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Abstract

Reed-Solomon codes as nonbinary block codes with multiple burst-error-correcting
capability are well suited for error control in fading channels. This thesis studies the
effectiveness of Reed Solomon codes and provides a complete characterization of these
codes for a class of Jand mobile satellite communication channels.

Earlier studies on the performance of RS codes in mobile satellite channels did
not consider shadowing. Furthermore, they considere? only the slow fading case. In
our simulation the effeci of shadowing is taken into consideration and a fast fading
assumption is used with system fading bandwidths of 1 to 10 percent of the transmis-
sion rate. This range of normalized fading bandwidths corresponds to vehicle speeds
from 15 to 60 mph at bit rate of 2400 bps and 4800 bps for L-band carrier frequency.

BER perfon;:a.nce results show that RS codes can provide large improvement,
however there is still 5 to 20 dB discrepancy between the performance in an AWGN
channel and LMSAT channel. Therefore to obtain further improvement a novel re-
ceiver structure which employs fading prediction in conjunction with RS codes has
been introduced and analyzed. With practical predictor lengths, simulated perfor-
mance results show that the proposed technique greatly reduces the performance

degradation caused by the fading channel.
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Chapter 1

Introduction

1.1 Introduction

The link between & satellite and a land mobile terminal is degraded by fading due
to multipoint reflections and by shadowing due to obstacles between the satellite and
the mobile unit. The receiver performance of communication systems operating in
such fading environments is of importance for designing fading compensation methods
such as error detection, error correction and ARQ schemes. The performance with
small terminals and lower elevation angles.is particulary bad. The required increase
of signal power to achieve a sufficiently low BER can not be tolerated on a satellite
link. Some of possible techriques to mitigate shadowing and fading are :

a) Forward error correction (FEC) with redundant codes;

b) Automatic repeat request (ARQ) techniques;

¢} Diversity transmission with appropriate combining;

d) Adaptive polarization shaping (APS) to supress the reflected component.

Method (d) is under discussion for future standard terminals and voice transmis-
sion where no additional delay can be tolerated. Japanese experiments conducted
by KDD concentrated on antennas using a technique called polarization shaping to

reduce the muitipath fading [44]. Diversity techniques require statistically indepen-
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dent diversity paths. For mobile satellite channels, this rules out {requency diversity
because of the large coherence bandwidth. Antenna (spatial) diversity is probably too
complex for small and cheap terminals. Thus methods (2} and (b) seem to be most
suitable for data transmission with small terminals. Especially FEC combined with
ARQ offers many advantages. However, method (b) depends heavily on the access
and protocol techniques on the forward and return channel, and its analysis needs
further system specifications.

Various FEC coding schemes were investigated in the literature for different kinds
of channels. Convolutional codes with Viterbi decoding and Reed-Solomon codes are
strong candidates for land mobile satellite channels.

The bit error probability for convolutional coded transmission over fading channels
is well known from the literature [30-38]. Most of these works report that convolu-
tional codes are good candidates for land mobile satellite applications and provide a
significant coding gain when they are used in an efficient manner. However, question
may arise that do convolutional codes represent the most suitable codes for LMSAT
applications. Does this class of codes represent the best choice which minimizes the
mobile terminal complexity and cost while maintaining its flexibility ?

Hagenauer [35] reports that convolutional codes are not directly suited for fading
channels, because Viterbi as well as sequential decoders are sensitive to burst errors.
Interleaving could be used to transform bursts into statistically independent errors,
then sig'niﬁc_:ant coding gain could be achieved. Also it was shown [30] that BCH block
codes and convolutional codes require a higher degree of interleaving than comparable
Reed-Solomon block codes. Therefore one may think of other codes which could

substitute convolutional codes or could be concatenated together to provide highly

reliable data transmission.
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Reed-Solomor codes as nonbinary block codes with multiple burst-error-correcting
cupability are well suited for error control over fading channels. The objective of this
thesis is to report on the effectiveness of Reed Solomon codes and provide a complete
characterization of these codes for a class of land mobile satellite communication
channels.

By exploiting the statistical characteristics of the multipath fading and shadowing,
an effective coding/interleaving scheme is proposed. Simulated performance results
show that the proposed coding/interleaving scheme provides large improvements in
the BER performance. It is also found that erasure information improve the perfor-
mance of the decoder significantly. However_there is still a large discrepancy between
the performance in an AWGN channel and an LMSAT channel. Therefore, to obtain
further improvements, a novel receiver structure which employs fading prediction in
conjunction with RS codes has been introduced and analyzed.

Earlier studies on the performance of RS codes in mobile satellite channels did
not consider shadowing [30,35,37]. Furthermore, they considered only the slow fading
case. In our simulation the effect of shadowing is taken into consideration and a fast
fading assumption is used with system fading bandwidths of 1 to 10 percent of the
transmission rate.

To take into account the effect of shadowing, the model used for the fading chan-
nels is based on the one described in [14]. Loo et al report that land mobile satellite
communication channels, in the Canadian rural vnvironment, can be modeled as a
shadowed Rician fading process '[1-4]. The main application of the mode! is for signal
transmission studies in the Canadian MSAT program. In [38], the model was used
with the assumption that the shadowing and the multipath components have identi-

cal fading spectra. However there could be some difference in the time variation of
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the signal envelope if the shadowing component bandwidth is varied. This difference
could be significant in the second order statistics of the signal envelope where the
time variation is used. In our simulation the mul.tipath fading bandwidth was taken
several times the shadowing component bandwidth.

As stated above, we interd to apply modulation, coding and prediction strategies
to improve the performance of digital land mobile satellite communication links. But
before examining the performance of any modulation and coding techniques, it is es-
sential to gain a basic understanding of the characteristics of the land mobile satellite

fading channel.

1.2 Literature Review

Fading model

In the literature two important models are available to characterize the land mo-
bile satellite chanrel. The first model [7] is the Rician fading, where the received
multipath signal consists of the sum of a direct or line-of-sight component and a fad-
ing component due to reflections from the nearby scatterers. The direct component
is received without distortion other than an attenuation due to free space loss and a
doppler shift due to movement of the vehicle. The multipath component is Rayleigh
distributed in amplitude and uniformly distributed in phase. The direct component
and multipath components combined give a received envelope which has the Rj.cian
distribution [6].

The second model is based on the one described by C. Loo in References [1-4].

Loo et al report that land mobile satellite communication channels, in the Canadian
| rural environment, behave as a shadowed Rician fading process. In the mathematical

model for this fading channel, the line-of-sight component is subjected to a lognormal
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transformation due to shadowing, instead of being constant as in Rician model and
the scatter path or multipath is Rayleigh distributed.

It has been shown that the Rician model is well suited for describing the land mo-
bile satellite chanrel in a dear (non shadowing) environment {14]. But in a shadowed
area the model is not very accurate since the line-of-sight is treated as a constant,
where in'reality this component could vary considerably, especially if the mobile goes
through a densely wooded area. Therefore the line-of-sight component should be
treated as a stochastic process.

In this thesis Loo’s model is considered and BOSS was used to generate the lognor-
mal shadowed Rician fading process to predict the performance of various modulation
and coding techniques.

Modulation techniques

Several modulation strategies for transmitting date over a land mobile satellite
channel have appeared in the literature. These techniques have attempted to deal
with the time-varying nature of the mobile channel in a variety of ways.

(1) Those which employ noncoherent, constant envelope techniques in order to mini-
mize the sepsitivity to the time-varying phase and amplitude of the channel [11].

(2) Those which send a reference signal along with the data sigpal, allowing for co-
herent detection schemes to be used [23).

(3) Those which employ a modulation (and coding) strategy, which introduces time
diversity into the transmitted sigﬁa.l.

Approaches that employ noncoherent constant-envelope {or nearly constant en-
velope) techniques include differentially detected phase shift keying (DPSK) [11],
differentially detected minimum shift keying (DMSK), Gaussian minimum shift key-
ing (GMSK) [47] and tamed frequency modulation (TFM) [48]. These techniques

17



can suffer significant performance losses over a fading channel. In fact, they typically
exhibit an “irreducible error rate” that cannot be bettered at any signal-to-noise-ratio.

Approaches that send a reference signal and then perform coherent detection
include the transparent tone-in-band techr-xique (TTIB) [49) and the tone calibrated
technique (TCT) [50]. While these techniques have advantage of coherent detection,
the presence of a reference signal requires some bandwidth and power in addition fo
that required by the data signal alone. Furthermore, since the modulated signals do
not posses a constant envelope, any nonlinearity in the transmitter's power amplifier
transfer characteristic will result in greater signal distortion for these signals than for
the signals of the previous category. It has been shown that these techniques do not
exhibit an “irreducible error rate.” In fact, for Rayleigh fading and high SNR’s, their
error rate is approximately inversely proportional to the SNR [51]. Still,.SNR’s in
excess of 30 dB are required to achieve a bit error rate (BER) of 10~ for Rayleigh
fading. It has been shown (23] thet TTIB has a potential advantage in that it is
2 likely candidate for the amplitude companded single side band (ACSSB) speech
modem. The T’.f‘IB processing performs the equivalent of a carrier recovery and it is
also capable of providing a signal that can be used for bit timing purposes [49]. Thus
there is 2 potential for reducing the hardware complexity by using a coherent data
modem in conjunction with the TTIB modem, rather then having two completely
distinpt modems for speech and data.

Error correcting techniques

Several approaches that introduce time diversity into the transmitted signal with
coding techniques have been published. These techniques demonstrate dramatically
better performance than techniques that do not employ time diversity. The most

relevant work to our study are those given in [30-41].

18



The performance of a bandwidth eficient coding and modulation for a lognormal
shadowed Rician channel has been studied in [38]. Trellis coded 8PSK (TC-8PSK) and
the binary multi-h codes are the bandwidth efficient modulation formats considered.
In {38] a fast fading channel assumption is used with system fading bandwidths of
5% to 10% of the baud rate and both techniques considered correct random errors,
rather than burst errors. It has been shown in [38] that the light shadowed Rician
channel with normalized fading bandwidth of 10% is a random error channel and for
normalized fading bandwidth of 5% the channel seems to be in a transitional state
containing both burst and random errors. For the Ungerboeck’s 8PSK trellis code, it
was found that for the coherent case, the coding gain is larger in the case of fading
channel than occurs for the AWGN channel. This coding gain increases with the
fading bandwidth and the degree of shadowing. For differentially detected 8PSK he
found that the phase jitter due to fading process has a very significant effect on the
system performance. This phase jitter increases with an increase in fading bandwidth.
Finally he has shown that the multi-h signal set gives improved performance relative
to trellis coded 8PSK around F. = 103, However multi-h signals require more
comiplex receivers.

Modestino and Mui studied the performance of DPSK with convolutional codes
on time varying fading channels [32,33]. These works consider the coding gain due
to bandwidth expanding convolutional codes for BPSK and DBPSK signal formats.
They consider codes to correct random errors, and Rician fading model is consid-
ered. They found that for normalized fading bandwidths equal and greater than
.10%, coding with no interleaving could achieve significant improvement. When the
normalized fading bandwidths equal to 1% or lower, the fading aspect of the channel

is quasi static and hence has burst error nature thus giving no coding gain for the
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random error correcting codes. Some degree of interleaving is required whenever the
signaling rate is such that the normalized fading bandwidth is less than 1%.

Previous works on the performance of RS codes on fading channels have been con-
cerned exclusively with Ricien fading. As stated above, recent propagation studies
indicate that the signal fading is lognormal shadowed Rician rather than Rician dis-
tributed. It is of some interest then to provide a complete characterization of RS codes
performance on lognormal shadowed Rician channels. We consider the performance
of RS codes when used in conjunction with coherent phase shift keyed modulation.

Erich Lutz studied the performance of RS codes over Rician channel with nor-
malized fading bandwidth equals to 0.001 (static chanrel) to compare the simulation
results with the analytical results where the fading is assumed to be slow (quasi static
channel).

