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Preface 

The snfcty and thc quality of transmissions have always been a matter of concern for radio operators. 

As radiocommunications began, users soon recognized that noise was a disturbing factor against which it was necessary to 
provide protection. Reduction of the bandwidth of the modulated signal appeared as a natural solution but, unfortunately, it 
could not definitcly improvc transmission efficiency. Discovery of frequency modulation, and thc development of information 
theory pointed out the gain which could be expected by extending the spectrum of modulated signals. 

When applied to perfect communication channels, spread spectrum seems to have no limitations. With real channels, the 
attainable spreads are limited by numerous phenomena which distort the transfer functions. 

This Lecture Series is devoted to the study of these phenomena and to the consequences they have on signal transmission. 
Prcsentation of the topics takcs into account both the atmosphere arcas wherein the phenomena appear, and the working 
frequency, since the effects are always selective. 

The lectures begin with a general discussion of noise and interference problems, of distortions, and of characterization of the 
transfer functions of communication channels. Then the physical phenomena involved in the propagation of radio waves are 
investigated, and their effects on the various types of modern communication systems are developed. 

Two special techniques, which cannot be disconnected from these topics, are then discussed first, adaptive systems, either those 
of time or space which, in the case of widcband signal, exhibit particular characteristics; sccond, electronic counter measures 
(ECM), since these systems involve synchronization periods, along with coding and ciphering. 

These lectures were held in Paris (France), in Rome (Italy), and in Boston (United Stafes), and they were received by le Centre 
National des Tilicommunications (CNET), the Italian Air Forces, and the Rome Air Development Center/EEC respectively. 

I am most grateful to these organizations and their staffs for the welcome they gave to the conferences, and for the excellent 
organization of the receptions. Without doubt, the comfort given to the audiences encouraged good dialogue with the lecturers. 

Finally, I must express my thanks to the AGARD people who, patiently but permanently, stimulated one and all in order to 
ensure the right progression of this work. 

C.Gontelard 
Director of the Lecturc Series 
Editor 
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Prkface 

La bonne qualitd dcs transmissions, leur sdcurite, ont toujours et4 un souci pour les opirationnels. 

Au ddbut des communications, on a tres rapidement constat6 que le bruit radiodlectrique etait un facteur gEnant dont il fallait 
se protdgcr. Lid& de reduire la largeur de bande du signal moduli a et6 naturelle, malheureusement elle ne pouvait amiliorer 
de fapon ddcisivc I'efficaciti des transmissions. Linvention de la modulation de friquence. puis le d6veloppement de la theorie 
dc I'information ont montre I'interEt qu'il y avait a etendre le spectre des signaux modulis. 

En prisencc de canaux parfaits, I'etalement du spectre parait ne pas avoir de limite. Dans les canaux riels, ces italements sont 
limit& par un ensemble de phinomines qui alterent la fonction de transfert. 

Cette sirie de COUTS est consacrie a I'examen de ces phtnomknes et aux incidences qu'ils ont sur la transmission des signaux. 

II a fallu organiser cette presentation en tenant compte, a la fois des zones de I'atmosphkre sikge de ces phenomknes, et des 
frequences utilisies, les effets etant toujours silectifs. 

Aprl-s une presentation ginirale des problkmes du bruit et des interfirences, des alterations et des representations des 
fonctions de transfert des canaux, une presentation des ph6noml-nes et de leurs consequences est faite pour tous les types de 
transmission utilisis actuellement. Deux techniques particulil-res, qui ne peuvent Etre dissociies de ces aspects, sont ensuite 
abordics: la premikre concernc I'adaptativite des systkmes, soit temporelle, soit spatiale qui, pour les signaux large bande, revEt 
des aspects particuliers; la seconde concerne le problkme des contre mesures ilectroniques puisque ces s y s t h e s  necessitent 
des phases des synchronisation et des codages qui se pretent au chiffrement. 

Ces conferences ont eu lieu a Pans (France), Rome (Italie) et k Boston (USA) ou elles ont i t e  respectivement accueillies par le 
Centre National d'Etude des Telecommunications, I'Armee de I'Air ltalienne et le Rome Air Development Cen te rEEC.  

Je tiens remercier ccs organismes et leur personnel pour I'accueil chaleurex qu'ils ont &serve a ces confirences et I'excellente 
organisation de leur reception. Nul doute que le confort dans lequel les auditoires ont it6 placis ait favorisil'excellent dialogue 
qui s'est itabli entre eux et les conferenciers. 

Comment pourrais-je oublier de remercier tous les collkgues qui ont accept6 de consacrer une part de leur temps a la redaction 
ct a la presentation de leurs confirences. 

Mes remerciements vont bien evidemment aux personnes de I'AGARD qui ont, avec une patiente mais permanente 
sollicitation, stimuli les uns et les autres pour aboutir au bon d6roulement de ce travail. 

C. Goutelard 
Directeur de la Lecture Series 
Editeur 
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WIDE BAND SYSTEMS 

Paul Waiter Baier and Werner Kleinhempel 
Lehrstuhl fiir hochfrequente Signalfibertragung und -verarbeitung, 

University of Kaiserslautern, P.O. Box 3049,  D-6750 Kaiserslautern, 
Federal Republic of Germany 

Most radio communication systems being presently introduced or under development a re  digital systems. Depen- 
ding on the  transmission bandwidth relative to  the  information rate ,  such Systems can be divided into the  
class of narrow band systems and the  class of wide band systems. The lecture has  the final aim to  work O u t  
in a tutorial way the advantages wide band Systems have to offer under adverse propagation conditions. In 
the  lecture, after an  introduction to digital information transmission, digital wide band systems are defined on 
the  basis of the used transmission signal forms and are  compared with narrow band systems. The need for the  
application of wide band systems Is pointed out referring to  information theory. with the resistance against 
noise and interference a s  well a s  the  capabilities of multiple access and selective addressing being addressed. 
Different types of wide band systems including spread spectrum systems are presented. The quant i ta t ive 
treatment of propagation problems in narrow band and wide band systems due to time var iant  multipath pro- 
pagation is tackled and the  potential of wide band systems in combatting propagation effects is shown. I t  is 
explained t h a t  properly designed spread spectrum systems are less affected by muitipath reception than 
narrow band systems. 

1. Introduction 
Most radio communication systems being presently introduced o r  under development are digital systems. Ais0 
originally analog source signals as for instance speech, picture or telemetry signals are - af ter  A i D  
conversion and source encoding - preferably transmitted in digitai form. Compared with conventional analog 
FM or AM radio communication systems, digital radio systems have a number o f  advantages: Reliability and 
stability o f  system behavior, high resistance against noise and jamming. toierance of multipath effects. system 
flexibility due to easily madiffable system parameters, fas t  and automatic adaption to changing operation 
scenarios, and cast efficient system implementation by modern microelectronics and VLSI. Also sophisticated 
features  as e.g. multiple access and selective addressing capabilities can be readily achieved by digital 
means. Digital radio communication techniques a re  e.g. applied in radio relay systems. land mobile radio 
systems, satellite communication systems, HF communications and Q&R IFF systems. Even for future  public 
sound broadcasting, digital systems are under consideration. 

Elementary characteristics of a digital radio communication system are  the  information rate  R and the  
bandwidth B of the transmission. The unit of R is bitls. The unit of B is Hz. Within the scope of this lecture 
the  difference between narrow band and wide band radio communication systems has to be worked aut. A t  
f i r s t  hand i t  is obvious to  rely only on the  bandwidth B in this consideration. However, the absolute 
bandwidth B has  always to be seen in relation to  the  information rate  R, and therefore a more adequate 
criterion for comparison is the quotient 

b = B/R (1.1) 
which is termed spreading factor or bandwidth luxury of the  system, or the reciprocal value l i b  which is ter- 
med bandwidth efficiency. Systems with values of b near unity are considered narrow band, systems with va- 
lues of b considerably larger than unity are regarded as wide band. There is no sharp line between those two 
classes. A reasonable minimum value of b for a system to be considered wide band would be for example five, 

The transmlssion medium in radio communications i s  the atmosphere or free space. In Contrast t o  guided 
transmission via  individual coaxial lines. waveguides or optical fibres. in radio communications different 
communication channels using simultaneously the  same frequency band cannot be perfectly isolated from one 
another. Therefore, in a given spatiai domain each radio frequency band cannot be used by an  arbitrarily 
large number of users. The number of users has  to  be limited in order to  avoid mutual Interference. AS a 
consequence of this  limitation and of the  restricted total number of technically exploitable frequency bands, 
radio communication systems should work with a s  small spreading factors b a s  possible. This tendency towards 
narrow band systems would also offer the  advantage of relatively low cost system implementations. 
Despite the  quoted arguments in favor of narrow band systems, wide band and even very wide band radio 
communication systems a r e  frequently used for the  following reasons: 
- Unlike narrow band systems wide band systems open the  possibility of redundant communication. Redundancy 

permits resistance against unintentional or intentional interfering signals. Also interference by simultaneous 
signals in systems with multiple access or selective addressing capability can be reduced on the  base of 
redundancy. These facts  result from Shannon's information theory i l l .  

- For a given transmitter power, wide band Systems produce less power spectral density than narrow band 
systems on the  radio channel. Small power Spectral density is advantageous with respect to low probability 
of intercept and to small disturbance of other services. 

- In radio channels with frequency selective fading, properly designed wide band systems are less prone t o  
degradation than narrow band syb-tems because the signal is simultaneously present a t  mare than one 
frequency. 

This lecture is concerned with the  definition of narrow band and wide band digital radio systems, with consi- 
derations on the  need of wide band systems and their advantages. and with the impact of radio wave propa- 
gation conditions on narrow band and wide band systems. AS a basis far the  following lectures of th i s  series 
i t  will be explained in a tutorial way to  which degree wide band systems are  suited to overcome propagation 
problems. TO reach these goals. in section 2 f i rs t  wide band systems are defined more exactly on the  basis of 
the used signals, and these systems are  compared with narrow band systems. In section 3 the  reasons for the  
need and application of wide band systems are pointed out. In section 4 various classes of wide band systems 



including spread spectrum systems are  presented and compared with respect t o  their  advantages and short-co- 
mings. Sectinn 5 finally concerns propagation effects and the  advantages of wide band systems under muiti- 
path propagation conditions. 

2 .  Signals i n  digital communication systems 
2.1 information theoretical backpound 

In this  lecture it is assumed that a continuous flow of information from a message source of bi t  ra te  Rb has  
to  be transmitted. and t h a t  rhis Piow of information is subdivided into blocks of K h i t  each for transmission. 
The consideration of systems with "on-continuous flow of information or with "on-blockwise transmission 
would not offer basically different insights. Therefore, such systems are n o t  considered. Moreover 
"on-blockwise tmnsmlssion as encountered for instance in convolutional coding /2/ or in trell is  coded 
modulation /3/  can he considered as blockwise transmission with a very large block length. The total  number 
of different blocks of length K hit i s  

(2.1.1) K M = 2 .  
Therefore, this  kind of blockwise transmission i s  termed M-ary. Each black has  the  duration T, and with the  
bit ra te  Rb one obtains from (2.1.1) 

Rb = ld(M)lT. (2.1.2) 
To each of the  M biocks a symbol H t  from an M-ary set 

H t  6 (hl  ... h ~ ]  (2.1.3) 

i s  assigned. Fig. 2.1.1 shows the  basic s t ructure  of an M-ary communication system In a n  information 
theoretical view. Each symbol H t  from the message source i s  fed into the  system and transmitted to  a message 
sink. A t  the  sink the  symbol H t  arr ives  as symbol 

H, f (hl  ... h ~ ]  . (2.1.4) 

In the  case of an error free transmission aiways 

HI. = H t  (2.1.5) 
holds. Real communication systems do not work without errors, and (2.1.5) may not be true. The behavior of 
real communication systems can he described by a transition diagram according to  Fig. 2.1.2 with t h e  
conditional probabilities or transition probabilities 

~ lhkIh , l  = ProblH, = hklHt = h m ) ,  k , m  = l . . . M .  (2.1.6) 
In the  special case of error free transmission 

1 f o r  k = m. 
(2.1.7) I 0 else 

Plhklh,) = 

holds. 
A S  an  obvious demand on real Communication systems, the  transition probabilities p(hkIh,) should be as close 
to  one as possible f o r  k equal m, and as close t o  zero as possible for k not equal m. However, th i s  demand is 
not  very suited far system evaluations and comparisons because i t  is related to  the  individual t ransi t ion 
probabilities and therefore many parameters have  to  be considered if M is large. More sui table  for such 
purposes is the  global criterion of symbol error probability P,. With t h e  a priori probabilities 

n, = Prob(Ht = h a ) ,  m = l . . . M  (2.1.8) 
of the  individual symbols h,, P, is obtained as average value 

M W 

m=l m = 1  
Pe = L n, [l-p(hmlhm)] = 1 - I: n, p(hmlhm) (2.1.9) 

of the probability t h a t  a symbol error occurs. In the  case of error free transmission. P, equals zero on 
account of ( 2 . 1 . 7 ) .  The a priori probabilities nm a r e  typical of the  considered message source. in t h e  case of 
equally probable symbols 

mm = 1 I H .  m = 1 . . . W  (2.1.10) 
i s  valid. In general, the  information rate  R of the  message source and of the  transmitted symbols H t  differs 
from the h i t  ra te  Rb. The equation for R is / 4 /  

1 R = L  L n m l d -  
M 

m=1 nm 
( 2 . 1 . 1 1 )  

This equation shows t h a t  R becomes maximum if ail nm equal 1lM. see (2.1.10), which will be assumed in all  
following sections. Then (2.1.11) takes  the  form 

R = 1dlM)lT , (2.1.12) 
and the  information rate  R becomes equal t o  the bit ra te  Rb. see (2.1.2). 

