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Abstract

For the last decade or so, major development in the ficlds of Large Scale
Integration and Digital Signal Processing have revived the interest in the HF skywave
channel (3 - 30 MHz) and more particularly in the use of wideband signalling to either
increase the transmission rate or to improve the system cfficiency. This thesis is aimed at
the performance estimate ol a wideband HF communication system using direct sequence
spread spectrum.

In this study, an HF channel model referred to as the Ionospheric Parameter
Model is implemented in software and used to simulate a varicty of channcl conditions.
BER performance for a communications systems transmitting at a rate of 2400 bits per
second is estimated through ‘Monte-Carlo’ simulations. More specifically, direct
sequence spread spectrum combined with a RAKE receiver implementation is evaluated
under quict and disturbed ionospheric conditions. Performance is compared for different
processing gains and levels of multipath diversily. Finally, performance obtained with the
addition of block coding and convolutional coding with and without interleaving is pro-
vided.

vi
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Chapter 1
Introduction

1.1 Background

From the first radio link established between Newfoundland and England by Mar-
coni in 1901 to the advent of satellite communications in the carly 70°s, the use of the sky-
wave medium was the principal means of achieving communications by over-the-horizon
radio links. From the onsct of that period, use of the property of the ionosphere to relract
radio waves in the frequencics ranging from 3 o 30 MHy, offcred the fantastic opportu-
nity for communicating overscas. However, the lack of technology to mitigate the detri-
mental cffects of severe signal fading caused by the ionosphere’s dynamic behavior and
multipath characteristics resulted in poor communications reliability.  These facls have
long helped promote the skywave medium as being an “unavoidable necessity” where
only limited transmission rates could be achieved. Indeed, a transmission rale of 75 bauds
over the regulated 3 kHz bandwidth has been the de facto standard for a significant period
of time.

The advent of satcllite communications has opened new horizons in the ficld of
long range communications. Because the satellite communications channel does not sul-
fer from extensive multipath (ading that the ionospheric medium produces, much higher
transmission ratcs with betler reliability are possible. The [uture of HF skywave commu-
nications was then considered limited and many believed that long-range communications
would depend exclusively on satellites.

Since the carly 70’s, phenomenal improvements in Large Scale Integration (LSI)
and Digital Signal Processing (DSP) lechniques combined with several advantages of HF
systems such as their low implementation cost, their improved security, and their wide
coverage, have altered the way of looking at this vencrable medium and revived the inter-
estin it. The use of adaptive channel eq.alization and Forward Error Correclion (FEC)
techniques, originally developed for land line communications, have brought the standard
transmission rate of current HF modems from 75 bits per second (bps) to a respectable
2400 bps.

Research has obviously not stopped there and still considerable efforts are being
spent at looking for techniques that will either increase the transmission rate or improve
the 3 kHz channel’s reliability, Although a bandwidth of 3 kHz has long represented a
compromise between accommodating as many uscrs as possible within a 30 MHz wide
spectrum and providing sufficient bandwidth for transmitting voice with analog-bascd



technologics, bandwidth may become one of the limiting factor as modem performance
reaches the theoretical bound for the channel capacity defined by Shannon under the well-
known relation:

C _iaw ,
W = 108 [1+7,)5 (1.1)

The use of a wider bandwidth (W >> 3 kHz) appears as a potential alternative for
satisfying future channel capacity requirements. However, it presents system designers
two additional problems that can vsually be neglected for systems operating over a 3 kHz
bandwidth. These are that delay dispersion of the individual signal returns cannot be
ipnored for wideband signals and that interference due to spectrum congestion become
particularly important.

While these problems have been known for years, and numecrous solutions to miti-
gate their detrimental cffects have been designed and implemenied success{ully on com-
munications systems operating over other frequency bands, the difficulty of testing these
over the HF channel remains. The spectrum congestion prevents system designers from
conducting exiensive ficld tests and the variability of the channel makes comparison
between results difficult. These facts have forced researchers to look for other methods to
estimate system performance and brought them back 1o the more basic problem of ade-
quate modeling of wideband HF channels.

1.2 Channel Modeling

Among the different methods offered to system designers for estimating system per-
formance, analytical methods are certainly the most appealing because of the reduced
amount of processing required. However, when performance cvaluations are required
over a full range of realistic conditions, analytical cvaluations become intractable and
“Monte-Carlo™ type simulations with an appropriate channel model are the only remain-
ing oplion.

For years, simulations of the HF channel have been based on the model proposed by
Watterson in 1970 [Watt70]. Despile its important restrictions regarding its bandwidth
applicability and the assumed stationarity of the channel, the Watterson model has been
used as the standard within the HF community (or comparing HF modem performance. In
its original paper, Watterson stated that his model was representative of the HF channel for
bandwidths less than 12 kHz. Subscquent papers by other rescarchers questioned this
statement and concluded that a more conservative bandwidth of 3 kHz was a more appro-
priate limit on its validity [Vogl88b]. In addition, it was clearly demonstrated that the
assumed stationarity of the channel encompasses only a very restrictive number of condi-
tions [Vogl88a).
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Based on this information, the CCIR suggested that the Watlerson model, although
providing a simple model tor a basis of comparison, be used with caution in drawing con-
clusions [CCIR90]. With these limitations in mind and the emerging trend of using more
bandwidth, research in the ficld of wideband HF modeling has gone through increasing
activity over the last few ycars. Several papers have been published on the subject. Some
of them proposcd only minor modifications to the Watterson model to account for delay
dispersion effects' [Bern91]; but, others have proposcd completely new approaches
[Vogl88b] [MalaB1].

The channel model adopted here (or carrying out the simulations of this thesis was
proposed by Vogler and Hollmeyer in 1988 [Vogl88a]. The model is known as the “fono-
spheric Parameter Model” (IPM). 1t has the advantage of being relatively casy 1o imple-
ment in software while being based on a minimum number of assumptions regarding the
channel statistical behavior. It is therefore possible to simulate skywave channels over a
wide varicty of conditions and bandwidths, and to thoroughly evaluale several types of
wideband modem implementations under the same statistical conditions.

1.3 Channel Mitigation Techniques

Many lechniques are available for mitigating the cffects due to signal bund-limiting
and to the time-varying multipath characteristic of the wideband skywave channel. Price
and Green published in 1958 their well known paper on the RAKE receiver | PricS8]. This
receiver exploils channe! in-band diversity by discriminating hetween different channel
returns and has the double advantage of mitigating the effects of multipath fading and
inter-symbol interference (ISI). Later, Turin demonstrated that the RAKE implementalion
when used in conjunction with direct sequence spread spectrum (DSSS) technigues is
ncarly optimum in a multipath environment [Turi80]. Subscequently, the capability of the
HF channel to support wideband transmission was the next logical question to answer
before more cfforts be put in maximizing performance.

That question was answered by Perry in the carly 80's. He showed that the HF
channel could support bandwidths in the order of 1 MHz and that wideband adaptive
equalization was cffective against ISI introduced by delay dispersion [Perr83]. Based on
Perry’s work and knowing that the advance in technology would make viable the imple-
mentation of DSSS RAKE recceivers, Bello presented an estimate of the performance for
different RAKE implementations over a 1 MHz bandwidth, [Bell8R], [Wagn89).
Although his estimate was for transmission raies of 75 bps and guicscent channel condi-

1. Delay dispersion inflicting each rewrn is also present over a 3 kilz bandwidth but, it is negligible when
compared to the signalling period.



tions, the results showed promises in the use of such implementation for high transmission
rales.

Besides providing robustness against interferences and multipath fading, the use of
spread spectrum allows several users to share a common portion of the spectrum through
Code Division Multiple Access (CDMA), [Purs87], [Ziem85). CDMA, although not cov-
cred in this thesis, is an additional advantage of spread spectrum techniques which is
worth considering in view of the limited spectrum availability in the HF band.

1.4 Outline of the Thesis

The aim of this thesis is twofold. The first point consists of implementing in soft-
ware a wideband HF channel simulator. The sccond point evaluates and compares bit
error rate (BER) performance of a Direct Sequence Spread Spectrum HF modem under a
varicty of simulated channel conditions. Focus is placed on comparing RAKE receivers
having different number of taps. Information rate is set at 2400 bps and moderale process-
ing gains are tricd. The simulations are carried oul at bascband where perfect synchroni-
zation and perfect delay estimate are assumed. Different FEC techniques are also used
and compared. Previous works published on coding have clearly stated the potential of
using interleaving for optimizing the FEC performance, [Cohn68), [Bray68]. Interleaving
is therefore implemented in a number of simulations with error correction coding,

The main body of this thesis is divided into four chapters. Chapter 2 provides a
bricl description of the physical constituents of the ionosphere in order to understand the
rolc of the different parameters affecting radio wave propagation. Analytical characteriza-
tion of the stochastic process taking place during transmission with a description of the
channel models currently being used to conduct system simulations follow, Emphasis is
given on the description of the Tonospheric Parameter Model used for carrying out the
simulations. Finally, the problem of wideband noise is addressed and a model for repre-
senling it is summarized.

Chapter 3 provides an overview of the theory related to spread-spectrum and FEC
techniques. The advantages of using spread-spectrum and the method for implementing
direct-sequence spread spectrum arc presented.  Pseudo-noise sequences are briefly
addressed and the advantages of exploiting multipath diversity are covered through the
description of the RAKE receiver. Finally, the fundamentals of error control coding are
summarized. Block coding and convolutional coding with their respective decoding tech-
niques, namely the Berlekamp and the Viterbi algorithms, are presenied. A description of
different interleaving techniques concludes the chapter.



Chapter 4 provides an exhaustive description of the method used for simulating in
software the wideband HF links. The transmitter and the receiver implementations as well
as the method used to simulate the HF skywave channel are treated. Since scattering fune-
tions provide a good representation of the channel conditions, some have been selected
and are presented in Chapter 5 for cach Lype of channel being simulated.  Finally, the
results obtained through “Monte-Carlo” simulations are provided and analyzed.

A chapter summarizing the findings and suggesting numerous arcas where further
research could be oriented, completes the thesis. Finally, three appendices provide sub-
stantial information on specific topics. They respectively cover the derivation ol the
refractive index of the ionosphere, the Breit and Tuve and the Martyn’s theorems, and an
IIR filter implementation for a Rayleigh fading source. An extensive bibliography is also
provided at the end for reference.



Chapter 2
The Ionospheric Medium and its Models

2.1 Introduction

Communications in the HF band i.e., in the frequencies ranging from 3 MHz to
30 MHz, make exiensive use of the refracting properties of the ionosphere to achieve
transmission over the curvature of the carth. The success achieved on such links is depen-
dent upon the physical structure of the jonosphere and the performance of the communica-
tion systems. It is therefore important to understand the different processes involved in
radio wave propagation in order 10 asscss their relative importance and to be able to char-
aclerize them; the goal is to develop a representative model of the channel which may be
used to evaluate and compare different system implementations.

In this chapter, a brief description of the physical constituents of the ionosphere
is presented. Sections 2.2 and 2.3 provides the required knowledge to understand the role
of the different parameters affecting radio wave propagation through the ionosphere. Sec-
tion 2.4 provides a review of the analytical characterization of the stochastic process tak-
ing place during transmission, while Scction 2.5 presents a description of the channel
models currently being used to conduct system simulations.  Emphasis is given on the
description of the Tonospheric Parameter Model, which is used for carrying out the simula-
tions presented in this thesis. Finally, a model for representing broadband noise within the
channel is summarized in Scction 2.6.

2.2 The Ionosphere

The ionosphere is a part of the atmosphere from about 50 km to roughly 2000
knt in altitude in which [ree ions exist in sufficicnt quantities to affect the propagation of
short waves. Based on its clectron density, the ionosphere has been divided into three
major regions termed D, E, and F [Davi65]. Rescarch that followed the discovery of those
three regions, showed that under special conditions further subdivisions were required to
identify minor regions where significant variations of the physical and propagation prop-
crtics occur. These minor regions were termed E, and Fy, (n = 1, 2, 3...) according to their
similarity with the E and F region respectively. Figure 2.1 [CCIR82b] depicts a simplistic
view of the different regions of the ionosphere that can be observed during a typical
24-hour cycle.
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FIGURE 2.1. The lonospheric Regions

2.2.1 The lIonization Process

The sun plays a major role in the level of ionization of the atmosphere. More
specifically, solar clectromagnetic radiation in the ultra-violet and X-ray portions of the
spectrum as well as energetic charged solar particles are among the principal sources of
ionospheric ionization. The dependence of the ionization process from the sun may be
better observed by the rate at which ionization occurs during typical solar cycles.

The rate of ionization depends upon two factors: the intensity of the radiation,
and the density of the atmosphceric gas atoms and molecules [Boit83]. The intensity of the
radiation translates into the radiation ability to free clectrons [rom neutral atmospheric
gases; while the density of the aimosphere delermines the maximum number of jonized
particles that can be produced. These two factors ecvolve however in an opposile manner,
As radiation go deeper into the atmosphere, the radiation is absorbed and its intensity
decreases; conversely, the atmospheric density increases as the altitude decreases. These
phenomena result in an jonization rate which increases up o a certain altitude and, then,
decreases as the atmospheric gas atoms and molecules become rarified.

Figure 2.2 [Boit83] shows a characteristic profile of the electron density as a
function of altitude. Maximum atmospheric ionization occurs when radiation reach the
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lower layers of the atmosphere with sufficient energy. This, usually, happens when the
atmospheric path is the shortest; thus, at noon local-time or, in other words, at a solar
zenith angle, ¥, equal to zero.

2.2.2 Collision Frequency

The electron density N, does not increase indefinitely through the ionization
process but is counter-balanced by collisional recombinations of electrons and positive
ions, and by the attachment of clectrons to neutral atoms and molccules. Although the lat-
ter process produces ionized particles, their large mass prevents them from playing any
significant role in radio wave propagation. ‘

The number of collisions between atmospheric particles is also an important
factor to consider because of the role it plays in radio wave atienuation. In general terms,
the collision frequency, 9, which is defined as the average number of collisions per unit of
time within a specified unit of volume, decreases with increasing altitude. Figure 2.2
shows a characteristic profile of O as a function of the altitude. Figure 2.2 shows that 9
decreases rapidly up to an altitude of 250 km., The light increase after this point with an
inflection point around 350 km is due to the large number of electrons at this altitude.
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2.2.3 Yonospheric Layers

The threce major regions of the ionosphere, whose characteristics have signifi-
cant impact on radio wave propagation, display time, geographical, and seasonal varia-
tions as well as a strong solar cycle dependence. In addition, the region characteristics are
continuously varying in a random manner and their constituents are not homogencously
spread throughout. Discontinuity in the density of electrons and other particics are often
observed, and lead to unexpected propagation behaviors [Good90).

D Region

The D region is located between an altitude of 50 km and 90 km., 1t displays a
low average electron density due to the joint effect of an high collision frequency and a
low ionization rate. The high collision frequency is representative of the important den-
sity of particles at this altitude while the low ionization rale reflects the receptions of radi-
ations heavily absorbed by the upper layers of the atmosphere. The D region is a day-time
only phenomenon and its maximum ionization rate occurs at noon local-time with a sea-

sonal maximum during summer. Its role in HF communications is mainly absorplive
[Masi87].

E Region

The E-region which includes the ‘normal’ and the ‘sporadic’ E layers, is located
at altitudes that range from 90 to 130 km. The ‘normal’ E-layer displays a strong solar
zenith angle dependence with a maximum ionizalion rate at noon, and a scasonal maxi-
mum in summer. Iis level of ionization becomes negligible at night.

The sporadic E layer, E;, may be described as clouds ol high ienization level
which refract radio waves at frequencies that usually travel through the ‘normal’ E layer.
These clouds are strongly latitude dependent; for instance, the Eg layer is mainly a night
phenomenon at high latitudes while it becomes a day-time phenomenon al equatorial lati-
tudes.

Depending on the operating (requency, the role of the E region is twofold. If
the operating frequency is low enough, the region acts as a reflector. On the other hand, if
the operating frequency exceeds a certain value, the region does nol bend the incoming
radio wave sufficiently and the wave cscapes the E region to continue its course toward
upper regions. In this case, the E region becomes mainly absorptive. The difference
between the absorption process of the E region and the D region stands in the fact that the
electron densily is sufficient in the E region to dilfract the incoming waves [Budd61].
Absorption, where noticeable diffraction occurs, is referred to as deviative absorption and
results in a higher angle of incidence of the radio wave at the upper ionospheric regions.



F Region

The F region extends upward from 130 km to the jonosphere limit and can be
divided during day-time into the Fy and the Fp layers. The Fy layer, which extends from
130 km to 210 km, displays similar characteristics as the ‘normal’ E layer, and merges
with the F3 layer at night,

The F; layer is the highest ionospheric region and is the major refracting region
for HF communications. Its clectron density profile does not display solar zenith angle
dependence as the other regions; rather, it reaches its maximum later in the afternoon.
This may be explained by the low collision frequency which allows the particles to keep
received solar energy for several hours,

The F, layer is also characterized by a scasonal maximum in winter and by
embedded irregularitics in its clectron distribution, These irregularities, which cause
reflected pulses to have much longer duration than the transmitied pulses, happen particu-
larly at night and arc referred to as spread-F phenomena.

2.2.4 Ionospheric Disturbances

As mentioned before, the characteristics of each region of the ionosphere dis-
play a strong solar dependence. Hence, strong solar phenomena such as (lares have seri-
ous effects on the physical behavior of the ionosphere. These effects may be catastrophic
for HF communicalions systems by causing service interruptions that may last for days.
Among the major disturbances, sudden ionospheric disturbances (SID) ionospheric
storms, and polar cap absorption (PCA) arc certainly the most important. Figure 2.3
[MaslI87] lists these disturbiances and their causes.

Sudden lonospheric Disturbance

Sudden bursts of solar cnergy may produce abnormal ionization in the different
layers of the ionosphere. Usually, the D-region ionization rate is the factor that is affected
the most. This results in a higher density of particles in the region than usual. Thus, the
probability of collision increases and so docs the level of absorption.

Ionospheric Storms

lonospheric storms arc caused by streams of solar charged particles deflected by
the carth’s magnetic field toward the auroral zone. They result in a higher absorption in
the D region and an expansion of the F, layer. The latter phenomenon causes a decrease
of the frequency at which a reflection usually occurs and an increase of the time disper-
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sion. Ionospheric storms are usually accompanicd by auroral effects and by abnormal
fluctuations of the earth’s magnetic ficld, referred to as magnetic storms.