1.3 Thesis Organization

In Chapter 2, a complex baseband signal model to be used in our study is pre-
sented. We present the fading model, discuss how a computer-based module has been
developed using a communication simulator software package BOSS (Block Oriented
System Simulator). We first build the block diagram that generates the fading pro-
cess using BOSS, then the cumulative density function of the received signal envelope
is determined. Many trials were carried out with different values of our fading model
parameters with the objective of fitting our results to those derived from measure-
ments. As a final step in this chapter, the second order statistics of the generated
signal envelope were studied and the average fade duration at a specified signal level
for different normalized fading bandwidths is deduced.

In Chapter 3, BOSS is used to determine the performance of the uncoded system.
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As a first step the performance of BPSK in an AWGN channel is determined to
make sure of the reliability of the simulation results provided by BOSS. The system
model to be used in our study to evaluate the performance of BPSK in an AWGN
channel is described. With a matched filter receiver it is found that for the AWGN
case BOSS provides very accurate results. As a second step, this system model is
expanded to study the performance of BPSK over AWGN-and lognormal shadowed
Rician channels. The bit error probability as a function of bit energy-to-noise density
ratio (Eb/No) for different degrees of shadowing is found and the fade margin for the
three degrees of shadowing at probability of error of 10~* is deduced.

In Chapter 4, the performance of various RS codes in the AWGN and lognormal
shadowed Rician channel is investigated. We first compute the bit error probability
for block coded transmission over a non-fading channel and compare the results with
literature. Then the simulation of bit error probability is adapted to fading and shad-
owing channels. First, different RS codes with different blocklength is investigated for
a fixed fading bandwidth. It results that large gains in required SNR c¢an be achieved
using RS block codes. Then the influence of fading bandwidth is studied. Finally
techniques such as interleaving and erasure-decoding are applied to improve the bit
error rate performance.

In Chapter 5, a receiver which uses a linear predictor to estimate the fading
from the received signal is introduced and analyzed. First the principle of lirear
prediction is presented, then the decision law for the new receiver is derived. Finalljr
the performance cf linear prediction for the land mobile satellite channel with uncoded
and coded systems are determined. .

In Chapter 6, we summarize the results and give suggestions for further research.

In Appendix A, we give all BOSS modules which have been used in our study.
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In Appendix B, a brief description of RS codes (encoding, decoding and error,erasure-
decoding) and the interleaver/deinterleaver techniques are given.

In Appendix C, some information relevant to the simulation is given.
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Chapter 2

System Model for Land Mobile
Satellite Channel

2.1 Introduction

In this chapter, our interest is to characterize the land mobile satellite channel.
This will permit us to estimate the performance of communications sytems with
various modulations and coding schemes.

First the system model used in our simulation is described, and a mathematical
model for signal transmission is given. Then we describe the propagation environment
in which land mobile satellite systems must operat;p Finally we discuss the most
important fading models for the land mobile satellite channel as suggested in the
literature [1-4] and (6)]. -

The first model of interest is the Rician fading model where the received signal
consists of the sum of 2 direct component which is received without distortion other
than an attenuation due to free space loss and a doppler shift due to movement of the
vehicle, and a multipath component which is Rayieigh distributed in amplitude and
uniformly distributed in phase. The second model is based on the model described by
C. Loo in references [1-4], which we will refer to as lognormal shadowed Rician fading



model. A brief description of the latter model is given; then using BOSS. the fading
and shadowing process is simulated. Many trials with different values of the model
parameters have been carried out with the objective of fitting the results from appli-
cation of the model to those derived from measurements made by J.S.Butterworth
and E.E. Matt and Loo’s [4] on an emulated satellite patk. Finally the second order
statistics, the level crossing rate and the average fade duartion of the received sig-

nal envelope for the lognormal shadowed model is determined for different degrees of

shadowing.

2.2 Complex Baseband Model

A block diagram of the satellite mobile system model that is used for the analysis
and simulation is shown in Figure 2.1. In this section each of the blocks is briefly
discussed.

The data source module generates a pseudo random binary sequence, the symbol
generated at any given time is independent of all previous symbols, and both elements
of the sy.'mbol alphabet are equally likely. The channel encoder transforms each
k-symbol information sequence at its input into a n-symbol encoded sequence by
using Reed-Solomon coding. The encoded data are reordered by the interleaver and
transmitted over the channel. The interleaver module places the encoded data in a
rectangular array of D rows and n columns. Each row of the array constitutes a code
word of length n. An interleaver of degree D consists of D rows (D code words)."
The symbols are read out column-wise and transmitted over the channel. The PSK
modulator modulates the input bit sequence into points in the complex plane. These

point are (-1,0) and (1,0) for BPSK and (-1,1), (-1,-1), (1,-1) and (1,1) for QPSK.
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Figure 2.1: Baseband signal transmission model.




Besides fading, the transmitted sigral is corrupted also by the additive white
Gaussian noise. At the receiver, after demodulation. the deinterleaver puts the data
in proper sequence and passes it to the decoder. As a result of the interleaving-
deinterleaving, error bursts are spread out in time so that errors within a code word
appear to be independent. The PSK demodulator is a matched filter demodulator
for PSK. It integrates for each symbol interval, and then quantizes the output to the
nearest PSK constellation point. After deinterleaving, the data is decoded before it
is passed to the data sink. The channel decoder transforms the coded sequence at its
input into an information sequence on its output using Reed-Solomon decoding. The
decoding algorithm is the Berlekamp’s iterated decoding algorithm [52].

The mathematical model for tvansmission can be written as follows:

Rere® 4+ ¥ (2.1)
F=it+d=re"? (2.2)
where:
R : is the received phasor,
B : phase for PSK,
N : complex Additive Noise,
T : complex channel gain,

3 : Phase shift due to the combined effect of fading and shadowing,

Ny

: line-of-sight component: {channel gain),

@ : Multipath or scatter componer*: (channe! gain).
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In our simulation a normalized fading bandwidth in the range of 0.0l to 0.1 is
considered for the following reasor.

The future land mobile satellite system is being designed in such a way that a
major portion of the message traffic will likely be handled with digital transmission
with information rate of 2400 to 4800 bits per second. A spectrum allocation in
L-band (1540-1660 MHz) is of interest for land mobile satellite applications. If we
consider a vehicle speed in the range of 20 to 100 Km per hour the normalized fading
bandwidth will be in the range of 0.006 to 0.064. Table 2.1 shows the normalized
fading bandwidth for different vehicle speeds. In this table the fading bandwidth is
given by

B=1 (29

where f. is the carrier frequency, V is the vehicle speed and c¢ is the speed of light.
B, and B; in Table 2.1 correspond to 1540 MHz and 1660 MHz respectively.

Vehicle B, T B, T

speed | By B, R = 4800bps | R = 2400bps | R = 4300bps | R = 2400bps
(Km/b) | (Hz) | (Hz)

20 28.3 |30.7 |0.006 0.012 0.0065 0.013
30 4275 [46.1 {0.009 0.018 0.0095 0.019
40 57 61.4 |0.012 0.024 0.013 0.026
50 71.25 | 76.8 |0.0145 0.029 0.016 0.032
60 85.5 |92.17 [0.0175 0.035 0.019 0.038
70 99.75 |107.5 |0.021 0.042 0.0225 0.045
80 114 122.9 | 0.024 0.048 0.025 0.051
90 | 128.25 [ 138.25 | 0.0265 0.053 0.029 0.058
100 1425 [153.6 | 0.03 0.06 0.032 0.064

Table 2.1: Normalized fading bandwidths as a function of vehicle speed and trans-
mission rate for L-Band (1540-1660 MHz).
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2.3 Mobile Satellite Propagation Model

Figure 2.2 shows the propagation environment in a land mobile satellite communi-
cations system. The mobile receiver is equipped with a low gain antenna that collects
three electromagnetic rays. The rays collected by the vehicle antenna include a di-
rect path, Ro, a diffuse path, R, and a ground-reflected path, R;. In contrast to a
mobile satellite, conventional satellite-communication earth terminals equipped with
high-gain antennas can completely reject the last two components, collecting only R.

We may model the input signal as the sum of three vectors consisting of the direct

wave, the ground reflection and a diffuse one, i.e.,

]

F= 4§+ (2.4)

where 7, Z, g and ®w denote the input, direct component, ground reflection, and diffuse
components, r&slpectively.

Due to shadowing, the direct component is subjected to a lognormal transfor-
mation [4]. Analyses as well as experiments have shown that the diffuse component
arrives at an elevation angle of about zero degree and that the wave amplitude is
statistically described by a Rayleigh distribution [9)].

The diffuse component has a two-sided bandwidth of 2V/A, where V and ) denote
the speed of the vehicle and the carrier wavelength, respectively.

Relative to the diffuse component, the changes in the ground reflection are very
slow. Furthermore, since the ground reflection arrives at a negﬁt.ive elevation angle,
the antenna substantially attenuates this reflection. Hence the input signa! can be

effectively modeled as the sum of only two vectors, the direct and diffuse components.



oF-
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Figure 2.2: Propagation model for land mobile satellite channels.



2.4 Rician Fading Model

Figure 2.3 shows the block diggram used in our simulations for geuerating the
Rician fading process.

The independent source processes s, (t) and sa(t) are regarded as white gaussian
random generators with zero mean and variance o,

The average powers of X(t) and Y(t) are given by :
d=N, B (2.5)

where Ny and B represent the one-sided power spectral density of the gaussian random

generator and the filter bandwidth respectively.

g

$1() | ButTEm
GAUSSIAN Won Yit) ’
RAN_GEN LPF

caussian | S200) | pirrer X~
= WORTH - j
RAN_GEN LPF

Figure 2.3: Block diagram for generating a Rician fading process.

The severity of fading is determined by the direct-to-multipath signal power ratio
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known as K -factor and defined as :

bl

&
K=2, (2.6)

where ¢ is the constant value of the direct component and d is the variance of the

quadrature and in-phase channel. Using (2.5) the K-factor could be rewritten as:

c -
K=§—&°—B (2-‘)

The fading amplitude r(t} is a Rician process with a probability density function
of
r (__-f_ﬁé) rCc
P(r)= i Iy (?) (2.8)

2.5 Lognormal Shadowed Rician Fading Model
2.5.1 Probability Density Function

The mathematical derivations required to describe the model are given in the
literatur ; [1-4], the major steps of derivation are included here for the sake of com-
pleteness.

Consider the sum of a lognormally distributed random phasor and a Rayleigh
phasor

re’? = ze® +we®; z,w> 0 (2.9)

where the phases ¢o and ¢ are uniformly distributed between 0 and 2=, z is lognor-
mally distributed, and w has Rayleigh distribution. If z is temporarily kept constant,

then the conditional probability density function of r is siinply that of a Rician vector.

4

T - Tz
P(rlz) = el +=)/2k} k() (2.10)

where 25, represents the variance of the Rayleigh component and Io(.) is the modified

Bessel function of zeroth order. Applying the theorem of the total probability, one
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obtains

=T [t T3 by 9
Piry=5 [Te o) P(a)e: (2.11)
It has been assumed that P(z) is lognormal. given by :

P(z) = el=lin==uo)? /2do] (2.12)

= V2xdp
where dy and pg are the variance and mean of the normal distribution. Thus substi-

tuting (2.12) into (2.11), one obtains :

r oo 2 2.2 rs
= —_— = el—Unz—uo)? /2do—(r?+27)/2bo) —\d=~ 271!
P = g fo z © To( 35 )= (2.13)

It has been shown [5] that the probability density function of the received sig-
nal phase 3 due to the combined effect of fading and shadowing is approximately
Gaussian. Thus

1 —-(— o
P(4) = —= el= (=¥ /27) (2.14)

where 7 and ¢ are the mean and the standard deviation of the received signal phase.
This completes the mathematical description required to obtain expressions for
the probability density function due to combined effect of Rician fading and lognormal
shadowing. )
Now our interest is to simulate this model to generate the received signal envelope.
As mentioned earlier, the diffuse component % is modeled by a Rayleigh distribution

envelope and uniformly distributed phase, therefore @ can be written as :
w=X+jY (2.15)

where X and Y are two Gaussian random variables with zero mean and equal vari-

ances. W can be rewritten as:
®=VX2+ Y2 (2.16)
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where /X2 + Y? is Rayleigh distributed and ¢ is uniformly distributed between 0
and 2. On the other hand, it is straightforward to show that if U is a Gaussian
random variable with mean pq and variance dg, z = eV is lognormally distributed.