Besides the  characterization of the  communication system by the  symbol error probability P, according to  
(2.1.9).  also the  information theoretical measures average mutual information, equivocation and irrelevance 
can be used to  this  purpose i 4 / .  The average mutual information i s  the  average amount of information which 
the  received symbols H, provide about the  transmitted symbols H t .  The average mutual information i s  given 
by 
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(2.1.13) 

In the case of error f ree  transmission (2.1.7) can be substituted into (2.1.13) and comparison of the resulting 
expression with (2.1.11) shows t h a t  

I ( H t : H r )  = R (2 .1 .14 )  

i s  valid. In ail other cases 
I(Ht;Hr) < R (2.1.15) 

holds. The equivocation is the  loss of information by the  transmission and equals 

M 
E P(hklhm8) nRi 

m ’ = l  (2.1.161 
M N  

I (HtlHr)  = E L P(hkIh,)n, l d  
k=l  m = l  P(hklhm) nm 

The irrelevance is a measure of the irrelevant information a t  the  system output and equals 

(2 .1 .17)  1 M U  

k=l m = l  
I(HrIHt) = L 1 P(hklhm)nm P ( h k l h m )  . 

2.2 Narrow band systems and wide band systems 
In section 2.1 the  communication system has been considered on an  abstract information theoretical basis. If 
the  symbols lit have to  be transmitted in the  real world, a communication medium and information carriers 
suited for this  medium are needed. In the case of radio transmission to  be considered in this  lecture, the  
medium is free space and the  message carriers a re  electromagnetic bandpass signal forms 

S t ( t )  f (Sift) ... S M ( t ) )  ( 2 . a . i )  

of duration T which have to  be specified when designing the  system. Without restriction of generality i t  is 
assumed t h a t  the  time range in which the  signal forms s,(t) do not identically vanish reaches from -TI2 t o  
T12. 
Fig. 2.2.1 shows the  concretization of the  basic communication System of Fig. 2.1.1 into a physical radio 
communication system. The message source feeds the symbols H t  into the  transmitter which assigns to  each 
symbol a bandpass signal form from the  s e t  (2.2.1) according to the  rule 

A t  = hm : S t ( t )  = S , ( t ) .  ( 2 . 2 . 2 )  

The M signal forms sm(t) should differ a s  widely a s  possible from one another if appropriate criteria a re  
applied. The signal forms are  radiated Over the transmitter antenna,  received by the  receiver antenna and fed 
to  the  receiver. The task of the  receiver is to estimate the  transmitted symbols from the  received signal as 
reliably a s  possible also in the presence of interference signals n(t) and signal distortlons due to  non ideal 
propagation conditions, and to  pass the  symbols t o  the  message sink. 

When specifying the s e t  of signal forms i s l ( t )  ... S M ( t ) l  a theoretically unlimited variety is at disposal. with 
the  determining elements of the  signal forms being their phase and amplitude characteristics. In practice liml- 
ta t ions of th i s  variety have to  be accepted. Such limitations result from restrictions on the  available band- 
width and transmitter power. from the  desire of low symbol error probability P,, and from the  demand of 
uncomplicated signal generation a t  the  transmitter and of low cost signal processing a t  the  receiver. The 
limitations lead t o  signal forms sm(t) having specific phase and amplitude characteristics. 

Far each of the  signal forms of the  s e t  l s l ( t )  ... s M ( t ) j  a Fourier transform 

TI2 
-jZnft h(f)  = 1 s,(t) e d t .  m = 1 . . . M  (2.2.3) 

-TI2 
exists. With respect to the Fourier transforms Sm(f) the definition of the  signal forms sm(t) as bandpass 
signal forms means t h a t  each of these transforms has non-vanishing values only in a limited frequency range, 
with the  width of this  range being much smaller than the  absolute frequency values of the  range. Such a 
limited frequency range is termed bandpass range. The temporal limitation of the  signal forms sm(t) on a 
range of duration T excludes theoretically the simultaneous limitation in bandwidth. In practice th i s  
contradiction can be resolved by considering values l&,(f)I below a certain limit to  be zero. 
Each of the  signal forms sm(t) occupies 4 bandpass range F, typical for th i s  signal form. The union range 

F =  U T ,  (2 .2 .4 )  
H 

of ai l  M bandpass ranges Fm is the  bandpass range occupied by the  s e t  of signal forms (s l ( t )  ... s ~ ( t ) l  in 
total. The bandpass range F has  equal width B in the domain of positive and negative frequencies. This width 
B is termed the  bandwidth of the  s e t  of signal forms is1(t)...sM(t)l. As an  example Fig. 2.2.2 shows a specific 
consteilation of the  bandpass ranges Fm and of the  total bandpass range F of width B. In th i s  example the  
individual signal forms sm(t) OCCUPY disjunctive but adjoining bandpass ranges F,. 
As already s ta ted in section 1 an  important parameter of the communication system i s  the  quotient of band- 
width B and information rate  R which is termed spreading factor b,  see (1.1). Narrow band systems have small 
values of b, wide band Systems have large values of b. For a given symbol duration T the  lower limit of the  
bandwidth B is reached if all signal forms are  sinusoidal signals with equal frequency fo and duration 

T > >  llf, ( 2 . 2 . 5 )  



which differ only in their amplitudes am: 

(2.2.61 t 
T s,(t) = rect(-)amcos(2nfot) ,  m = 1...M. 

Fig. 2.2.3 shows the Fourier transform 

& ( f l  = - + , m = l...H (2.2.7) 1 sin[nT(f-fol 1 s i n [ n T ( f t f o l l  

nT(f t fo l  =lnT 2 [ nT(f-fo) 

of such a sinusoidal signal. I t  Is evident t h a t  a reasonable definition of the  bandpass range Fm i s  the range 
of width 

8, = 1 1 T  (2.2.81 

marked in Fig. 2.2.3 because most of the  energy E, of the  signal form sm(t) is contained in this  range. The 
bandpass ranges of all signal forms of the  s e t  (2.2.6) are identical and equal to  the bandpass range F of the  
se t  of signal forms (2.2.6).  Therefore, Lhe bandwidth of the s e t  of signal forms according to  (2.2.6) i s  

B = 1 1 T .  (2.2.9) 

b = l l l d ( K ) .  (2.2.101 

In the case of equiprobable symbols H p l h l  ... hMt the spreading factor 

is obtained by substituting (2.1.12) and (2.2.9) into (1 .1 ) .  The set  of signal forms (2.2.6) i s  an  example In 
which b decreases monotonausiy with increasing M. 

A n  example of a se t  of signal farms with larger bandwidth are the time orthogonal signal farms 

s,(t) = r e c t  c o s ( 2 n f o t ) ,  m = 1...M. ( 2 . 2 . 1 1 1  

The bandwidth of this se t  is M times the bandwidth of the narrow band se t  (2.2.6) because the  duration of 
the non-vanishing portions of the individual signal farms is shorter by a factor of M.  Therefore, in contrast 
to (2.2.9) and (2.2.10) 

B = U l T .  ( 2 . 2 . 1 2 )  and b = M/ld(M) (2.2.131 

hold. The set  of signal forms (2 .2 . i I )  is an example in which b can be made arbitrarily large by increasing M.  
Besides the spreading fact,or b another parameter of the sets of signal forms ls l ( t )  ... sM(t)t which is important 
in what foiiows is the time bandwidth Draduct TB. The time bandwidth product of the narrow band se t  (2.2.6) 
equals one, the time bandwidth product of the  wide band s e t  (2.2.111 equals M .  In general. from (1.1) and 
(2.1.12) the expression 

TB = b.ld(M1 ( 2 . 2 . 1 4 )  

is obtained. This expression shows t h a t  wide band s e t s  of signal forms differ from narrow band s e t s  not only 
by a larger spreading factor b. but also by a larger time bandwidth product TB. However. the quantities b 
and T B  are in so far independent from one another as one can stili dispose of M. 

2.3 Vector signal representation 

A frequency f, is chosen in the center of the bandpass range F of the  considered se t  of signal forms 
lsl(t)..,sM(t)t. With this frequency which can be considered a s  the  center frequency of the  system, and with 
the  Hilbert transform &,(t) of sm(t) for each of the signal forms s,(t) a low pass equivalent 

%(t)  = s , ( t )e- jZnfot  t j s m ( t ) e - j Z n f o t ,  m = L...M ( 2 . 3 . 1 )  

can be introduced 151. &(t) is ais0 termed complex envelope of sm(t). By using &(t) the signal form s,(t) 
can be represented as follows: 

s.(tl = R e [ h ( t ) e  j z d o t l ,  m = I...u. (2.3.21 

W i t h  B the bandwidth of the s e t  Isl(t1 ... s M ( t ) i .  the  Fourier transform 

T I 2  

B ( ~ I  = J h ( t ) e  - jZdt  d t ,  m = l,..n ( 2 . 3 . 3 1  
- T I 2  

of &(t) does not identically vanish only in the frequency range 

If1 A B I Z .  (2.3.4) 
Therefore, um(t) can be completely represented by equidistant samples 1/B seconds apart  161. With the  symbol 
duration T, for each of the signal forms s,(t) B total of 

n = TB (2.3.51 
samples 

hmn = % [ - T I 2  + (n-0.5IlB1, n = l . . . N ,  m = 1...M ( 2 . 3 . 6 1  

Is required. (2 .3 .5 )  shows tha t  the necessary number N of samples Is equal to the time bandwidth product TB 
of the se t  of signal forms. I t  would be also allowed to take a number of samples larger than TB. However. 
this Over sampling would not improve the signal representation. In what follows N is assumed equal to TB. 
The samples gmn of the signal form sm(t)  can be considered a s  the components of a vector 

+ 
h = ( h 1  ...I&" ) ,  m = 1...M (2.3.71 

in an  N dimensional space. BY this Vector the signal form sm(t) is described in all of i t s  properties. Narrow 
band Sets of signal forms. i.e. Sets with a small TB, lead to  vectors with a small number of vector 



components, wide band sets lead to  vectors with a large number of vector components. 

The energy of t h e  signal form s,(t) can be Obtained from the  vector am by the  expression 

The corresponding expression for the  analog signal form gm(t) is 

(2.3.8) 

-T/2 

2.4 Digital signal generation and digital message detection 
A t  first hand the  representation of the  signal forms sm(t) by the  vectors according to  (2.3.7) i s  a 
mathematical formalism. However, th i s  representation has  practical importance for the  signal generation at the  
transmitter and for the  demodulation a t  the  receiver if digital methods have t o  be used. 

The signal forms sm(t) can be generated by a circuit shown in Fig. 2.4.1. The vectors am are recalled from a 
digital memory or generated on line by applying generation algorithms. If the  symbol Ht=hm has to be trans- 
mitted the  real par ts  Re[&,,,] and imaginary parts I I ~ I & , ~ ]  of the  vector components hn are  read out Prom 
t h e  memory or generated and fed to  low pass filters with limiting frequency BIZ. A t  the  outputs of the  low 
pass filters t h e  real par t  Re[&,(t)l and the imaginary par t  Im[&,,(t)l of the  complex envelope appear. By 
multiplication with the  carrier oscillations cos(2nfot) and -sin(2nfot). respectively, and by addition the  signal 
form s,(t) i s  obtained. The circuit of Fig. 2.4.1 i s  a basic digital transmitter. 

When designing a s e t  of signal forms l s t ( t )  ... S M ( t ) j  of given duration T, f i rs t  t h e  bandwidth B and thereby 
t h e  time bandwidth product TB have to be determined. After this ,  concrete values have t o  be assigned to  the  
vector components am,,. Digital systems are discrete valued systems and therefore only a limited s e t  of size Q 
is available for the  components &,,,, i.e. 