Polar Cap Absorption

Following a major solar {lare, solar protons guided by the earth’s magnetic field
toward the polar regions increase the D-region ionization. The increase in the ionization
level results in strong absorption and may cause total radio blackout for up to a day.

Flare

Eleciro- o Milgll.lcllic
Magnetic C‘l‘,"l'l‘_::t[!_{;’ Stom
Radiation ) i Particles
Ultra-Violet i Protons and
and X-Rays Protons Electrons
, Magnetic ... lunospheric
SIb PCA Stbrms Auroras giormg

FIGURE 2.3, lonospherie Disturbances

2.3 Wave Propagation in the Ionosphere

When a radio wave is transmitled, the energy may be radiated in several direc-
tions and at different elevation angles depending on the antenna direclivity and its side-
lobe pattern. However, it is possible to approximate the situation with the view of having
the radiated encrgy travel along a number of distinct rays [Schw66] as shown in Figure
2.4. Each of the rays, while traveling through the ionosphere, experiences different pro-
cesses which impinge on its transmission path and ils attenuation. In addition of heing
absorbed and dclayed, the rays may be refracted, be split, or may simply cross the layers
and be lost,

11
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FIGURE 2.4, Exnmple of Possible Tonospheric Ray Paths

2.3.1 Radio Wave Refraction

A ray traveling through the ionosphere traverses a continuum of layers each
having a different clectron density N,. As shown in Appendix A, the electron density is
related to the refractive index, n, of the medium through the Appleton-Hartree formula
[Budd61]. In the absence of collision and of the carth’s magnetic ﬁcldl, the formula sim-
plifics to:

2
f
2= (3
=1-|=]| , 2.0
Y
where fy is the plasma [requency given by:
N eez
fy = ——. 2.2)
N 2m-:0me

Equations 2.1 and 2.2 show an inverse relationship between the refractive index
7 and the electron density N,. Referring to Figure 2.2, it can be obscrved that the electron
density increases steadily for altitudes under the Fp layer; i.e., under about 350 km during
daytime and 300 km at night. It can therefore be deduced that the refractive index will dis-
play a decreasing profile for a fixed frequency f as the altitude increases up to that layer.

From optics, it is well known that clectro-magnetic waves traveling through
media of different refractive indexes are refracted at their boundaries. The refraction pro-
cess is described by the Snell's law which may be expressed as:

nosin¢0 = nlsinq:l =,.= nnsin¢n; (2.3}

1. The generad expression for the refrctive index of the ionosphere where the collisions and the earth’s
magnetic field are considered may be found in Appendix A.
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where ¢, are the angles of incidence with respect to the vertical at the layer transitions and
M, are the refractive indexes of cach of the diflerent layers {MasI®87]. The whole process
may be seen at Figure 2.5,

M +Pn (O
A
Mo &

o

FIGURE 2.5, Refraction in o Layered Medium,

Equation 2.3 shows that decreasing the relractive index results in increasing the
angle of incidence of the incoming ray. Hence, a ray transmitted at oblique incidence is
gradually bent down as it travels through the ionosphere. If the ionosphere thickness is
sufficient, the angle of incidence of the ray will increase up to 90 degrees. Al this point,
the ray will start going downward as it would have been reflected by a mirror, allowing
communications links around the curvature of the earth to be achicved.

2.3.2 Frequency Dependence of HF Propagation

Equaltion 2.1 showed a dependence of the refractive index on the [requency of
the radio wave. As the [requency is increased, the refractive index tends toward unity
more abruplly and sulficient ray bending to cause a reflection ceases o oceur; ic., the ray
continues its course and cventually escapes the ionosphere. The maximum frequency at
which a reflection is still possible, is referred to as the penetration frequency, fp, or the
maximum usable frequency (MUF). The angle of incidence, ¢, of the ray entering the
first layer of the fonosphere plays a role in determining the MUE. From (2.3), it is possible
to determine the refractive index at which reflection occurs in terms of the angle of inci-
dence,

If the refractive index under the ionosphere is assumed Lo be unity!, the refrac-

tive index at the reflection point; i.c., the point at which the angle of incidence ¢, is 90°,
may be expressed as:

N = sing. (2.4)

1. Although the refractive index of the atmospheric fayers other than the ionosphere is not exactly unity (the
refractive index of [ree-space), it is usuil o assume so for radio waves in the HIEF hand [Buddel ),
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Equations 2.1 and 2.4 may then be used to derive the reflection frequency f,, for
the case of verlical incidence, and the reflection frequency f, for oblique incidence ¢y.
Using (2.4), the refractive index at the reflection point for a ray transmitied at vertical inci-
dence; i.e., ¢ =0, is equal to zero. Equation 2.1 indicates that the refractive index is zero
when the frequency is equal o the plasma frequency, fy.  Replacing fy by f, and 1) by
(2.4) in (2.1) leads to the desired relation:

f, = ety (2.5)

The above expression, known as the secant law [Davi65] implies that the more
obligue a radio wave is, higher is the frequency at which a reflection is possible.

2.3.3 Delay Distortion

The time taken by a particular ray to travel some distance introduces an average
transmission delay that is often termed ‘median path delay’. Because the path followed by
a particular ray is dependent on its (requency, the median path delay is also a function of
frequency. The theorems of Breit and Tuve, and Martyn covered in Appendix B provide
the means 10 determine the group path ' (path length) followed by a ray, and thereby the
frequency-dependent median path delay T(f) by!:

P&y,

v = —; (2.6)

where ¢ is the speed of light in free-space; and P' () is the group path at frequency f.

Figure 2.6 shows an hypothetical ionogram for a long-range HF communica-
tions link in which the dependence of the median path delay upon the frequency can be

observed.
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FIGURLE 2.6, Hypothetical Ionogram

1. The curvature of the carth and a wave velocity slightly smaller than the speed of light introduce a factor
which is omitied here and in the charucterization of the communications channel in general. The interest is
more on the differential delays between each ray than their absolute delay.
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The delay dependence upon frequency is a major factor to consider when
designing communications systems using large bandwidths. Because the propagation
delay is not the same for all frequency components across the signal bandwidth, waveform
distortion is observed within cach return. It must be noted that delay distortion constitutes
one of the most limiting impairments to data transmission over the wideband HF channel.

2.3.4 Multipath Propagation

As mentioned before, the energy reaching the receiver may be viewed as arriv-
ing in the form of a set of distinct “rays”. According to the secant law and due to the non-
homogeneity of the ionosphere structure, a varying number of these rays may be reflected
from different heights, and may foilow distinet paths that connect to the same receiving
point. The received signal becomes the resultant of all the skywave returns dispersed in
time; i.c., the received signal is a sel of attenuated and delayed replicas of the transmitted
signal,

Figure 2.7 shows some of the possible skywave returns that can be received
simullancouslyl.

—
I' Region

Sporadic E

I Region

Tx Rx

FIGURE 2.7. Example of Multipath P'rapagation

Transmitted rays may be reflected by the different jonospheric regions or by
ionospheric irregularities such as sporadic E layers, and may achicve single-hop links with
the receiver (rays 1, 2, 3 and 5). Furthermore, the carth surface being a good reflector for
radio waves, multi-hop links may also be achieved (ray 4). In addition, Figure 2.7 shows
that two returns are passible from the same ionospheric region when the operating fre-

1, Ground wave links are betng omitted in Figure 2.7 and are not considered in this thesis.
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quency is close o the MUF, These two returns referred to as the low and the high rays
respectively, are often observed in the upper part of the F region (rays 2 and 5). Finally,
the same ray may be split in two {rays 6 and 7) under the effect of the carth’s magnetic
ficld. This phenomenon known as magneto-ionic splitting will be discussed in the next
sub-section. Although an infinite number of returns may be received, most of them are
heavily attenuated and only a few are effectively detecled; the others being accounted as
loss in the path link budget [Masl87].

2.3.5 Absorption, Dispersion, and Ray-Splitting

In the previous sub-sections, the collisions between particles and the carth’s
magnetic field were neglected in order to focus on the dependence of the refractive index,
7. upon the electron density, N, and the carrier frequency, f.. These two factors, however,
play a significant rolc in skywave propagation and must be considered to fully character-
ize the process.

Rays traveling through the ionosphere impart a quantity of their energy to the
electrons present in the atmosphere. The electrons dispose of this energy cither by re-radi-
ating it in different directions or by dissipaiing it into heat during collisions with other par-
ticles. The former process leads to signal scattering and results in returns that are diffuscd
over a certain period of time. The latter process is related o signal atienvation. Attenua-
lion, which is mainly a D-region phenomenaon, is directly proportional to the collision fre-
quency. Hence, the more the clectrons collide, the greater is the attenuation.

In addition 10 the transier of energy, the ray traveling through the ionosphere
creates an clectric field which exerts a force onto the electrons. This force added to the
force induced by the carth’s magnetic ficld imparts a motion to the electrons which follow
a helical path parallel to the clectric field. This phenomenon results in two significant
propagation effects: polarization mismatches and ray-splitling.

Because electrons follow an helical path, their re-radiaied energy tends not o
have the same polarization as the incident waves. Thus, the polarization of the resultant
wave, which consists of the vectorial sum of the incident wave with a portion of the re-
radiated waves, changes continuously as it traverses the jonosphere [Masl87]. The proba-
bility that the polarization of the wransmitting and the receciving antennae be the same
becomes guite smail; resulting in signal fading due to polarization mismatches.

Sccondly, as the electrons are travelling the helical path, they are submitted to
forces which either increase or decrease the radius of the helix depending on their sense of
rotation, thus creating two streams of ¢lectrons. The two strcams form the magneto-ionic
components which are referred to as the ordinary, O, and the extraordinary, X, waves; the
extraordinary wave being the one for which the radius of the clectronic stream is
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increased. Although the two waves travel as separale entities, they are very similar, except
for a larger attenvation for the X wave. Indeed, they become dislinguish:lhlcl only in the
upper F-region as shown in Figure 2.7.

2.4 Channel Characterization for Communications

For communications applications, the ionospherc is recognized as being a time-
variant dispersive channel which behaves in a random manner. The channel must there-
fore be characterized statistically based upon the different phenomena which affect the
signal waveform [Proak89], [Stei®7], and [Schw66]. Among them, dispersion, which
occurs in both the frequency and the time domains, results in signal distortion that may be
observed through inter-symbol interferences, 181, and fading phenomena. 181 is exclu-
sively related to the time dispersion which is a consequence of the multipath characleristic
of the medium. Fading, on the other hand, may have several causes including muiual
interferences between returns, movements and irregularitics of the ionosphere which
result in Doppler phenomena and (requency dispersion, variations of the signal absorp-
tion, and rotations of the axes of polarization.

A statistical description of the HF medium resides in the characlerization of the
random time variations which exhibit short-term characteristics superimposed upon ‘long-
term’ characteristics.  Short-term variations, which are a direct consequence of the
dynamic behavior of the ionosphere, continuously affect the details of the received wave-
form, thus, influencing the system performance. On the other hand, varictions of the long-
term characteristics, which resull in significant changes of the median values associated
with the short-term characteristics ol the different paths, occur at a rate thal can range
from several seconds to hours, and are often not ohservable during a typical transmission.
For this reason, the long-term parameters are related to the availability of the channel; and
are often taken as constant in the characterization of the communications medium,

2.4.1 Multipath Fading Channel

It is generally agreed that for a short period of time (less than 10 minutes) and a
narrow bandwidth (less than 10 kHz), the HF medium may be described by its short-term
statistics conditioned upon the instantancous values of the long-lerm parameters [Steis7],
[MaslI87]. Following this approach, it is possible to model the short-term variations with
quasi-wide sense stationary (QWSS) statistics as long as the channel correlation functions
change sufficicntly ‘slowly’ with changes in frequency and with changes in time [Beli63].
The concept of QWSS is appealing because it provides the means of representing the

1. Distinguishable means that the differential median delay between paths is sufficient 1o have them recog-
nized as independent sequential returns.
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medium as 2 WSS! channel, which is casicr to deai with analytically. This concept is
therefore exploited in the following characterization in conjunction with the fact that the
different paths are considered as uncorrelated scatterers; i.e., the random behavior of
energy dispersion in both time and frequency is independent from onc path to another.

For a QWSS-Uncorrclated Scatterers (QWSS-US) channel, the multipath phe-
nomenon may be described as the reception of a set of # distorted replicas of the transmit-
ted signal with random delays and attenuation factors. If the bascband transmitted signal
is expressed as p(r), then the baseband representation of the received signal, (1), is the
summation ol all the detected returns:

-jenm
r(n = %an(r)e p(=t (0); 2.7
where o,(f), T,(r), and Bn(t) = 2nf T, () are the random time-varying attenuation, the
delay, and the phase associated with the nth path respectively.

Each path may be described with a random complex Gaussian process where
fading may be described by its envelope and phase statistics. For the HF radio channel, it
is widely accepted that the fading envelope is Rayleigh distributed and that the phase is
uniformiy distributed over the interval [0,2r[ [CCIR82a].

Since the channel may be modeled as the sum of independent Gaussian pro-
cesses, it is completely characterized by its scattering function S(t;v) [Macc91], [Mala85],
and [Papo84]:

oo o0

saw = | [ o, bnaned ™A N gamar, 2.8)

-0 .00

where @.(AnAf) is the channcl auto-correlaion function,

The scattering function of the received multipath signal may be regarded as a
description of the signal’s power density spread in both the time-delay and the Doppler-
shift domains where the dispersion in time is referred to as the multipath spread, T, and
the dispersion in Doppler shifts is termed as Doppler spread, Bp. These tlwo parameters
characterize well the short-term distortion of the HF channel [CCIR82a].

Figure 2.8 [Macc91] provides the relationships between the different Fourier
transform pairs of the correlation functions when WSSUS statistics are assumed (F repre-

1. The statistics only depend on the time and frequency intervals Af and Af rather than the specific location
of these intervals in terms of time, 1, and frequency, £, Without loss of generality, the nominal propagation
delay and frequency shift may be set to zero.
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sents the Fourier transform and F~! represents its inverse). The meaning of each of these
functions is provided in the next scctions.

Multipath Intensity
Profile
y P AT:A) F!
/ \
Scatlering . Correlation
Function| S(%:V) PAFAN Runciion

N
1
F S(AfV) F

Doppler Power
Spectrum

FIGURE 2.8. Relationships Between Correlation Funetions
Multipath Spread

The range of delay over which the multipath intensity profile is not zero deter-
mines the multipath spread which may be rclated to the width of the received pulse when
an impulse is transmitted. The Fourier transform of the multipath intensity profile with
respect to 7’ evaluated at At = 0 leads to the power spectrum of the channel as a function
of frequency intervals Af:

Jambfe

0. 8h = [g (me (29)

The range of frequencics over which (2.9) is not negligible is referred Lo as the
coherence bandwidth, (Af),. The coherence bundwidth may be described as the bandwidth
over which the various [requency components of the signal are affected in a similar way.
It is therefore a measure of the frequency *selectivity” of the channel and is approximately
related to the multipath spread 7, by:

A = TL (2.10)

m
Doppler Spread

The Doppler spread, for its part, is defined as the range of Doppler shifts over
which the Doppler Power specirum is not zero when evaluated at Af = 0. The time span
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over which the inverse Fourier transform of the Doppler power spectrum with respect to
Doppler shifts is not negligible determines the coherence ime (A7),

ej?.Tl:AtV dv .

¢, (An = jS(v) 2.11)

The coherence lime may be regarded as the time the channel takes for changing
state and is usually related 1o the rapidity of fading or time sclectivity. The coherence time
is related to the Doppler spread By as lollows:

I
(Af) = —0. (2.12)
¢ B
D

2.4.2 Type of Channels

Obviously, the influence of the propagation channel on a transmilted signal is a
function of the relationship between the signal characteristics, in terms of its bandwidth
and signalling interval, and the correlation propertics of the channcl in terms of the coher-
ence bandwidth and the coherence time. Since the coherence paramelters are related to the
multipath spread T, and Doppler spread By parameters, it is possible o estimate the sig-
nal characteristics required to avoid distortion in both the frequency and the time domains
and to customize the channcl model upon the type of distortion introduced.

For a system design where the signalling interval, Tp, is sclected to be almost
equal 1o the reciprocal of the signal bandwidth W; ie.,
1
We_—, (2.13)

T,

a sufficient condition to avoid distortion in the [requency domain is to sclect a signal band-
width that is much less than the coherence bandwidth; i.e.:

W << (Af),- (2.14)

In such a case the channel is referred (o as a frequency non-selective channel and the fre-
quency components of the signal are influenced in a similar manner across the signal
bandwidth.

Similarly, a sufficicnt condition to ensure time coherence across the signalling
interval is to choose W much greater than the inverse of the time coherence or much larger
than the Doppler spread; i.c.:

1
Ar)cmW>>BD . {2.15)
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In this case, the signal is faced with a slowly fading channel; its attenuation and phase
shifts are essentially fixed for the duration of one signalling interval,

The ideal case would be to avoid distortion in both time and frequency. This is

only possible if the product of the multipath spread and Doppler spread, referred to as the
spread factor SF, is much less than one; i.e.:

= H [N . 2.
SF T Bpi SF<lI (2.16)

If condition (2.16) is met, which is usually the case for HF channcls, and that
the transmission rate, Ry, is selected to be nearly equal to the signal bandwidth, Ry = W,
then it is possible to determine the minimum transmission rate, R,y;p, at which no distor-
tion in both frequency and time can be achicved [Stei87):

| Tm

R . = — |—. (2.17)
min — 2T, yBpy
Using (2.17), it is possible to classify the type of channel by comparing the
transmission rate with Ry,

* Frequency and time non-selective channel, This type of channel is also
termed in the literature as flat-Nat fading channel or frequency non-
sclective slow lading channel:

Rb"Rmin' (2.18)

» Frequency selective and time non-selective channel. The channel is also
termed as frequency selective time-flat channel or frequency-selective
slow fading channel:

Ry>R, (2.19)

* Frequency non-selective and time selective channel. The channel is also

termed as frequency flat-time selective channel or frequency non-selec-
tive fast fading channel:

Ry<R,in: (2.20)

In general, the communications channel over the HF medium may be regarded

as a frequency sclective slow fading channel. However, during high solar activitics, the

medium may become sufficiently disturbed that fast fading occurs. In Lhis last case, the
channel is referred to as doubly dispersive; and distortion in both the time and the fre-

quency domains are observed.
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2.4.3 Typical Parameters for an HF Channel

Typical values for multipath spread T,,, Doppler shifts v, Doppler spread Bp
and relative attenuations between signal returns depend on numerous factors including the
path length used, the number of hops, the geographical location, the transmission duration,
and, obviously, the ionospheric conditions. For instance, the E layer has usually a short
path delay and a positive Doppler shift due 1o the downward motion of the layer, while the
F layer has a longer path delay and a negative Doppler shift due to the upward motion of
the layer, Other paths may involve ionospheric irregularitics and will have significant
multipath spreads, Doppler shifts, and Doppler spreads. Furthermore, Doppler spread
tends to be more important al sunrisc and sunsct because of the significant changes in the
jonospheric structures at these times of the day. Obviously, multiple-hop paths have
higher attenuation than single-hop paths because of their longer path lengths [Goudl],
[Mala81]. Table 2.1 provides typical ranges for the different parameters [(Masl87],
[CCIR90], [Proa89]. These figures are not absolute and values outside these ranges can be
obscrved.