Based on these mathematical derivations, the model given in Figure 2.4 is con-
structed to generate the lognormally shadowed Rician fading process. The indepen-
dent source processes 3, (1), s2(2) and ss(t) in Figure 2.4 are regarded as Gaussian
processes with zero mean and variances o;%, 62* and o3” respectively. The low pass
filters are used to control the dynamics of the fading. |

It is suggested that a third-order-Butterworth fading spectrum yields the best

results when comparing with experimental results in {4].

2.5.2 Fading Model Parameters

In our simulation, the following parameters are used for the generation of the

fading and shadowing process.

e 0,2, 02% and o3? are the variances of the gaussian random processes s;(t), s2(t)
and sy(t) respectively. The value of these parameters were chosen in such a way
to provide the values of the fading model parameters, & and do suggested in
(1-4]).

® po: is the mean of the gaussian process U(t).

e STOP-TIME: is the time duration of the simulation run in seconds. STOP-
TIME is set large enough to get good estimates of the quantities of interest. If,
for example, the simulation is being run to estimate a bit error probability of
10~ when the bit eﬁor rate is 2400 bps, a value of 50 seconds for STOP-TIFAE
should be chosen to get accurate results. (120000 bits are generated which are
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Figure 2.4: Block diagram for generating a lognormal shadowed Rician fading process.
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120 times 10® bits).

DT: is the time interval in seconds between signal samples for the simulation
run, the simulation clock runs from time=0 to time=STOP TIME seconds in
steps of DT seconds. DT must be small enough to avoid undue aliasing for
the signals being sampled. Ideally, 57 should be greater than twice the highest
frequency present in the signals to be sampled, but many waveforms have infinite
bandwidth (e.g., an ideal bit stream), and so DT is made small enough that the
aliased power falling into the simulation bandwidth is small compared to the
noise power in the same bandwidth.

It has been verified that eight samples in the period of a rectangular waveform is
enough for the samples to accurately characterize the waveform for the purpose
of simulation. It is also typical for DT to be set equal to a power of two. This
is done so that the internal, binary representation of DT will be the same as
the entered value. In our simulation this parameter changes with the value of

the bit rate.
m: is the order of the low pass filter.

fim1s fm2 and fina are the 3 dB cut-off frequencies of the low pass filters 1, 2 and
3 respectively. Since the quadrature and in-phase components of the Rayleigh
component are similar, identical filters (H(f)) are used to filter so(2) and s3(2),
thus fino=fma. The choice of fr.2» depends on the normalized fading bandwidth
desired. For instance, for BT = 2.5% and a bit rate of 2400 bps the value of
this parameter should be 60 Hz. On the other hand shadowing varies more
slowly than fading [18], in our simulation we found that our results for the

cumulative density function of the received signal envelope fits very well with
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the experimental results when the fading process varies 20 times faster than the

shadowing process. For this reason f,.; was chosen as 3 Hz when f,,,= 60 Hz.

Figure 2.4 shows the fundamental set up for generating the lognormal shadowed
Rician fading process. The independent source processes, s;(t}, s2(t) and s3(t) are
regarded as Gaussian noise. After filtering we have three zero-mean gaussian processes

with noise equivalent bandwidths corresponding to the filter bandwidths,i.e.,
B=[" |H(F & (2.17)
The variance of the random process U(t) is given by :
a?, =dy = Noy By (2.18)
and the average power of X(t) and Y'(2) is given by
0% = No2 B, (2.19)

0"12,- = N03 Bs (2.20)

where Ny, Nz and Nga, represent the one-sided power spectral densities of the gaus-
sian random generators 1, 2 and 3 respectively. B, B; and Bj represent the band-
widths of the filters 1, 2 and 3 respectively.

As mentioned before, the quadrature and in-phase components of the scatter com-

ponent are similar. For this reason, in our simulation ;2 = ¢3% and fm2 = fma, thus
O'} = 0"2; = bo = Ngz Bz (2.21)
For the Butterworth filter which is used to control the dynamics of the fading we have

1
|H(f:)P = T (L

for 1=1,2 (2.22}
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where fmi is the 3 dB cut-off frequency of the Butterworth low pass fillters in Fig-

ure 2.4. Substituting this into (3.9) we find

_ T fm1 :
B = 2m sin(7/2m) (2.23)

_ l'l'f m2 59
B =om si{m[2m) (2:24)

Therefore by and dy can be written as a function of all our model parameters.

_ 7 Nozfm2
b = o sin(x/om) (2:28)
and
_ 7Noifm
do= 2m sin(w/2m) (2:26)

Since in our study a third-order-Butterworth was chosen, i.e., m = 3 therefore the

filter bandwidth can be rewritten as

B]_ = Tr—::ti = fml (2.27)
By = “";"‘2 ~ foa (2.28) "

Many trials have been carried out with different values of 6,2, 62%, fm1, fmz and
o With the objective of fitting our results to those derived from measurements made
by J.S. Butterworth and E.E. Matt and Loo’s [4] on a simulated satellite path.

During these measurements a helicopter was flown at a fixed elevation angle of 15
degree with respect to the receiver. The measurement site was a rural area with about
35 percent tree cover. Light shadowing was generally experienced when travelling
through sparsely wooded areas, and heavy shadowing was experienced when travelling
through densely wooded areas. Comparing with other sets of experimental data
obtained by the same group, the sets of data we have chosen represent the worst case

for heavy shadowing and the best case for light shadowing. Loo shows [5] that the
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received signal level for 99 percent of the time in a suburban area is better than heavy

shadowing in a rural area, thus depending on the multipath component, the received

signal on the suburban area could approach to average shadowing in a rural area.
After many trials the parameters chosen and the corresponding values of by, and

do are given in Table 2.2,

Parameters | Light | Average | Heavy
STOP TIME 100 100 100
(sec) _ ___|
DT 1.22E-4 | 1.22E-4 | 1.22E4
(sec)
&y° 114.2 285.6 488
oa° 8.97 6.9 3.4
Filter order 3 3 3
m
fml 3 3 3
(Hz)
(Hz)
bo 0.157 0.12 0.069
o 0.028 -0.289 -3.91
do 0.11 0.28 0.7

Table 2.2: Shadowed Rician fading simulation model parameters.

2.5.3 Simulation Results

By computer simulations using BOSS, we obtained the cumulative probability
distribution of the amplitude of the shadowed Rician fading channel for light, average
and heavy shadowing shown in Figure 2.5, 2.6, and 2.7 respectively. The model
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in Figure 2.4 was used to generate these results. It is found that our results closely

agree with Loo’s results [1-4].
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Figure 2.5: Comparison of the amplitude cumulative probability distributions be-
tween the experimental and simulated results for light shadowing.
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Figure 2.6: Comparison of the amplitude cumulative probability distributions be-
tween the experimental and simulated results for average shadowing.

10 -
= ] © Loo's results
c - Simulation
- 04
(-]
- o
kS
~ -10=
=)
3 ]
a2 20+
E i
= .
- =30
c
5 |
[/¢}
-40 —r—r— T ———— T —r—r—rr—rr)
10™3 1072 10! 10°

Percent probabllity received signal amplitude > ordinate

Figure 2.7: Comparison of the amplitude cumulative probability distributions be-
tween the experimental and simulated resnlts for heavy shadowing.
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2.6 Second Order Statistics of the Fading Process

Our interest in this section is to find the second order statistics, the level crossing
rate (LCR), and the average fade duration (AFD) of the received signal envelope
from the simulated data samples. The results of the LCR and AFD will provide
information which will be useful in determining the error correction techniques to be

used for land mobile satellite communication system.

2.6.1 Level Crossing Rate

The level crossing rate is considered as a second order statistic, since it is time
depended and is also affected by the speed of a mobile-radio vehicle. The LCR of the
mobile-radio signal provides additional information which when combined with other
statistical data enables the designer to make intelligent decisions.

Rice [42] has shown that for any wide sense stationary random process, the ex-
pected number at which the envelope crosses a specified signal level R with positive

slope in time T is given by

R=T ; ) dr: 2.2
aR)=T [+ P(RA)dF (2.29)
where 7 is the rate of change of the signail envelope, defined as

. dr(t) ,
F=— (2.30)
and P(R,7) is the joint probability density function of 7 and r, at r = R. The total

number of expected crossings per second, the level crosing rate, is defined as:

N(R) = E?R')' = f: #P(R,7) dF (2.31)

In the following discussion the level crossing rate is normalized to the maximum
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doppler shift frequency, fm. to make results independent of the vehicle speed thus:

_ N(R)

N'(R) = =

(2.32)
2.6.2 Fade Duration

The duration of signal fade determines the probable number of signaling bits that
will be lost during the fade. The duration of the signal fade is affected by several
factors among which the primary factor is the travel speed of the mobile-radio vehicle.
The relation between the average fade duration and the expected number of crossings
at a particular level R per second can be stated as : r is below R

P(r < R)

N(R) =TT

(2.33)

From (3.30), the average duration of fades below the level R can be calculated as :

= _ P(r < R) o
(R) = N (&) (2.34)
and the normalized average fade duration is
#(R) = P(r<R) _P(r < R)fm (2.35)

N'(R) ~— N(R)
This equation shows that the cumulative probability distribution, the LCR and
the AFD are interrelated. If two of themn are known, the third one can be determined.
Figure 2.8 illustrates how a simulated data sample is used to find the number
of crossing at different signal envelope levels. First, a line is drawn at a specified
level across the data sample under study. Either the positive-slope or negative-slope

crossings are counted, but not both. The level-crossing rate is given by :

N(R:) = @ (2.36)



and the average fade duration is deduced by using :

P{r < R;)

N{E) (237)

fR:) =

N /\ /\Y[\ R3—b- n(R3)

/\ R e—p n( R
2 2)

R = N RIJ

Signal level in dB

» time

Figure 2.8: A graphic illustration of determining the LCR.

2.6.3 Simulation Results

Figure 2.9 through 2.14 show diﬁ'erent.r&sui-ts for the second order statistics of
the simulated signal envelope. Figure 2.9 and 2.10 represent the normalized LCR
and AFD for light shadowing, Figure 2.11 and 2.12 represent the normalized LCR
and AFD for average shadowing and Figure 2.13 and 2.14 represent the normalized
LCR and AFD for heavy shadowing.
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Figure 2.9: Level crossing rate for light shadowing.
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Figure 2.10: Average fade duration for light shadowing.
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Figure 2.11: Level crossing rate for average shadowing.
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Figure 2.12: Average fade duration for average shadowing.
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In what follows a normalized fading bandwidth of 1% to 5% is considered. This
range corresponds to vehicle speeds from 20 to 90 Km/h at bit rate 2400 bps for
L-band carrier frequency. If we consider that a received signal level relative to a
clear line-of-sight level less than -10 dB cortesponds to a channel in off-state which
corresponds to 50% bit error rate, then a burst of errors occurs and lasts for the time
the received signal level is below -10 dB. Using Figure 2.9 through 2.14, the average
fade duration at a signal level of -10 dB, for different normalized fading bandwidths

and degrees of shadowing was found and summarized in Table 2.3 through Table 2.5.

(BT | B (Hz) | R (bps) | AFD (msec) | error burst length
1% | 24 | 2400 25 60
2% | 48 3400 12.5 30
5% | 120 2400 5 12

Table 2.3: AFD at a signal level of -10 dB for light shadowing.

BT | B (Hz) | R (bps) | AFD (msec) | error burst length
1% | 24 2400 33 30
2% | 48 3400 16 40
5% | 120 | 2400 6.6 16

Table 2.4: AFD at a signal level of -10 dB for average shadowing.

BT | B (Hz) | R (bps) | AFD (msec) | error burst length
1% 24 2400 33 200
2% 48 2400 41.6 100
5% | 120 2400 16.6 40

Table 2.5: AFD at a signal level of -10 dB for heavy shadowing.
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From these tables we note that the length of error bursts increases as the shad-
owing becomes more pronounced. therefore one has to consider this when designing
the coding/interleaving scheme. For heavy shadowing with 2% BT, an effective cad-
ing/interleaving scheme should overcome bursts of 100 erroneous bits. In Chapter 4

we will show how to use these results to design the coding/interleaving scheme.