Hence. the  determination of the  vector components kn can be split up into two steps: Determination of the  
s e t  (2.4.1) and assignment of the  values lul ...gQ t to  the  vector components hn. Although these s teps  have 
to  be governed by the  individual system requirements, there  is enough space for the  creativity of the  system 
designer. 
A t  the  receiver the  vector i&, can be obtained from the  signal form sm(t) by the  circuit shown in  Fig. 2.4.2. 
A t  the  input of th i s  circuit a bandpass filter eliminates interference lying spectrally outside the  bandpass 
range F of t h e  s e t  of signal forms. see (2.2.4). The center frequency and bandwidth of the  bandpass f i l ter  
equal the  corresponding quantities f, and B of the  set of signal forms. The received signal form sm(t) is mui- 
tiplied by the  carrier oscillations 2cos(2nf0t) and -2sin(2nfot). The products a re  filtered by low pass f i l ters  of 
limiting frequency 812. This process calied demodulation delivers the  real par t  Re[&(t)l and the  imaginary 
par t  Im[&,(t)l of the  complex envelope. 
and Imaginary par ts  im[1&,,~1 of t h e  vector components kmn, From the vector components the  trans'mitted 
symbol H t  i s  estimated by the  message detector. The circuit shown in Fig. 2.4.2 is a basic digital receiver. 

The circuit shown in  Fig. 2.4.2 functions only if the  carrier oscillation i s  available in correct phase at the  
receiver. This situation i s  termed coherent reception. The other situation is the  incoherent reception which 
will not be considered in th i s  lecture since, except for a more complex circuitry, no fundamentally new 
aspects would be touched. 

3. Need for wide band systems 

3.1 Received s i m a l  

The predominant reason for an  erroneous estimation of the  transmitted symbols a t  the  receiver i s  an  additive 
Interfering signal which reaches the  receiver input besides the desired signal. Such an  interfering signal has  
the  effect t h a t  the  demodulation yields instead of the  vector itm a vector p which more or less differs from 
&,,, depending on the  intensity and other properties of the  interfering signal. J u s t  like the desired signal 
forms also t h e  interfering signal can be described by an  equivalent low pass signal. Demodulation and 
sampling of n( t )  yield the  interference vector 

BY addition of the  desired vector &, and the  interfering vector 8 the  received vector 

Subsequent sampling every 1/B seconds gives the real par ts  

& =  (x... m) . (3.1.1) 

j t  = (y1...y~) = h t 8, m = 1...n (3.1.2) 
i s  obtained. The message detection circuit has  the task to  estimate the  transmitted vector &, a s  reliably a s  
possible Prom the  received vector f. The vector components hn can only a t ta in  discrete values out  of the  
s e t  (2.4.1). The vector components nn of the  interference vector 8 are  in general continuaus valued. Hence, 
the  components yn of the  received vector 2 are  also continuous valued. The estimation of the  vector from 
the  received vector p can be performed in two different ways 121. One way i s  the  case of hard decision in 
which upon reception of each component the underlying component hn i s  immediately estimated. Le. the  
transmitted vector i&, is estimated component wise. The other way is the  case of soft decision in which the  
estimation is based on the  simultaneous consideration of a l l  vector components y,,, n=1 ... N. In what follows 
Usually soft decision is presupposed which gives a lower symbol error probability Pe than hard decision. 
The interfering signal n( t )  may be deterministic or stochastic i t  may also consist of the superposition of 
deterministic and stochastic partial signals. Deterministic interfering signals a re  characterized by the fact  
t h a t  they a re  pre-determined in  their  total run and hence are absolutely predictable. Therefore it i s  possible 
at least  in Principle to eliminate deterministic interfering signals by jus t  subtracting them from the  total 
received slgnal. Consequently, from an  information theoretical point of view. deterministic interfering signals 
are no real interfering signals. In what follows the  elimination of deterministic interfering signals is always 
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assumed so t h a t  only stochastic interfering signals remain and those are termed n( t ) .  I t  is further assumed 
t h a t  the interfering signal is stationary. Under these presuppositions n( t )  can be characterized by i ts  power 
m2, i ts  probability density function pn(n) and i t s  spectral Power density Sn(f). 
The probability density function pn(n) and the  spectral power density Sn(f) a re  Independent from one another. 
A frequently occurring probability density function is the  Gaussian distribution 

An important example of a spectral power density is obtained if the interferer power e2 i s  distributed 
uniformly over the bandpass range F. In this  case, with 

2 No/2 = D /(2BI 
the  spectral density 

f - fo  f + f o  
t rect - B 1 '  

(3.1.4) 

(3.1.5) 

i s  obtained which is constant over the  bandpass range F. 

If pn(n) and Sn(f) obey (3.1.3) and (3.1.5), the  communication channel Is designated as additive white 
Gaussian noise channel (AWGN). This type of channel is presupposed in what foliows. In the ease of the AWGN 
channel the components nn of the interference vector 8 and therewith the  components fn of the  received 
vector 9 are statistically independent quantities with variance 202. 
By referring to the expression (3.1.4) the important conceptions of power limited and of non power limited 
interfering signals can be explained. The criterion is where the spectral in band power density N,/2 origina- 
tes  from. One possibility is t h a t  No/2 comes from one or several interfering sources having an  available total 
power m 2  which is spread evenly across the bandpass range F of the system. This is the case of power limited 
interference in which an account of the constant & the  spectral in band power density N,/2 Is inversely 
proportional to 8. N0/2 may also come from a very broad band source having a spectral power density N0/2  
within B bandwidth much larger than the considered system bandwidth B. This is the case of practically non 
power limited interference because on account of the constant N0/2 the  in band interfering power s2 increases 
continuously with B as iong a s  B is smaiier than the interferer bandwidth. 

Power limited interference is to be expected in the case of unintentional or Intentional man made interference 
which comes from a limited number of radiation sources. Each of these sources is power limited on account of 
limited primary power and limited maximum power of the transmitter amplifier. Exampies of non power limited 
interference are thermai noise and man made broad band noise coming from a multitude of interference sour- 
ces as e.g. electrical machines, motor ignition systems, etc. In reality always a combination of a power limited 
interfering signal of power 0.2 and of a non power limited Interfering signal oP spectral power density No"/2 
has to be taken into account. Consequently. an increase in B pays only in a remarkable reduction of the  total 
spectral power density 

2 N" 
t 2  No m' _ = _  

2 28 2 (3.1.6) 

a s  long a s  the term om2/(2B) in (3.1.6) is not considerably smaller than the term No"/2. 
Both in the case of power limited and in the case of non power limited interference i t  is not mandatory t h a t  
the spectral in band power density is constant. AS compared to constant in band power spectral density, non 
constant in band power spectral density renders the  theoretical treatment of the interference situation more 
difficult and may lead to different values of the symbol error probability Pe. However, from a superior paint 
of view. the cases of non constant and constant in band power spectral density are not essentially different. 

3.2 Maximum likelihood detection 
The optimum strategy to estimate the  transmitted symbol H t  is the  maximum likelihood principle 121. In order 
to apply this principle the conditional probabilities p&Ip), m=1 ... M, are  needed. The probability p(&,I?) is 
related to the probability of the event  t h a t  the  vector gm has been transmitted if the vector p has been 
received. if a t  the receiver the s e t  I s i ( t )  ... s M ( t ) l ,  the  probability density function pn(n) and the  spectral 
power density Sn(f) of the interfering signal are known, the  probabilities p(&lP)  a rc  also known. 

According t o  the maximum likelihood principle the decision a t  the receiver has  to follow the rule 
A t  = h,, if p(&l$!) ) p ( & a I f )  for  all in' * m. (3.2.1) 

(3.2.1) means t h a t  the actual received vector f has  to be inserted into ai l  M probability functions p($,,l$ 
and t h a t  this symbol hm is chosen far which ~ ( 2 ~ 1 2 )  at ta ins  its maximum.As will become evident later. I t  1s 
advantageous to  transform (3.2.1) by help of the Bayes rule 15,. Foliowing this  rule and substituting q,, for 
p(&). see (2,1.8), 

is obtained where p(l!l$m,) and p(p) a re  probability density functions. From (3.2.2) fallows 

Substituting (3.2.3) into (3.2.1) yields the  decision rule 

P(&I?).p($!) P($!l$).p(&) = p($!I&)n,, m = l...K, ( 3 . 2 . 2 )  

D ( & l f l )  = P($!l&)%/p(f), m = I... K. (3.2.3) 

(3.2.4) 

or, af ter  simplifying by ~ ( 2 ) .  
A t  = h,, i f  pCfl&lnm ) p(f l$ ' )n , t  fo r  all m '  + m. ( 3 . 2 . 5 )  

The decision rule (3.2.5) is equivalent t o  the  rule (3.2.1). However. (3.2.5) has the  advantage t h a t  in the 
form of the conditional probability density functions p@l&) the influence of the  transmission channel 
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becomes immediately evident, and t h a t  the  a priori probabilities nm can be introduced. 

As already s ta ted  in section 3.1 with respect to  the  interference, t h e  AWGN channel is assumed, see  (3.1.3) 
and (3.1.5). Under this  presupposition the  components fi of the  vector p are statistically independent quanti- 
ties. I t  i s  fur ther  assumed t h a t  the  propagation conditions from the transmitter to the  receiver are such t h a t  
the  expectations of the  components xn equal the  corresponding components gmn. In this  case the  channel is 
termed memoryless. In what follows t h e  memoryless AWGN channel is considered. Regarding the  message to be 
transmitted, equal probabilities q,,, see (2.1.10), and equal energies 

Em = E P const ,  n l...ii. ( 3 . 2 . 6 )  

see  (2.3.8), a re  assumed. Under these presuppositions the  optimum detection rule (3.2.5) takes  the form 
N N 

n=l n=l  
llt = h,, if Re[  E fi.Gn ] > Re[ Z &,,G:.. ] for a l l  m' m. ( 3 . 2 . 7 )  

The received vector has  to be correlated aiith all M vectors &,,, and the  decision is made in  favor of t h a t  
h, which gives maximum correlation. The implementation of the  decision rule (3.2.7) leads to the correlation 
detector, see Fig. 3.2.1. 
The optimum decision rule (3.2.7) can be found relatively easily. A more complex problem is the  determination 
of the  symbol error probability Pe when applying this  optimum rule. Regarding Pe i t  will be shown in the next 
section 3.3 t h a t  wide band systems offer avantages compared to  narrow hand systems. 

3.3 Advantaxes of wide band systems 
When designing an  M-ary communication system the M vectors i&,, have to  be determined, see  section 2.4. With 
these vectors the  cross correlation coefficients 

Re[;. TI ". I r , m,m* = l...M. 
2N 

(3.3.1) 

can be formed. If all of the  energies E, equal E, see  (3.2.6). I-pmm, is proportional to the  Euclidean distance 
between the  vectors itm and em,. The correlation coefficients can be assembled in an MxM-matrix I I P ~ ~ ' I  I .  
This matrix i s  symmetric, 1.e. 

= h", m," = l . . . U ,  (3.3.2) 

and Its main diagonal consists of ones only, 1.e. 
mm = 1. m = l...M. (3.3.3) 

- 1 6 a,* 4 1. (3.3.4) 
The off diagonal elements have values in the  ranee 

The more similar two signal farms s,(t) and sm*(t) are, the  closer to one is their  cross Correlation coefficient 
pmm*. The greater the  difference between two signal forms, the  closer to  minus one i s  their cross correlation 
coefficient pmm'. 

With the  inverse I Ipmmll I- '  and the  determinant det l  Ipmm'I I of the matrix I Ipmm'I I which a re  assumed to 
exist, and with a vector 

qT = ( V I  ... VM) (3.3.5) 
the  probability of correct detection of the  transmitted symbol h l ,  i.e. the  transition probability p(h1 Ih l ) .  can 
be expressed as follows /8/: 

m 

( 3 . 3 . 6 )  e X p [ - T d  1 ' I h p m ' I l - l f l ]  dV2 ... dVM. 

Analog expressions exis t  for the transition probabilities p(hm I hm), m=2 ... M. +he dimensionless quotient 2E/N0 
i s  termed signal-to-noise ratio (SNR). 