TABLE 2.1. Typical Values for the HF Channel Purameters

Multipath Daoppler Dopplee
Condition Spread 7, Shift v Spread Bp
(msec) {Hz} (Hz)
Quict .001-1 01-1 01-.2
Disturbed 1-2 5-10 1-2
Auroral Belt | 5-10 10-20 10-40

2.5 Channcl Models

In order, to compare performance of different communications systems under
some specific channcl conditions, il is required that the medium characteristics be similar
for cach of the systems under cvaluation. This is not possible unless an independent real-
time or on-the-air testing platform for cach of the systems is used. This approach is, how-
cver, rather expensive and still leaves the communications engineers with a system evalu-
ation that is restricted to some specific link conditions or that can only be repeated in a
laboratory environment.

Three options are available to reduce testing costs while ensuring repeatability.
The first alternative consists of deriving analytical solutions for determining system per-
formance. Although this approach offers the advantage of obtaining performance without
having to run long simulations, it is difficult to obtain, in the case of the wideband HF
channel, a definitive statistical characlerizations of the diffcrent channel parameters
[Bello88].
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The second alternative consists of recording the reception of a probe signal dur-
ing a certain time interval and replaying it (or a processed version of it) at will to conduct
the required tests. This approach, although inexpensive, limits the evaluation of the sys-
tems to the recorded set of atmospheric conditions.  Morcover, since the channel varia-
tions are unpredictable, it is nccessary (o monitor the channel over a very long period of
time in order to ensure that the recording includes most of the significant chanael condi-
tions.

The third alternative which is the one adopted in this thesis, is based on the ana-
lytical modeling of the statistical behavior of the medium and resides in the simulation of
the channel. Naturally, the simulator characteristics must be as close to the reality as pos-
sible in order to produce mcaningful results. The advantages of a simulator are well
known and include: accuracy, regularity of performance, repeatability, availability, large
range of channel conditions, reliability, and low cost [CCIR90].

[CCIR90] mentions a number of simulators that have been proposed over the
years for modeling the HF medium. Even though most of these simulators have adopted
different approaches, all of them deal with narrow bandwidth channels in which the ran-
dom process may be considered as wide-sense stationary. Among them, the model pro-
poscd by Watlerson [Walt70] has served as the basis lor the Gaussian-scatter channel
model described in [CCIR90]. This model has been widely used over the last 20 years
[Ehrm382], [Daws84], [Lin90), and is described in the next sub-section.

Although the problem of modeling the HF channel under wideband conditions
is not new, specilic elforts in this arca for deriving a representative model are reeent and
relatively few papers arc available on the subject. A series of articles on the work per-
formed at the US Institute for Telecommunication Sciences (ITS) has reported a promising
approach to model widcband HF channel, The model is summarized herealter [Mast91],
[Hoff91], and [Vogl&8b].

2.5.1 Gaussian-Scatter Channel Model

Because the HF medium is a time-variant dispersive channcl, it may be mod-
eled as a chain of filters with time-varying gains [Bello63]. Following this argument,
Watterson proposed the model depicted in Figure 2.9, The model is based on two major
assumptions about the channel characteristics which restrict its use to limited signal band-
widths [CCIR90]:

+ the channel statistics are wide-sense stationary in both frequency and
time; and
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» the channel is composed of a discrete number of independent paths with
no time dispersion; i.c., the median path delay is constant over the fre-
quency band.

Input Signal .
—_— Tapped Delay Line

o op(n

Output Signal

FIGURE 2.9, Guussian-Scatter Channel Maodel.

The time-varying transfer function of the model may be expressed as:

N -j2nt f

Hifn =3 e (dre (2.21)
ne=1

where ¢,(1) is the time-varying tap gain [unction, and T, is the median delay, both associ-
ated with the nth propagation path,

The tap-gain functions, ¢,(r), introduce the short-term characleristics of the
channel where the fading envelope voltage is Rayleigh distributed and the phase is uni-
formly distributed over the interval (0, 21[. ¢,(r) may be expressed as:

. j2n:vnt
¢, (n = <, (ne ; (2.22)

where v, represents the Doppler shift associated with the nth path, and En (9 is a sample
function of an independent complex Gaussian process which has a Doppler spectrum
described by:

2
o -(f-v.)
n n
Cn(f) = exp 1 5

T
J;(Bp)n 7Bp)

The spectrum is Gaussian shaped and the Doppler spread of each of the multi-
path components is determined by the bandwidth of their respective spectra.

(2.23)
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2.5.2 Wideband Channel Models

The appropriateness of the Gaussian-scatter channel model is lost as the signal
bandwidth is increased. Indecd, measurements which were originally conducted to vali-
date this model showed that it stays representative of the HF medium over a maximum
bandwidth of 12 kHz during day-time and of 2.5 kHz at right when ionospheric conditions
arc stable; i.c when the medium displays relative stationarity in both time and frequency
[Watt70]. Over wider bandwidth, the median-delay dependence upon frequency becomes
significant, particularly, at operating frequency close to the MUF; and the assumption
regarding channel stationarity does not hold. This was verified by wideband measure-
ments which effectively showed that the ionospheric channel is neither stationary in time
nor in frequency over larger bandwidths [Lin90], [ Belr88], and | Bell65].

The inadequacy of the Gaussian-scatier model and the growing interest in
using HF over wide bandwidths has catled upon the development of a few ‘so-called’
wideband HF models. Most of these models aim at including the frequency dependence
on the median delay of cach path. They vary in complexity depending on the goals they
wish to achieve.

The simplest approach consists in keeping the basic elements of the narrow-
band mode! and in assuming a quadratic or higher order relationship between the median
delay and the frequency [Bern91], [Mal85]. From (2.21), the transfer function can be
expressed as:

N -j2
j2nt hf
Hfn = Y c (ne ey (2.24)
n=1
wilth:
T (PN =T,+T [f+T 2, (2.25)
n n0 " “nt n2f e e

where 1,(f) indicates the frequency-dependent median delay of the ath path,

Although this approach tukes into consideration the variations of the median
delay across the frequency band of interest, it still Jeaves aside the dependence of the time-
varying tap gain lunclion, c,(r), upon [requency. Furthermore, the difficulty in fitting
(2.25) to measured jonogram data may become overwhelming if the ionospheric condi-
tions are not stable as it might be expected for wideband channcls.

Malaga [Mala81] proposed a gencralization of the above approach by providing

the means for determining the median value of the delay based on physical ionospheric
parameters, and by describing the time-varying tap-gains as a function of frequency. His
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approach is far superior than the previous ones since it accounts for the time variations of
the median characteristics of the medium; but Malaga recognized that his model was
aimed at modeling the mid-latitude HF channel where, usually, stable ionospheric condi-
tions are observed.

lonospheric Parameter Model

In 1988, Vogler and Hoffmeyer of ITS proposed a novel approach for modeling
the HF channel [Vogl88a]. Their model does not assume WSS statistics and relates the
propagation propertics of the medium to its physical characteristics in terms of geographi-
cal focalion, scason, and time while considering the delay dispersion associated with each
return. In briel, the model provides an analytical expression relating the operating fre-
quency and the median delays of cach propagation mode. This approach can cover a vari-
ety of ionospheric conditions and provides a deterministic base around which statistical
variations are added. The model is referred to as the lonospheric Parameter Model and its
main parts are shown in Figure 2.10.

Location, Sun-Spot Number, Time of the Day and Year

Tenospheric
Prediction
Maodel
Penetration Frequency
Layer Height
Layer Thickness
Deterministic
Mudel
Median Delay
for Each Propaguation Made
A Doppler Statistics:
Dispersion Stochastic - Shift

and Scattering  —jp] X -
Statistics Maodel - Spread

+ = “Slant”

‘Time-Vorying
Channel Transfer Function

FIGURE 2.10. lonospheric Parameter Model,

The first block of the model diagram scrves to predict the physical characteris-
tics of the communications medium with regard to time of the day and year, path geometry
and latitude, and other propagation factors such as the sun-spot number. More specifi-
cally, three parameters are required by the model to represent the channel under a wide
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varicly of conditions, namcly: the layer height of maximum ionization, h,, the layer thick-
ness, ©, and the penctration frequency, f,.

The model chosen to predict these three physical parameters is a user-prefer-
ence and may be any ol the ones having been developed over the years. A detailed
description of thosc different models is beyond the scope of the work presented in this the-

sis and the readers are referred to the report published by AGARD on this matter
[AGAR90] or the paper by Rush [Rush&6].

Deterministic Model

The sccond block of the diagram shown in Figure 2.10 is the deterministic
model. The model [Vogl88a] is responsible for describing the variation of the median path
delay as a function of the operating frequency and the three physical parameters provided
by the ionospheric prediction model. The analytical expression derived by Vogler and
Hoffmeyer is based upon the assumptions that there is no magnetic field, that the collision
frequency is ncgligiblc', and that the electron density profile may be approximated by a
hyperbolic secant squared (sech?) function [Budd61] such that:

2
h -h
2 2 7
Iy = f,sech [-—20 ] (2.26)

Keeping these assumptions in mind, the transfer function of one particular
return at vertical incidence may be derived from the Maxwell’s equation using the WKB
solutions? [Budd61], [Davie65]. The end result may be expressed as:

-j2n9n(ﬁ
H ()= |Hn U‘)|c . (2.27)

The first derivative of 6,(f) with respect to [requency is associaled with the
median path delay, (), and may be approximated by:

o (Hh 4B (¥ )
_ n¥Y" ""n _ Pn .
T, = ——= 3xdF " on kaln[ln[ i ] 1] (2.28)

1. These two assuniptions are not very restrictive for communications analysis purposes while allowing the
use of a simplified expression for the refractive index 7 as given by (2.1). Indeed, most of the returns are
from the E and F layers where the collision {requency is negligible. Moreover, the effect of the earth’s mag-
nclic field is to introduce magneto-ionic components which may be incorporated in the model as (wo sepa-
rate returns il so is the need, and to cause additional fading due to polarization mismalches.

2. A complete derivation of the transfer function will not be provided here but may be found in [Budd61].
The use of the WKB solutions, which stand afier Wentzel, Kramers, and Brillouin, those who first proposed
them, is covered in most quantum mechanic books and the readers are referred o [Merz70) for a thorough
description.
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where:

2(h,)
= . and (2.29)
nn c
20!1
iy = - (2.30)

Rewriting (2.28) to define the virtual height of reflection? I_rn(f) as:

0 (fi ¢
1 c n n
(= (.2.)_&_ = (ho)n—onln[ -1}, (2.31)

it is possible to derive the relationship between the virtual height of reflection and f,. The
cxpression may be written as:

Y
hy) =T ’
fy= {l+cxp - } : (2.32)
n

n

Equations 2.31 and 2.32 may now be used in conjunction with the theorems of
Breit and Tuve, and Martyn (scc Appendix B) to determine the median delay between two
terminals separated by a distance D; i.c. for oblique incidence:

O ¢ 2k () [— D 2
_ H _ n
T, () = —5— = — 1+(25nm), (2.33)

and the relationship between the carrier frequency and the virtual height of reflection:

= 2
L+ (D/2h,, (f))
fo= Lae ; (2.34)
Pn (thy) ~h, (M)
n

I +exp

g
n

It can be noted that the last two equations, (2.33) and (2.34), reduce to (2.28)
and (2.32) respectively in the case of vertical incidence; i.e. D =0. Furthcrmore, it can be
seen from (2.34) that for a specific carrier frequency, two solutions of & n (D), and therefore
(), may be found: one for cach of the high and the low rays.

1. The virtual height of reflection may be interpreted as the height at which the reflection would occur if the
ionosphere behaved as a perfect reflector rather than s a superposition of refractive layers. The concept of
virtual height is better explained in Appendix B.
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Stochastic Model

The third block in the diagram shown in Figure 2,10 is the stochastic model
[Vogl90]. The stochastic model is based on the use of the scattering function which relates
the group delay and the Doppler frequency, lor characterizing the time-varying iono-
spheric channel. The scattering function may be determined by the Fourier transtorm of
the received signal auto-correlation function with respect to time. The expression may be
writlcn as:

oo

12
S(t,v) = j(pc(t.v;t)cj"nﬂdr; (2.35)

with the auto-correlation function @ (t, v; 1):

j¢v¢'c.v;n
(pC(‘C.v:r) =T Cwe : (2.36)

where T and v are respectively the median path delay and the Doppler shift at time £, and
the functions 7(t), C(r}, and ¢,(t, v; r) are the delay amplitude factor, the correlation factor
and he phase function respectively.  Each one of these lunctions are discussed in more
detail hereafier.

While the function 7(t) of the Gaussian-scatter model reduces to a set of Dirac
functions evaluated at particular instances of T i.e. 8(T- TS T(t) of the wideband model
introduces the distortion of the transmission pulse caused by delay dispersion. The func-
tion may then be viewed as a shaping factor giving a measure of the multipath spread
present in the received pulse. The expression proposed for this function is [Vogl90]:

B «1-y)
T = Z[OL"yp"c neon S(t—tn)]; (2.37)
n
where:
T- ('cL)n
v, = - _— 7. (2.38)
n_ (TL)n

and p,, and f3, determined according to the following equation sct:
ForO0sysl, ((‘L‘L)nS‘ts T

i (I-ys)ln IAll-(l—yl)lnlAzll
d L

P, (2.39)
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i (lnl_vlllniAzl)—(lnl_\‘zllnlAI])

Bn = pI ; (2.40)

where:
d=(I-yy) iy - -ypliniy,l; (2.41)

(1-yy+in(y,D)In(A,]
A, = CXD ; and
(1 -yl+lnl_\’ll)

Y1, ¥2, and Ay being set to (101, 0.5, and o the receiver threshold Ay respectively. These
values were found to fit specific measured scatter functions more closely [Vogl90).

(2.42)

Forys>1, (T>7):

_ ()’2-|)lnlA|]‘(.Vl“'l)ln[Azl '

Pp = P ; (2.43)
(Inly,lIn(A 1) - (nly11n{A,])
B - 2 1 | 2 : (2.44)
n d
where:
d = (.\'2"’]““1,\'[]“(}'I‘l)ln[)'zl; (2.45)
Vat 1
W= 22 ; (2.46)
Tl!
¥q = ; (2.47)
< (T
T n
A
_ A
A2 =4 and (2.48)

n

A\ being set to 0.5,

The variuble (t;), indicates the smallest value of the median delay belonging to
the nth return while 7, indicates the delay dispersion within the same return and (T3), is
the time difference between T, and (Ty),. Ty is determined by the deterministic model.

C(1) is the correlation factor needed to model the fading effects caused by the
Doppler phenomena.  As mentioned in Section 2.4.1, it is widely agreed that the Doppler
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spectrum displays a Gaussian shnpcl and this approach is adopted here also. C(r) may
then be expressed as:

2
-G h

C(r):c:fc f : {(2.49)

with:

B
6= 2" (2.50)

e
Aﬂ

Finally, the term ¢ (t,v:r) in (2.36) introduces the variations of the frequency
components as a result of the time variations of the physical parameters of the ionosphere.,
In the Tonospheric Parameter Model, these variations are assumed independent between
cach return and arc approximated through a linear relationship between the group delay
and the Doppler shifl. The following expression is evaluated for cach of the distinguish-
able returns:

¢A_(‘L’. vn = ¢t+21t[b(‘t"—t)]t; (2.51)
with:
(VL)n—Vn
b= —_— (252)
Tn'- (TL),,

where (vy ), is the frequency shift respective to the minimum median delay (), and ¢ is
the phase shift associated with a delay T.

It is recognized that many forms of dependency other than a linear relationship
between the frequency shift and the delay can be adopted. However, the added complex-
ity does not appear to provide any additional information when the model is aimed at per-
formance cvaluations of communications systems | Vogl90].

1. Vogler and Hoffmeyer suggested that a4 ‘peak” shape arising from variates having an exponential auto-
correlation function might be more appropriate for describing the multipath fading over an 1 channel,
They supported their stitement by showing the great similarity between simulations using this type of distri-
bution and rcal measurements { Vog 901,
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2.6 Noise and Interferences

In addition 10 time and frequency dispersion, communications signals transmit-
ted over the HF medium are subjected to noise and interferences. The characteristics of
ambient noisc and interference signals are of major importance in communications system
designs. Indeed, they are often the limiting factors which determine whether or not the
received signal can be properly detected and used for gathering reliable information.

For the HF propagation medium, it is generally agreed that the noise comprises
both narrowband and widehand components. The narrowband noise component is the
resultant of a multitude of signals originating from many sources. Since all the sources are
independent from cach other, the narrowband noise component may be described via the
central limit theorem as a zero-mean Gaussian distribution where its total average power
is specified by its variance. On the other hand, the wideband noisc components result
from impulsive phenomena generally associated with atmospheric noise such as lightning
discharges, or with man-made noise arising from motor ignition or power lincs located at
the proximity of the receiving antenna, Because atmospheric and man-made nois¢ cause
significant variations in the median characteristics of the narrowband noise, they must be
considered as scparate entitics; thus, resulting in an overall ambient noise which cannot be
described as additive white Gauvssian noise (AWGN) [Orei82].

