ HTAP

IHTEGER TAPPOSITION(4 3, NTAP, SUN
IHTEGER SECQUENCELENGTH, SEQUENCE( 16384 )
THOEY=1
Do {=1,13
INDEX= | HDEX*2
{FCINDEX.EQ. MBI TS XMREG=1
END DO
REGISTER(1)=1
DO 1=2,HREG
REGISTER( ! >=ABSCREGISTERCI-1)-1)
EHD DO
DO 40 1=1,4
TAPPOSITIONCT >=0
40 CONTINUE
L First tap is always connected.
TAPPDS I TIOH( 1 3=1

C Determine the new tap positions.
IF ¢ HREG.EQ.2 > THEN
NTAP=2
TAFPOSITIONC2 =2
GOTD 100
EMDIF

IF ¢ NREG.EQ.3 > THEN
HTAP=2
TAPPOSITIONC2)=3
GOTG 100

ENDIF

IF ¢ NREG.EQ.4 > THEN
HTAP=2 | :
TAPPOS 1 T10H(Z 3=4
60TO 100
ENDIF .
IF { NREG.EQ.S ) THEN
NTAP=2
TAPPOSITIONC2 =4
GOTO 100
ENDIF



IF ¢ MREG.EG.5 > THEN
HTAP=2
TAPPOSITIONCZ =5
GOTa 100

ENOIF

IF ¢ NREG.EQ.7 > THEN
NTAP=2
TAPPOSITIOHC2)=7 .
GOTO 100

EHDIF

IF ¢ NREG.EQ.8 ) THEN
HTAP=4
TAPPOSITION(2)=5
TAPPOSITION(3 =6
TAFPOSITI0NM(4 =7
GOTO 100

ENDIF

IF ¢ MREG.EQ.9 > THEHW
HTAP=2
TRPPOSITIONC2 =6
GOTO 100

ENDIF

IF ¢ NREG.EG.10 > THEN
NTAP=2
TAPPOSITIONCZ )=E
GOTCO 100

ENDIF

IF ¢ HREG.EGQ. 11 > THEN
HTAP=2
TAPPOSITIONCZ =10
GOTC 100

ENDIF

IF { HREG.EQ. 12 > THEN
NTAP=4 :
TAPPOSITION(2 =7
TRFPOSITIONC2)=0
TRPPOSITION (4 3=12
GOTO 100

ENDIF

IF ¢ HREG.EQ.13 > THEHM
NTAP=4
TAPPOSITIONE2)=10
TAPPOSITIONCS =11
TRFPOSITIONCS =13
GOTO 100

ENDIF

00 J=1,24NREG-1 .
IMPUTDATACJ )=REGISTER( 1)

SUM=REGISTERC 15
00 120 1=2,NTAP

IF ¢ SUN.EQ.REGISTERCTAPFOSITIONS] >y ) GOTO 110
SUM=1

L
-~



GOTO120

110 SUH=0
C end {exor}
120 CONTiHUE

C end {zum of the taps}
B0 130 {=1,HREG-1
REGISTERC | >=REGISTERCI+1)
130 CONT 1HUE
REGISTERC{NREG »=3UH
EHD DO
HPUTORTACZHHNREG )=0
FETURH
e



[y}

FUMCTIOH ERFCCLX>
computes the complementary error function
with Chebychev normal ization

[yr W]

Z=HBSID

T=1./C1. 40, 5%2)

ERFCC=THEXP(-2#2-1.26331223+T+(1. 00002368+T*( 37409196+

* T#( . 096784 18+T4(~ 18628306+ T+ . 27886807+T#(~1. 13520298+
T#(1.48851587+T#(~ 822 12223+T#  170872°972)332333)

IF <X.LT.0.3 ERFCC=2.-ERFCC

5

RETURN
END

129
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SUBROUTINE TIME_BEGIH .
CPU AND ELAPSED TIME COMPUTATION (ftogether TIME_END)
PROGRANM
external lib$init_timer
external |ibfget_um
COMMOH HAMDLE

integer+4 dyn_array_adr
nlongwords = 50
hardie = 0 lzamon bilgisi virtual bellekde saklanacak

CALL [ib$get_vmintonguords*4,dyn_array_adr)lvirtual bellek dizayni
CALL libdinit_timer{handle) timer set ediidi

RETURN
EHND
SUBROUTINE TIME_EHD
CFU AND ELAPSED TIME COMPUTATION {together TIME_BEGIN)
PROGRAN _
external |ib$show_timer
axternal lib¥free_timer
COMMON HANMDLE
CALL |ib$zhow_timerihandle) !isin son durumu ekrana yazildi

CALL ib$frea_timerthandle) 'yeni is icin timer serbest birakildi
RETURH
END
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