2.7 Conclusions

From the results presented in this chapter, the following conclusions can be drawn.

o The cumulative density function of the reccived signal envelope was determined
and it is found that our results conform with the experimental results, therefore
the model could be used to estimate the performance of various modulation and

coding/interleaving schemes.

o The result of the AFD shows that the length of the burst of errors increases
as shadowing becomes more pronouced and the normalized fading bandwidth
becomes smaller. Therefore one should consider this when designing the cod-

ing/interleaving schemes
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Chapter 3

Uncoded System Performance

3.1 Introduction

Our objective is to analyse the performance of RS codes in LMSAT channel, and
propose an effective coding/interleaving techniques. However before proceeding with
the ana.lysis' of coded system performance in a lognormal shadowed Rician fading
channel, it is useful to consider the resulting bit error probability performance for
uncoded BPSK.

In this chapter 2 computer siraulation method is given to evaluate the probability
of error of a receiver that detects the PSK data in 2 lognormally shadowed fading
environment and with additive white gaussian noise (AWGNY). The receiver filter
considered is 2 matched filter. The channel model described in the previous section
is used to estimate the performance of BPSK over the lognormal shadowed Rician
fading and AWGN channel.

As a first step the system ;'nodel for signal transmission to be used in our study
to evaluate the error performance of BPSK in an AWGN is described. Therefore the
reliability of this system to be used to evaluate the performance of BPSK over the
lognormal shadowed Rician fading is deduced.
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3.2 BPSK in an AWGN channel

The simulation model used to evaluate the error performance of BPSK in an

AWGN channel is given in Figure 3.1. A detailed description of different modules

used in this simulation model is shown in Appendix A.

——
PSK_DEMOD_AND
ERROR_COUNTER
BPSK
won &
WHITE
NOISE
vin D
bnaunon |>] ‘;{m & BU .
DATA St A

Figure 3.1: System model for BPSK in an AWGN channel.

The transmitted PSK signal can be written as :

s(t) = Re {V25 aft) W3/} (3.1)

where S is the average power and f. is the carrier frequency.
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The modulating function a{t) has the following form :
a(t) = REED) (3.2)

in which
B =% (1-g(t) (3:3)

The function g(t) is a sequence of M square pulses, each of duration T and with an
amplitude of +1 or —1 corresponding to the information bits “1” and “0” respectively.

After this brief description of the simulation model, a comparison between the
theoretical and simulated bit error rate of BPSK in an AWGN channel is drawn. The

theoretical bit error rate of BPSK over the the AWGN channel is drawn using the

formula :
- 2E
P.=Q (y7) (34)
where @(z) is the Q function defined as :
—_ _1_ : -t32
Qo) = 7= /:’ etla (3.5)

Figure 3.2 shows that the results of our system model simulation for the AWGN
channel agree with the theoretical results computed from (3.5). Therefore this sys-
tem model could be used to evaluate the performance of BPSK over the lognormal
shadowed Rician fading and AWGN channel.
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Figure 3.2: BPSK in an AWGN channel.

3.3 BPSK Over Lognormal Shadowed Rician Fad-
ing Channel

The system used for evaluation of the error performanrz of BPSK over the AWGN
and lognormeal shadowed Rician fading channel is shown in Figure 3.3. In this system
only the magnitude of the fading process is considered, which means that the prob-
ability of error found is the probability of error due to amplitude fading. Thus the
assumption is that the receiver perfectly tracks the phase shifts due to fading as well
as other system phase uncertainties. This represents ideal performance as only the

amplitude of fading process leads to performance losses.

N
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Figure 3.3: System model for BPSK over AWGN and lognormal shadowed Rician
fading channel.

The results of our simulation for both the AWGN and fading channel are given in
Figure 3.4 through 3.6 . The three fading scenarios considered are the light, average
and heavy shadowing as described previously.

We will focus our attention on an error probability of 10~3 as this is the target
BER in speech applications. For the three degrees of shadowing the SNR penalties,
which are substantial when compared to AWGN case, are shown in Table 3.1.
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Degree of SNR penalties (dB)
shadowing P.=10"°| P.=10""
Light shadowing 4.3 6.5
Average shadowing 6.7 9.8
Heavy shadowing 15.9 21

Table 3.1: SNR degradation due to fading and shadowing for BPSK.
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Figure 3.4: Performance of coherent PSK with light shadowing.
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It has been shown [39] that the light shadowed Rician channel resembles the Rician
channel having a K-factor of appreximately 5 dB. Figure 3.7 shows the BER for ideal
coherent BPSK in a lognormal shadowed Rician fading channel and a Rician fading
channel with different K-factors.

We should point out that in our simulation all BER curves were given as function

of the mean bit energy-to-noise ratio, %:, defined mathematically as:

E, E, 2
& =5 B (3.6)

where % represents the bit energy-to-noise density ratio in the absence of fading
and shadowing. The term E(r®) is simply the average power of the reccived signal
envelope. In the literature some people [30] consider that E(r*) is equal to one so that
the mean bit enrgy-to-noise ratio is not affected by the fading. But in 01.11- case we
did not consider this because the fading and shadowing processes, r, were simulated
according to some experimental data.

From Figure 3.7 we can deduce that the light shadowed fading channel could be
approximated by a Rician channel with a K'—factor in the range of 5 to 8 dB at BER
of 10~2 to 10~*. The average shadowed Rician channel could be approximated by the
Rician channel with a K—factor in the range of 0 to 5 dB.

It has been showr [31], [38] and [58] that the BER performance for PSK on heavy
shadowed fading channel is slightly worse than the performance of PSK on a Rayleigh
fading channel. This agtees with the results we found. This could be explained by
the fact that in an LMSAT channel the direct component is the most important
component of the received signal, while the multipath component is relatively weak.
Therefore, intuitively one can say that if the direct component is very weak we can
expect that the BER performance will be very bad, which is the case for the heavy
shadowed channel. In contrast to the LMSAT case, the direct component in a terres-
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Figure 3.7: BER as 2 functior of the mean bit energy-to-noise ratioc for BPSK on a
Rician and shadowed Rician fading channel.

trial mobile-radio signal is almost absent especially in urban areas, thus the mobile
radio-signal is mainly constituted of multipath components where most of the energy
is confined. This interpretation leads us to the conclusion that we have to distinguish
between the multipatl;.component of the LMSAT signal and the multipath compo-
nent of the mobile-radio signal, although both of them were assumed to be Rayleigh
but with different strengths. To understand further this point we should compute the
average power of the generated shadowed fading process and see how this is varying
with the degree of shadowing.

As mentioned before the average power of the scatter component is given by 2b,.
For the lognormal component, z, the following computations are necessary to find out

the average power. The mean of z is given by:
E(z) = f_: zP()dz (3.7)
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where P(z) is given by equation (2.12). Evaluation of the integral yvields

E(=) = explua + do/2) (5.

(2]
~—

The average power of the lognormal component is given by:

E() = f’ 2* P(2) dz = exp(2u0 + 2do) (3.9)
-0
The variance of the lognormal component can be obtained by:
o} = E(z")~[BE)J
= exp(2uo + do) [exp(do) — 1] (3.10)
The total average power of the received signal envelope is given by
E(®) = E@)+E(?)
= 2by + exp(2uo + 2dy) (3.11)
For heavy shadowing, with the parameters given in Table 2.2 we deduce that
E(z%) = 0.0016 (3.12)

This mean that the direct component is almost absent, therefore the average power
of the received signal envelope is almost equal to the average power of the multipath

component. Thus

E(r*) ~ E(w?) = 2bp = 0.14. (3.13)

which means that the received signal is mainly constituted of the muitipath com-
ponent. From equation (3.13) one also can say that the received signal in heavy
shadowed channel is very weak, even worse than the received signal in land mobile-

radio channel in urban area, this is also confirmed by a comparison of the cumulative
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density function of the received signal envelope in heavy shadowed (Figure 2.7} and
the curnulative density function of the received signal envelope on a Rayleigh channel
[9].

Finally we can say that if we keep the same parameters for the iognormal compo-
nent and we change the value of 2by, the BER performance will change correspond-
ingly. For example if take 25y = 1 instead of 0.14 the BER performance will approach
the BER performance over Rayleigh channel. But in our case for heavy shadowing
2bo should be 0.14 because this is the value that fits to the experimental data.

3.4 Conclusions

The bit errorrate performance curves for uncoded BPSK show that:

o The fade margin required 'to compensate for the effect of fading and shadowing
increases with the degree of shadowing.

e Some kind of multipath compensation technique is required to improve the bit

error rate performance.



Chapter 4

Coded System Performance

4.1 Introduction

The bit error rate performance curves for uncoded binary phase shift keyving and
the second order statistics described in Chapter 2 and 3 show that some kind of
multipath compensation technique is required to improve the performance.

In this cha;.pter we focus on applying FEC to compensate the effect of fading. RS
codes as non binary block codes with multiple burst-error correcting capability are
well suited for error control in land mobile satellite channels.

First we determine the RS code performance with PSK transmission in an AWGN
channel, then compare the results with those given in Reference [30]. Secondly the
performance of RS codes over lognormal shadowed Rician fading channel is deter-
mined for different degrees of shadowing under the conditions of perfect coherence.
The assumption is that the receiver perfectly tracks the phase shifts due to fading
and shadowing as well as any other system phase uncertainty. This represents ideal
performance as only the amplitude of the fading and shadowing process leads to
performance losses.

By using the second order statistics obtained in Chapter 2, an effective cod-

ing/interleaving scheme is suggested to overcome the longest burst of errors to improve
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the system performance while maintaining the receiver simplicity. Finally the benefic

of using the erasure decoding is also investigated.

4.2 Performance of RS Codes in an AWGN Chan-
nel

In this section the performance of different RS codes in an AWGN channel is
determined and the effect of blocklengths on the bit error rate is investigated.

It has been shown {30] that for RS codes with BPSK transmission over Rician
channel, an optimum code rate of 0.55 exists at bit error rate of 10~°. To study the
influence of blocklengths on the bit error rate a fixed code rate of about 0.55 is assumed
" and the performance of (15,9), (31,17), (63,35), (127,71) and (255,153) RS codes is
studied. Figure 4.1 shows bit error rat= as a function of bit energy-to-noise density
ratio (%:) for different blocklengths for BPSK transmission in an AWGN channel.
From this figure we can deduce that the coding gain increases with the blocklengths
and the increase of this coding gain becomes less at large blocklengths, therefore RS
codes with blocklengths exceeding 63 symbols is not advantageous. These results are

in a good agreement with the analytical results found in {30].
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4.3 RS Codes with BPSK Transmission over Log-
normal Shadowed Rician Channel

In this section our interest is to provide a complete characterization of the perfor-
mance of RS codes on a lognormal shadowed Rician fading channel. First the effect
of blocklength on bit error rate for light, average and heavy shadowing for a fixed
pormalized fading bandwidth is studied. Secondly, the influence of fading bandwidth
on bit error rate for the three degree of shadowing is investigated. Then having the
background knowledge of the second order statistics, a block interleaver-deinterleaver
is designed to be used with RS coding to spread out the burst of errors. The influence
of interleaving on-bit error rate for different normalized fading bandwidths is given.

'Finally, the erasure information is passed to the decoder to investigate the usefulness
of error-erasure decoding in the lognormal shadowed Rician channel.

The system model used to evaluate the bit error rate for different RS codes with
BPSK transmission over lognormal shadowed Rician and AWGN channel is given in
Figure 4.2

In this system model, the REED-SOLOMON ENCODER module encodes infor-
maticn bits on its input generated by the module PN-SEQUENCE GENERATOR to
coded bits on its output using RS coding. The RS codes can correct any number of
coded symbol errors up to 5'—‘-;—"1 Notice that this is symbol errors and not bit errors,
a symbol is made of Log2 (n + 1) consecutive bits. The encoder block changes the bit
rate, the output bit rate is § times the input bit rate.

REED-SOLOMON DECODER module decodes coded bits on its input to infor-
mation bits on its output using RS coding. The decoding algorithm is the Berlekamp’s
iterated decoding algorithm [52].
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Figure 4.2: System model used to determine the performance of RS codes over a
fading and shadowing channel.
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4.3.1 Infivence of Blocklength on Bit Error Rate

To investigate the influence of blocklengtk on bit error rate, a code rate of approx-
imately 0.35 is ussumed and the (15,9), (31.17) and (63,35) RS codes are chosen.