By substituting the transition probabilities p(hml h,) from (3.3.6) and the  Probabilities nm from (2.1.10) into 
('2.1.9). the  symbol error probability 

( 3 . 3 . 1 )  
l M  Pe = 1 - - E p(hnlhm) 

m = 1  
i s  obtained. The expressions (3.3.6) und (3.3.7) show t h a t  Pe does not depend on the  individual s t ructure  of 
the  M signal forms s,(t). Pe depends only on the  signal form energy E, the  off diagonal elements pmm' of the  
matrix I Inmm, I I and on the  spectral power density No/2. In most cases a closed solution of the  multiple inte- 
gral in (3.3.6) and the analog integrals for m=2 ... M does not exist. Nevertheless, on the  basis of (3.3.6) and 
(3.3.7) general statements of the achievable communication quality depending on the  system being narrow 
band or wide band are  possible. 
I t  can be shown t h a t  

( 3 . 3 . 8 )  
"e - > 0 for all off  diagonal elements bma 
a" 

i s  valid / S I .  AS a consequence of (3.3.8), all off diagonal elements hm' should be made a s  m a i l  a s  possible 
in order Eo obtain a small symhoi error probability P,. By small off diagonal elements hm' I t  i s  meant t h a t  
their  values should be a s  close a s  possible to  the  minimum value minus one, see (3.3.4). In this  case the  
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difference or Euclidean distance between any two vectors &,, and &,,, is maximum. However. this  endeavor can 
be of only limited success. First. for the average value of all off diagonal elements pmmj always 

Pay a - lf(t!-1) (3.3.9) 

is valid /a/. Hence, i t  is excluded t h a t  ail off diagonal elements p,,," equal minus one. In the optimum case, 
the sign of equality Is valid in (3.3.9).  and all off diagonal elements equal 

h" I p = - 1 / ( H - 1 )  . (3.3.10) 

However, this optimum case is only achievable i f  the  condition 
N M - 1  (3.3.11) 

is fulfilled, i.e. if sufficiently many Components are provided for each vector &,, and if the s e t  l g  ... U Q I ,  see 
(2.4.1). is properly chosen l a / .  A set  of signal forms for which (3.3.10) holds is called transorthogonal. in thls  
lecture the vector dimension N equal to M-1 is termed transorthogonality threshold. For a transorthogonal se t  
of signxl forms lsl(t) ... s M ( t ) l ,  (3.3.6) and (3.3.7) yield / 8 /  

Fig. 3.3.1 shows the evaluation of (3 .3.12) .  Pe versus E(l-p)/No is depicted for various values of M. I t  can be 
seen tha t ,  for fixed values of E and No,  Pe decreases monotonously with decreasing P .  Hence, Fig. 3.3.1 
confirms the general statement (3 .3.8) .  If ail off diagonal elements p,,,,. are equal, the set of signal forms is 
termed a uniform distance set .  if all off diagonal elements pmm, are zero. the  s e t  of signal forms i s  termed 
orthogonal. 
For values of N smaller than M-1 only less favorable combinations pmm* and thereby larger Pe a re  possibie 
than in the case given by (3.3.10) and (3.3.12).  This degradation depends also on the size and the  values of 
the  available s e t  l t ~ l  ... ~ 9 1 ,  see (2.4.1).  The following tendency can be stated: The farther N lies below the  
transorthogonality threshold, the  more the off diagonal elements p,,,,,,, deviate from the  ideal values (3.3.10),  
and Pe more and more exceeds the  values given by (3.3.12).  On the other side, if N is chosen above the 
transorthogonality threshold, n o  possibility exists to obtain more favorable off diagonal elements pmm* than 
those given by (3.3.10).  

The foregoing consideration can be summarized a s  foliows: An increase in N offers the  chance of a larger 
Euclidean distance between the M vectors ?& and thereby a reduction of the symbol error probability Pe a s  
long a s  N is below the  transorthogonality threshold. AS soon a s  N crosses this  threshold. the  situation does 
not change significantly any more with increasing N. Therefore, regarding the off diagonal elements P"'. the  
maximum reasonable value of N is M - I .  When N is increased; the SNR which is necessary t o  obtain a certain 
symbol error probability P, decreases a8 long as N Is below the transorthogonality threshold M-1. The 
decrease of the necessary SNR is termed coding gain cg. in the case of a uniform distance se t  of signal forms 
I s,(t) ... sh((t) I 

cg = 1-P (3.3.13) 

holds, see (3.3.12) .  

Next, the spectral power density N0/2 is considered. If the interference is "on power limited, N0/2 does not 
depend on the bandwidth 8. and for a given duration T of the signal forms, N,/2 does not depend on the  
number N of vector components either. Even by an arbitrarily large increase of B and thereby N the symbol 
error probability Pe cannot be made smaller than the value obtained for N equal M-1 if the  interference Is 
non power limited. 
In the case of power limited interference of power a2, the  power spectral density N,/2 is inversely proportio- 
nal to the bandwidth B and therefore to N and TB, see (3.1.4).  If N is increased more and more s tar t ing from 
small values. the coding gain cg can be increased a s  long a s  N is below the transorthogonality threshold. 
Moreover. an increase of the S N R  2E/No can be s ta ted on account of the decrease of N0/2 with increasing N. 
This la t ter  gain is unlimited with regard to N and i s  termed processing gain pg. By increasing the  bandwidth 
B more and more, i n  the  case of power limited interference the symbol error probability Pe can be brought 
beneath any bound. 

To summarize. in the case of non power limited interference, bandwidth luxury pays only to a certain limit 
whilst, in the case of power limited interference. bandwidth luxury can be turned into interference reduction 
without limitations. The advantages of wide band systems consist in the transformation of bandwidth luxury 
into interference reduction by coding gain cg which reduces the  required SNR ZEINO and, in the case of power 
limited interference, by a n  additional processing gain pg which reduces N,/2 and thereby increases the actual 
SNR.  

The above statement tha t  in the  case of non power limited interference an increase of N beyond the  transor- 
t.hogonaiity threshold does not pay seems to  contradict Shannon's channel encoding theorem. This theorem 
says t h a t  even in the case of non power limited Interference channel capacity increases continuously with 
increasing B and N .  This would suggest tha t  a decrease of P, could be realized even for values of N above 
the transorthogonality threshold. The contradiction can be resolved if one bears in mind an  important presup- 
position of Shannon's theorem / i l :  The theorem is valid only if M growths simultaneously with N whlch i s  not 
the case in the considerations made above where M is assumed to be invariable. 

4.  Classes of wide band systems 

4.1 Requirements on the se t  of signal forms 

The design of an M-ary radio communication system for given values of M and N consists to a great deal in 
determining a se t  of signal forms l s i ( t )  ... s M ( t ) l  which, in the sense of their off diagonal elements pmm,, differ 
as widely a6 possibie from one another. Moreover. the se t  of signal farms l s l ( t )  ... sM(t) i  has to comply with 
further demands: it is important t h a t  the signal forms can be easily generated at the  transmitter and easily 
detected a t  the receiver: with regard t.0 the  non-linearity of most power amplifiers, frequently signal forms 
with constant  envelope are desired; i n  systems which have t o  operate between fas t  moving platforms, signal 
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forms having a low Doppler sensitivity are desired; in systems with the  capabilities of multiple access and/or 
selective addressing. a large variety of signal forms of the  same type are needed and hence large families of 
signal forms with good correlation properties a re  interesting. 
For the determination of a se t  of signal forms, three different approaches a re  presented in what follows. 
namely ciassic algebraic coding, coded modulation and spread spectrum modulation. 

4.2 Alaebraic coding 

In the  case of algebraic coding, the s e t  I u ~ . . . ~ ? Q I ,  see (2.4.1), i s  mostly binary. i.e. Q equals two and 

(g1 ... EQ] = (- 1,l) . (4.2.1) 

Usually M i s  relatively large and N i s  wel l  below the transorthogonality threshold. Consequently. the  band 
spreading factor b is relatively small and often it is not justified t o  consider systems with algebraic coding 
as wide band systems. 

From the  binary set (4.2.1), M vectors &,, are generated by applying certain linear algorithms which guarantee 
easy generation, i.e. encoding, and, above all. easy detection, i.e. decoding /2,7/. Within the  frame which is 
s e t  by the encoding and decoding algorithms, M vectors dm are  sought with optimum off diagonal elements 
pmm*. In the case of a binary s e t  (4.2.1), instead of the  off diagonal elements p,,," the  Hamming distances of 
the  vectors &,, can be considered / 2 ,7 / .  

When decoding the  received signal at the receiver, usually each component of the  received vector 9 i s  detec- 
ted separately, i.e. hard decision is applied, and from the  detected vector components the  message is estima- 
ted by algebraic methods /?I. As compared with optimum detection. i.e. soft decision and detection by correla- 
tion. this approach is only suboptimum. However, on account of the  large M optimum detection would require a 
prohibitively large expense of circuitry. Algebraic coding provides also means against specific kinds of inter- 
ference which cause burst errors and erasures /7/. An example of an algebraic code is the  (Sl,B)-BCH-code 
/?/. In th i s  example, N equals 31 and M equals Z6. Consequently, the  band spreading factor b is 3116. 

4.3 Coded modulation 
In ContPaSt to  the  situation typical for algebraic coding, now a s e t  I U ~ . . . U Q I  of larger size Q is assumed. AS 
an  example. Q may equal 8. and 

(3 ...E "... Us) = (1 ... e J ( v - l ) n / 4  ... J h / 4  ] , (4 .3 .1 )  

This is the case of 8,-phase-PSK. For given values of M and N, the  task to  design the  vectors em consists in 
Selecting the  vector components umn from the  se t  lu]  ...gQ in such a way t h a t  again the  off diagonal 
elements pmm- became as small a s  possible. In principle, th i s  task could be solved by generating a large 
variety of s e t s  of vectors &,, m=1 ... M. from the set IC] ...NQ 1 by Monte Carlo methods. and by selecting the 
optimum s e t  of vectors from th is  variety. However, this  way of generating the  se t  of vectors gm would be non 
systematic and would have the disadvantage t h a t  a l l  vectors &,,, m=l ... M ,  had to  be stored in a memory a t  
the  transmitter, and t h a t  a total  of M correlators would be necessary for message detection a t  the  receiver. A 
more favorable approach consists in constructing M sequences of length N from the se t  lgi ...Up 1 by certain 
algorithms which guarantee acceptably small off diagonal elements p,,,,,. By this  approach which is termed 
coded modulation, signal generation a t  the  transmitter and message detection a t  the  receiver can be consi- 
derably simplified thanks to the systematic proceeding. Examples of th i s  approach can be found in /3/. 

Similar to system8 with algebraic coding. systems with coded nodulation have a relatively large M .  On the  
other side, N is relatively small. Hence. also the band spreading factor b is relatively small, and therefore 
systems with coded modulation a re  mostly applied against non power limited interference. Because the  s e t  
( u I . . . ~ Q !  is larger than in the  case of algebraic coding, channel capacity becomes ais0 larger / l l .  Therefore, 
for given values of M and N ,  coded modulation offers usually a smaller symbol error probability P, than 
algebraic coding. 

4.4 SDread SDectrum modulation 
If, in contrast to the  situation with algebraic coding and coded modulation. N Is chosen fa r  above the trans- 
orthogonality threshold M - I ,  the  band spreading factor b is much larger than unity. Systems applying such an  
extreme bandwidth luxury are termed spread spectrum systems /9 ,10 i .  In properly designed spread spectrum 
systems the  off diagonal elements pmm' are close t o  the  optimum value given by (3.3.10). Hence, optimum 
coding gain cg can be achieved which is advantageous with regard to both power limited and non power 
limited interference. In addition to  the  coding gain cg, a processing gain pg is obtained which is effective 
only against power limited interference and which i s  usually much larger than the coding gain cg. Therefore, 
spread spectrum systems are especially suited t o  combat power limited interference. An approximate expression 
for the processing gain is the ratio of the  actuni bandwidth and the bandwidth required for transorthogonal 
transmission. With (3.3.1 1) this  ratio becomes 

pg = N/(K-1) . (4.4.1) 

In practical systems, processing gains up to  tens  of dB a re  realized /Q/. 

In spread Spectrum systems the  s e t  lg] ... U Q L  is often binary, but Sets with a somewhat larger size are also 
usual. The Vector Components umn are obtained by taking samples from the  s e t  (U] , . .&Qi  in a pseudo random 
manner. The pseudo randomness is often achieved by special algorithms implemented into feed back s h i n  
registers which have the  advantage t h a t  the  vectors em can be generated a t  low expense. Another approach 
is the computer aided synthesis of the  vectors which then are stored in digital memories. 
Standard examples of spread spectrum modulation a re  O/180° pseudo random PSK (0/180°-PN-PSK) and pseudo 
random MSK (PN-MSK). In the case of 0/180°-PN-PSK, the  set  lg1 ...gg I is binary as in the example (4.2.1). In 
the  case of PN-MSK, the  values IQ1...UQ) are  complex valued and uniformly distributed on the  unit circle, 
and only specific sequences of such values .we allowed. Figs. 4.4.1 and 4.4.2 show a signal form s,(t) and i t s  
vector components hn for the cases 0/180°-PN-PSK and PN-MSK, respectively. The signal forms s,(t) in 
Figs. 4.4.la and 4.4.2a are non-bandlimited. However, the  corresponding bandlimited signal forms will be only 
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slightly different. The vector components.um, in Figs. 4.4.lb and 4.4.2b are equidistant samples of the  
equivalent low pass signal forms um(t) according to (2.3.6). With the chip frequency fc, in the  case of PN-PSK 
the bandwidth B=fc and in the  case of PN-MSK the  bandwidth B=0.62fe is assumed. Another example of spread 
spectrum modulation is pseudo random frequency hopping (PN-FH). In this  case the signal forms sm(t). 
m=l ... M, are sinusoidal with a frequency which varles according to PN pat terns  within the signal forms (fast  
frequency hopping) or from signal form t o  Signal form (slow frequency hopping). A large transmission 
bandwidth B can be obtained by hopping relatively slowly over a large frequency range. 