Interferences within the HF spectrum are usually narrowband signals originat-
ing from legitimate transmitting radio stations. Their effccts on the system perlormance
depend upon their relative power and similarity with the transmitted signal. They are usu-
ally accounted as separate processes in the description of the transmission channel and in
the calculation of the system signal-to-noise ratio.

2.6.1 Wideband Noise Model

The wider the channel bandwidth, the higher will be the probability of running
across inlervals of bursty noise, and of being subjected to interferences. For this reason,
the noise cannot be while across the transmission bandwidth [Gott91], [MaslI87]; it com-
prises other components such as interference and impulsive noise. The overall noise, N(z),
is usually expressed as:

N =GCGw+In+Jm (2.53)

where G(n), 1(), and J() represent the average ampliwndes of the white Gaussian compo-
ncnts, the impulsive noise components and the interlerences respectively.

Several studies have been conducted over the years for describing each one of
the terms of (2.53) independently. However, very few models have been proposed to char-
acterize the wideband process as a whole; and the difficulty of statistically characterizing
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the amplitude and the occurrence rate of the last two terms is still an arca of research
[Vog188b]. A model developed in parallel with the IPM model was published in a series
of paper [Lemm90], [Vogl88&b]; and is described hereafter.

Lemmon developed a model based on both the approach proposed by Middle-
ton for jointly describing narrowband and wideband noise, and on an approach proposed

by Hall for modeling atmospheric noise [Lemm90]. The model may be summanzed as
follows:

Ni sin (2eW(r-1))]|
N = GUH'ZI {bi (. (2nfcr,-)}
{=
N, (2.54)
J
+ Y {ajcos (21tA13.r+A¢j)}

Je=l : , .
where N(r) represents the amplitude of the complex noise with independent and identically
distributed imaginary and rcal components.

The first term of (2.54), G{r), represents the white Gaussian noise components
where the average power level is determined by the variance of the distribution, the sec-
ond term, /(r), represents the impulsive noise components where N; is the number of
impulses at time ¢, b; is the amplitude of the ith impulse, W is the bandwidth ol the
received filtered signal, and #; is the arrival time of the ith impulse. Ttis further assumed
that the time of arrival of a specific impulse #; is uniformly distributed over the transmis-
sion interval, and that the amplitude, b;, of cach impulse is distributed according to the
probability density function proposed by Hall:

@, -1
b6, -y, b
fp® = ® 02’ (2:33)
2 b

(b +'Y!2))

where 6y, and 7y, are numerical parameters set (o fit particular impulse characteristics,

The third term of (2.54), J(#), deals with the interference signals. Lemmon
assumes that their amplitudes are distributed in the frequency domain in the same manner
as the impulsive noise components are distributed in the time domain. Thus; the ampli-
tude a; are distributed according to (2.56) which is repeated hercafter with the appropriate
variables:
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It must be noted that the values of 8, and v, are different from 9, and v, Fur-
thermore, it is assumed that Af;, the frequency difference between the carrier frequency of
the jth interference and £, and Ag;, the phasc difference between the jth interference and
the legitimale signal, are uniformly distributed over the signal bandwidth W and over the
interval [0,2%| respectively.

2.7 Conclusion

In this chapter, the medium is described as a time-varying dispersive multipath
channe! where its characleristics, which depends upon the physical structure of the iono-
sphere, evolve in a random manner. While the channel may be modeled by wide sense
stationary statistics for the narrowband case, it is emphasized that the delay dispersion
introduced by the delay-frequency dependence cannot be neglected over wider band-
widths. The lonospheric Parameter Model, which relates the wideband channei transfer
function with the physical characteristics of the medium is then described, Finally, the
problem of characterizing widehand noise is addressed and a mode! for describing the
whole process is summarized.

From this study, the communications systems must use different techniques to
mitigate the effects of the propagation medium if acceptable performance are to be
achicved. In the next chapier, a number of these impairment mitigation techniques are
addressed. Emphasis, is given on the utilization of frequency diversity, and more particu-
larly on dircct sequence spread spectrum for minimizing the perturbing effects of multi-
path and delay dispersion.
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Chapter 3
Mitigation Techniques for
Wideband HF Channels

3.1 Introduction

Over the last few years, the trend toward [aster and more reliable HF communi-
cation links has fostered the development of techniques to maximize the utilization of the
limited 3 kHz allocaied channel bandwidth, While major improvements have been
achicved, particularly in the ficld of adaptive channcl equalization, it has been shown that
larger bandwidths could offer an attractive alternative to improve madem performance
without increasing significantly the modem complexity.

In addition to allowing higher data transmission rate, wideband signatling olfers
the possibility of implementing spread spectrum techniques. These techniques which pos-
sess the attendant fcatures of interierence rejections, provide the means for mitigating the
effects of fading caused by multipath components, Moreover, it permits to exploit the
inherent diversity of the skywave channel through the use of a RAKE receiver.

The present chapler concentrates on providing [undamentals on spread spec-
trum techniques and more particularly on Direct-Sequence Spread Spectrum,  Multipath
diversity bencfits are covered through the description of the RAKE receiver, The chapter
includes a bricl overview of error control coding and intericaving techniques as a means
for introducing time diversity.

3.2 Background

The HF channel multipath structure described in Chapter 2 has so far been
regarded as a nuisance which resulls in scvere multipath fading and inter-symbol interfer-
ence. For years, system designers were left with low performance standard to avoid situa-
tions in which system performance would degrade too much. Among these, the one which
consists of lowering the transmission rate to a level smaller than the coherence frequency
of the channel has greatly promoted the beliel that the skywave medium could only sup-
port low data transmission rates; i.c., 75 bps or less.

In the 60’s, major projects were initiated to acquire a beuer knowledge of the

physical structure of the ionosphere.  The results of these large endeavors permil the
development of a series of channel prediction models [AGAR90]. These models forecast
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the physical propertics of the ionosphere with relative good accuracy and provide the
means for determining the oplimum operating frequency of a particular link. Based on
this data, HF operators are now able to optimize their system performance and can achieve
data transmission rates in the order of 300 1o 600 bps with acceptable efficiency [Bray87].
Based on the same idea, ‘frequency-agile” serial modems were thercaflter developed.
These modems make use of a probe signal transmitted at different frequencies to scan the
channel. ‘The oplimum operating [requency is determined by choosing the [requency of
the received probe signal having the best signal-to-noise ratio characteristic. The perfor-
mance of these modems is dependent upon the number of time the channel is sounded in
order to change the frequency if nceessary and the number of frequencics available to
choose from.

Besides the difficulty related to spectrum management and to synchronization
of ‘frequency-agile’ modems, the nced for higher data rates has brought researchers 1o
look for aliernatives to the serial modems architecture. The result was the development of
the parallel-tone modem [Stei87). Parallcl-tone modems can achicve transmission at 2400
bps by dividing the allocated 3 kHz bandwidth to a number of sub-channels over which
sufficiently low transmission rates arc used to minimize ISI; i.c. approximately 100 bps or
less. Although parallel-tone modems presented a more complicated architecture then the
one for serial modems, their performance was uncqual until the advent of serial modems
cquipped with efficient adaptive channel equalizers.

Adaptive cqualization techniques enriched with error correction coding have
brought serial modems (o operate at rates o 2400 bps and higher. It can therefore be
expected that the current standard of 2400 bps for state-of-the-art commercial modems
will soon be increased. Based on this, two major trends have emerged in the literature,
While the first one consists of developing more efficient channel equalization algorithms
[Clar89], the sccond concentrates on the use of wider bandwidth [Perr82] [Dahr82]
[Vogl88b].

Even though wide bandwidth channels suffer from aggravated ISI problems due
to intra-modal detay dispersion and ol lower signal to noise and interference ratio (SNIR)
due to an increased number of interferences, Perry [Perr83] showed that under stable iono-
spheric conditions, adaplive equalization was possible over a 1 MHz bandwidth. In his
treatment, he restricted the ¢hannel o one mode, single-hop link, but successfully demon-
strated the capability of the HF channel to support wideband signalling under real condi-
tions. His work has encouraged several rescarchers to develop and implement wideband
mitigation techniques, including spread-spectrum, [Chow82], [Ochs87], and multipath
diversuy, |Wagn89], {Belig8), [Gong90], and [Kane90], as originally proposed by Price
and Green in 1958 [Pric58).
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3.3 Spread Spectrum

In an interference environment such as the HF skywave medium, the optimal
approach for a communication system is to ensure that the detrimental elfects of the inter-
fering signals are not worse than those caused by Gaussian noise at equivalent SNR. The
system should therefore wansmit a signal waveform that is as wideband as possible and be
capable of processing interference signals to affect the system performance as does Gaus-
sian noise [Vite91). Spectrum spreading is one possible approach to transmit information
over wide bandwidths. In spread spectrum system, the transmitted signal is characterized
by its bandwidth W which is much larger than the information rate Ry, and by its pscudo-
randomness that makes the signal appears similar to noise. Pscudo-randomness is particu-
larly important because it is the key clement behind most of the applications for such sig-
nals. Among them, the most interesting for HF systems are:

Interference rejection;

Multiple access;

Multipath protection; and

Time of arrival measurement,

It must be noted that multiple access and multipath protection are intimately
related to interference rejection since all three have signal components not intended to the
receiver. More specifically, users of multiple access systems share the same portion of the
spectrum and see onc another as interference while multipath returns may be interpreted
as self-interference. On the other hand, time of arrival measurement also termed ranging,
applies to radar and sounding applications. It is based on the fact that maximum correla-
tion output is obtaincd when the received and spreading signals are perlectly synchro-
nized. Thus, the traveling time of the ransmitted signal may be oblained by evaluating
the time shilt required to maximize the correlation level with the received (reflected) sig-
nal; and thereby determining the range between the terminal and the point of reflection.

Among the different spread spectrum techniques investigated over the years,
two are commonly used in digital communications systems: direct sequence spread spec-
trum (DSSS) and frequency hopping (FH). In the case of frequency hopping, which is pri-
marily used in anti-jam protection and for CDMA applications, the available spreading
bandwidth W,, is subdivided into a large number of contiguous frequency slots approxi-
mately 1/R;, wide. In any signalling interval, the transmitted signal occupies one or more
of the frequency slots made available in a pscudo-random manner [Proag9]. Because
proper phase coherence is difficull lo maintain while the signal is hopped from one [re-
quency to another, non-coherent FSK is usually employed, leading to poorer performances
than those achievable by dircct sequence spread spectrum systems [ Vite76].
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3.3.1 Direct Sequence Spread Spectrum

Frequency hopping is based on the principle of avoiding or minimizing the time
spent in portions of the spectrum where poor performances are obtained whereas direct
sequence spread speetrum is based on the discrimination and suppression of all signals not
intended (o the receiver. Discrimination between the intended signals and the inter{erence
components is possible by “impressing” a pscudo-random sequence Lo the information
stream before transmitting it. The cffect of impressing the pscudo-random sequence is to
spread the bandwidth of the original signal by a factor defined as the processing gain PG,
and (o reduce the level of the power spectrum density by the same factor. The processing
gain may be expressed as:

I'C—Zf'—“—ﬁ' T, >> T, (3.1)
' Rb - Tc’ b ¢ .

where W is the spreading bandwidth and its reciprocal! T, is the duration of onc pulse or
one chip of Lhe spreading sequence. Attenuation or suppression of unwanted components
is occurring for any component that is one chip or more out of phase with the spreading
sequence while at the same time the desired one is despread.

Direct Sequence Spread Spectrum Transmitter

Dircct sequence spread spectrum signals are formed by impressing on the signal
to be transmitted a sequence having a rate much higher than that of the source. Thus, the
information data stream may be considered as being modulated twice before being trans-
mitted, first by the transmitter carrier and next by the spreading sequence. The transmitted
signal s(r) may be expressed as:

s(1) = Ac(1)p(1) cos (2nf 1+ 6}, 3.2)

where p(r) and c(¢) are the baseband data signal and the spreading sequence signal respec-
tively, and A is the product of the amplitudes of both ¢(¢) and p(s).

In the case where binary PSK modulation is used and where it is assumed that

the spreading sequence signal has the same wavelorm as the baseband data signalz, pin
and c(r) may be expressed as:

IO Zbk"b (t—kT,),and (3.3)
k

1. As in Chapter 2, the chip rate R, is assumed equal to the bandwidth W, occupiced by the spread signal.
2. Although not necessary, the spreading signul has usuilly the same form as the data signal [Ziem85]),
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c(n) = Y cu (1=iT); (3.4)

where b, = A bc" b, ¢y =00rm c; = Accj ¢‘, ¢; = 0 or m; and up(t) and w.(r) are square
wave signals of period 1/R), = Ty, and 1/R, = T, respectively.

Equation 3.2 implics that the signal resulting from the product o(f)p(s) will
change in phasc at a rate equal Lo the rate of the spreading sequence signal; i.c. the phase
will change ‘PG’ times over one bit period T, This concept may be belter visualized il
the signal is spread at baschand rather than being spread alter the signal is modulated by
the carricr frequency.

Spreading the signal at bascband can casily be done by altering the value of the
information bits by performing a modulo-2 addition with the chips produced by the
spreading sequence generator ala rate R, (R, >> Rp). Hence, the resulting signal will have
a phase equal to zero every time the information and the spreading sequence bits are the
same and a phase of & every time they are different. A block diagram of the transmitter
implementing this approach is shown in Figure 3.1,

b o
Channel & i Band-Pass
Encoder @ Q Eilter
) < cus 2nf 2
I’'N Local
Generator Oscillator
Source

FIGURE 3.1. DSSS BPSK Transmitter

If ¢; in Figure 3.1 represents the ith chip of the spreading sequence and by is the
corresponding coded bit then the baschand spread signal may be expressed as:

v(r) = Dau(t—iT,); (3.5)
i
where a; = b, ® ¢;; k << i, and @ indicates modulo-2 addition.
The changes incurred by the information data stream as a result of the modulo-
2 addition with the spreading sequence are shown in Figure 3.2, The signal in (c) is the

modulo-2 sum of the signals in (a) and (b). It can be observed that the spread signal will
become nearly independent [rom the original information data stream as the number of
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chips (usually an integer number) per bit increases [Ziem85]. Indeed, the spread signal
will inherit its spectral characteristics.

(@) Information Signal

M,

i

a0 LU
T
:

| |=T,
(b) Spreading Signal

[
AN

{c} Spread Signal

FIGURE 3.2. DS Spread Spectrum Signals

The resulting changes in the signal power spectrum caused by impressing the
spreading sequence may be observed in Figure 3.3, S,(f) represents the power spectrum of
the signal without spreading, S.( is the power spectrum of the spread signal, and A is the
amplitude which results lrom the product ApA,.. Altenuation of the spread signal by a fac-
tor Ty/T, and expansion of its bandwidth by the same factor can be clearly observed in the
figure.
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FIGURE 3.3, Power Spectrum Comparison Between Spread and Non-Spread Signals
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3.3.2 Pseudo-Noise Sequence

To achicve its goals, DSSS signals must exhibit spectral and probability charac-
teristics that are close to those of random Gaussian noise. Since these characleristics
result from the specificities of the spreading sequence, it is required that the sequence dis-
plays Gaussian spectral characteristics.  Unfortunately, this requirement can only be ful-
filled through the use of an infinite-length random sequence, Obviously such sequence
cannot be implemented since it would require an infinite amount of memory for storing it
at the receiver. The sequence must therefore be deterministic in order to be reproducible
at the receiver. For this reason, it is usual to generate finite-length pseudo-random
scquences referred o as Pscudo-Noise (PN) sequences.

By far the most widely used binary PN sequences for spread spectrum applica-
tions are maximum length sequences. Such sequences may be generated by a lincar feed-
back shift rcgisters similar to the one shown in Figure 3.4.

=

To 3 L BBV} 3 -

@

FIGURE 34, Example of u 4-Stage Linear Feedback Shift Repister

Maximum length sequences also referred Lo as m-sequences are based on prim-
itive polynomials in the Galois ficld of interest (GF(2% in Figure 3.4). Tables of such
primitive polynomials may be lound in several references (e.g. [Ling3)).

The degree i of the primitive polynomial determines the number of shifl regis-
ters required Lo generate a PN sequence of cyclic period N.

N=2"-1, (3.6}

The period given by (3.6) is critical because it defines the discrimination capa-
bility of the spread signal. Discrimination increases with the length N of the sequence and
it is usual Lo choose a sequence having the longest cyclic period possible.

In addition to its cyclic period characteristic, m-sequences have some other
property that is particularly useful for spread spectrum applications [Ziem&5]: their auto-
correlation function is similar to that of an infinite sequence and is responsible for the gain
obtained in DSSS systems. Rather than consisting of a single triangle pulse of width 2/7;
as does the auto-correlation [unction of an infinite-length binary sequence, the normalized
auto-correlation function @pn(T) of a PN sequence may be writien as:
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where T, = t= (N=-1}T.

The function @pN(T) is shown in Figure 3.5. Tt can be seen that @pn(T) resem-
bles Lo the ideal infinite-length sequence as N is increased.
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FIGURE 3.5. m-Sequence Auto-correlation Function

3.4 Reception of DSSS Signals

As for narrow band signalling, optimum performances are oblained when the
receiver is matched o the received wavelform, If problems introduced by synchronization
mismatches are ncglcclcd', the optimum DSSS recciver for a single-path channel is as
shown in Figure 3.6 |ProagYj.

Despreading is accomplished by correlating the received signal with a locally
senerated PN sequence identical to the one used at the transmitter. When the two signals
are matched, the desired signal collapses to its original bandwidth, whereas any
unmatched components is spread by the local PN sequence over a bandwidth Wi, The
power spectrum is modificd as shown in Figure 3.7 where (a) and (b) illustrate the
received signal components hetore and after despreading respectively

1. Since synchronization must be maintained within 1/7, second; synchronization problems may quickly
become overwhelining as the processing gain is increased.
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FIGURE 3.7. DS Spread Speetrum - Interference Rejection

In the case of a multipath composite signal where each signal component is
despread with the same PN sequence, the DSSS ability to discriminate between cach one
of them is a function of the chip period 7. Indeed, any component that is separated in
time by more than one chip period will be distinguished from one another. Because dis-
crimination is based on correlation with the local reference PN sequence, no gain should
be expected in the case of a pure AWGN channel or in the cuse of [requency non-selective
fading channcl where the received signal is altered similarly across all the occupied band-
width,

The performance of a DSSS correlator recciver in presence of interference

depends on the modulation type used and the SNIR. For instances, in the case of a single-
tonc interference, the SNIR per bit vy, may be expressed as [Ziem&5):
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or in the case of a partial-band interference. having while Gaussian characteristics
[Ziem&S]:

2E,

U= N 09037, (39)

In both equations, variables are defined as follows:
* E;,is the energy per bit of the ransmitied signal,
« E;. is the energy per chip of the interference tone,
s fyis the interference tone frequency, and

s J,is the interference encrgy density over a chip duration.