The results of our simulation for both AWGN and a fading channel are given
in Figure 4.3 through 4.5. The three fading scenarios considered are light, average
and heavy shadowing. From Figure 4.3 we note that, as in the Gaussian case, the
coding gain in fading channel increases when longer codes are used. Moreover the
coding gain is larger in the case of a fading channel than an AWGN channel. As the
shadowing becomes more pronounced (or heavier), the coding gain increases.

We summarize the coding gains in Table 4.1 for an error probability of 1073,

RS Codes | Channel Model | Coding Gain
(dB)
(25,9) 1.1
(31,17) AWGN 1.2
(63,35) 1.3
(15.9) Light 16
(31,17) shadowing 2.5
(63,35) 3
(15,9) Average 2.6
(31,17) shadowing 3.8
(63,35) 4.6
(15,9) Heavy 84
(31,17) shadowing 9.7
(63,35) 109

Table 4.1: Coding gain of different RS codes with BPSK transmission at a bit error
rate of 10> and a normalized fading bandwidth of 5%.
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4.3.2 Influence of Fading Bandwidth

As mentioned before the normalized fading bandwidth BT varies from 1% to 10%
for the mobile satellite applications. In our simulation two cases are studied. BT = 1%
and BT = 5% for (63,35) RS code with light, average and heavy shadowing.

Figure 4.6 through 4.8 show bit error rate for (63,35) RS code for BPSK transmis-
sion over the lognormal shadowed Rician fading channel with 1% and 5% normalized
fading bandwidth for the three degrees of shadowing.

From these figures we deduce that the performance becomes worse when the nor-
malized fading bandwidth becomes smaller. As expected, the coding gain increases
with increasing fading bandwidth. This increase could be explained by the fact that
as bandwidth decreases, channel memory increases and the channel becomes more of
a burst error channel. At bit error rate of 10~ there is a 1.4 dB difference on the
performance between BT = 1% and BT = 5% for light shadowing. This difference is
a little higher for the average and heavy shadowing cases because the channel is more
bursty. It is about 1.65 dB for average shadowing and 2 dB for heavy shadowing,.

At this point we can say that in this range of normalized fading bandwidth which
1s the most common range for MSAT applications, the RS codes perform very well.
Degradation on the error performance due to fading bandwidth change could be
compensated by using interleaving which is an effective method for dealing with burst
error channe-ls that interleave the coded data in such a way that the bursty channel

is transformed into a channel having independent errors.
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4.3.3 Influence of Interleaving

As demonstrated in the previous subsection, the performance degrades as the
normalized fading bandwidth becomes smaller. One way to combat slow fading is o
use interleaving. In this subsection we study the effect of interleaving on the system
performance. The case of heavy shadowing is considered since it represeats the worst
case where there is much room for improvement.

The interleaver divides symbol sequences into blocks corresponding to a two-
dimensional array, and to read symbols in by rows and out by columns as illustrated
in Figure 4.9. The dsinterleaver stores the data in the same rectangular array format,
but it is read out row-wise, one code word at a time. As a result of this reordering
of the data during transmission, a burst of errors of length [ = D x b is broken up
into D bursts of length b. Thus, an (n, k) code that can handle burst errors of length
b < (n — k)/2 can be combined with interleaver of degree D to create an interleaved
(D x n,D x k) block code that can handle bursts of length D x .

Table 4.2 shows different RS codes and their error-correcting capabilities.

RS Codes | Code Rate | Erroneous symbols | Maximum erroneous bits
could be corrected could be corrected

(15,9) 0.6 3 12
(15,7) 0.46 4 16
(31,25) 0.8 3 15
(31,21) 0.67 5 25
(31,17) 0.55 7 35
(63,41) 0.65 11 66
(63,35) 0.55 14 84
(127,71) 0.55 28 196
(255,153) 0.6 51 408

Table 4.2: Different RS codes and their error-correcting capabilities.
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In Chapter 2 we have shown that the AFD at a signal level of -10 dB could have
a value as high as 83 msec which correspond to 200 erroneous biis at a bit rate of
2400 bps (see Table 2.3, 2.4 and 2.5), therefore from Table 1.2 and Tables 2.3, 2.4
and 2.5 we can deduce that RS codes witi+ blocklengths of 15 are not effective over
such fading channels since their error correcting capability is not significant. If this
code has to be used, high degrée of interleaving should be applied. For example if
the (15,9) RS code is used interleaving degree of at least 17 should be used to have
an acceptable performance especially in the heavy shadowing case, where the burst
length is large. But interleaving with high degree is not preferred since it introduces
delay to the system, and the delay is an important factor to be considered where the
propagation delay is large and any additional delay may not be tolerable. A longer
code could be used to provide a better burst error-correcting capability and to reduce
the degree of interleaving necessary.

The (31,17) RS code could be used with interleaving degree greater than 6 since
it can correct a burst of length 210 bits or less. The (63,35) RS code could be used
with interleaving degree greater than 3 since it corrects a burst of length 252 bits.
The (127,71) RS code could be used with an interleaving degree greater than 2 since
it can correct a burst of length 392 bits. The (255,153) RS code is a powerful code,
it can correct a burst of length 408 bits or less without interleaving.

Finally we can conclude that the longer the code, the better performance we will
have and less degree of interleaving is required. But with a long code the decoding
delay will be considerable, and more importantly the complexity increases, therefore
there is a trade-off between the blodﬁength and the interleaving degree. The {31,17)
RS code with an interleaving degree of 6 or higher could be a good choice.

Figure 4.10 and 4.11 show the effect of interleaving on bit error rate for heavy

-
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shadowing for BT = 1% and 5% rcspectively. From these fgures we notice that the
interleaving technique improve the system performance significantly.

Table 4.3 summarizes the improvement we obtain by using interleaving at a prob-
ability of error of 10~2 for 1% and 5% normalized fading bandwidths and different
degrees of interleaving,

The choice of the degree of interleaving depends on the transmission rate, the speed
of the vehicle and the carrier frequency. For a given transmission rate and carrier
frequency, the burst is longer for slower speed, therefore the degree of interleaving
required is more important at speed of 20 km/h than a speed of 90 km/h. Generally,
as the normalized fading bandwidth is directly proportional to the vehicle speed, if a
vehicle is travelling through a region of foliage blockage at a slow speed then the burst
of errors is expected to last longer than when it is travelling at a lower speed. This
explains why the degree of interleaving 6 provide better nerformance for a normalized
fading bandwidth of 5% than 1%. These results show also for a degree of interleaving
greater than 10 the improvement on error performance is more important for the 1%

case rather than the 5% case since the channel is more bursty.

BT =1% BT =5%
D | Improvement | D | Improvement
(dB) (dB)
6 1.7 4 1.7
10 29 6 2.45
16 3.56 10 2.83

Table 4.3: Improvement due to different degree of interleaving at BER of 10-3 for a

(31,17) RS code with BPSK over heavy shadowing channel and different normalized
fading bandwidth, BT.
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4.3.4 Performance with Erasure-Decoding

In this subsection we intend to investigate the effectiveness of erasure-decoding
in a lognormal shadowed Rician channel. The erasure information is passed to the
decoder. This information enables the decoder to distinguish between reliable and
unreliable symbols.

The maximum-distance property of RS codes allows the correction of up to ¢ errors

and e erasures [37], as long as the relation
e+ <d—1 (4.1)

holds. In (4.1) d represents the minimum distance of the code. For maximum distance

codes, d is determined by the number of parity symbols in 2 code word

d-1=n-k (4.2)

Figure 4.12 shows the bit error rate of (15,9) RS code for the heavy shadowing
with and without error erasure-decoding. From this figure we see that the erasure
decoding is effective for the heavy shadowing, and provides an additional coding gain

of 1.9 dB at probability of error of 1073.
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4.4 Conclusions

From the results presented in this section, the following conclusions can be drawn.

» The bit error rate performance curves for RS codes in an AWGN channel show
that the coding gain increases with the blocklengths and the increase of this
coding gain becomes less at large blocklengths, therefore RS codes with block-
lengths exceeding 63 symbols do not justify the associated complexity.

¢ The bit error rate performance curves folr RS codes in a lognormal shadowed
Rician channel show that :
1) Coding gain in fading and shadowing channel increases when longer codes
are used.
2) The éoding gain increases as shadowing becomes more pronounced. At BER
of 1073, the (63,35) RS code provide a coding gain of 3 dB for light shadowing
and 10.9 dB for the heavy shadowing case.

o The bit error rate performance of RS codes over fading and shadowing channel
d’egra.des when the fading bandwidth becomes smaller. This decrease could be
explained by the fact that as bandwidth decreases, channel memory increases
2ud the channel becomes more like a bursty error channel. In this case long RS

codes or interleaving should be applied to combat slow fading.

¢ The degree of interleaving required increases when the fading bandwidth be-
comes smaller. At BT = 1% an interleaver of degree six provide almost the
same improvement as an interleaver of degree four for BT = 5%. However for
a high degree of interleaving, the improve:ﬁent on error performance is more

important for small fading bandwidth.
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s Erasure decoding improves the system performance significantly. An additional

coding gain of 1.9 dB is achieved at BER of 10=for heavy shadowing channel.

A summary of our results is given in Table 4.4 and 4.5.
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RS Codes Channel Model | Normalized Fading | Fade Margin | Coding Ga:.. ‘

Bandwidth (dB) (dB) .
Uncoded BPSK | Light shadowing NA 6.5 NA
(15,9) Light shadowing 5% 49 1.6
(31,17} Light shadowing 5% 4 2.5

(63,35) Light shadowing 5% 3.5 3

(63,35) Light shadowing 1% 49 1.6
Uncoded BPSK | Average shadowing NA 9.8 NA
(15,9) Average shadowing 5% 7.2 2.6
(31,17) Average shadowing 5% 6 3.8
(63,35) Average shadowing 5‘2_6 5.2 4.6
(63,35) Average shadowing 1% 6.85 2.95
Uncoded BPSK | Heavy shadowing NA 21 NA
(15,9) Heavy shadowing 5% 12.6 S4
(31,17) Heavy shadowing 5% 11.3 9.7
(63,35) Heavy shadowing 5% 10.1 10.9
(63,35) Heavy shadowing 1% 12.1 8.9

Table 4.4: Fade margin and coding gain at BER of 10~ for different RS codes.

"RS Codes Interleaving degree | Normalized Fading | Fade Margin | Coding Gain
D Bandwidth (dB) {dB)
Uncoded BPSK NA NA 21 NA

(31,17) 4 5% 9.6 11.4
(31,17) 6 5% 8.85 12.15
(31,17) 6 1% 9.6 11.4
(31L,17) 10 5% 847 12.53
(3LIT) 10 1% 8.4 12.6
(31,17) 16 1% 7.14 13.26

Table 4.5: Fade margin and coding gain at BER of 10-2 for heavy shadowing and
different degrees of interleaving.



Chapter 5

Fadirig Prediction in Conjunction
with RS Codes over LMISAT
Channel.

5.1 Introduction

In Chapter 3 we saw that the performance of PSK systems in LMSAT channels is
very poor. As discussed in Chapter 4, FEC coding can provide large improvements.
However there is still a 5 to 20 dB discrepancy between the performance in an AWGN
channel and a Rician or lognormally shadowed Rician channel. Therefore to obtain
further improvements various techniques can be employed. In this chapter we study
the application of prediction techniques to achieve additional! improvements.

First the principle of linear prediction is presented, then the decision law for the
new receiver which uses linear prediction to estimate the fading from the received
signal is derived. Using this decision law the performance of an uncoded system
using linear prediction was simulated for LMSAT channel. Since nur objective in
this chapter is to prove the effectiveness of the proposed fading prediction technique
therefore it is computationally more convenient to assume a Rician channel rather

than a lognormally shadowed Rician channel. Results were obtained for predictors

-
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optimized at various SNRs. The effect of error propagation were also observed in each
simulation by producing a BER curve with and without error propagation. Error
propagation was eliminated by passing the correct transmitted symbols from the
moduiator to the demodulator.