In spread spectrum receivers message detection is performed by correlation, see also Fig. 3.2.1. On account of 
the  relatively small M, a moderate number of carreiators is sufficient. However. because N is relatively large, 
the expense of the individual carrelator Is large. 

5. Promgation effects 
5.1 Linear two w r t  model of the radio communication channel 

In the equivalent low pass frequency range, a radio communication channel can be described by i ts  impulse 
response h(7) and i ts  transfer functton H(f1, see e.g. /6/. With the carrier frequency io and with b(T1. the  
impulse response in the bandpass frequency range becomes 

4(71 = z ~ e [ ~ ( T ) e ' ~ " 0 ~ 1 .  (5.1.11 

The corresponding expression for the  transfer function in the bandpass frequency range is 

E ( f )  = R(f-fo) t R"(-f-f ,) .  (5.1.2) 

In the fallowing Sections always the iow pass equivalents h ( ~ )  and H(f) a re  used. 

5.2 Ideal radio communication channel 
ideally the transmitted signal reaches the  receiver antenna on a single time invariant and distortionless path. 
In this  case the  impulse response of the radio communication channel i s  

L ( T )  = 8 6(7 - r0) w i t h  8 = const ,  ro = const. (5.2.11 

is the basic signal delay from the transmitter antenna to the receiver antenna. &? is a complex amplitude 
coefficient which is characteristic for the channel. The argument arg(&?) indicates the  rotation of the  carrier 
phase. The absolute value i( is a measure of the alteration of the signal amplitude. In what follows 

TO = 0 (5.2.21 

is assumed, This assumption does not restrict the generality of the considerations. Inserting (5.2.2) into 
(5.2.1) yields 

L ( T )  = & 6(7). (5.2.3) 

The transfer function belonging to this  impulse response h(7) is 
- H ( f 1  = 6 = Const. (5.2.41 

5.3 Real radio communication channel 
The real radio communication channel may considerably differ from the ideal one. AS a frequently occurring 
difference, instead of a single path from the transmitter antenna to the receiver antenna,  there  exis t  K paths 
which have different attenuations, carrier phase rotations and delays / l l / .  This situation which i s  caused e.g. 
by reflecting objects in the  propagation path is termed multipath reception. The integer K can be much larger 
than one. 
In the m o s t  simple case of muitipath reception, all K paths are time invariant. However. this  case usually 
does not correspond to  reality where the  channel properties fluctuate with time. In what follows, first time 
invariant and then time variant multipath reception are considered. Further informatron can be found in 
/ I  1.12/. 

In the case of  time invariant multipath reception, t o  each of the  K signal paths a complex amplitude 
coefficient l3k, k = l  ... K ,  and a delay ~ k ,  k=l  ... K, are attributed. With these quantities the impulse response 

and the transfer function 
R 

k=l 
g ( f )  = I Q e-jznfTk (5.3.2) 

are  obtained. In the expressions (5.3.1) and (5.3.2). again the basic delay r0 has been s e t  equal to zero. 
Therefore, the delays Tk,  k=l  ... K. a re  the deviations of the actual delays from the  basic delay T,,. 

If the  R paths are numbered in such a way t h a t  the  delays 'k increase monotonously with k, the  maximum 
delay difference between two paths is 

Tn = r~ - 71 . (5.3.3) 

TM is termed multipath spread of the radio communication channel. 
AS an  exampie. in Fig. 5.3.1 the impulse response of a radio communication channel with seven paths 
and with 

& = 1. k = 1...7, ( 5 . 3 . 4 )  ' rk lps  = 2 ( k - 1 ) ,  k = 1...1 (5.3.5) 

is shown. With (5.3.5). expression (5.3.3) yields 
Tn = 12 w. (5.3.6) 



1-11 

Fig. 5.3.2 shows for this  exampie the  real par t  and the  imaginary part of the  transfer function H(f) in the  
range If1 4 1MHz. i t  can be seen t h a t  X(P) fluctuates considerably with frequency and t h a t  the fine s t ructure  
of X(f) approximately corresponds with the reciprocal value 

of the  multipath spread TM. 
The frequency selective fluctuations of the  transfer function x(f) caused by muitipath reception give rise to 
amplitude and phase distortions of the  transmitted signals if the signal bandwidth 8 exceeds a certain limit. 
Such distortions have t o  be taken into account if the signal bandwidth B comes into the order of the  recipro- 
cal multipath spread 1iTM. On the  other side, if the signal bandwidth B is fa r  below 1/Ty, (5.3.2) yields a 
transfer function H(f) which can be considered practically not frequency dependent for th i s  signal. In this  
case the  channel i s  termed frequency non-selective. 
The multipath reception i s  time var iant  if the  properties of the  communication medium and the positlons and 
aspect angles of the reflecting objects relative to  the  transmitter and receiver vary with time. This situation 
can be modelled by assuming the  complex amplitude coefficients gk in (5.3.1) to  be time dependent, i.e. 

1/T# = 0.003 MAz (5.3.1) 

Q = !&(t) , k = 1 . . . K  . (5.3.8) 

By this  dependence an  time also the  effect of time var iant  delays 7k can be covered as long a s  the  delay va- 
riations a re  small in comparison to  the  reciprocal signal bandwidth 1 i B  which i s  assumed in  what follows. 
Hence, the  7k can be se t  Constant as in the case of non time variant multipath propagation. On account of 
(5.3.8). the impulse response and the  transfer function become time dependent, and the  designations h(.r;t) 
and x(f;t) are  introduced. Also these time var iant  quantities a re  related with one another by Fourier trans- 
formation: 

* 

d.r, (5.3.9) h_(T:t)  = J' E ( f ; t ) e j z n f T  d f .  (5.3.10) - jZnfr  E ( f : t )  = J h ( r ; t ) e  
-D1 -D1 

As  a simple example, a sinusoidal signal with constant frequency fo+r, f '<<fo,  and amplitude A i s  fed into 
the  radio communication channel which is time var iant  according to  (5.3.9) and (5.3.10). This signal has  the  
complex envelope 

u(t) = Ae (5.3.11) j h f ' t  

and the  Fourier transform 
U ( f )  = A 6 ( f  - f ' )  . (5.3.12) 

The low pass equivalent of the  signal received at the  channel output takes  t h e  form 

(5.3.13) j 2 m f ' t  y ( t )  = AE(f ' : t )e  
in the  time domain and 

j 2 m f ' t  .-jZnft dt !(f) = J' A & ( f ' ; t ) e  -- (5.3.14) 

in the frequency domain. The expressions (5.3.13) and (5.3.14) show t h a t  in  the  case of time var iant  multi- 
path reception a transmitted unmodulated carrier signal generally causes a received signal with amplitude and 
phase modulation. If t h e  transmitted signal is a modulated bandpass signal with complex envelope g(t) and 
frequency domain low pass equivalent u(f), the  complex envelope of the  received signal becomes 

m m 

v( t )  = J' b(T:t)u(t  - 7 )  d r  = j n ( f : t ) u ( f ) e  j z n f t  d f .  (5.3.15) 
- m  -.1 

The corresponding low pas?. equivalent of the  Fourier transform of t h e  received signal v(t) is - 
m m =  

(5.3.16) jZnt(X-f) dh dt .  y ( f )  = E(t)e ' jznf t  d t  = j J' E(h;t)!(a)e 
-a t=-- x=-. 

if the  functions of time !3k(t). see (5.3.8), and the  delays Tk are known, the  received signal can be calculated 
for any transmitted signal in a deterministic way. In practice, usually the  functions &(t) are  not known. 
However. if not too large time intervals a re  considered, the  &(t) can be regarded a s  stationary stochastic 
quantities with known stat is t ic  parameters. This point of view will be adopted in what follows. 
TO each of the  quantities &(t) a complex time covariance 

(5.3.11) a ( k : n t )  = 5 1 E ( Q ( t ) & ; ( t  + a t ) ) ,  k = 1 . . . K  

can be attributed. The real value py(k;O) is a measure of the  average intensity of the  signal propagating 
along path number k.  The absolute value pp(k:nt) of eT(k;nt) tends to decrease with increasing I n t i .  The more 
rapidly &(t) fluctuates with t. the fas te r  i s  this decline of pT(k;nt) with increasing I a t l .  Hence, the width of 
pT(k;nt) with respect t o  a t  is a measure of the  fluctuation ra te  of the  channel properties. 

A further quantity to characterize stochastic muitipath reception is the  complex frequency crosscovariance 

(5.3.18) 

In what fallows the  at tenuat ions and phase shif ts  of the  path me11 ... K l  and the  path ne11 ... K i ,  n+m. a re  
assumed t o  be uncorrelated. This is the  case of uncorreiated scattering. in th i s  case, with the  time dependent 
complex amplitude coefficients I&(t), see  (5.3.8), 
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holds. The expression (5.3.19) shows tha t ,  in the case of uncorrelated scattering, p ~ ( f 1 ; f z : a t )  according t o  
(5.3.18) does not depend on the  frequencies f i  and f2 themselves but only on their difference 

nf = f l  - f 2  . (5 .3.201 

By substituting (5.3.19) and (5.3.20). 

- j 2nnf q K 
1 p p ( k ; ~ t l e  

k = l  
K 
1 pp(k;O) 

k=l 

(5.3.21) m ( n f ; n t )  = 

is obtained from (5.3.18). For vanishing nf and at  the  value of pJ(nf;nt) is one. This value is also the 
maximum absolute value pF(af:nt) of ep(nf;nt). If nt i s  kept equal to zero and lnfl i s  increased, p ~ ( d f ; O )  f i rs t  
decreases, with a subsequent transition into more or less irregular fluctuations. Usually an  explicit Rain lobe 
of PF(AP:O)  with respect t o  nf can be stated. (5.3.211 shows t h a t  the complex frequency crosscovariance 
& " t a t )  and the complex time covariance py(k:nt). except for a normalization, are related by Fourier trans- 
formation. With regard t o  ?=TI ... T K  which is represented by k in eT(k;nt), the  functions eT(k:nt) cover a time 
interval of duration TM. see (5.3.3). Therefore, the main lobe width of the frequency crosscovariance m(~.f;O) 
w i t h  respect to nf is in the order of I/TM. If TM is small, the  fluctuations of €J(f:t) a s  a function of f a re  
less frequent than in the case of larger TM. 

For a given nf, the absolute value pF(AP:nt) decreases with increasing let1 and tends towards zero. The faster  
the  radio communication channel fluctuates, the faster this decline. The reciprocal value of the width of 
PF(O:nt) with respect t o  at  is an approximation of the Doppler spread BD /11/ which quantifies the spectral 
widening of a sine signal by the time variant multlpath channel. The width of PF(O:At) with respect t o  n t  is 
approximately the  time which elapses until the  properties of the radio communication channel have completely 
altered. The product 

L = T ~ B D  ( 5 . 3 . 2 2 )  

of the muitipath spread TM and the  Doppler spread BD is termed spread factor / l l / ,  it is desirable t h a t  the  
spread factor L is small. 
A plausible assumption for the probability density functions of the  complex amplitude coefficients &(t)  is 
tha t  their real and imaginary Parts a re  statistically independent Gaussian variables with zero mean value and 
with the variances q2, k=1 ... K. The following considerations a re  based on this  assumption. With 

& ( t l  = 8kr t jSki ,  k = l . . . K ,  ( 5 . 3 . 2 3 )  
for the joint probability density functions of the real and imaginary parts 

is obtained. Concerning the fluctuations of the coefficients &(t l  with time, a process with the  two sided 
spectral power density 

(5.3.251 f 
80 

S k ( f )  = Nk.rect(-) , k = 1 . . . K  

is presupposed. In this  expression Nk is a constant which Is typical for each k. Bo is assumed equal for a i l  
k.  Then 

( 5 . 3 . 2 6 )  
2 mk = B o ' N k  , k = 1 . . . K  

holds. Inserting (5.325)  into (5.3.17) yields 

sin (nB,pt)  
m ( k ; n t )  = m 2  (5 .3.27)  k -Boat 

By substituting p p ( k ; n t )  according to  (5.3.27) into (5.3.211 one obtains 

(5 .3 .28 )  

k=l  A 

In what follows, as an example a communication channel with K=7, B,=0.5 kHz and with the  further data  
shown in Table 5.3.1 Is considered. 

k 1 2 3 4 5 6 7  
,k2 1 2 3 4 3 2 1  

TkfPS 0 2 3 5 7 1 1 1 2  

Table 5.3.1. 