From the above two equations, it can be secn that the performance is increased
by the fact that the interference energy is fractionated over the spreading bandwidth Wi,
rather than being concentrated in the signal bandwidth W, In other words, only a fraction
of the intericrence energy contributes to reduce the SNIR,

3.5 Diversity Systems

The receiver structure presented in Figure 3.6 is optimum for single path time
invariant channcl. In the case of time varying multipath HF channel, the receiver must
cope with rapid fading and 1SI conditions. While the effects of the latter is usually miti-
gated by the use of adaptive equalization techniques, rapid fading caused by multipath
returns is best handled by diversity techniques.

Diversity stands on the observation that if the same information is received
redundantly over two or more independently fading channels, there is @ much lower prob-
ability that all the received replicas corresponding to the same transmitted symbol or bit be
simultancously alfected by a deep fade condition. In other words, if L replicas of the same
signal is transmitted over L different paths and if p is the probabilily that a decp fade
occurs; then p& is the probability that all replicas fade simultancously. With adequate
combining of the diflerent diversity paths at the receiver, the error performance becomes a
function of the average SNR of the received signal in cach of the paths. In the case where
the average SNR per bit T) is assumed identical for all the paths, the expected probability
of error for DPSK modulation is given by [Proak89] as:
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P,=( : )‘Z( K )(—2—"')i (3.10)

where:

H= (3.11)

L+,

Equation 3.10 is used to compare the performance obtained from a simple
AWGN channel with the one obtained from a Rayleigh siowly fading channel for difTerent
levels of diversity. The advantage of using diversity over fading channels can be appreci-
ated in Figure 3.8 even for moderate levels of diversily.

AWGN

¥y (UB)

FIGURE 3.8. Theoretical Bit Error Prohubility for u DPSK Receiver With
Different Levels of Diversity in Rayleigh Fading Channels

Among the several methods of diversity that have been proposed over the years,
time and multipath diversity lechniques are investigated in this work. Time diversity is
based on the principle that il the same information datum is redundantly transmitied at
time intervals (hat exceed the coherence time (Ar), of the channel, the redundant data will
be received with independent fading conditions. Time diversity cun be implemented with
error control coding and bit (or symbol) interleaving. Mullipath diversity arises when dif-
ferent parts of the frequency band fade independently. If the bandwidth used for transmit-
ting the signal is much greater than the coherence frequency (Af), of the channel, then one
portion of the band may be in a deep fade while another can provide reliable communica-
tions.
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3.5.1 Multipath Diversity

As opposed 1o time diversity where the level of diversity can be increased
almost indefinitely, the level of multipath diversity is rather implicit and is limited by the
channel. As a rule of thumb, the level of diversity L that can be achicved over a dispersive
channel is usually approximated by the ratio of the signal bandwidth to the coherence fre-
quency of the channel [Proak89]; i.c:

w
L= —-—, (3.12)
(Af) .
To increase the level of diversity, it is therefore necessary to use a signalling bandwidth as
wide as possible and to design a receiver structure able to recover the transmitted energy
present in all of the diversity paths available.

3.5.2 RAKE Receiver

In a frequency-selective environment like the HF medium, a standard spread
spectrum one-path correlator recciver demodulates the signal received from the main path
and suppresses the signal components received from the other paths. A belter receiver
makes use of the inherent diversity of the skywave channel by using a number of taps syn-
chronized with cach return {Ochs87]. The well-known RAKE receiver in its form of a
multipath diversity combiner seems o be the optimum implementation in such a case.
Since the achicvable performance increases with the level of diversity, the ideal case is
when the number of taps equals the number of diversity paths. However, in most applica-
tions it is necessary 10 restrict this number (o the processing capability available.

Numerous RAKE receiver architectures have been suggested in the literature
[Wagn89]. However, the most common design employs coherent detection with maximal
gain ratio combining or differential detection with equal gain combining, Clearly the use
of coherent detection with maximal gain ratio combining would provide the best results if
channel conditions could be estimated perfectly. However, differential detection, despite
its poorer performance, may appear more convenient because it docs not require complex
synchronization device [Turi®1]. Differential PSK (DPSK) is therclore adopted in the
remaining ol this work.

The block diagram of a baseband DPSK RAKE receiver is illustraled in Figure
3.9. The structure of the L-tap delay line is made of one-chip delay clement embedded
between cach tap. The multipath components that are delayed by more than one chip
duration will be processed by different taps, Elimination of ‘noise-only’ taps may be per-
formed by examining the average power of cach tap output and rejecting those that are not
likely to contain the desired signal. The L delayed signal components are correlated with
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the local PN scquence. The comelation involves multiplication of the locally generated
complex conjugate modulated chips with the received chips. Correlation is followed by
successive integrate and dump (1&D) operations over one bit duration. In the case of
DPSK, the tap weights are simply the conjugate of the previous 1&D outputs and the input
to the decision device is the algebraic summation of all tap outputs.
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FIGURE 3.9, Baschand DI'SK Ruke Receiver

3.6 Error Control Coding

As mentioned previously, time diversity implies that the redundant information
is transmitted over independent fading period. Time diversity can be implemented as a
repetition code where the level of diversity depends on the codeword length, Thus, per-
formance is cxpected to improve as longer codes are used. Repetition codes are however
a trivial form of coding with low code rates and one is expected o employ more efficient
error control coding schemes.

While, the primarily goal of error control coding is to insert redundant informa-
tion into the bit stream for the purpose of detecting and/or correcting transmission errors at
the receiver, Proakis showed that systems employing error conirol codes can benelit, as
those employing repetition codes, of time diversity [Proa89]. Both block and convolu-
tional codes are presented hereafler.
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3.6.1 Block Codes

In block coding, the information bit stream is partitioned into blocks of & bits.
Each k-bit information block is encoded with an n-bit codeword (# > k). Thus, every n
transmitted bits contain only & bits of information so that the rate of the code is ‘k/n’. As
a result of transmission errors, the # received bils can be any of the 27 possible #-bit vec-
tors. Since there are only 2k possible codewords that could have been transmitled 2F <
2M). (he decoder can decide what was the most likely codeword that was originally trans-
mitted and thereby identify the k information bits.

The ability of a decoder to identily properly the k information bits {rom a cor-
rupted set of # bits depends on the error-correction capability of the code.  Since the error-
correction capability is related 1o the minimum distance property of the code, maximum
codes such as the well-known Reed-Solomon (RS) code are particularly popular, RS
codes are a subclass of non-binary BCH (Bose-Chaudhuri-Hocquenghem) codes with
symbols defined from the Galois ficld GF(g); ¢ being any integer.  An RS code with an
error-correction capability of ¢ is characterized as follows:

* Codcword length: n =g - 1;
« Number of parity-check digits: n - k = 2(; and
* Minimum distance: dyi,, =20+ 1.

If we restrict the discussion 1o RS codes having code symbols taken from
GF(2My, M being the number of information bits per symbols to be encoded, it can be said
that RS codes are particularly convenieal for M-ary modulation. In the case of binary
modulation, they present an cfficient structure to correct the error bursts that are typical
over lime-variant fading channel such as the HF medium. In addition, RS codes offer the

advantage of generating long codewords that are well suited for applications where a high
level of time diversity is required.

Encoding

The encoding of a block code is based on a gencrator polynomial tailored to the
type and the error-correcting capability required. In the special case of an RS code, the
generator polynomial may be expressed as:

g(x) = (x+0) (x+ad)... (x+02); (3.13)
where o is a primitive clement in GF(2M),

Encoding is usually performed in a systematic form meaning the block of k

information bits can be found unaliered in the gencrated codeword. The different encoding
operations are summarized in the lollowing expression:
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s(x) = [ Fuomod g ] +x" "y (); (3.14)
where:

* u(x)is the polynomial representing the &k information symbols to be
encoded;

+ s{x) is the polynomial representing the codeword to be transmitied; and
* ‘mod’ denotes the modulo operation over GF(2M )2
It can be seen from (3.14) that the information symbols of M bits will be located

in the first k positions of the codeword while the ‘u-k" remaining positions will be occu-
picd by parity-check symbols.

Decoding

An important reason Tor the popularity of RS codes is the existence of efficient
hard-decision decoding algorithms making possible and practical the implementation of
relatively long codes. Among those, the Massey-Berlekamp algorithm is one of the most
efficient [Lin83]. This algorithm provides the mean to determine the location and the
value of the errors corrupting the received codewords. It may be summarized as follows:

» Calculate the syndrome values §;,i =1, 2, ..., 20,

* Determine the error-locator polynomial A(x) from the syndrome values;
» Determine the roots of A(x) and thus the error location indexes;

= Given the error location indexes, caleulate the error values; and

* Correct the indicated errors.

The ‘20’ syndrome values are determined by evaluating the received codeword
r(x) at the roots of the generator polynomial defined in (3.13); i.e.,

Si=r(ah), i=1,..,2L (3.15)

The error-locator polynomial is determined by finding the minimum-degree
polynomial which satisfics the Newton's identity within the error correction capability of
the code, i.c.

S,+ A8, 4+ AP, 4 AS, = 0; (3.16)

where v is the number of errors present in the received codeword (v £1) and A, are the
coefficients of A(x)!. This can be done through the iterative process shown in Table 3.1.

1. A_,-U *+1 5 are the coefficients of AT D).
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The variables d; and §;, and the polynomial A(x) are updated at cach of the iteration step
as follows:

diy) = s'.+2+AI“+”s‘.H+,,,+A,‘£T”S‘.+2_,m;and (.17
if d; = 0 then
fiy1 =1 and (3.18)
A D) = Al(0); (3.19)
clse
liv = max (I, I, +i—p);and (3.20)
A ) = AP -l TP AP () (3.21)

where p is any row prior to the ith row such that d; # 0 and that the number in the last col-
umn of Table 3.1 is the largest.

TABLE 3.1, Iterative Process to Find the Error-Locator Pelynomial

i A d; I i-l;
-1 1 1 0 -1
0 1 s 0 0
1
2
u

If there are no more than ¢ crrors present in the received codeword, then the
polynomial obtained after 2¢ iterations is the correct error-locator polynomial. On the
other hand, a received codeword having maore than r errors would result in a polynomial of
degree greater than 2 and could not be decoded properly.

The inverses of the roots of the error-locator polynomial indicate the error loca-
tions B; and the error values may be determined by first defining z(x) as:

2(x) = 14 (S, + A x4 (S, + AP s + AP P+

+ (5, + A8, | +APS, L+ + AP (B22)
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Then the error values are given by:

z(B;l)
I1 (1+|3,-B,T’)

i=1

(3.23)

i#f

To complete the decoding process, it suffices to correct the errors identified,
This is done by adding the j valucs found in (3.23) to the respective symbols located at Bj
in the received codeword. The addition operations are performed in the Galois field of the
code.

3.6.2 Convolutional Codes

In convolutional coding, the information bit stream to be encoded is not divided
into blocks as for block coding but is rather processed continuously in a lincar shift regis-
ter of length m. m defines the constraint length of the code and indicates the number of
information bils over which cach code bit depends upon. Note that a particular informa-
tion bit remains in the shift register for ‘[m /&7 shilts and thereby influences the value of
‘nm/k’ consccutive code bits. Since n is the number of code bits produced for cach &
information bits applicd at the input of the shift register, the rate of a convolutional code is
defined as the ratio k/n.

As for block coding, a convolutional decoder trics to find the sequence of code
bits that most closely resembles the received sequence. The comparison is facilitated by
the fact that the contents of the shift register, and thereby its outputs, are highly repetitive,
Only a limited number of sequences are possible as long as # and k are small integers.
This is usually the case. Performance ol convolutional decoders is measured in terms of
the coding gain. The gain is defined as the difference in SNR required Lo achieve the same
probability of error whether the sequence is coded or nol.

Because of their simplicity of implementation and the relatively large coding
gain that can be achieved, convolutional codes have been used in many applications,
However, as opposed to block coding where long sequences of independent bits may be
constructed, convolutional coding relics on the inter-dependency of suceessive coded bilts.
Because bursts of errors arc likely to be encountered over time-varying fading channcl;
and, it is usval to implement interleaving techniques to make the code more efficient.
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Encoding

A convolutional encoder operates on the information data stream using a linear-
shift register. & bits at a time are fed to the input of an m-stage shift register. The informa-
tion bits contained in the shift-register at that instant are then combined o produce # code
bits. Combination of the shift register content is performed according (o a sct of generator
polynomials g(x} particular to the code used. The process is then repeated for each & bits
of the information stream.

A rate 1/2 encoder with a constraint length of 3 is shown in Figure 3.10. The n
generator polynomials g,(x) for such a code may be written as:

g,(x) = £+ 1;and (3.24)
g (x) = 4x+1. (3.25)
*
S
Input] Output

NG 2

FIGURE 3.10. Rate-1/2 Convolutionul Encoder With
a Constraint Length of 3

As an example for the above encoder, it may be verified that for a binary
scqucncc'. where operations on the m-stage shift register are performed over GF(2), the
following sequence of information bits:

(01100] (3.26)
will result in the sequence of code bits:

[0 11 10 10 11]. (3.27)

Decoding

Because the coding gain achicvable with a convolutional code depends on the
decoding technique used, significant cffort have been spent by rescarchers over the years

1. Although unusual, the scquence at the encoder input is not required to be binary. In that case, the opera-
tions on the m-stage shift register are performed over the Galois ficld defining the sequence symbols,
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in designing efficient decoding techniques. Among them, sequential decoding and maxi-
mum-likelihood decoding are the two that are the most widely implemented. As oppose (o
sequential decoding which is mainly used for large constraint length codes, the maximum-
likelihood decoding technique, referred to as the Viterbi decoding, is predominantly used
for short constraint lengths (m <10).  Viterbi decoding has gained wide acceptance
mainly because of its relatively simple decoder structure and of the high coding gain it
achicves. Part of this gain is due to the fact that the Viterbi decoder can easily accommo-
date soft-decision decoding, thereby gaining 2 dB over AWGN channels and even more
over time-varying fading channels [Proak89].

The convolutional encoder algorithm may be developed as a trellis where cach
node of the trellis identifies one of the possible states of the lincar-shift register. The trellis
for the encoder of Figure 3.10 is shown in Figure 3.11. Viterbi decoding is performed by
determining the path through the trellis resulting in the smallest distance or metric with the
received bit stream.

The Viterbi algorithm may be summarized as follows [Lin83]:

44

Step 1:Beginning at time unit j = m, compuie the partial metric of the path
cntering cach state. Store the path and ils corresponding metric for
cach stale,

Step 2:Increase j by 1. Compute the partial metric of all the paths entering
a state by adding the branch metric entering that stale to the metric
of the connecting survivor previously kept at j-1. For each state,
store the path having the largest metrie (i.c. the survivor), together
with its metric, and climinate all other paths.

Step 3:If j < Ty + m), repeat step 2. Otherwise, stnp'.

As an example, the survivor path; i.c. the path that has the smallest metric, is
shown in the trellis of Figure 3.11. The path results from the following received sequence
of ‘T, - n’ code bils, where the bit in error is underlined:

(0011 11 10 11]. (3.28)

The decoded output sequence is the sequence of information bits:

1. Ty identifies the sequence length.
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{01100] (3.29)

which is identical to the sequence in (3.26).

STATE 00 (H) ) 00 00
00« > - -
i1
0l
10
Il

- ¥
01 01 01

FIGURE 3.11. Trellis for s Constraint Length-3 Convolutional Code

3.6.3 Interleaving

A good method for improving the performance of any code in channel where
errors tend Lo occur in bursts, is to permute the ordering of the encoder output sequence
prior to transmission, and to perform the inverse process prior decoding, This determinis-
tic process, referred o as interleaving, results in a more uniform distribution of errors at
the decoder input. Two types of interleaver are commonly used: block and convolutional
interleavers.

Example of a block interleaver is shown in Figure 3.12. In this type of inter-
leaver, I generated codewords are stored in an */ x n’ array where cach row is a codeword
to be transmitled. Once the array is filled up, transmission is done column by column; i.e,
{ caded hits are transmitted at a time. Once all the columns of the array have been trans-
milted the process starts over. Al the receiver, the inverse process lakes place to recon-
struct the codeword before performing the decoding. As it can be scen [rom Figure 3.12,
if the time between cach burst is longer than ‘Ie X T, and that the burst durations are
smaller than / then no more than one error will be present in any one of the received code-
words. When used with convolutional coding, the number of columns is usually set equal
to the constraint length m.  Although simple to implement, block interleaving requires
large amount of memory at both the transmitier and receiver. Another potential problem is
the systematic delay introduced by filling in the array. The overail memory requirement
and the interleaving delay may both be computed as *2ixn’.
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Read out bits to modulator
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n-k ap k
parity bits D data bits

FIGURE 3.12. Block Interleaver

On the other hand, convolutional interleaving offers an allernative by reducing
in half both the amount of memaory required and the interleaving delay.  [ts operation is
analogous (o a time multiplexer as shown in Figure 3.13. In short, it consists in loading
coded bits sequentially into a bank of lincar-shift registers of increasing lenpth, With cach
new coded bit, the switch changes 0 a new register and a new coded bit is shifted in while
the oldest bits of the same register is shifted out. The input and output switches operale
synchronously.

L=_h)
Ire rm I
Eni“c))lfljlcr Mndl“:llnr
[ 1
| I |

FIGURE 3.13, Convolulional Interleaver

3.7 Conclusion

In this chapter, direct sequence spread spectrum is introduced as an adequate
technique for mitigating the detrimental effects of multipath fading and as a means of
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exploiting the inherent multipath diversity of the HF channcl. The RAKE receiver which
is considered the optimum receiver implementation in such a case is described.  Finally,
the use of error control coding and interleaving techniques as a way of implementing time
diversity is addressed.