Finally a proposed technique which employ fading prediction in conjunction with
RS coding to reduce the BER performance degradation due to error propagation was
investigated.

In Chapter 4 the performance of RS codes was determined for only the amplitude
of fading, whereas in this chapter the performance of the proposed fading prediction
technique is found for the combined effect of amplitude and phase variation caused
by fading. With practical predictor lengths, simulated performance results show a
lower error floor for a receiver which utilizes fading prediction than the conventional

one.

5.2 Linear Predictor Design Equations

Given the past samples of some observed signal {yi—1,%:i-2,---,¥i-L}, Where y; =
z; + n;, a linear predictor estimates the value of the present sample z;.
A predictor of order L is given by :
L
=3 PeVi-k (5.1)
k=1
where p; represent the prediction coefficients. The orthogonality principle for MMSE
states that [19]
E{(z:~2)y;}=0 ,i-LZLj<i-1 (5.2)

This implies that
E{z; yj} = E{Z: ¥}, (5.3)
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and assuming E{z; n;} = 0, we have

E{z: 4} = E{miz}} = R, (5.4)

and
L
E{z:iy}} = Z E{yi-k 47} P

= z ( =itk + -l+k) (5.5)

where R} .., = E{zi-xz}} and R}, = E{ni_in]}. Substituting (5.5) and (5.4)
into (5.3), produces the set of L linear equations,

L
=) (BRI + Bloipi) Bu (5.6)
k=1

If all processes are wide sense stationary (WSS), then the MMSE predictor at a
given time, 2, is the MMSE predlctor for all 7. Hence : may be removed from the

above equations to get
L
Ri=3 (Ri;+Rj)m , 1<j<L (5.7)

k=1

5.3 Autocorrelation of the Fading Process

As discussed in Chapter 2 the fading component can be modeled as a complex

summation of two independent gaussian noise processes f/(t) and f9(t), i.e

HOESHORS Al (5.8)

Fi(t) and f9(t) result after passing the two white Gaussian noise process ni(t) and
n?(t) respectively through two identical low-pass filter H(f). By varying the mean

of f/(t), one may choose between Rayleigh and Rician fading characteristics. Since
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identical filters H(f) are used to filter the noise processes. then f/{t) and f2(t) have
the same autocorrelation function. Furthermore, the symmetry of H(f) guarantees

that the in-phase and quadrature fading process are independent and we have

RI(r) = B{f'(t) f1(t - 7)} = E{f() fAt — )} (5.9)

and
Ri(r) = j_‘: \H(F)F &2 df (5.10)

since H(f) is a symmetric transfer function, Rf(r) becomes

Ri(ry=2 [T |H()I cos2nfr) df (5.11)

for T = kT, the discrete fading autocorrelation function is given by
had 2
Rf=2 fo \H(f)P cos(2r fET) df (5.12)

5.4 Calculation of the Fading Prediction Coeffi-
cients

There are two different methods which can be used for the computation of the

prediction coeflicients.

The first method is a direct calculation of these coefficients through a matrix
inversion [19].

The second one is based on a recursive approach in which the prediction coefficients
of a particular order are calculated from the prediction coefficients of the previous
order. This method is known in the literature as Levinsoa algorithm [19]-

In order to compute the-ptedict.ion coefficients, it is computatiocnally convenient

to assume a rectangular fading channel. In this case, the transfer function of the
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fading filter H(f) is given by:

, [ frlflsB
H(AI = 0 oh (5.13)
otherwise.

Then the autocorrelation function is given by:

R = sin(2rkBT)
k= " oxkBT

(5.14)
It is clear from (5.14) that R{ = R!,. In order to calculate the L-th order prediction
coeficients, the following set of equations have to be considered
L
R{=3(RL,+Rr)pi, 1<Sk<L (5.15)
i=1
'In a more compact form these equations are described by the following matrix
equation :

R{ P.=R] (5.16)

with R{ a [k x k] matrix, P a [k x1] matrix and R{ a[kx1] matrix which are given by

(RE+mRz RL . .. Ri,; )
R, PR{+R} ... Ri,
Rl = . : : (5.17)
\ R£L+1 R{L+z . . . RS+R3)
o T
P2
Bo=]" (5.18)
| pL

88



and

Ri=1" (5.19)

The prediction coefficients then can be found by first inverting the matrix R{ and
then solving the following matrix equation
Bo= (R R (5.20)

In our simulation, it is assumed that BT = 0.1, thus by using (5.14) the following

values of the autocorrelation terms can be calculated as

Rf=1 R{ =0.9355 R{ =0.7568
RI=05045 R{=02338 R{=0
The value of R} was taken as Ny/2, where Np is the one-sided power specral
density of the white Gaussian noise. Finally by substituting the above values into

(5.20) and for a fi =d SNR the prediction coefficients could be deduced. In Table

5.1, different prediction coefficients for different SNR were given for a third order

prediction.
SNE < 1| SNR=30dB | SNR=20dB | SNR=15dB | SNR=10dB |
P | 2.7402 9.4589 1.6378 1.297 1.062
P2 | -2.7122 -2.1882 -0.6797 0.1114 0.138
ps | 0.968 0.6903 -0.0987 -0.367 -0.408

Table 5.1: Prediction coefficients for different SNR, L =3 and BT =0.1.
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5.5 Decision Law

The BPSK signal over a Rician channel could be written as :
v = (1 + fi) @ + ni (5.21)

where fi represents the fading process, n; is the white Gaussian noise and ai is either
+1 or -1 depending upon the information bit.

Equation (5.21) could be rewritten as :
=X _1=f+2 ' (5.22)
ax Gk
where s; represents the fading and noise sample to be predicted.

The derivation of the decision rule is based on a well-known probabilistic theorem.

The probability density function (pdf) of sk given sx_1, Sk—2, -, So has the following

form:
P =1 =k = 8)* 5
(skl‘sk—h Sk=2y 30) - \/2—1‘_? exp [ 962 (5'—3)

where €2 is the minimum mean square prediction error and 3 represents the prediction

of s based on Sgey,Sk—2, .-y Sk-r aitd can be expressed as

L
$k=Q_Pj Se-j | (5.24)
i=1

Let us denote the estimated information bit at the output of the receiver by .
QOur aim is to estimate the symbol a, based on the sample ¥, the fading and noise
estimates, 3x_1,$k_2, .., Sx—L. By using the maximum likelihood ratio test (MLRT)

the decision law can be formulated as

- ay=1
P(yklsk-lv Sk=2y 0y 50,2k = 1) *z 1 (5.25)
P(yklsk—lask—za vey 50,8 = —'1) gy=-1
Using (5.23), (5.24) and (5.25) the decision law can be reduced to
Gg=1
w(l+3) 2 0 (5.26)
ag=-1
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5.6 Performance Evaluation Results

The performance of a receiver which uses fading prediction with BPSK signal has
been simulated for Rician channel. The results were obtained for predictors optimized
at each SNR. The effect of error propagation were also observed by producing the

BER curves with and without error propagation.

5.6.1 TUncoded System Performance with Linear Prediction

Figure 5.1 shows the performance of BPSK with linear prediction for Rician chan-
nel with X = 5 dB. In this case the predictor is optimized at each SNR (i.e., different
prediction coefficients were used at each point on the BER curve) and a predictor
length of 3 was considered. This graph show that as the SNR increases the BER
of BPSK with fading prediction continues to decrease while the conventional BPSK
(without prediction) approaches to its irreducible error rate. Another observation
from Figure 5.1 is that the error propagation is 2 major problem of this technique.

Figure 5.2 shows the performance of BPSK with linear prediction for Rician chan-
nel with X = 5 dB using a predictor optimized at a SNR of 10 dB. This figure
shows that a higher irreducible error rate was achieved than the previous case where
the predictor was optimized at each SNR. The effects of error propagation was also
significant in this case.

Figure 5.3 shows the performance of BPSK with linear prediction (without e::ror
propagation) for Rician channel with different X -factors, using 2 predictor optimized
at each SNR. This figure shows that with increasing channel rmisbeha.vior the im-
nrovement provided by the fading prediction increases. This means that the fading

prediction technique is especially powerful when the channel exhibits deep fading.
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Figure 5.1: BER performance of BPSK with linear predictio'n over Rician channel
with K =5 dB and a predictor optimized at each SNR.

92



LEGEND
o - No predicion
© = LP without error propagotion
a = LP with error propagotion

BIT ERROR RATE

~
L)
o

] L] 1 ]

5.0 10.0 15.0 20.0 25.0 9.0 35.0
Fb/No (dB)

Fi‘gure'5.:2: BER performance of BPSK with linear prediction over Rician chaunel
with A" =5 dB and a predictor optimized at a SNR of 10 dB.

93



BIT ERROR RATE

10°

LEGEND
= No LP (K=3 dB)
- LP (K=3 dB)
« No LP (K=5 dB}
= LP (K=5 dB}
- No LP (K-8 dB)
. = LP (k=8 dB)

4 ) ) 1 3

o X +b OO0

Iy
o

[} ] L L]

5.0 11.0 17.0 23.0 28.0 35.0 41.0
Eb/No (4B)

Figure 5.3: BER performance of BPSK with linear prediction over Rician channel
with differenr K —factor and a predictor optimized at each SNR.
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5.6.2 Coded System Performance with Linear Prediction

Results of the previous simulation show that error propagation is a significant
problem of the proposed fading prediction technique over Rician channcl. One way
to overcome this problem is to use this prediction technique in conjunction with an
coding/interleaving scheme.

Our objective in this simulation is to show that coding/interleaving is an effec-
tive method to solve the problem of the BER performance degradation due to error
propagation. For this reason a simple (15,9) RS code was chosen and an interleaving
degree of 16 was taken.

The RS encoder transform each symbol information sequence into a n-symbol

encoded sequence. Let’s assume that the RS encoder outputs the following codeword:

where A represents the first codeword, B, the second codeword and so on. Prior to
transmission the codewords are written into 2 D x n matrix column by column, one
codeword in each of the D columns. The symbols are transmitted over the channel
row by row. The matrix for (15,9) RS code and D = 16 could be formulated as :

Al Bl...Pl
Ag"Bz « s Pz

. -

Aso Beo . - . Peo
where A;, A3, ..., Ago represent the code bits of the codeword A. It is assumed that A
is a known codeword (i.e., preamble).

First to decode B the following steps are necessary:

1) A is used to predict fading estimates s, 32, ..., S0 corresponding to the code bits
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Ay, Az, ... Aso
2) Using the knowledge of sy, s2,.... S0 We decide on By, B, ..., Bao
3) By, Ba, ..., B are fed into a RS decoder to produce the estimate codeword B'.

As 2 second step A and B’ are used to predict and decode the codeword C. Two
values of past fading plus noise estimates are available. If a second order prediction
is considered, only B’ and € are used to predict and decode the codeword D and €'
and D' are used to predict and decode the codeword E and so on. However with a
third order prediction, A, B’ and C’ are used to predict and decode the codeword D
and B, C' and D' are used to predict and decode the codeword E, etc.

The BER performance of a (15,9) RS code with BPSK signal transmission employ-
ing the proposed fading prediction is illustrated in Figure 5.4. This figure correspond
to a Rician channel (K = 5 dB) with a third order prediction, and a predictl,or opti-
mized at a SNR of 10 dB.

As it can be seen from this figure, there is a significant improvement in performance
which results in high error floor reductions. Furthermore we note that the effects
of error propagation were small in this simulation and as the SNR. increases the
performance of this technique with and without error propagation tend to be similar,
which prove that the proposed fading prediction technique used in conjunction with

RS code is an effective technique and prove the BER performance considerably.

5.7 Conclusions

A novel receiver structure, which dramatically reduces the level of error floors
and improves the performance of land mobile satellite communication systems has
been introduced and analyzed. The essence of the proposed detection technique is

based on predicting the fading process and designing the receiver accordingly. BER
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Figure 5.4: BER performance of linear prediction in conjunction with (15.9}RS code
over Ridan channel with K =5 dB.
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performance evaluation results have indicated that :

e By employing a fading prediction in an uacoded system, an important improve-
ment on the BER performance were obtained. But in this case we {ound that

the effect of the error propagation was significant.

o The fading prediction technique is especially powerful when the channel exhibits
deep fading.