For this channel Fig. 5.3.3 shows the  real and imaginary parts of t ~ ( a f ; O )  versus nf. I t  can be recognized 
tha t  the main lobe width of m(bf;O) with respect to nf has  the  order of the  reciprocal multipath spread 

Data of an exemplary radio commnnlcation channel 
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I/T~=0.083MHz. Fig. 5.3.4 shows for the same channel m(O:nt) as a function of A t .  Purely real values a re  
obtained I t  can be s ta ted t h a t  the  reciprocal value of the  width of pF(O:At) with respect to A t  is on the  
order of B,=0.5 kHz. Hence, the  bandwidth Bo i n  (5.3.25) approximately corresponds to  the Doppler spread BD. 

5.4 lmvact of multipath pronagation on communication and advantages of wide band systems 

Based on (5.3.1) and (5.3.8) the  equivalent low pass model shown in Fig. 5.4.1 can be established for the  
muitipath radio communication channel. This model consists of a delay line with ti taps. of K multipliers and 
of a summing device. The distance of the  K t aps  from the  input of the  delay line corresponds to  the 
propagation delays 7k, k = l , , , t i .  The multipliers multiply the  tap signals with the  complex amplitude 
coefficients &k(t). The summing device adds together all K products. The model shown in Fig. 5.4.1 is a time 
var iant  transversal filter. The Impact of multipath propagation on the  transmitted signal forms &(t) is 
equivalent to  transmitting the signal forms tI,(t) over th i s  filter. By the  filter, the  transmitted signal form 
- um(t) is transformed into the  signal form 

which is available a t  the  receiver imput. 

In section 5.3 the  Doppler spread BD of the  radio communication channel has  been introduced. The larger the  
Doppler spread ED. the  more rapid the  fluctuations of the  parameters of the  transversal filter. If the  duration 
T and the  bandwidth B of the used signal form s e t  { s l ( t )  ... s M ( t ) i  fulfill the  conditions 

T < <  l/BD (5.4.2) and B > >  BD, (5.4.31 

the  time varying parameters of the  f i l ter  can be considered constant during the  transmission period T of each 
signal form s,(t). Therefore, the  time variance becomes manifest only in a change of the  filter parameters 
from signal farm to signal form. The time variance i s  caused by movements of the  transmitter, of the  receiver, 
of reflecting objects. of atmosphere layers etc. Those processes a re  relatively slow, and a reasonable maximum 
value of BD would be some kHz. On the  other side, in modern communication systems frequently T is 
considerably below i m s  and B is considerably larger than 1 kHz. Therefore, t h e  conditions (5.4.2) and (5.4.3) 
a re  assumed to  be fulfilled in  what follows. If these conditions are not fulfilled, the  transmitted signal forms 
are  altered by the  channel to  such an  extent  t h a t  successfull detection a t  the  receiver is scarcely possible. 
Besides the  Doppler spread BD, another important global parameter of the  multipath channel i s  the  multipath 
spread m, see (5.3.3). With regard to the  channel, a s e t  of signal forms < s i ( t )  ... sm(t)t with bandwidth B can 
be classified a s  narrow band or wide band according to  t h e  following criterion: 

B < (  1ITn + naKKOW band ( a ) .  B > >  1/Tn - wide band (b ) .  (5.4.4) 

Sets of signal forms which fulfill none of the  conditions (5.4.4) are medium band sets. In what follows, t h e  
explicit narrow band and wide band cases a re  considered. In th i s  consideration i t  is assumed t h a t  t h e  complex 
amplitude coefficients @(t)  are zero mean Gaussian variables according to  (5.3 24) and t h a t  a i l  K coefficients 
- ilk(t) have equal variance, Le. 

wk = on, k = 1...K. (5.4.5) 

The interference i s  assumed to  have constant two sided spectral power density No/2 within the  bandpass 
range F of the  se t  of signal forms is l ( t )  ... s M ( t ) t  and to  be Gaussian, see (3.1.3) and (3.1.4). 

In the  narrow band case, see (5.4.4a). al l  K t ap  signals in the  filter shown in  Fig. 5.4.1 a re  practlcaliy equal 
and cannot be Individually identified at t h e  filter output. Hence, the approximation 

u (t - T I = u ( t )  (5.4.6) 
a0 k - m  

is adequate. Substituting (5.4.6) into (5.4.1) yields 

If. in t h e  sense of optimum detection, -(t) i s  correlated with &(t) at t h e  receiver, a correlation signal 
having power 

(5.4.8) 

is obtained. with E, the  energy of the  signal form sm(t), see  (2.3.9). The power of the  interference a t  t h e  
correiator output is 

T/Z 

(5.4.9) No %(t)  s(t) d t  = %.No. 

-TI2 

From (6.4.8) and (6.4.9) follows the  SNR 

(5.4.10) 

a t  the  correlator output  if the  signal form sm(t) is transmitted. The sum in (5.4.10) consists of K random 
variables &. Therefore, 7 is also a random variable. In the  case considered here, i.e. zero mean Gaussian & 
with variance oO2, the  expectation and variance of r can be calculated in  closed form I lW:  
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El71 = 7 = --2K00, 2% 2 (5.4.11) and Varlyl = (-) 2% 2 .4K 2 e,,. 4 15.4.12) 
No No 

In the wide band case. see  (5.4.4b1, the  simplification (5.4.6) i s  no longer allowed. Therefore. the  signal form 
a t  the receiver input i s  

if the signal form &,,(t) i s  transmitted. In the wide band case exists the possibility to identify the  individual 
tap  signals a t  the  filter output by properly designed receivers. and t o  exploit this  knowledge to combat 
degradation due to multipath reception. AS a basis for such an  identification, the  actual channel impulse res- 
ponse h(7) can be estimated by sounding signals i 14 i .  If the  actual channel impulse response &(.) is known at 
the receiver. the receiver input signal h ( t ) .  in the  sense of optimum detection, can be correlated with the  
exact reference. In practice, such a receiver may consist of a bank of matched filters for the  signal forms 
- u,(t). m = 1  ... M. The output signal of the m-th matched filter has peaks proportional to  @l ... @K a t  the  time 
instants  T I  ... TK if the  signal vm(t) according to (5.4.13) i s  received. We get an optimum detector for a multi- 
path radio communication channel by sampling the  output signal forms of the  M matched filters a t  the time 
instants  T I  ... IK, by multiplying these samples with @I* ... @K*, and by calculating the  sum of these weighted 
samples to obtain the total correlation signai. Such a receiver has  been termed a RAKE receiver l l 5 i .  

AS a presupposition for the  correlation, the  wide band signal forms u,(t), m = l  ... M, are assumed to  have a 
n a ~ r o w  autocorrelation function without sidelobes, i.e. 

2E for A t  = 0 ,  

0 e l s e .  
(5.4.14) P 1 %(t)g(t t A t ) d t  = 

T i n t  
where E, i s  again the energy of the signal form s,(t). Then, the  total correlation signal has  the  power 

The power of the interference is 

Tint 
From (5.4.15) and (5.4.16) the  SNR 

K 2  
4Ei [ E 8; ] 2Em K k=l 

K 
2E,N0 L 0;  

k=l 

E 8:. = _ .  
No k=l 

7 =  

(5.4.15) 

(5.4.16) 

(5.4.17) 

is obtained. Also in the wide band case. 7 is a random variable. The sum expression in (5.4.17) consists of 
Rayleigh distributed quantities of equal expectation and variance. Also in this  case, t h e  expectation and 
variance of 7 can be calculated i l 3 l :  

(5.4.19) 2 4 Var(7) = (-1 .4Koo. 2 E(7) = 7 = --.2Koo, (5.4.18) 
O No No 

A comparison of the expressions (5.4.11) and (5.4.18) shows t h a t  the  average SNRs 70 are  equal in the  narrow 
band and wide band case. A comparison of the expressions (5.4.12) and (5.4.19) shows t h a t  the variance 
Var(7) of the SNR in the wide band case is smaller than in the  narrow band case by a factor of K. 
I t  i s  well known t h a t  the symbol error probability Pe for a fixed average SNR yo is a l l  the  smaller, the  
smaiier the fluctuations of 7 around 7a. A manifestation of this  fact is the  increase of jamming efficiency by 
pulse jamming instead of CW jamming /9/. Consequently, for equal average SNR yo .  the  symbol error probability 
in the wide band case, on account of smaller variance Var(7). Is smaller than in the  narrow band case. Thls 
wiii be illustrated by an example. 
The case M equal 2 and 

sl( t )  = -s2(t)  (5.4.za1 
is considered. In this case. with 

E. = E, m = 1.2. (5.4.21) 
the  Poliowing expressions a re  obtained for the symbol error probabilities l 6 i :  

pe = erfct-1 ( ide*l  channel, narrow band (5.4.22) 
or wide band system) 
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Pe = 1 (1-J70/12+70)) (multipath channel, narrow band system) 
(5.4.23) 

K K-1 
p = (") ?-Fk) (?Ik (multipath channel, wide band system) 

k=O (5.4.24) e 

with 
P = J 70/(ZK + 7 0 )  . (5.4.25) 

In Fig, 5.4.2 Pe versus io i s  depicted for the three cases (5.4.22), (5.4.23) and (5.4.24). i t  can be s ta ted t h a t  
the  symbol error probability Pe is minimum For the ideal channel independently of the  system being narrow 
band or wide band. For the  multlpath channel. the wide band system, due to i ts  lower symbol error 
probability Pe, has a clear advantage over the narrow band system. 
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m e 8  E a g  e M - o r y  d i g i t o l  m e s s  (I g e  

c o m m u n i c a t i o n  system s i n k  s o u r c e  

1 / T  1 / T  1 / T  

Basic structure o f  the  M-ary communication system Fig. 2.1.1. 
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transmitted message received message 

Ht Hr 

Fig. 2.1.2. Transition diagram of the 
M-ary communication system 

t r a n s m i t t e r  r e c e i v e r  

1 / T  

Fig. 2.2.1. Physical structure o f  the M-ary radio communication system 

Fig. 2.2.2. Constellation o f  the bandpass 
ranges Fm which form the 
total bandpass range F L A  

Fig. 2.2.3. Fourier transform of a narrow band signal form s,(t) of duration T and carrier frequency fo 
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c o s ( 2 n f o t )  

I 

- - s  i n ( 2 n f  t ) 4 
1 / T  N / T  

Fig. 2 .4 .1 .  Basic d i g i t a l  t ransmi t te r  

F i g .  2.4.2. Basic d i g i t a l  rece iver  

M  orr re la tars 

I I I I I 

N / T  

Fig. 3.2.1. Correlat ion de tec tor  
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Fig. 3.3.1. Symbol error probability Pe versus 

E(I-P)/N, for M=2,4,8,16 
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Fig. 4.4.1. 0/180°-PN-PSK 
a)  bandpass signal form s,(t) 
b) samples gmn 

Fig. 4.4.2. PN-MSK 
a )  bandpass signal form s,(t) 
b) samples umn 

4 -3 
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Fig. 5.3.1. Impulse response h( r )  o f  a r a d i o  
~ + Z P S ~ ~  1 1 1 , 

, 
I communication channel 

r 1  T7 

. 5.3.2. Real and imaginary p a r t s  of t h e  
t r a n s f e r  f u n c t i o n  H ( f )  of t h e  
channel w i t h  _h(r) according t o  
Fig.  5.3.1 

- 1 .  -0.5 0. 0.5 1 .  

11 +f;u) 

1. Fig. 5.3.3. Real and imaginary p a r t s  of 
- PF(af;O) versus af 

0. 

- 1. nflMHz - 
-0.5 0. 0.5 

/ _ P , ( a ; d )  
. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .  
. Fig. 5.3.4. fF(O;nt) as a f u n c t i o n  o f  a t  
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I ) Fig.  5.4.1. Low pass model of t he  mu l t i pa th  

rad io  communication channel 
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. I  

0 1  
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0 1 0  20 30 4 0  

Fig. 5.4.2. Symbol e r r o r  p r o b a b i l i t y  versus fn - 
curve 1 : mu' l t ipath channel, narrow band system 
curve 2,3,4 : mu l t i pa th  channel, wide band system, K=2,3,4 paths 
curve 5 : idea l  channel, narrow band o r  wide band system 
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CARACTERISTIQUES DES CANAUX UTILISES 
POUR LES TRANSMISSIONS A GRANDES BANDES SPECTRALES 

Partie 1 : MODELISATION DES CANAUX 

CHARACTERIZATION OF CHANNELS USED 
FOR WIDEBAND TRANSMISSIONS 

Part I : CHANNELS MODELING 

C. GOUTELARD 
Laboratoire d’Etude des Transmissions Ionospheriques 

Universite Paris-Sud 

RESUME 

On examine dans cette premiere partie les canaux de transmission de l’environnement terrestre que I’on 
caractkrise par une modklisation. 

Aprks avoir rappelt! les phhomknes directeurs de la propagation, la modklisation mathkmatique generale 
est decrite. 

I. - GENERALITES - 
La propagation dans l’environnement terrestre se fait h travers un milieu nature1 sur lequel l’homme n’a pas 
ou a trks peu d‘influence. I1 doit l’accepter c o m e  il s’impose et corriger les effets g&nants qu’il introduit. 