Improvement in performance of such mitigation techniques must be assessed
over a varicty of channel conditions. 1t is however uecessary that the evaluation tests take
place under a controlled environment in order to draw meaningful conclusions. Computer
simulation is one possible approach and is addressed in the next chapter.
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Chapter 4
Description of Simulated System

4.1 Introduction

In Chapter 3, potential techniques for mitigating the detrimental eftects of wide-
band HF channel were identified.  Performance improvements that can be achieved with
these techniques are usvally measured in terms of the bit error probability Py, lor a given
SNR. The fastest method of obtaining performance information would be to derive an
analytical rclationship between SNR and Py, in terms of the channel parameters. However,
as mentioned in Chapter 2, deriving such an expression is difficult due to the lack of defin-
itive characlerizations for the widehand HF channe! parameters. 11 is therefore necessary
to resort on the use of Monre-Carlo simulations with channel modeling as described in
Chapter 2.

This chapler provides a description of the bascband communication sysiem
model used to measure BER performance. Description of the transmitter, the channel
implementation, and the recciver are presented suceessively in Section 4.2, and assump-
tions made are pointed oul.

4.2 System Description

The generalized one-way baschand communications system model used for the
simulation is illustrated in Figure 4.1,

Data Channgl Inter- :
Source : Coding leaving Maodulator —‘——l
i Transmitter
e, | Channel
Data : FEC Cie- E
Sink i | Decoder interlcaver Demodulator “'—E
i Receiver '

----------------------------------------------------------------------

FIGURE 4.1. One-Wauy Communications System Madel

It consists of a source producing the information to convey over the channel, a
transmitter, the channel through which the information travels, a receiver o extract the
wanted information [rom the corrupted received signal, and a data sink representing the
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ultimate destination to reach. The first four blocks are described in more details in the fol-
lowing sub-sections, Description of the data sink is omitted hecause it may be any type of
end-user ecquipment.  For the purpose of the simulation carried out in this work, it is
replaced hy a bit comparator to determine the number of errors made over the link during
a given transmission period.

4.2.1 Information Source

The information source consists of a pseudo-noise (PN) sequence of equally
probabie and independent binury data bits produced at a rate of 2400 bps. The sequence is
an m-sequence of length 18 and is generated by the linear-feedback shift register depicted
in Figure 4.2. The shift register primitive polynomial is [Lin83]:

g(x) = x"+xT4 1. 4.1)

—bé:

> - hi k]
1 2 3 4 5 6 7 8 ¢ 1011 12 13 14 15 16 17 18

FIGURE 4.2. Lincar Feedbuck Shift Register of Length 18
for Generating PN Sequences

4.2.2 Transmitter

The information bits received from the source generator are processed by the
transmitter into a form adequate Tor transmission. The transmitier used for carrying out
the simulation is illustrated in Figure 4.3. Tt consists of a channel encoder unit, a modula-
tor unit, and a filtering unit.

Channel Encoder Unit

As mentioned in Chapter 3, the roles of the channel encoder are first o inscrt
redundant information into the bit stream for the purpose of detecting and correcting trans-
mission crrors at the receiver, and secondly, W introduce time diversity. For the purpose of
this thesis, both convolutional and Reed-Solomon codes are implemented.
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FIGURE 4.3, Baseband Transsitter Dingram

Reed-Solomon Coding

A Reed-Solomon code is constructed over GF(2%) with the following primitive
polynomial [Lin83]:
glx) = " 4x+1. (4.2)

More specifically, a (63, 31) 16-crror RS code and a (63, 41) 11-crror RS code are imple-
mented; thereby setting the coding rate o approximately 1/2 and 2/3 respectively, Encod-
ing is performed in a systematic form according (o (3.14).

Convolutional Coding

The common convolutional code of rate 1/2 and constraint length 7 is used.
The generator polynomials are those suggested in [Lin83] when Viterbi decoding is imple-
mented. The encoder is illustrated in Figure 4.4

G—) C][lil

P kj—

&

FIGURE 4.4, Convolutional Encoder

@ calkl
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The generator polynomials for the encoder shown in the above figure may be
wrillen as:

g (x) = S+ +xt+1and (4.3)
g,(x) = Lrl e+l {4.4)
Interleaving

To alleviate the relatively small error-burst correcting capability of convolu-
tional codes, lurther simufations are performed with interleaving. The convolutional inter-
leaver depicted in Figure 3,13 is implemented. The number of registers is set to 8; i.e. the
first multiple of # (1 = 2) greater than the constraint length m (m = 7); while the interleav-
ing degree { is adjusted to set the delay to approximately 2 scc; i.c. 4800 bits. These num-
bers are chosen as a reasonable compromise between the memory requirement and the
simulated fading periods (between 20 msec and 5 sec).

Modulator Unit

The modulator unit assigns a particular phase pattern to cach possible sequence
of input bits. In the case of a DSSS non-coherent communication system, it consists of a
differential encoder, a bandwidth spreading device, and a phase modulator.

Differential Encoder

The differential encoder output is complemented every time a 1™ is fed at its
input, otherwise the amplitude remains unchanged when it is a #0”. The state diagram at
the output of the encoder is illustrated in Figure 4.5.

blk1=1
7

blk] =0 blk] =0

bkl =1
FIGURE 4.5, Differential Encoder State Diagram

The encoding operation is implemented mathematically according to the fol-
lowing relation with the initial bit *H[-1]" sets to *1™;

d|k] = bkl ©dk-1]; (4.5)
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where:
* b[k] is the kth bit generated by the information source; and
* ([ k] is the kth bit at the output of the encoder.

Bandwidth Spreader

For convenience purposes, the spreading sequence is applied o the information
bit sequence before modulation.  The operation consists of summing the differential
encoder output bit with the binary digit produced by the PN generator using a modulo-2
adder. The number ol chips produced over one bit interval sets the processing gain,

The PN sequence spreading the signal is the same one used for the information

source. Decorrclation of the two sequences is ensured by delaying one from the other by
approximately [27'/2 shifts [Jeru92]; m being set to 18,

hase Modulator

Binary phase modulation consists of mapping an incoming chip o a phase
0[k] € {0,x}. The resulting baschand waveform may be expressed as:

V(1) = SATKu(t=kT,). (4.6)
k

(A[k]) is the complex valued scquence resulting from the mapping operation. A[k] takes
the value *17; i.e. a phase of 0 rad, il the Ath incoming chip has the value * 1" while Alk]
takes the value *-17; i.e. a phase of & rad, if the &th incoming chip has the value “0™, The
waveform u(f) determines the shape of the transmitted signal spectrum, IUis discussed in
more details herealter,

Filtering Unit

The filtering unit serves four purposes: sampling, pulse shaping, band-limiting,
and adjusting the signal power of the signal o be transmitted.

Sampling and Pulse Shapine

The modulated signal must be sampled at a sufficient rate to obtain an adequate
representation of its characteristics. As per Nyquist, a rate that is twice the chip rate is suf-
ficient. However, because the sampling rate also affects the representation of the channel
characteristics, it is often required that over-sampling of the signal be performed, A sam-
pling ratc between 4 and 16 times the chip rate is usually adequate [Jeru92|. Because the
time required for carrying out the simulations increases as the sampling rate gets larger, a
value of four is adopted; thereby setting the sampling rate 1o 4 R.

61



The sampler is followed by pulse shaping of the modulated chip waveform v(#).
Only one sample out of the four produced for cach chip is kept to its current value, the
other three are set to zero, Since cach chip at the input of the filter appears by this opera-
tion similar to an impulse, the waveform resulting from the convolulion in the lime-
domain between the modulated signal and the filter impulse response becomes almost
independent of the signal itself. The signal to be transmitted may then be adequately
shaped by choosing the appropriate band-limiting filter to minimize ISI. The cnergy lost
by setting the three samples to zero is made for by adjusting the output amplitude of the
modulated signal accordingly.

Band-Limiting Filier

In order to minimize inter-symbol interferences over a band-limited channel,
the overall ransmitter/receiver frequency response Hc(ei"’) should comply to the Nyquist
criterion {Proak89). Raised-cosine filters present such fregueincy response characieristics
and are therefore adopled in the present implermentation.

Because H(¢/®) is in fact the composite frequency response of both transmitter
and receiver filters, it may be expressed as:

H (¢ = Hy (Y He, (&%) %))
Optimal partitioning of H(¢/®) between the transmit and the receive filters was shown to
be [Jeru92]:
; w1172 j
Hy () = |H, ()] 5™ and 4.8)

i /2 o
Hy (¢) = fom

H, ()| (4.9)

Thus, the frequency response of both the transmitter and the receiver filters must display
the same characleristics,

The normalized impulse response, A(r), and squared magnitude ‘H (cjm)|2, of
the band-limiting filter implemented are shown in Figure 4.6. The filter is a square-root
raised-cosine FIR filter with 13 coefficients. Tis coefficients are defined by the following
equation using a sampling rate of four times the chip rate R,

(4.10)

:[[sin{n(l—ﬁ)f/Tl,] 3B °°S[“(]+B)r/Tb]];and

hin = =
- (4pr/TYY To 1= (4B/T))?
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1 U <f
o n(f-F
H(Y) = cns(i(ﬁ—_}l)) fi<<fy: (@.11)
0 A 2f,

where the roll-off facior or excess bandwidth B is set to 0.2.
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FIGURE 4.6, Bund-Limiting Filter: (a) Impulse Response,
{b) Squared Magnitude of the Frequency Respanse

The 3-dB filter bandwidth is set 10 a multiple of [2400 % (1 + B} | Hz accord-
ing to the processing gain used; i.c:

W, = PGx (1+p) x2400. (4.12)

4.2.3 Channel Implementation

The Ionospheric Parameter model for wideband channel presented in Chapler 2
has been implemented in software as shown in Figure 4.7. The following assumptions
have been made to reduce the simulation complexity:

« The channel is lincar;

63



» The relative strength of cach mode remains constant for the duration of
the whole transmission; and

» The channel displays slow fading with regard to the bit rate Ry,

For the block diagram showed in Figure 4.7, the different variables are defined
as follows:

* s[k] is the kth transmitted sample;
* 7, i the median delay of the nth path;

* c,lk] is the kth sample of the time-varying tap gain defined by the fre-
quency dispersion of the nth path;

* x| k] is the Ath noise sample; and

* r[k] is the kth received sample.

slkl— Ty - e T, [ e — Ty
Yy ) 4 Y

Dispersion Dispersion) Dispersion)

Filter “1™ Filter *“n™ Filter “N"

cy[4]

x[k]

FIGURE 4.7. Wideband Channel Model Used in Simulation
Delay Dispersion

Multipath dispersion is modeled as a wap-delay line where the median delay of
cach path is determined using (2.33), and (2.34) of the deterministic model described in
Chapter 2. On the other hand, the delay dispersion described by the stochastic model is
implemented as an FIR filter. The number of coefficients characterizing the filter is a
function of the dispersion in cach mode (or branch) of the model. The coefficients are
determined by (2.37) at the sampling rate defined for the transmitter. The magnitude of all
the complex coetficients is adjusied to obtain an overall average power level of one; i.c.
E(©%) =1. The output of the different dispersion filters is determined by performing a

64



convolution in the time-domain between the delayed transmitted samples and the disper-
sion filter cocfficicnts.

Frequency Dispersion

Each complex coelficient ¢,|&] is assumed o be Rayleigh distributed in ampli-
tude and uniformly distributed in phase over the interval [0, 27¢]. Thus, the probability
density functions (pdf) for the amplitude f(+) and for the phase fg(9) may be expressed
respectively as:

fr(r) = L,,c":/z":,()s:-oo;and {4.13)
52
1
fo(B) = ﬁ; 0<0<2nm. (4.14)

The average power level of cach coellicient has a value of one. The coefficients
arc generated as shown in Figare 4.8,

Guaussian | Low-Pass
Generator ' Filter
¢y (k1
Gaussian | Low-Pass S| o9p@
Generaor o Filter 1 Shilt

FIGURE 4.8, Generution of Tup-Gain Cocfticients

The complex coetficient gencration process consists of filtering samples from
two independent zero-mean Gaussian generators of variance equal to one, Each low-pass
filter has a 3-dB bandwidth equal to one half of the double-sided Doppler spread By of the

corresponding path. The in-phase and quadrature outputs are then added Lo form the com-
plex coefficient ¢, l4].

The low-pass filters are 2-pole Butterworth IR filters whose squared magnitude
of their [requency response |Hy, (f ) )|2 may be writllen as:

l
—
1+(f

BD

|Hy (N = (4.15)

Derivation of the recursive equations required for implementing the 1R filters is summa-
rized in Appendix C.
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The coefficients ¢, | k] are characterized in Figures 4.9, 4.10, and 4.11 for a Dop-
pler spread of 1 Hz. Figure 4.9 represents the squared magnitude of the frequency
response  |H,, ()] while Figures 4.10 and 4.11 show the pdf’s fr(r) and fg(8) of the
coefficient ¢, lk]. 2,500,00 samples were used o derive the simulation curves. Note that
the spectra in cach branch of the fading generator are identical,
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Noise Generation

As discussed in Chapler 2, the HF channel is subject to severe noise conditions
and strong interference levels, Several papers have already demonstrated the advantages
of using spread spectrum technigues 1o mitigate the adverse effects of interference and
bursty noise on system performance [Ziem&85), [Proak89).  For this reason, only zero-
mean complex white Gaussian noise have been included in the channel model.

Noisc is gencrated via the use of the central limit theorem according to the com-
mon expression:

< N
x(kl = 3 Uln) -3 (4.16)

n=1

The constant N is set o 12 in (4.16). This number represents a reasonable
trade-off between processing speed and calculation accuracy Jeru92]. Uln] is a sequence
of independent numbers uniformly distributed over [0, 23! [. The generator has a power
spectral density of N, Its level is normalized to one by multiplying the output of the noise
generator by the squarc-root of hall the sampling rate; i.c, f/{/‘i . The Cumulative Distri-
bution Function (CDF) Fx{x) and the pdf fy(x) of the Gaussian noise are shown in Figure
4.12. 2,500,000 samples were used o generate cach curve.  The same results were
obtained for both the imaginary »nd real components of the noise source.
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4.2.4 Receiver Description

The block diagram of the RAKE receiver is shown in Figure 4.13. Basically, it
consists of a low-pass filter identical to the band-limiting filter used at the transmitter, a
tap-delay line with tap separation ol Gne or more samples, an equal-gain combiner, and a
decision device. Each tap is composed of a (4:1) decimator followed by a correlator, a
local PN generator, an 1&D device, and a DPSK den;odulator. The deinterleaver and the
decoder are treated as separate entitics and are discussed in the next sub-scctions.

Tap-Delay Line

Construction of the tap-delay line is based on the assumption that both the
median delay and the average power of cach path are perfectly known, so that each tap of
the receiver is perfectly synchronized. The maximum number of taps is limited to 50 or to
the number of taps necessary to cover the overall multipath dispersion of the simulated
channel; whichever is the smaller. A limit of 50 was chosen based on the memory avail-
able and processing power of the simulation platform.

In cases where dispersion extends over 50 x T, where T is the sampling

period, the taps belonging to the paths displaying the highest average power level are kept,
All other paths are discarded and their energy is considered lost.

68



Low-Pass L ..
I-> Filter ree T Ty bt TR,

r[%)

Y, eylil
PN
Sequence
Decision
Device
FIGURE 4.12. gake Receiver
Tap Description

The sample stream entering cach tap is decimated by a ratio (4:1). The output
values are taken as the values of the received chips. Since synchronization with the trans-
mitter is assumed perfect, the non-zero sumples at the ransmitter are always chosen as
output samples during decimation.

Correlation with the locally gencrated PN sequence is performed by multiply-
ing the received chips with the complex conjugate of the modulated sequence. Correla-
tion is followed by a discrete 1&D operation conducted over one hit interval 7j,. DPSK
demodulation is then performed with the resulfting bit sequence,  The outpuls of the
demodulators are finally combined. It can be seen that for DPSK modulation, the weight
of each tap depends on the complex amplitude of the previous bit.
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Diecision Device

The decision device may cither produce hard or soft-decision information. In
the case of hard-decision, the received bits are estimated exclusively on the sign of the real
component of the combiner output. Thus, if the real part of b[k] is greater or cqual to
zero, then a “07 is decided; else, if the real part of b (k)] is less than zcro, then a 1™ is
decided. On the other hand, when soft-decision is used, the real part of b [4] 1is kept for
decoding. The quantization level is set 10 64 bits: the maximum accuracy of the computer
used. It may therefore be regarded as infinite. In this work, hard-decision is implemented
for RS coding while soft-decision is used for convolutional coding.

Deinterleaving

As mentioned carlier, interleaving is used with convolutional coding only, The
deinterleaver simulated has the same structure as the one described in Figure 3.13. The
size of the registers is sct to 8, while the interleaving delay is set to 2 sec; i.e 4800 code
bils.

Decoding

Decoding of the RS codes is performed with the Massey-Berlekamp algorithm
described in Chapter 3. In the case where the degree of the error location polynomial A(x)
exceeds the error correcting capability ¢ of the code, no attempt to decode the received
cadeword is made. In this case, because systematic enceding is performed at the transmit-
ter, the first & symbols of the undecodable codeword are taken as the best symbol estimate.

In the case of convolutional coding, the decoder is based on the Viterbi algo-
rithm where a decoding depth of 16 times the constraint length is used.  Although a
smaller decoding depth is often sufficient for memoryless channels, the large delay disper-
sion in the simulated channel prevent us from obtaining adequate performance while a
larger value did not provide signilicant increase in performance.

4.3 Conclusion

In this chapter, the communication model system used for simulation is
described. Essentially, it may be regarded as a DSSS modem transmitting at a rate of 2400
bps over a wideband HF channel. The whole communication link is implemented at base-
band under the assumption that the transmitter and the receiver are perfectly synchronized.
The channel is based on the IPM model with AWGN only. Additional assumptions made
on the channel to case the simulation work are pointed out to set the basis for the result
analysis presenied in the next chapter.
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Chapter 35
Simulation Results

5.1 Introduction

The communication model described in Chapter 4 is used to evalvate the per-
formance of difTerent RAKE receiver implementations over three simulated wideband HF
channels. The main criterion of perlormance is the bit error probability Py, as a function of
Ey/N,.