¢ To overcome the problem of the degradation of the BER performance due to
error propagation, a proposed technique which employs a fading prediction in
conjunction with RS codes was investigated. Results show that the proposed
technique greatly reduces the performance degradation caused by‘the fading
channel. For example, for the 3rd order predictor and at %:- = 30 dB a BER
improvement of about two orders the magnitude was obtained. Furthermore
with this technique the effects of error propagation was almost negligible which

improve the effectiveness of this technique over such fading channels.
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Chapter 6

Conclusions and
Recommendations

6.1 Counclusions

In this thesis we have applied forward error correction coding (FEC) to compensate
for the degradation caused by fading and shadowing.

1) The initial stages of the work was to characterize the land mobile satellite
channel, and develop a simulation model which could be useful in estimating the
performance of communications systems with various modulation and coding schemes.

A computer-based module has been developed using BOSS to éenera.te the fading
and shadowing process. The cumulative density function of the amplitude and phase
of the received signal envelope has been deduced and it is found that our results
conform with Loo’s results.

2) The bit error rate (BER) performance curves for binary phase shift keying
and the second order statistics described in Chapter 2 and 3 show that some kind of
multipath compensation technique is required to improve the error performance. In
this thesis we have applied FEC to compensate the effect of fading. RS codes as non

binary block codes witk multiple burst-error correcting capability have been studied
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and a characterization of these codes for a class of land mobile satellite comrunication

channels has been given. Simulation results indicate the following:

o Shadowing has a significant effect in the system performance. The BER pe:-
formance of BPSK over the lognormal shadowed Rician channel indicates that,
at P, = 10~3 the fade margin goes from 6.5 dB to 21 dB for light and heavy
shadowing, which indicates a significant degradation on the error performance
when the channel exhibits heavy shadowing. Therefore, in the design of mod-
ulation, coding and access methods especially for small terminal, shadowing

effects should be taken into consideration.

¢ The coding gain increases with the blocklengths and the increase of this coding
gain becomes less at large blocklengths.

e The coding gain is larger in the case of fading and shadowing than occurs for
the AWGN channel.

o As the shadowing becomes more pronounced the coding gain increases.

e The coding gain increases with an increase in the fading bandwidth, this increase
could be explained by the fact that as bandwidth decreases, channel memory
increases and the channel has a bursty error nature. We found approximately
a 2 dB difference on the performance between BT = 1% and BT = 5% at BER
=10"3

¢ The second order statistics of the received signal envelope show that the length
of the burst of errors increases as the shadowing becomes more pronounced,

therefore one has to consider this when designing the coding scheme. For heavy

100



shadowing with 2% BT. an effective coding/interleaving scheme should over-
come bursts of 100 erroneous bits. For example RS code with blocklengths of
15 are not effective over such fading channel since their correcting capability
is not significant. High degree of interleaving (D > 17) should be applied if
this code has to be used. But interleaving with high degree is not preferred
since it introduces delay to the system, and the delay is an important factor to
be considered where the propagation delay is large and additional delay is not

tolerable.

We found that the longer the code, the better performance we wil have and
less degree of interleaving is required. But with a long code the decoding delay
will be considerable and the receiver wil be more complex, thercfore one may
trade-off between the blocklength and thg interleaviny degree.

(31,17) RS code with interleaving degree of 6 could be a good choice. An
improvement of 1.7 dB for BT = 1% and 2.45 dB for BT = 5% was found for
this code with interleaving degree of 6 at BER = 107°.

In addition to interleaving we found that erasure information improve the per-
formance of the decoder significantly. An additionaly coding gain of 1.9 dB is
achieved with error-erasure decoding at BER of 1072,

3) A new receiver struture which uses fading prediction for BPSK signal over LM-

SAT has been presented. This technique was found to be superior to conventional

BPSK scheme. For the uncoded system it is found that degradation from errer propa-

gation was the major problem of the proposed fading technique over LMSAT channel.

For this reason an effective fading prediction technique in conjunction with RS codes

was introduced and analyzed. Results shows that the proposed technique greatly
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reduces the performance degradation caused by the fading channel. For example. for
the 3rd order predictor and at %ﬁ- = 30dB a BER improvement of about two orders
the magnitude was obtained. Furthermore with this technique the effects of error
propagation was almost negligible which improve the effectiveness of tkis technique
over such fading channels.

6.2 Suggestions for Further Research

There are many interesting techniques which could be investigated for the MSAT

communications system which could not be pursued in the context of this thesis.

e A concatenated coding scheme could be very interesting for providing reliable
data over mobile satellite channels. .The outer code could be a RS code which
provides error detection as well as error correction capabilities and the inner
code could be a trellis code which is bandwidth efficient and provide good
performance by itself.

¢ A combined FEC and automatic repeat request (ARQ) could be an interesting
techniques to investigate over the MSAT channel. Compared to ARQ schemes
with pure error detection hybrid ARQ schemes with error correction could be

superior and are able to work at lower link power.

e In this thesis the proposed fading/prediction technique is applied only to BPSK
signal and RS codes. A more general receiver which employs more than one
sample per receiver symbol and deals with higher level modulation and coding
techniques (i.e., QPSK, TC-8PSK) could be investigated.
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Appendix A
BOSS Modules

All BOSS Modules have been used to evaluate the error performance for the uncoded
and coded system are given in this appendix. Figure A.1 represents the system model
used in our simulation to evaluate the performance of BPSK in an AWGN. This figure

was given in Chapter 4, but it is repeated here that the reader can better follow this

appendix.

RANDOM DATA module in Figure A.l represents the data source which gen-
erates a binary sequence. The symbol generated at any time is independent of all

previous symbols, and both elements of the symbol alphabet are equally likely.
WHITE NOISE GIVEN SNR-&-BW module is used to generate complex white

Gaussian noise samples with zero mean and variance adjusted to provide the desired

signal to noise ratio over the specified single sided bandwidth.
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ERRGR_COUNTER
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MCD D
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— | SIVEN D
gg:_lgon > SNR_&_BV

Figure A.1: System model for BPSK in an AWGN channel

PSK-DEMOD-AND ERROR-CQUNTER. module does matched z;ilter detection of
the received waveform, then delays the transmitted waveform and counts the number
of times the transmitted and received bits do not agree. Thé transmitted waveform
should be uncorrupted, that is, it should be ideal PSK. The time delay to the input
of this module is needed so that the matched filter can know when to sample, this can
be determined by making a small test simulation, then correla.;‘.ing the transmitted
waveform with the waveform at the input to this module. An expansion of this module

is given in Figure A.2.

104



PSK_TO
MULTT synBoL D ERROR
D——->s1acE > > NUMBER [> COUNTER
[IDELAY PSK_TO I
PSK synsoL D
MATCHED_FILTER [ NUMBER
> DEMODULATOR
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Figure A.2: Expansion of PSK-DEMOD-AND-ERROR COUNTER module

MULTISTAGE DELAY module in Figure A.2 represents the time delay of the

transmitted waveform.

PSK-TO-SYMBOL NUMBER module inputs a complex number. and quantizes
its phase to the nearest constellation point, then outputs the symbol number which
corresponds to this phase. Where an angle equal to the first constellation poiut is
numbered zero, and the next angle in the constellation ( in a counterclock wise seuse)
is numbered one, etc up to the PSK order —1. The constellation is defined by spoc-
ifying the phase of the first angle in the constellation in degrees. and specifving the

number of points in the constellation.
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ERROR COUNTER module counts :he number of times its two npuls are np-
equal, and then prints this number divided by the number of tries after every hiock
of count tries. The block of count tries is called “print estimate modulo ™ whicli 1~ a
parameter of the module. If this number is 100, then the estimate gets printed every

100 tries.

PSK MATCHED-FILTR DEMODULATOR module is a2 matched filter demodu-
lator for PSK signal. It integrates over each symbol interval, and then quantizes the
output to the nearest PSK constellation point. In order to know when to sample the
integrate and dump this module must know the time delay between time equal zcro
and the begining of the first symbol start at the input to this module. This paramercr
is made as global parameter for the module described above { PSK-DEMOD-AND-
ERROR-COUNTER). An expansion of this module is given in Figure A.3.

REAL '
> oF D INTEGRATE [ MAKE [>L
CMPLX AND_DUMP cMPEX |
IMAG
>or D INTEGRATE [
CMPLX AND_DUMP
bposxnou > |
IN_SYMBOL on'[>
bnmac >
DELTA .
PSK
LEnznzcron Br—

Figure A.3: Expansion of PSK MATCHED-FILTER DEMODULATOR module
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INTEGRATE AND-DUMP module in Figure A.3 does a trapezoidal approxima-
tion integral as long as the dump reset signal is “False”, the sample at which this
input goes “True”, the integrator output is the integral up to that sample. This
doesn’t include the DT of the current sample. At the ;a.mple after this, the output
is the integral up to the reset sample were zero. The integral between resets starts
with the sample of the previous reset, does a trapezoidal integration up to the sample
before the next reset, and then outputs at the reset the value of this integral with the
sample before the reset held for its DT. In this way, the integrals in separate reset
intervals are uncorrelated. For example, if a ramp were being integrated, then the
trapezoidal approximation would exactly fit to the actual function, except that the fit
used for the integration would be flat across the last DT (rather than ramping on up
to the sample of the reset). The sample before the terminating reset is held (rather

than using the actual signal sample at the reset) in order to make the integration in

separate intervals uncorrelated.

PSK DETECTOR module is used to produce ideal PSK signal from rotated, noisy
PSK. It quantizes to the nearest PSK constellation point. The output is determined
form the input at the sample times, and is held between samples times. The output

is zero until the specified time delay has passed. An expansion of this module is given

in Figure A.4.
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In what follows Figure A.5 represents the system modei for BPSK in an AW(QGN,
fading and shadowing channel. Figure A.6 represents the system model for coded

sytem in an AWGN. Finally Figure A.7 represents the system model for coded system
in an AWGN, fading and shadowing channel.

. 4
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ERROR_COUNTER
b RANDOM [ |
BPSK
DATA MOD Df
WHITE
NOISE
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SHADOVING SNR_& BU
FADING
SIMULATOR

Figure A.5: System model for BPSK over AWGN and lognormal shadowed Rician
fading channel

109



D> ISt
PSX
- Sf,‘.!".‘ BY > MATCHED_FILTER Dh
— DEMODULATOR
BPSK
> Moo © -
SYMBOL
NUMBER
PN_SEQUENCE |
GENERATOR S
CONST e D
iR D> REaL
—EETE=——
<]soLomon
|_DECODER [
. LOGICAL INTGR
:gkgé &D ;'gf{g D INC_IF D—DTO B y PRINT
DELAY DELAY UNEQUAL REAL L
SAMPLE [ > INTOR [
10
NUMBER T
CONST
Dsm g
DIRAC
Dm:r.n >

Figure A.G: System model used to determine the performance of RS codes in an
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Appendix B

RS codes and interleaver

In this appendix, we give some of the background information relevant to our study
on RS codes, erasure decoding and interleaving. The analysis closely follows Lin &

Costello [52], Clark & Cain [53], etc.

B.1 Reed-Solomon codes

In addition to the binary codes, there are nonbinary codes. In fact if p is 2 prime
number and ¢ is any power of p, there are codes with symbols from the Galois field,
GF(q). These code are called g-ary codes. The most important subclass of g-ary
BCH codes is the Reed-Solomon codes.

A t-error-correcting Reed-Solomon code with symbols from GF(q) has the follow-

ing parameters:
blocklength n=g-1
Number of parity-check digits n —k =2t
Minimum distance Amin =2t + 1

We see that the length of the code is one less than the size of code symbols and the

minimum distance is one greater than the number of parity-check digits.
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In what follows we consider RS codes with code symbols from the Galois field,
GF(2™) (i.e., ¢ = 2™). Let a be a primitive element in GF(2™). The generator

polynomial of a primitive t-error-correcting RS code of length 2™ — 1 is:

gX) = (X+a)(X+a*)..(X+ a™t)

= go+t X +@XP+ o+ gaa X 4 X, (B.1)
Clearly, g(X) has a,c?,...,a* as all its roots and has coefficients from GF(2™).
B.1.1 Encoding of RS Code

The code generated by g(X) is an (n,n —2t) cyclic code with code which consists
of those polynomials of degree n — 1 or less with coefficients from GF(2™) that are

multiples of g(X). Encoding of this code is similar to the binary case, let
a(X) = a0+ a1 X + a2 X* + oo + @1 X5? (B.2)

be the message to be encoded where k = n — 2t. In systematic form, the 2t parity-

check digits are the coefficients of the remainder
B(X) = by + b X + bo X2 + ...+ by X tB.3)

resulting from dividing the message polynomial X* a(X) by the generator polyno-
mial g(X).