Dans la partie infkrieure de l’atmosphkre, la troposphkre, h laquelle on assigne une altitude maximale de 
I’ordre de lOkm, la propagation est essentiellement influencke par la tempkrature, la pression et la teneur 
en vapeur d’eau qui modifient l’indice de refraction et par les diffkrentes molkcules et qui, A partir de 
22,3GHz, introduisent des raies d‘absorption entre lesquelles des fenetres de propagation apparaissent. 

Actuellement, les fen&tres A 3SGHz et 94GHz sont exploitkes. Les particules en suspension, les 
hydromkteores font apparaitre des phhomhes  de diffusion et entrainent des absorptions qui peuvent 
devenir trks importantes. 

Ces effets s’attknuent en fonction de l’altitude et deviennent faibles dans la mksosphkre et trks faibles dans 
la stratosphkre. 

A des altitudes supkrieures A environ 5 5 h ,  I’ionisation des molkcules, provoquke essentiellement par le 
rayonnement solaire change I’6tat du milieu qui devient fortement dispersif et dont l’indice devient 
inferieur h 1. A cette altitude commence l’ionosphkre qui s’ktend jusqu’h plusieurs rayons terrestres, zone 
de jonction avec I’exosph2re. 

Le sol constitue une surface de skparation ob des phknomknes complexes prennent naissance. 
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Mis A part le cas encore exceptionnel de communication entre des engins interplanttaires ou interstellaires, 
les ondes transitent A travers une ou plusieurs des zones qui viennent d'etre dkfinies. 

Les phknomhes de propagation particuliers qui rkgissent la propagation des ondes font qu'elles subissent 
des dtformations qui nuisent A leur bonne transmission. L'klargissement des bandes utiliskes est rendu 
ntcessaire pour certaines catkgories d'applications comme le radar ou la radionavigation a h  d'accroitre la 
prtcision des mesures, ou pour amkliorer I'efficacitk des transmissions. 

Cet klargissement, outre les problhes  de hrouillage qu'il entraine, donne aux imperfections du canal des 
aspects particuliers. 

L'objectif de cette prksentation est de signaler les effets et de rappeler les modklisations adoptkes pour le 
canal. 

11. - EFFETS DUS A LA PROPAGATION - 
Une knumkration des effets est effectuke, sans dktailler les causes qui sont reprises dam les prksentations 
spkcifiques du cycle de conf'6rences. 

11.1. TRLTETS MULTIPLES 

Les propagations se font rarement de I'kmetteur au rkcepteur par un seul trajet, mais le plus sowent, 
par diffzrents chemins ouverts A I'onde. Chaque trajet est caractkrisk par son temps de propagation et 
le dkcalage doppler qu'il subit A cause de la non stationant6 du milieu de propagation ou de la 
mohilitt des extremitks de la liaison. 

Les retards les plus importants sont obtenus dans les liaisons ionosphkriques dont la figure la donne 
un exemple sur une liaison de 600h. 11s sont de I'ordre de quelques millisecondes et peuvent 
atteindre 10m. L'existence de ces trajets rksulte de la rkflexion des ondes dans les diffkrentes rkgions 
de I'ionosphere E ou F et du nombre de bonds pouvant assurer la liaison. 

Dam les communications en zone urbaine qui fonctionnent A des frkquences de plusieurs certaines de 
MHz, et dont la figure l b  donne un exemple [l], les retards sont de quelques /.I secondes et peuvent 
attein&e 10 ps. Ces trajets sont causks par les rkflexions sur le sol ou sur les obstacles proches comme 
les immeubles. 

LE tableau 1 rksume les principaux types de liaisons et leurs caractkristiques. 

L'effet des trajets multiples est d'introduire, par les interfkrences entre les diffkrents rayons reps,  des 
fluctuations du signal. Ces fluctuations sont caractkriskes par des lois de variations de types Rice, 
Nakagami ou de Rayleigh. 



Types de 
liaisons 

Liaisons 
ionosph6riques 

Liaisom 
urbaines 

Faisceaux 
Hertziens 

Liaisons 
Sol Air 

Liaisons 
satellites 

Diffusion 
troposphkrique 

R.5flexion 
meteoritique 

Gamme de 
frkquences 

3 - 30MHZ 

typiquement 

10 GHz 

3MHZ - lGHz 

1A35GHz 

quelques GHz 

< 60MHz 
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TABLEAU 1 

Etalement des 
retards 

5ms < - lOm 

5 f is  5 lops 

10 ns 

10 m 

99 ns 

300 ns 

Souvent il 
n’existe qu’un 
trajet 

Causes 

Modes de propaga- 
tion reflexion sur 
les regions E-F 

Reflexion sur 
immeubles 

Reflexions sur le 
sol 

Rtflexions sur le 
sol 

Inhomog6neitk de 
l’ionospshere 

HetQogeneite de 
l’atmosphere 

Reflexion sur les 
trainees ionisees 

11.2. DISPERSMTE DES CANAUX 

La dispersivit.5 due A la variation de la fonction de transfert en fonction de la frkquence est caude par 
les trajets multiples et par la selectivitk de certains phenomenes. Le plus important est la variation de 
l’indice de refraction de l’ionosphere qui est fonction de la frequence, mais les phenomenes de 
diffusion et de diffraction sont egalement - A un degrC moindre en gkneral- dispersifs. 

11.3. POLARISATION DES ONDES 

La polarisation des ondes varie lors de la propagation soit A cause de reflexions, de diffractions ou de 
diffusions qui modifient les polarisations, soit A cause du milieu, comme c’est le cas dans l’ionosph2re 
oa l’anisotropie due au champ magnktique terrestre induit deux modes de propagation -0rdinaire et 
extraordinaire- qui se propagent, dam le cas gknQal, selon des polariatiom elliptiques. 
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11.4. ABSORPTION NON SELECl'IVE. NON STATIONNAIRE 

Des absorptions non sklectives, c'est-&-dire affectant une large bande frkquentielle se produisent, 
parfois avec des variations rapides. Le cas le plus typique est celui des liaisons mobiles oh le signal 
peut fluctuer en fonction des effets de masque dus au relief, mais il peut &re cause par des trajets 
multiples dont les retard relatifs sont faibles vis-&-vis de l'inverse de la bande du signal. 

11.5. PHENOMENES PARTICULIERS 

Des phenomknes particuliers apparaissent caus6s par des anomalies du milieu de propagation. Ainsi, 
observe-t-on des changements bmsques de la phase dans les liaisons ionospheriques sous l'influence 
de perturbations d'origine solaire. Dans les liaisons au voisinage du sol, des modes peuvent appraitre 
par r6flexion sur un mobile en mouvement. 

Ces phenomhes, bien que varies peuvent halement Ctre dEcrits par un mod&le general linkaire et 
non stationnaire. Nous donnerons une definition de ce modkle et nous pourrons en dkduire la 
caract6risation des canaux. 

On ne considerera pas les phenomknes particuliers non lineaires tels que I'intermodulation par effet 
Luxembourg ou la modification de l'ionosph6re par chauffage Clectromagnktique. 

111. - MODELISATION DES CAh'AUX LINEAIRES NON STATIONNAIRES - 
111.1. DEFINITION 

Ces canaux sont repr6sentCs par un filtre linkaire dont les caractkristiques sont variables dam le 
temps. 

Au voisinage d'une frkquence fo, l'enveloppe complexe du 
signal de sortie s(t) est like 2 celle du signal d'entree e(t) par 
l'enveloppe complexe de la reponse impulsionnelle 
bitemporelle du canal h(t,r): 

s ( t )  = e ( t  - 7 )  h ( t , 7 )  d7 

(1) 

h(t,r) est dkfinie c o m e  l'amplitude complexe a l'instant t de la rkponse du canal a une impulsion 

J UJo I1 - 7'1 e a ( t )  = 6 (t - T) e 

La rkponse du canal & une impulsion d'entrke emise & l'instant t l  et d'enveloppe complexe : 



est donc donnee par 

$(t) = h(t, .t - tl) 

c o m e  le montre directement la relation (1). 

Si le canal est stationnaire h(t,r) est invariant dans le temps et h(t,t) = ho(r) est la rbponse 
impulsionnelle classique du canal. La relation (1) s'kcrit alors 

s(t )  = l e ( t - z ) . h ( . ~ ) . d r  = e l t ) *  h(t) 

oh x(t) y(t) dknote le produit de convolution - ou intkgrale de convolution, entre x(t) et y(t). 

I1 est habituellement donne une description du canal A l'aide d'une ligne B retard representee sur la 
figure 3. 

Y 

Le signal de sortie est donne par la relation s(t )  = 1 e (t - n A e). h I t ,  n d r) . A z 

qui donne bien l'expression (1) en introduisant l'intkgrale de Riemann. Dans le cas oh les signaux sont 
causaux alors (1) peut se rkduire B 

t 

= e (t  - r). h l t ,  t) . ,4= 

111.2. TRANSFORMEES DE FOURIER DE LA REPONSE IMPULSIONNELLE r r l  

IIL2.1. DESCRIPTION RETARD DOPPLER 

Si l'on introduit la transformee selon t de,la rkponse impulsionnelle 

J 
-00  

v t  
que n o u  noterons D ( v , ~ )  - h ( t , c )  

J- OI 
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La relation (3) montre que s(t) peut &re reprtsentk c o m e  une somme de signaux retardts, affect& 
d'un effet doppler et ponderts par la fonction D( y ,  T )  appelke fonction de diffusion qui reprtsente la 
dispersivite temporelle et frequentielle du canal. 

Si on choisit un signal d'tmission impulsionnel, alors d'aprbs (1-b) 

s a ( t )  h(t, Z = t - t , )  = s g ( t ,  t , )  

et d'apres (2) 

La fonction de diffusion se determine donc par la transformee de Fourier d'un ensemble de rtponses 
du canal A une suite d'impulsions. 

Les fonctions representtes sur la figure 1 sont des fonctions de diffusion. 

111.2.2. DESCRIPTION TEMPORELLE FREOUENTIELLE 

Si I'on definit 
E(Q '-2 e(t) 
H(t,f) '+f h(t,r) (4) 

Alors, apres un calcul simple 

s ( t )  = I, E ( f )  H ( t , f )  e J Z n "  df 

(5)  

Cette relation qui relie le signal de sortie au spectre du signal d'entrte permet de mesurer facilement 
la fonction de transfert du canal variable dans le temps. La relation ( 5 )  suggere en effet de poser : 

oh S(t,f) est le spectre instantan6 du signal de sortie. 
La fonction de transfert du canal est alors obtenue en tmettant un signal A spectre uniforme sur la 
bande trudite E(f) = Eo et : 

S(6O = Eo W,f) 

S(LO = E(O W.0 
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La figure 4 donne un exemple de fonction de transfert mesuree sur une liaison ionospherique de 
soookm [Z]. 

111.2.3. DESCRIPTION FREOUENTIELLE - DOPPLER 

De la reIation (5) 

En posant 
Y t  c c  F ( v , F )  - H(t , t l  c-) h ( t , r )  

F( y ,f) relie le signal de sortie au signal d‘entree dans le domaine bifrequentiel et apparait de fason 
duale avec h(fr)  qui rkalise les m2mes grandeurs dam le domaine bitemporel. On peuf figure 5, 
ktablir pour F(y,f) un schema similaire au schema de la figure 4. 

Il est simple de voir que F( Y .f) est la transfonnke de Fourier, par rapport T ,  de la fonction de 
diffusion D(r, y ) si bien que h(t,s) se trouve lie aux differentes transfonnkes selon le modele 
schematisk sur la figure 6. 

Cette notion &tablie dans le cadre simple d‘un signal complexe se transpose simplement dam le cas de 
signaux multidimensionnels. 

111.3. MODELES ALEATOIRES 

Lorsque les canaux prksentent des variations alkatoires, il devient nkcessaire d‘en donner une 
representation statistique. On utilise en general une modelisation au second ordre, qui, si elle est 
complete pour les signaux gaussiens est souvent partielle pour les signaux reels. 

Le signal r e p  est caract6rise. au second ordre par la correlation temps retard 

oh E[x] est l’espkrance mathhatique 
et d’apres (1) 

rs(t,t’) = E[s(t) ~‘(t’)] 



Oil 

Si les propriktes du signal et du canal sont invariantes par translation dam le temps, on dit que le 
s y s t h e  est stationnaire et 

~ rs(Af r ,  7 ’ )  = E [S(t) S*(t  -At)] 
OGAt=t- t ’  

Les propriktks du canal sont donc dkcrites par rh(t, T ,  t’, r’) qui est la fonction d‘autocorrklation de 
l’enveloppe complexe de la rkponse impulsionnelle du canal. 

Les mtme considkrations peuvent &tre appliquees aux transform& de Fourier de h(t,r) dkfinies 
preckdemment, et on montre que les corrklations rH, rD, rF des transformkes H, D, F sont relikes par 
des transformkes de Fourier ?I deux dimensions selon le schema represent6 sur la figure 7. 