The main characteristics and assumptions regarding the simulated transmitter/
receiver implementations are summarized in Section 5.2, Section 5.3 brings attention on
the particularitics of the channe! being simulated.  lonogram and scattering functions pro-
vide a good representation of the wideband HF channel conditions and are included with
cach channel simulated. Finally, the simulation results of Py, vs Ej/N,, are analyzed in Sec-
tion 5.4.

5.2 Transmitter/Receiver Characteristics

The main characteristics of the transmitter/receiver model deseribed in Chapter

4 are summarized herealter. 1t must be noted that this mode! is developed at baseband and
that perfect synchronization between the transmitter and the receiver is assumed at all
time.

* Information data rate: 2400 bps

« Spreading technique: Direet Sequence Spread Spectrum

* Processing gain PG: 1, 25,33, 50

* Modulation: DPSK

* RAKE receiver:

- No. of taps: 1 to 50

- Minimum tap-spacing: | sampling period 7
- Tap-combiner: Equal-Gain Combining

1. The processing gain is indicated s the number of chips aver one bit period 75,
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* TX/Rx band-limiting lilters:

- Type: 13-cocflicient square-root raised-cosine FIR filter
- Roll-off factor B: 0.2
- Bandwidth: PG x 2400 % (1 +B)

* Interleaving/deinterleaving:

- Type: Convolutional
- Number of registers: 8
- Interleaving delay: 2 see or 4800 bits

* Coding/decoding:

- RS code:
- 16-¢rror {(63,31) and 1-crror (63,41)
- Decoding: Massey-Berlekamp algorithm with
hard-decision information

- Convolutional code:
- R1712C7
- Decoding:
- Viterbi algorithm with soft-decision information
- Decoding depth: 112 bits (16 xm)
- Quantization levels: 64 bits

5.3 Channel Characterization

The simulations have been conducted over three different wideband HF chan-
nels seiected for their type of dispersion and fading conditions. The first two simulated
channels arc representative of ionospheric conditions often encountered at equatorial and
polar latitudes. The third channel models a communication link established at auroral lal-
itudes where a high level of ionospheric activity is Lypically obscrved.

The parameters uscd for characterizing cach HF channel are listed in Table 5.1
These channels were first modeled by Vogler in [ Vogl90] and are used “as is™ in the simu-
lation except for the lime dispersion parameters (7, and T;). Because Gme dispersion is a
function of frequency, it must be adjusted 1o the signal bandwidth W, Assuming a direct
proportionality with W, the values ol T, and T given in | Vogl90] are weighted by a fuctor:

W(MHz)
~TMH G-

where 1 MHz is the channel bandwidth used in [Vogl90], 1o obtain the values shown in
Table 5.1,
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TABLL S.1. Simulated Channel Parameters

D f c o] .f;n ’ 1 TII TT B D v VL
(km) [MHz)| tkm) [MHz)| Gm)] * | (us)| (us)| (Ho)| Hz)| (Hz)]
) 880 | 220 4 0 0 |

112158 1 7.2 56.7 472

0.34 | 250 135 14 0 0

572 19221 306.8

0.84 | 400 100 32
044 | 945 135 44
1 100 40 03 0.2 0.1
0.5 100 50 04 0.2 0
0.5 60 25 02 | -02] -03
0.3 100 80 04 0 -0.1

2| 1913 | 125
5.72 19.22] 3645

4.25 8.43 374

312300 | 125
4.25 843 374

The channel conditions are best represented by ionograms and scattering func-
tions. While ionograms help in visualizing the delay dispersion frequency relationship,
scattering functions display the short-term statistical characteristics of the channel, that is,
the relative amplitude as a function of the Doppler shifts and the delay dispersion. The
output of the deterministic model described in Chapter 2 is used to derive the ionogram of
each channel selected Tor a bandwidth of 125 kHz. The scattering functions are produced
by applying an impulse 1o the stochastic model. For the scattering lunctions plotied in this
section, the model is based on the parameters provided for a 1 MHz channel bandwidth.

Equatorial Link

The first set of parameters in Table 5.1 were delermined from measurements
taken in July from a 2158-km cast-west path in the Pacific Ocean. The parameters are rep-
resentative of an F-layer rewurn for a late night hour equatorial link. The delay dispersion
T, and the double-sided Doppler spread By are 880 pscc and 4 Hz respectively. The ion-
ogram and the scattering function obtained by modeling this channel are shown in Figures
5.1,and 5.2

Polar Link

The second set of parameters in Table 5.1 were determined from a 1913 km
north-south path in the polar region over Greenland. The measurements taken in March
indicates three skywave returns: one from the E-layer and one from the low and high rays
of the F-layer. Considerably more movements in the layers were present, resulting in large
Doppler spreads in each skywave return: By = 14 Hz, 32 He, and 44 Hz respectively, Fur-
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thermore, the carrier frequency is close enough to the MUF of cach mode to cause a lage
delay dispersion, T,; = 250 psec, 400 psee and 945 psec, and a partial overlap between the
low and high ray returns of the F layer. The ionogram and the scattering function for this
channel are shown in Figures 5.3, and 5.4 respectively.

v (MH )Y

Mg (dB)

Delay  (nsec)

FIGURE 5.1. lonogram of a 2158-km Fquatorial Link
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FIGURE 5.2. Scattering Function of a 2158-km Equatorial Link
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Auroral Link
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FIGURE 5.3. Ionogram of a 1913-km Polar Link
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Anp  {dB)

Doppler Frequency (Hz)

FIGURE 5.4. Scattering Function of a 1913-km "olar Link

The third sct of parameters in Table 5.1 pertains to an auroral link, It consists of
twao pairs of overlapping skywave returns. The complex ridge structure shown in Figure
5.6 is typical of such links since the ionosphere is much more dynamic at these latitudes.
The parameters were determined from a 2300 km path between Verona, NY, and Iqaluit,
NWT. The measurcments were taken near midday in April under quict magnetic condi-
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tions. The ionogram and the scatiering function are shown in Figures 5.5, and 5.6 respee-
tively.
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FIGURE 5.5, lonogram of a 236{km Auroral Link
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FIGURLE 5.6. Scattering Function of 8 2300-km Auroral Path

5.4 Performance Results and Analysis
The communication model described in Chapter 4 is used to estimate the bit

error probability Py, versus Ep/N,,. The simulations are conducted over a fixed period of
time cquivalent to the transmission of 250,000 data bits; i.c. approximately 100 seconds,

76




and are repeated for cach of the three channels. A minimum of 20} events (errors) must be
recorded over that period in order to consider the measured performance as being accept-
able,

Prior to the widehand channel simulation, the transmitler/receiver model has
been evaluated for the hasic AWGN and flat fading channels. Simulation results are com-
parcd with the expected theoretical data in Figure 5.7. Tt can be obscrved that in both
cases, the simulation and theoretical curves are closely fit except for a divergence of less
than 1 dB at their low end. 1t must be noted that similar performance has becn obtained
when DSSS was simulated,

AWGN {'fhen))
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-10 -5 0 5 10 15 0 25 30
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FIGURE 5.7, P, vs E;/Ne for DPSK Transmission over AWGN
und Fading Channels

The simulation results that follow in Scctions 5.4.1 to 5.5.1 are divided in three
groups. The first group provides the estimate obtained with the correlator receiver shown
in Figure 3.6. The sccond group covers the performance achicved with the Rake receiver
maodel shown in Figure 4.13. Finally, the last set of results describes the performance of
the RAKE receiver with error control coding and interlcaving.

5.4.1 Performance of the Correlator Receiver

The performance of a simple correlator receiver has been estimated with and
without spectrum spreading, Processing gains of 25 and 50 have been used, resulting in
bandwidths of 72 kHz and 144 kHz respectively. Performance obtained from the simula-
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tion of the three sclected channels are shown in Figures 5.8, 5.9, and 5.10. The theoretical
performance for a flat fading channel is included for comparison.

Equatorial Link

In the case of a single-path channel such as the simulated equatorial link, it can
be observed (sec Figure 5.8) that no gain is to be expected through the use ol direct
sequence spreading.  Indeed, performance will degrade as the spreading bandwidth is
increascd; i.e. as the processing gain is increased.

The channel does not introduce significant delay dispersion when the channel
bandwidth is small; i.c. when no spreading is performed. In this situation, the dispersion
filter may be regarded as an impulse, reducing the channel o flat-fading conditions. On
the other hand, when the signal is spread over wider handwidih, the transmitted energy is
disperscd. Dispersion results in amplitude reduction of the received signal components
and inter-symbol interference (1SI) effects. Although the effects introduced by ST may be
partially neglected duc o the use of spreading, the dispersed encrgy cannot be completely
recovered by the correlator receiver. Finally, it must be emphasized that the level of dis-
persion increases with the signal bandwidth. Thus, the performance will degrade as more
spreading is used. This is also observed in Figure 5.8.
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FIGURE 5.8. P, vs E}/N, for the xpuatorial Link
and the Correlator Recviver
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Polar Link

The performance obtained with the corrclator receiver under the simulated
polar link is shown in Figure 5.9. In this case where three independent skywave returns
are present, the benefit of spreading as a means 1o combat multipath fading can be appreci-
ated. Although performance improves when spreading is used, it may be observed that the
use of spreading alone is not sulficient 1o eliminate the irreducible error rate common to
multipath channels. Morcover, it may be noticed that once the level of spreading is suffi-
cient to discriminate between the different returns, further increase of the processing gain
daes not help to improve performance.  Indeed, performance degrades due to the increas-
ing delay dispersion.
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FIGURE 5.9, Py, vs Ei/N, for the Polar Link
and the Correlator Receiver

Auroral Link

The performance obtained with the simulation of the auroral link is shown in
Figure 5.10. In the case of no spreading, the differential delay between each return is less
than one bit period so that the received signal is nearly seen by the recciver as a single
return. Thus, most of the transmitted energy may be recovered at the receiver; explaining
why the performance is close to the theoretical flat-fading channel performance. How-
ever, it may be noted that the curve slightly levels off as Ep/N,, increases due to the effect
of multipath.
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In the case of spreading, performance similar to that of the equatorial link simu-
lation may be observed; i.c. the effects of increasing the processing gain leads (o poorer
performance. Morcover, the effect of the multiple returns ae noticed by bit error rate lev-
elling due to the presence of irreducible errors.
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FIGURE 5.10. P, vs E;/N,, for the Auroral Link
and the Currelutor Receiver

5.5 RAKE Receiver Performance

From the results obtained with the correlator receiver, il may be concluded that
more powerful techniques are needed to mitigate the effects of the delay and frequency
dispersion. In this scction, the performance of the RAKE receiver presented in Figure
4.13 is estimated for the three selected channels. The effects of increasing the number of
taps of the RAKE recciver is {irst evaluated for different spreading handwidths corre-
sponding to processing gains of 1, 25, and 50. The resulling curves show the relationship
between the bit error probability Py, as a function of the number of taps for different levels
of Ey/N,. Then, the Py vs EyN, performance obtained for different RAKE receiver
implementations is analyzed.,

Equatorial Link

Figures 5.11 and 5.12 show the performance obtained for different SNR's as a
function of the number of taps in the RAKE receiver in the case of an equatorial link. In
Figure 5.11, a spreading bandwidth of 72 kHz, corresponding to a processing gain of 25, is
used to define the width of the delay dispersion. It may be observed that the delay disper-
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sion, which amounts to only three times the chip period T, is not sufficient to completely
decorrelate the signal components processed in the taps. This results in same performance
even when the number of taps is increased.

In Figure 5.12, it may be seen that tap signal decorrclation is achieved to some
extent when the delay dispersion introduced by the channel has doubled in terms of the
chip duration. This is done by raising the processing gain to 50; thereby doubling the
channel bandwidth used. Decorrelation may be assumed by the noticeable performance
change obtained when the number of taps is increased from 1 to about 50. Thereafler, per-
formance levels off. This may be explained by the fact that the signal energy being dis-
persed in the additional taps become small compared to the noise Ievel. The effect of
those taps is therefore equivalent to reducing the E/N, ratio by introducing additional
noise components.

Bascd on the result obtained in Figure 5.11 where the performance resulting
from a processing gain of 25 was shown to be independent of the number of taps, it was
decided not to investigate further the bit error probability vs Ep/N,, performance of the
equatorial link with a processing gain of 25. The results are shown in Figure 5.13, where
the performance obtained from a 1-tap, 10-tap, ard 25-tap RAKE receiver with a process-
ing gain of 50 arc compared. As expected, better performance is achicved as the number
of laps is increased.
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FIGURE 5.11. P}, vs No. of Taps for the Equatorial Link and
Processing Guin of 25
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Polar Link

Figures 5.14 1o 5.18 show the RAKE receiver performance obtained for the
polar link. While Figures 5.14, 5.15, and 5.16 show performance as a function of the
number of taps in the RAKE receiver, Figures 5.17 and 5.18 provide Pp, vs Ey/N, for a
sclected number of ps.

In Figurc 5.14, no spreading is performed and the number of taps in the RAKE
receiver is limited o three, the number of skywave returns. The absence of performance
improvement may be explained by the fact that the reccived signal is dominated by the
energy returned from the low-ray F layer (see o in Table 5.1). In Figure 5.15, the benefit
of a RAKE receiver against the effects of multiple independent rcturns may be appreci-
ated, Once again it may be noticed that the bit error rate reaches an irreducible floor after
about 10 taps.

It is interesting o note that the performance does not improve monotonically;
this can be observed in Figure 5.16 where a channel bandwidth corresponding Lo a pro-
cessing gain of 50 is used. To explain this performance behavior, it must be recalled that
the tap-delay line contains both independent and highly correlated signal componcents.
While the former originates from different skywave returns, the latier originates from the
same return. If the number of taps is sufficiently small so that only the components origi-
nating from the same return are processed, then performance becomes independent from
the number of taps: this phenomenon is identical to the one observed for the equatorial
path whose performance was shown in Figure 5.11, In the present case, however, perfor-
mance starts to improve as the number of taps increases (i.c., beyond 10 in Figure 5.16).
The RAKE receivers can then process the uncorrelated signal components originating
from both the low and high rays of the F-layer. A sccond platcau results when the receiver
trics to process a number of signal components all originating from the high ray. By fur-
ther increasing the number of taps, performance starts lo improve again.  Although not
shown in Figure 5.16, it is expected that a third platcau will occur when adjaccnll compo-
nents (rom the first return are processed.

The advantage of using a large number of taps in a RAKE recciver is to reduce
the irreducible bit error rate as shown in Figures 5.17 and 5.18. Tt may also be obscrved,
particularly in Figure 5.17, that a relatively small number of taps may lead to significant
performance impravement as long as the delay dispersion in the different returns is not too
large.

1. Adjacent components are those that are separated by only one sample period T,
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Auroral Link

The performance results obtained by simulating the auroral link are shown in
Figurcs 5.19 to 5.22, Improvement achieved by increasing the number of taps in the
RAKE receiver is shown in Figures 5.19 and 5.20 whereas detailed comparison of the
RAKE receiver performance at different processing gain settings follow in Figures 5.21
and 5.22.

As mentioned earlicr, the simulated auroral link without spreading consists of
four nearly overlapping returns spread aver less than on bit interval 7. Thus, the RAKE
receiver is limited to a one-tap implementation and performance similar o those of the
correlator receiver are obtained (compare Figures 5.14), 5.19, and 5.20). If the bandwidth
is increased by a factor of 25 or 50, the returns may then be discriminated into a pair of
two nearly overlapping returns. Figures 5.19 and 5.20 show the advantage provided by a
multi-tap RAKE receiver. Because of the small delay dispersion of cach return, signifi-
cant improvement is achicved cven for a small number of taps (4 or more in Figure 5.20)
implementation.

Figures 5.21 and 5.22 show the performance in terms of Py vs Ep/N,, for pro-
cessing gains of 25 and 50 respectively. Once again it may be observed that increasing the
processing gain does not necessarily ensure better performance. In fact, as for the correla-
tor receiver, when the minimum bandwidth required to discriminate between distinguish-
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able returns is reached, no further gain is obtained by increasing the processing gain,
indeed, performance degrades.

lﬂ" o
o — OOdB
10’ - ) o lOodB
: i —0 © lo20dB
10 430dDB
g 10’ <
10"
10*
" l
10 | ) )
no, of tap (s)

FIGURE 5.19. Py, vs No. of Taps for the Auroral Link
and Processing Gain of 25

107 ¢~
o0 dB
100
0 204dB
oy

no. af tap (s)

FIGURE 5,20. P}, vs No, of Taps for the Auroral Link
and Processing Gain of 50

87



0 g~
5 alTop
s a2 Taps
o YTups
Yading (Theo.}
)
R
I T R R B S
0 5 10 15 20 28 30
Ey/N, (dB)
FIGURE 5.21. Py, vs I /N, Tor the Aurorst Link
and Processing Gain of 25
10° -
ollop
ol Tapn
104 ° _l'n_'l'zlps_
Viding (e
107
o
Ry
10° |
10"
R PP RO SR R EEPEENP |
0 5 1] 15 W 25 n

Ey/N, (dB)

FIGURE 5.22, P, vs E}/N,, for the Auroral Link
and PProcessing Gain of 50

88




5.5.1 Performances With Coding

Based on the previous results, bit error rate performance has been estimated for
the different RAKE receiver configurations along with error control coding and interleav-
ing. Simulations have been conducted over a fixed bandwidth equivalent to 50 time the bit
rate Ry, (PG = 50); i.c 144 kHz. The number of taps in the RAKE receiver was sclected
based on the results obtained in the previous section. More specifically, a number of taps
corresponding to a performance better than 10" was chosen so that a 10-tap recciver for
the equatorial link, a 25-tap receiver for the polar link, and a 5-tap receiver for the auroral
link were implemented. Error rate performance has been estimated for an 11-error (63,41)
RS code (coding rate = 0.49) and a [6-crror (63,31) RS code (coding rate = 0.65) with
hard-decision decoding. In addition, performance has also been obtained for a rate 172
constraint length 7 convolutional code (R1/2C7) with and without intericaving. In this
case, soft-decision decoding was implemented.

Equatorial Link

In the case of the equatorial link, it may be seen in Figure 5.23 that Reed-
Solomon codes with hard-decision decoding provide a betler performance than does con-
volutional code with soft-decision decoding. This is expected since RS coding is known
for ils robustness against error-burst channels. Better performance obtained from the RS
code having a higher error correcting capability (RS(63, 31)) may also be noticed. A 15-
dB gain achicved at P = 107 through the use of a R1/2C7 convolutional code with inter-
leaving compared to the 16-crror (63,31) RS code is remarkable, and is indicative of the
strong error-hurst characteristic of this channel.