Encoding consists of three steps,

(1} raultiply the message polynomial a(X) by X*

(2) divide X2t a(X) by g(X) to obtain the remainder b(X)

(3) form the code word b(X) + X* a(X).

All these three steps can be accomplished with a division circuit as shown in Fig-

ure B.1.
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The encoding operation is carried out as follows:

Stepl : With the gate turned on, the k information digits ao. 4y, ... ak-1 are shifted
into the circuit and simultaneously into the communication channel. Seifting the
message a(X) into the circuit from the front end is cquivalent to premultiplying
a(X) by X*. As soon as the complete message has entered the circuit, the 2t digits
in the register form the remainder and thus they are the parity-check digits.

Step2 : Break the feedback connection by turning off the gate.

Step3 : Shift the parity-check digits out and send them into the channel. These
n — k parity-check digits bg, by, ..., boe—1, together with the % information digits, form

a complete code word.

B.1.2 Decoding of RS Codes

Suppose that a code word v(X) = v+ 01X + v X% + ... +v,1 X! is transmitted

and the transmission errors result in the following received vector:
(X)) =ro+ X +r X2+ .+ 1 X0 (B.4)
Let e(X) be the error pattern. Then
r(X) =v(X) +e(X) (B.5)

where

e(X) =eo+ X +.. + eann X*7 (B.6)

where e; = r; — v; is a symbol from GF(2™). Suppose that the error pattern e{X)
contains ¥ errors (non zero component) at location Xt X2, .., X%, where

0< j]_ < jz < J,,S n —1. Then
e(X) = e, X7 + e X + ..+ g5, X (B.7)
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hence to determine e(X), we need to know the error locations X7's and the error
values ¢;,’s.

As usual, the first step of decoding a code is to compute the syndrome from the
received vector r(X). For decoding a t-error-correcting RS codes the syndroitie is a
2t-tuple

S = (51, Sz, <oy S2e) = . HT (B.S)

where H is the parity-check matrix. The ith component of the syndrome is given by
S; = r(c'). The syndrome component S; can also be computed by dividing r(X) by
X + o'. The division results in the equality

r(X) = a(X)(X +a') +& (B.9)

where the remainder b; is a constant in GF(2™). Substituting ' in both sides of
(B.9) we have S; = b;. This computation can be accomplished with a simple division
circuit.

Since o are roots of each code polynomial, v(a') = 0 then we obtain the following

relationship between the syndrome components and the error pattern:
S; = e(af) (B.19)

For convenience, let §; = ot for 1 <1 < v. We call these elements the error location
numbers since they tell us the locations of the errors. The 2t syndrome components

are obtained by substituting o' into (B.7) thus, we have
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S5 = € S+ cj._._Sg + ot cj,ﬁy

Sa = e B+ 53.322 T ...+ 35,13»2

Sy = e_,-‘,Bl"" + e,-,Bgz‘ + e+ e,-,ﬂ.,""

Any method for solving these equations is a decoding algorithm for the RS codes.

These 2t equations are symmetric functions in £, 82, ..., .. Now we define the fol-
lowing polynomial |

o(X) = (+8X)1+8X)(1+86X) (B.11)

= 1+ X+0X+. +o X" (B.12)

The roots of ¢(X) are £, 72,81, ..., 8, ", which are the inverses of the error location

numbers. For this reason, ¢(X) is called the error location polynomial.

At this point it will be appropriate to outline the error-correcting procedure for RS

codes. The procedure consists of four major steps:

Stepl : Compute the syndrome S = (51,52, ..., S2) from the received polynomial

=(X). |

Step2: Determine the error-location polynomial &( X)) from the syndrome components

51,52y ey Saz.

Step3 : Determine the error location numbers B, /2, ..., 8, by finding the roots of

a(X).

Step4 : Determine the error value at each location and correct the errors in r(X).
Many decoding algorithm are available to carry out these steps. Berlekamp’s

iterative algorithm is the most useful algorithm for decoding RS codes.

117



The decoding computation for 2 RS code is best explained by an example. Con-
sider a double-error-correcting RS code with symbols from GF(2'). The generator

polynomial of this code is

g(X) (X + a)(X + o*)X + )X +at)

Let the all-zero vector be the transmitted code vector and the received vector is
r(X) = a®X + a2X® (B.13)

Stepl : The syndrome components are computed as follows

S =r(a) =alB+a! =of
S: =r{a®) =a*+a't =0

Ss =r{e®) =1+af =ab
S, =r(a*) =a+c® =aof

Step2 : To find the error-location polynomial o(X), we fill out the Table 6.5 given in
Lin and Costello book [52].

B a*(X) d | L | p=1

-1 1 110 -1

0 1 et {0 0

1 1+a'X a1 0 take p = -1
2 1 |0 2 take p=0

3| 1+X4eX? |1 ]2 1 take p=1

4 |1+ X +8X2| - | 2 2 take p =2

In what follows we give the major computation we have to do to complete this
Table.
(1) Since do = o* then ¢}(X) = 0%(X) + dod,"* X~?0°(X)
with p = =1 we have g} (X) =1+ o'X
(2) di = Sa + 01*5; = o® therefore o3(X) = o'(X) + d1do " X (X) =1+ ' X +
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a'X+1=1

(3) da = S5 = ® therefore 03(X) = 63(X) + dody P X0} (X) = 1 + X + ' X*?

(4) d3 = S; + Ss + a*Sz2 = &® + &® = | therefore

GA(X) = 03(X) + dady~ X3 (X) = 1 + X + &' X*

Thus o(X) = 1 + %X + o' X?

By substituting the all elements of GF(2%) into ¢(X) we find that only ¢(a'?) = 0
and o(a*') = 0; o' and o' are the roots of ¢(X). The reciprocals of these roots are
@ and o3 which are the error location numbers of the error pattern e(X), thus the

errors occur at position X and X3. The last step is to find the error value.

Let

Z(X) =1+ (S1+ )X +(Se+1S1+02) X + ... +(So + 180t + 02802 + o+ 0, ) X,
(B.14)

then the error value at location § = o is given by

Z2(8~Y)
Q1+ 8870

in our example Z(X) = 1 + a!X + a** X? therefore we find ¢; = o!* and e3 = o®

ey =

(B.15)

thus given:

e(X) = X +3X° (B.16)
which is exactly the difference between the received vector and the transmitted vector.
The decoding is completed by taking r{X) — e(X)

B.1.3 Error/Erasure-Decoding

I the code is defined over the field GF(g), then the demodulator is assumed to
have the normal ¢ outputs plus 2 (g + 1)th output corresponding to an erasure. The
erasure output is assumed to contain absolutely no information about which of the ¢

possible symbols was exactly transmitted.
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If a code has minimum distance d and a received word contains e erasures, then
the e erased positions can be ignored in the decoding process. However, even ignoring
these positions, all code words will differ in at least d — ¢ of the remaining positions
allowingz correction of up to

—e—=1

tm = Ld 5 J (B.].T)
channel errors in addition to the erasures. Thus, all combinations of ¢ channel errors

and e erasures are correctable providing that
A+e<d-1 (B.18)

d is the minimum distance of the code which for maximum-distance code is determined

by the number of parity symbols in a code word

d-l1=n-k%k N (B.19)
B.2 Interleaver/Deinterleaver

Most of the well known codes that have been devised for increasing the reliability
in the transmission of information are effective when the errors caused by the channel
are statistically independent. This is the case for the AWGN channel. However,
there are channels that exhibit bur.sty error characteristics. One example is the class
of the channels characterized by multipath and fading. Signal fading due to time-
variant multipath propagation often causes the signal to fall below the noise level,
thus resulting in a large number of errors. An effective method for dealing with burst
error channels is to interleave the coded data in such a way that the bursty channel
is transformed into a channel having independent errors.

The most common type of interleaver is a block interleaver, in which, for example,

symbols are laid down in the rows of 2 D.n matrix, and read out from the columns.
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In what follows a simple type of interleaver is described {45]. Schematically , as
illustrated in Figure B.2, symbols to be interleaved are arranged in blocks of n (by a
serial/parallel conversion, if necessary). The ith symbol in each block is delayed by
(i = 1)nD’ time units through a (i — 1)D’ stage shift register clocked once every n
symbol times, where D' = 2. (A time unit thus corresponds to the transmission of
block of n symbols). Output bits may be serialized for channel transmission. At the
receiver, groups of n symbols are reblocked, and the ith symbol in each block is delayed
by (n—i)nD' time units through an (n —1)D’ stage shift register. We call this a D.n
interleaver. Correspondingly there exists a similar but inverse D.n deinterleaver, also
illustrated in Figure B.2. The combination has the following properties.

(1) All symbols receive a total delay of (n—1).D symbol times or (n=1)mDT = nDmT
second (where m is the number of bits per code symbol and T is the data bit duration)
plus the channel delay.

(2) The interleaver storage requirements is (n — 1).D symbols or (n — 1)mD ~ nmD
bits.
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Appendix C

Simulation Information

In our simulation & sequence length of 100 times the inverse of the BER was consid-
ered. In this appendix a brief explanation about the choice of this value is given. It
has been stated [55] that the binary error mean could be approximated by

N, .
F= T (C.1)

where N, is the total number of errors and L is the length of the binary sequence
generated. It is obvious that P, is a random variable with a mean and variance
depending on the choice of L. Table C.1 shows how P. varies with the sequence

length.

The percent error of the approximation given in (C.1) was found to be approxi-

mately [55]:
100 N, N, 1
B#) = 7 p-1=3 =1
100 . L- N,

In Table C.2 different percent errors of the approximation are given for different error

probabilities.

Although E(%) is actually a random variable estimated from 2 sample as is 7, it

is considered in Table C.2 on an individual sample basis. It has been shown [35] that
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Sequence length | Number of errors | Average error rate
L A P,

1024 13 0.012695
10240 166 0.016211
20480 322 0.015723
30720 477 0.015527
40960 613 0.014966
51200 765 0.014841
60416 926 0.015327
70665 1095 (0.015498
80896 1252 _ 0.015477
91136 ' 1428 0.015669
101376 1575 0.015536
102400 1592 0.015547
111616 1732 0.015517
121856 1915 0.015715
132096 2067 0.015648
142336 2223 0.015618
152576 2373 0.015553

| Total average error rate : 0.015363 |

Table C.1: Average error rate statistics from simulation.

L Percent error E(%) |
"Sequence length (L) | B, = 10-2 | P. = 10~ |
10 000 0.99 9.99
100 000 0.099 0.99
1 000 000 9.9 x 1073 0.099

Table C.2: Error probability approximation.
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usual sample size requirements for estimating P, also serve to maintain E(%) < 1%
on a sample by sample basis. Therefore, we can deduce from Table C.2 that a good
approxiamtion of P. is achieved whenever the sequence length, L, is greater than 100
times the inverse of F..

It has been reported [56] that a reliable simulation of an error-correcting code
should produce a bit error probability estimator (f’e = total erroneously decoded in-
formation bits/total decoded information bits) within the interval [0.8F,, 1.2F,] with
95% confidence. To produce estimators with this degree of reliability requires the
simulated encoding, transmission, reception, and decoding of at least 70/ F. informa-
tion bits for each code. For a system having a P, = 1079, this requires the simulation
of 7 x 10° bit information sequence.

Also it has been shown [57] that the estimation of the BER with a normalized
estimation error less than 1/3, requires & Monte-Carlo simulation with a sample size
of the order of 10/F.. A normalized estimation error of 1/3 corresponds to a 95%
confidence interval of [1P., 13P,]. With a typical BER of, say, 10~°, direct Monte-
Carlo simulation requires 10" samples per simulation run.

Finally we can say that our choice is very reliable and yields a good approximation
of the BER.
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