Polar Link

Coding performance over the polar link is shown in Figure 5.24. As it can be
observed, the advantage of using a block code having a high error-correcting capability is
lost when the delay dispersion within the channel is large. This may be explained by the
fact that the energy in the coded symbols decreases as does the code rate. The figure
shows that at Ei/N,, of 18 dB or higher the convolutional code still provides poorer perfor-
mance than the RS codes. Once again the strong advantage of using interleaving is clear
and translates into a 5-dB gain improvement over the performance achicved by the RS
code at a bit error rate around 107,

Auroral Link

The performance achicved under the simulated auroral link conditions is shown
in Figure 5.25. RS coding still performs better than convolutional coding. However, it is
interesting to note that a higher Ep/N, is required for the auroral link before noticing any
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significant coding gain; more specilically about 30 dB is required, whereas an SNR in the
order of 20 dB and 10 dB were required for the equatorial link and the polar link respec-
tively. Again by interleaving, a coding gain of 20 dB is achicved at a BER = 10~ over the
11-error (63,41) RS code.
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FIGURLE 5.23, Coding Performance for the Equastorial Link
and a 10-Tap DIPSK RAKE Receiver
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FIGURE 5.24, Cading Performance for the I'olur Link
and a 25-Tup DI'SK RAKE Receiver
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FIGURE 5.25. Coding I'erfurmance for the Auroral Link
and a 5-Tup RAKE Receiver

5.6 Conclusion

In this chapter, the IPM model is used Lo characterize selected equatorial, polar,
and auroral links with the help of ionograms and scattering functions. The performance
obtained from the simulation of a wideband HF communication system operating over
these channels is then preseated. Although it would be necessary 1o vary a single channel
parameter at a time to perform a thorough evaluation of the system, the simulation results
presented in this chapter provide an interesting insight into the advantages of using of
direct sequence spread spectrum techniques over different types of wideband HF channel
conditions.
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Chapter 6

Conclusions and Suggestions for Further
Research

6.1 Thesis Summary

The revived interest in the use of the HF channel over the last few years has
increased the demand for more efficient and more powerful HF communication systems.
One possible approach to improve these systems is 10 use wideband signalling. In this the-
sis, performance oblained from a simulated wideband HF system has been studied. More
specifically, dircct scquence spread spectrum (DSSS) has been investigated over difTerent
wideband channcl conditions in order (o assess its impact on the system performance.

The difficulty of evaluating performance of communication systems over wide-
band HF channcls has been overcome by performing computer simulations ol a wideband
channel model referred to as the lonospheric Parameter Model,  Although this model
offers the possibility to simulate a wide variety of conditions, we restricted our work (o
three sets of channel parameters, cach representative ol ionospheric conditions observed at
equatorial, polar and auroral latitudes.

The analysis began by considering a simple DSSS correlator receiver. From the
results obtained, it is observed that increasing the processing gain, and thereby the signal
bandwidth, does not necessarily ensure better performance.  Because channel delay dis-
persion increases as Lhe channel bandwidth becomes wider, the receiver input signal
energy disperses as the processing gain is raised. The performance degradation caused by
increasing processing gain hecomes more acute when the channel consists of one single
path. In this case, better performance is obtained from the non-spread signal.  Morcover,
simulation of the correlator receiver showed that in the casc of a multipath channel, & pro-
cessing gain just sufficient to discriminate between the different skywave returns lead to
the best performance. This is particularly interesting in the case where a compromise
between transmission rate and processing gain is possible. One would choose to increase
the wansmission rate whenever a low processing gain is adequate to discriminate between
the dilferent returns.

The cffects of delay dispersion on the performance of the correlator receiver
demonstrated the necessily of implementing a receiver that tries o recover most of the
transmitted encrgy. ‘This conclusion led to the evaluation of a RAKE receiver. In these
simulations, it was assumed that the differential delay of cach return was known perfecily
and that the taps of the receiver were always synchronized Lo the returns presenting the
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lower attenuation level.  In general, results showed that performance with the RAKE
receiver was improved. In addition 10 this, results reveal a number of interesting observa-
tions. In the case of a single-path wideband channel, performance was shown to be inde-
pendent from the number of receiver taps bul for delay dispersion sufficiently large to
decorrelate the different received signal components. It was also noticed that performance
over a multipath channel with a multi-tap receiver does not display z monotonic behavior.
1t is characterized by a succession of “platcaux”, each of them attributed to the strong cor-
relation existing within cach path. Thus, it is important not to confine the Lap selection to
one criterion like their average power bul also to other parameters such as the corrclation
level of the different signal components processed by adjacent taps. This would ensure o
take [ull advantage of the channel multipath diversily without unduly increasing the
receiver complexity.

Finally, the thesis was concluded by evaluating different coding techniques.
Although Reed-Solomon coding provided the best coding gain for all type of channels, it
was observed that a code having a stronger error-correcting capability does not necessarily
provide better performance. This was particularly true for the cases where large delay dis-
persion or where disturbed jonospheric conditions were simulated. It was also shown that
the use of interleaving with coding far exceeds the performance of any of the codes with-
out interleaving. Thus, it was concluded that interleaving is a necessity over wideband HF
channel as long as the introduced interleaving delay may be tolerated.

6.2 Suggestions for Further Research

In this thesis we have limited the performance evaluation (o the case where per-
fect synchronization was assumed. The results must therefore be interpreted as upper
bounds. To obtain more realistic results it would be necessary that simulations be per-
formed with a block synchronizer. This is particularly important in the case of spread
spectrum since the problem of acquiring and maintaining synchronization to a (raction of
the chip period is extremely difficult even in the absence of multipath,

A number of further rescarches can also be conducted to extend the result pre-
sented in this thesis to a larger number of wideband channel conditions.  As stated in
[Vogl90], an exponential distribution for the correlator factor of the IPM model is more
representative of the real channel conditions. 1t would therefore be appropriate to evaluate
how this change affects the performance.  Also, it is important to recall that the channel
was limited to AWGN conditions cven though it is well recognized that the HF channel is
corruplted by all sorts of strong interference signals. Morcover, because wide bandwidth
receivers accept more interfering power, it would be interesting to quantify the perfor-
mance under a2 wideband noise model such as the one presented in Chapter 2.
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Finally, this thesis concentrated on evaluating the performance of @ communi-
cation system using DPSK modulation and transmitting at a rate of 2400 bits per second.
Further rescarch could certainly be undertaken for determining the performance obtained
with higher transmission rates and different modulation and coding schemes and for com-
paring bit-error-rate resuits with adaptive channet cqualization techniques.
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Appendix A
The Refractive Index of the Ionosphere

This annex provides a summary of the derivation of the refractive index for the
ionosphere. The derivation mainly follows the one presented by Budden [Buddé6l].

A.1 Maxwell’s Equations

When a radio wave enters the ionosphere, the electro-magnetic field that is cre-
ated may be expressed as:

Foa @9

0 (A-1)

where:

o = 2nf = angular wave-{requency.

f= wave frequency,

Ag = real constant, and

d, = phase constant.
If it is assumed that the dependence of the ficld upon the wave normal is
only through a factor exp(- jknr) where
o k=w/c=2n/A,
« ¢ =velocity of light in free space,
o A =wave lengthin free space, and
¢ n=relractive index;

then the wave is referred to as a progressive plane wave and it shows general features that
follow the Maxwell's equations:

VXE = —jou H (A-2a)
VxH = joD (A-2b)
V-D=0 (A-2c)
V-H=0 (A-2d)
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where E, H, D, and B are vectorial quantitics describing the electric intensity, the mag-
netic intensity, the electric displacement, and the magnetic induction respectively. The
electric displacement is defined as:

D=¢,E+P {A-3)
with
P=N,er (A-4)
where
« P is the clectric polarization,
e N, is the clectron density,
s ¢ is the clectron charge, and

 risthe average position that the electron would have occupied if there
was no ficld.

Following the assumption that the radio wave entering the ionosphere is a pro-
gressive plane wave for which d/dx = 9d/dy = 0 and d/(dz) = -jkn, it is possible to
rewrite (A-2) as:

ME,, = -0u H, (A-5a)
kE, = -wp H y (A-5b)
0= HZ (A-5¢)
any = 0D, (A-6a)
kil = 0D, (A-6b)
0= Dz' {A-6c)

in order to express the refractive index as a function of the electric displacement and the
clectric intensity. By isolating Hyin (A-5a) and substituting it in (A-6b), or isolating H,, in
(A-5b ) and moving it into (A-6a), | may be defined as:

, D, D,
L & (A7)
e(]Ex al'lEy

where
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e, — (A-8)
e

The solutions of the Maxwell's cquations for determining the refractive index
are however incomplete since they do not consider the specificitics of the dynamic pro-
cesses introduced by the carth’s magnetic ficld and the effects of the sun on the iono-
sphere. Tt is therefore required to introduce the “'so-called” constitutive equations of the
medium to obtain a more complete definition of the refractive index.

A.2 Constitutive Equations

Using the Newton's laws, the dynamic of an clectron in the ionosphere depends
upon the presence of the electric field, E, the earth’s magnetic induction, By, and the pres-
ence of collisions, v, between the air molecules and the free clectrons. The equation of
average motion of an ¢lectron may then be written as:

2
o°r or or
—_— = E —_— B - -_— A-
m 3,2 ¢ +ea’ x B -mv 57 (A-9)

where m is the mass of an ¢lectron.

Equation A-9 may be rewritlen in complex notation as

- XE = P(1-jZy +jPxY (A-10)
wilh:
2
2
X-= N;f"2=_§, (A-11)
g MW" O
eB w
oY= 9o ung (A-12)
in (O]
v
z-3; (A-13)
where

* wyy is the angular plasma [requency defined as:
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9
N -
et’

€ m
Q

-
u)N = cand (A-1d)

* g is the angular gyro-frequency defined as:

eB 0
)] H I P I {A-15)
m
The gyro-frequency may be seen as the frequency at which a free electron subjected to a
magnetic ficld completes a turn of an helical path.

Equation A-10 written in a matrix form provides the required relations to find
the expression for the refractive index in its most general form; i.e, the medium is consid-
cred anisotropic (the carth’s magnetic ficld is considered) and dissipative (collisions
between free clectrons and air molecules are not neglected):

—a{)x E_v = —jI3Y | -jZ jl'IY Pl (A-16)
Ez ilyY —jIlY 1-;Z || P

where /},/5, and I3 are the direction cosines of the vector Y.

A.3 Appleton-Hartrce Equations

With appropriate manipulations ol (A-3), (A-6), and (A-16), a general expres-
sion of the refractive index is derived, This expression, known as the Appleton-Hartree
formula, may be expressed as:

N =1- 1 - (A-17)
2
.2.}/.1. _Y‘.;,.

T=X-JZ2 (1 -x-jz)’

1=iZ-

2
+7Y,

where

s Yyisthe transverse component of ¥; i.¢. the wavelront normal is parallel
to the carth’s magnetic ficld, and

s Y, is the longitudinal component of Y; i.e. the wavelront normal is per-
pendicular to the earth’s magnetic ficld.
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A complete discussion of the above expression is beyond the scope of this
waork; bul, it is interesting to look at the case which falls under the same assumptions made
for the derivation of the channel mode! used for the simulations,  Because we are more
interested in the upper layer of the ionosphere, namely the Fy layer, 1o achieve long-range
communications links, it is gencrally accepted that collision frequency may be neglected;
i.c., Z may be approximated to zero. Equation A-17 may then be writlen as:

Ww=l- X (A-18)

1.2 1
3| a"

1 - + 5
=X Ka-x)

Y]

where the refraction index can take on two values depending on the sign of the square-
root. The value corresponding 1o the positive sign is referred to as the ordinary mode
while the negative sign corresponds to the extraordinary mode. Figure A-1 shows an
example of the variation of the refraction index in terms of variations of X lor inclination
between the front wave normal and the carth’s magnetic filed ranging between () and #/2,
and lor ¥ < 1 i.e., for a transmission frequency greater than the gyro-frequency wy.

FIGURE A-1. Transition of Refractive Index Curves from Longitudinal to Transverse
Propagation in the Case of Y < 1 and no Collision
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Equation A-18 is still cumbersome to manipulate.  For most communications
applications, the earth’s magnetic ficld can be neglected as in the case of the channel
mode! used in this thesis. This assumption provides a simple expression where the refrac-
tive index is only a function of X:

2

{A-’) . (A-19)

2
=1-X=1-
n (f
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Appendix B
The Theorems of Breit and Tuve and
Martyn

This Annex describes without proofs the thecorems due to Breit and Tuve and
Martyn regarding the ray geometry for reflection in the jonosphere. The complete proofs
for cach thcorem may be found in [Kels64).
B.1 Theorem of Breit and Tuve

If we neglect the carth’s magnetic ficld and the effects of collisions and consid-
ered the ionosphere as being horizontally stratified, the classical ray reflection gcomelry is
shown in Figure B-1.

C Bottom ol
qa(\ _ tonosphere

‘\(1 Oﬂ( 1

FIGURE R-1, Ruy Geometry for Reflection in the Ionosphere

The path actually followed by the ray is the path P' defined by the segment
TABCR. However, for an obhserver at T or R, the ray transmitted at angle o appears to
follow the scgment TAGCR. This latler segment is referred to as the apparent path and
for the specified assumptions, the theorem of Breit and Tuve states that:

“The length of the apparent path is equal to the group path P'."
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The theorem shows that we need to know only the ground range D between the
two terminals; i.c the length of the segment TR, and the angle of incidence ¢, to deter-
mine the path length P'.

B.2 Martyn’s Theorem

Keeping the same assumptions as for the theorem of Breit and Tuve; ie, the
ionosphere is horizontally stratified, and the collision frequency and the carths’ magnetic
ficid are negligible, the theorem due to Martyn cstablishes a simple relationship between
the group path P’ at vertical incidence (¢, = 0) and oblique incidence. The theorem may
be stated as:

“For a plane earth and plane ionosphere in the absence of collision and an
external magnetic field, the apparent height of reflection for a vertical ray of frequency f,
equals that for an obligue ray of frequency f = fiscco,.”

In simpler words, it may be said that both the vertical and the oblique rays are
reflected at the apparent same height.

B.3 Applicability of the Theorems for the Ionospheric
Parameter Model

The major difficully in deriving a general expression for the path delay resides
in the evaluation of the height at which reflection oceurs for obligue incidences, However,
since Martyn's thecorem was derived under the same restrictions that have been assumed
for the Tonospheric Parameter Model, the reflection height at obligue incidence is the same
as for a wave transmitted at vertical incidence. Thus, the problem is that of determining
the apparent reflection height at vertical incidence h, as a function of the frequency f,
This is done in Section 2.5.2 where it i$ shown that:

) = ho—oln[[j;ﬁ]-l]. (B-1)

v

Knowing the apparcnt height of reflection at vertical incidence and thereby the
apparent height of refiection for oblique incidence 4 (f), it is now possible to determine
the group path P as a function of the frequency fusing the theorem of Breit and Tuve:

R = h,(f.) <--Marlyn’s theorem; and (B-2)

_ 2
P =2 }hz o + (g) <-- theorem of Breit and Tuve. (B-3)
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where f = f, secd,, under the Secant law defined in Section 2.3.2.

Then, the median path delay T(f) which is defined as the median time required
by the ray to travel from the transmitier to the receiver, may be expressed as:

P

c

) = ; (B-4)

where ¢ is the speed of light in frec-space.

Finally, (B-4) may he rewritten (o provide the relationship between the median
path delay and the apparent height of reflection:

_ 2@ ’ D 2
T,,(f) = 1+(§m) . (B-5)
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Appendix C
IIR Filter For Rayleigh
Fading Generator

The 2-pole Butterworth low-pass filter used in the simulation has a Laplace
transform given by:

A2
H(s) = 5 (C.1}
(s+A)
The filter parameter A is related to the 3-dB bandwidth by the relation
, 2 1 R
|7 Go)|" = 5lHGO)" = 53 (C2)
which leads to the definition of the cut-off frequency fi.:
Ad2-1
= = " 3

The impulse invariance method may be applied o (C.1) o obtain a discrete-
time equivalent filter. The steps involved in this transformation are:

« The continuous-time impulse response of the filter is:

h() = LY{H(s)} = A2 u(n) (C.4)

» Making the impulse response values A(cTy) of the digital filter cqual to
the sampled values of the impulse response of the analog filier, we have
h(KT,)) = AT (kT (C.5)

* The discrete transfer function i

H(Z) = ZAszJC-AkT'Z-k
k=0

AzTSZ"lc_AT'
= — (C.6)
(1-z"e¢™7y
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If (x(k), k =0, 1, ...} is the input sequence to the filter, then the output sequence
is obtained by expanding the above discrete transfer function into the standard difference
equation form:

Y(Z)

by
v(z) (1 -2+ ) = x(2) (AT, (C.8)

—
vkl = 267y k= 11 Ty [k —2] +A2T,e " Tex [k = 1] (C9)

To reduce the effects of round-off errors, (C.9) was manipulated into a form in
which the change in the filter output, rather than the output itself, is iterated cach sampling
interval.

Delining
E|k] = y[K] - y[k- 1] (C.10)
Elk-11=ylk-1]-y[k-2]; (C.11)
then the output can be expressed as
ylk] = E[k] + ylk - 115 (C.12)

where E[k] may be obtained from

E[k] =B ylk- 1]+ By E[k- 1] + By x[k - 1]; (C.13)
where:
B, = —(1-¢ T’ (C.140)
B, = ¢ AT (C.14.b)
B, = AT ™" (C.14.0)
Equations C.3, C.12, and C.13 are the design relations for this filter.
For the real and imaginary components, the filter’s output variance ogm is
given by:
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(C.15)

CSomt =

T,
,,—- j 62 |H (o) | 2dw;

-n/T,

where it is assumed that the input signal has a uniform power spectrum density.

H(Z)] pr. I (C.15), we obtain
7 Mg |

Substituting crm = land H(w) =

,  A'Ticosh (AT
Sour = T3 (C.16)
4sinh” (AT}

An output variance of one can then be obtained by multiplying each output

samples by the squarc-root of the reciprocal of (C.16),
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