III.3.1. HYPOTHESE OUAS I STATIONNAIRE. CANAUX STATIONNAIRES AU SENS LARGE 

Les canaux ne sont jamais stationnaires, mais si on peut les considerer c o m e  tels pendant une 
p6riode de  temps dktinie, on dit qu’ils le sont au sens large (Wide Sense Sta t ionq  “WSS’). 

Oil 

reprksente une densitk spectrale de puissance. 

Dam un certain nombre de cas, on considkre que les trajets multiples sont d6correles. Cette hypothhe 
est valable pour les cas oil les trajets multiples peuvent etre sbparbs. 

Les canaux sont alors qualifiks de stationnaires au sens large ?I diffuseurs non corrkMs (Wide Sense 
Stationary Uncorrelated Scattering “WSSUS”). 

0nmontrealorsque[31 r h  ( A t ,  c, P) = I?& ( A t ,  r). S r r - c O  
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Les fonctions P apparaissent comme des densites et sont relikes entre elles par le schema bloc de la 
figure 8. 

Ces derrieres relations montrent que le canal est consider6 dans ce modele stationnaire au sens large 
dans les domaines tempore1 et frequentiel. Dans l'espace ( y , r)  la fonction de diffusion est 
representee par des impulsions de Dirac dans I'espace des retards puisque les trajets sont suppos6s 
dQorrCl6s. 

De cette constatation dkcoulent les rksultats gkneraux . 

La relation entre r,(of,ot) et Ph(bt, 7 )  se dkduit des tableaux precedents 

La fonction de transfert H(t.9 &ant non stationnaire, on sait que r,( d f, b t) qui est sa fonction de 
correlation rend compte de ces variations. 

On appelle bande de coherence la difference maximale entre deux frequences pour lesquelles les 
signaux transmis ont des amplitudes complexes suffisamment correlkes. Ce paramktre important qui 
fixe les limites des bandes utilisables ou les decalages frkquentiels minimaux pour assurer une 
dkcorrklation en diversite de Mquence, est dkfini B partir de rH(Pf,dt). 
Si les deux signaux sont emis simultanhent, At = 0 et 

La bande de coherence est difinie par Bcoh telle que 
rH(Bcoh, 0) = 0.5 r,(O,O) 

IV. - CONCLUSION - 
L a  caractensation des canaux lineaires non stationnaires a &e faite avec des formalismes puissants qui 
permettent de les definir par leur caracteristiques temps - frequence mais aussi par des paramktres 
statistiques pour les canaux alkatoires. 

Les praticiens, souvent utilisent des modeles plus simplifies encore qui s'appuient souvent sur les 
hypotheses WSSUS. On peut citer le modele general de RUMLER et ses variantes, pour les liaisons 
ionospheriques le modkle de WA'ITERSON et pour les modkles urbains ceux d'EGLI, d'OKUMURA- 
HATA, d'IKEGAMI et d'IBRAHIM - PARSONS, qui ne peuvent &re d&aill& dans cette presentation 
gCn6rale. 

I1 faut cependant remarquer que le problhe de la modelisation demeure ouvert B cause des difficult& 
qu'on les experimentateurs pour couwir la grande diversite des cas reels. 
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Figure 1-a :Canal ionosphkrique 

Figure 1-b (d'aprbs C 1 1 )  : Canal urbain 
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TF temporelle -I/ 

FIGURE 6 

Relationsentre la rbponse impulsionnel le 
et sos transformhas de Fourier 

TF Transformhe de Fourier directe ou inverse 
DTF Transformhe de Fourfer 2 dimensions directe ou inverse 
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FIGURE 7 

Relations entre les autocorrilations des 

transformhes de Fourier de la re’ponse impulsionnelle 
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Relations entre les fonctions de corr6lations dans 
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Propagation limitations for transionospheric systems from 10 to 300 GHz 
A. Vander Vorst, D. Vanhoenacker 

Hyperfrequences U.C.L. 
Bztiment Maxwell - B-1348 Louvain-la-Neuve 

Belgium 

Abs t r ac t  

Broadband characterization of the transionospheric propagation channel requires an investigation of physical phenomena 
which are often neglected, and, in particular, the frequency dependence of the parameters of the link. It may he due to  
water vapour, liquid water, and timedependent inhomogeneities. The 10-100 GHz band is investigated with an emphasis on 
the 20-30 GHz band, and some indications for higher frequencies. Atmospheric turbulence is especially looked a t ,  because 
it yields fluctuations of the refrative index, leading to  amplitude, phase, and angle-of-arrival variations on the signal. A 
model developed by the authors is presented. It takes into account the various parameters of the link : frequency, dielectric 
constant, losses, antenna diameter, inhomogeneity size and altitude. The influence on actual signals is discussed, as well 
as frequency response, impulse- and step-response, and group delay. 

1 Introduction 

1.1 

In August 1942, British and U S .  scientists met to reach an agreement on the development of a radar system operating at  
"millimeter frequencies" (Kulpa et al., 1979). The U.S. researchers favored 30 GHz, while the British preferred a frequency 
obtained by doubling a X-hand frequency, namely 16 GHz. Both parties compromised ... for a frequency of 24 GHz. 
The system was developed and improved regularly, with no improvement in the performances however, during the whole 
of the spring of 1943. The frequency chosen indeed was very close to  the water vapour absorption frequency, and the 
experimenters improving their system just counterbalanced the rise of humidity during the spring in New England ! Still, 
J.H. Van Vleck admitted later that the theory was known to a reasonable extent. It was however not taken into account. 

A first millimeter wave  r ada r  

1.2 Past history 

Microwaves are known and in use since quite a time (Vander Vorst et al., 198%1). The foundations of microwave t r a n s  
mission and of quasi-optics analogies were firmly established in 1900. Theoretical solutions for waveguide transmission and 
oscillating modes on conductors, spherical or not, weIe obtained. In 1883, F.G. Fitzgerald already suggested electromag- 
netic transmission. In 1988, A. Hertz demonstrated it in Karlsruhe. At the same time, 0. Lodge showed in Great-Britain 
the existence of stationary phenomena on transmission lines. He demonstrated radiation from circular waveguides, the iris 
effect and cavity resonance. In 1896, Lard Rayleigh published complete solutions of Maxwell's equations, yielding all the 
possible modes in rectangular and circular waveguides, with Bessel functions. On the other hand, J.C. Bose is working at 
millimeter wavelength and he develops a semiconductor detector a t  60 GHz ... before the end of last century. The road 
was opening on microwave links, with parabolic aerials, feeders, detectors, and even on radio-astronomy experimented by 
0. Lodge. 

A remarkable mystery : nothing of all that happened. Microwave electronics disappeared, probably because of the success 
of Marconi with longer wavelength transmissions. It was necessary to wait for half-a-century, just before Second World 
War, to  see Southworth, Chu, Schelkunoff and others rediscover and develop the subject. 

1.3 W h y  higher  frequencies 

Since then, millimeter waves are again in front of the scene. An enormous amount of literature has been written on the 
subject. Most interesting are those on system implications, which will he discussed later in this paper (Jonson, 1965; 
Mitchell, 1966; Kamal et al., 1983; Vander Vorst, 1986). 

Today, in Europe, a hundred earth-stations are being used for the OLYMPUS project of the European Space Agency, 
operating in the frequency hands 12.5, 20, and 30 GHz. The CODE experiment, with the same satellite, is raising a lot of 
interest among many experimenters, and the television segment of the satellite is heiug looked at  by many users, with the 
prospect of very low-cost transmit-receive stations at  20/30 GHz. In the field of horizontal links, the Deutsche Bundesbahn 
i s  installing a network at  60 GHz. Direct television by satellite, whose feasibility for Europe was demonstrated by one of 
the authors twente years ago (Benoit et al., 1969) is presently entering the scene, with parabolic antennas less than 30 cm 
diameter. 

Why going to higher frequencies ? Because : 

1. the frequency bands at  lower frequencies are totally used, to such an extent that no new application can he looked 
at  a t  those frequencies 
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2. 5 % bandwidth at  30 GHz may contain 7.5 more information than at 4 GHz 

3. the directivity of a reflector antenna increases as the square of frequency while a good reflector is today not more 
difficult to make for 60 GHz than for 10 GHz 

4. interferences between adjacent links decrease when the frequency increases, because of the main lobe - sidelabe 
behaviour as a function of frequency. 

Hence, spatial system at 90 GHz may compete with system at  lower frequencies. 

There is of course a price to pay : 

1. the cost increases with frequency, less however than the advantages 

2. the noise increases with frequency at  frequencies higher than 10 GHz, and atmospheric absorption peaks may seriously 
harm the transmission 

3. other transmission phenomena have an increasing influence. 

A small example shows how does Ku-band (12 - 14 GHz) compare with respect to  C-band (4  ~ 6 GHz) (Chakraborty, 
1986) : 

Frequency Satellite antenna Transmit Gain Transmitter EIRP 
C (4 GHz) 1.2 m 32 6 W  39 dBW 

Ku 112 GHz) 1.2 m 41.5 6 W 48.5 dBW 

In this example, the Ku-band transponder offers 9.5 dB extra transmit EIRP at the expense of earth coverage (1.4 degree 
beam coverage instead of 4.3 degree). What is not shown in the Table, however, is that there is an extra down-path loss 
at Ku-band which is precisely 9.5 dB. So, where is the advantage ? The advantage is in the earth station receive antenna 
gain, far a given size earth station antenna. It is easily calculated that a 1.2 m receive antenna offers almost a threefold 
increase in trafic capacity at the Ku-band when compared with the capacity availability from a C-band transponder. 

1.4 

1.4.1 VSAT's 

Since more than five years, the market has opened for micro earth stations : very small antenna terminals (VSAT) (Parker, 
1984), presented as "personal computer accessories", costing about $ 2500 in quantity in 1984. Using spread-spectrum 
techniques, a particular network architecture, and packet switching. One company has demonstrated that VSAT's could 
be commercial products, addressing the need for low-speed data transmission between a large number of widely disposed 
locations, sc-called "thin-route" networks. Concomittant with spread-spectrum modulation techniques, the use of code- 
division multiple access (CDMA) a t  low power provides instant access to the network by eliminating some of the delay caused 
by the two more common schemes, frequency-division multiple awes (FDMA) and timedivision multiple access (TDMA). 
At the end of 1986, Equatorial Communications Company had placed 30.000 units of C-1W receive only VSAT's (61 cm in 
diameter), for less than $ 3000, with a cross-section of "information providers" such as the New-York and American Stock 
Exchanges, Dow Jones, the Associated Press, Reuters, E.F. Hutton, the US Weather Service, Commodity News Services, 
Beneficial Finance, and Farmland Industries (Kachmar, 1986). Lower prices will come less from technological advances in 
GaAs circuits and very-large-integration (VLSI) of digital circuitry than it will from the economics of scale resulting from 
larger contracts. 

1.4.2 Spread spec t rum 

Spread spectrum has been used for a long time in military satellite communications to resist intentional jamming. Recently it 
has found its way into commercial satellite communications primarily in low data rate applications with small and economic 
earth-stations, in particular because of the vast market in interactive computing and data transfer. The technique is CDMA, 
synchronous or asynchronous (Ha, 1985). Spread spectrum multiple access involves the following merit features : 

New developments at higher frequencies 

multipath resistance in mobile satellite communications 

extremely low interference to  and from other satellite systems and terrestrial radio systems 

low probability of intercept 

accomodating a large number of users with low bit rate 

small antenna (0.5 - 2 m antenna for fixed service, microstrip-array for mobile users) 

immune to sun outages 
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Presently, the use of spread-pectrum coding is considered as a fading countermeasure at 20130 GHz (Hughes et al., 1987), 
where direct business communications (data, voice and video) is involved between geographically separated divisions of 
a large company by satellite at 20/30 GHz. In order to reduce the effects of fading, the information flow through the 
system will be reduced in faded conditions to maintain high quality data and voice communications at  the expense of some 
slowing down of the video information. In the DICE system, the overall spectrum in the satellite transponder is always 
the same, regardless of throughput, which has advantages in terms of reducing the effects of fading and degradation due 
to  intermodulation products. 

1.4.3 Broadband ing  

Broadhanding has become amajor concern (Vander Vorst et al., 19842). Broadbanding an atmospheric channel raises key- 
questions : what are the physical phenomena involved ? how dispersive are these phenomena ? what are the radioelectrical 
implications ? what are the consequences on the systems ? 

1.5 Conclusions 

Transionospheric systems are operating at  higher and higher frequencies. Not long ago, the Intelsat system was at  4-6 GHz, 
and horizontal links were around 7 GHz. Then came the satellite systems in Ku-band (11-14 GHz). The Olympus satellite 
of the E.S.A., as well as a few others, is operating since the summer of 1989 at  12.5, 20 and 30 GHe. Italsat will have 
beacons at 40 and 50 GHz. The DSB is operating at 60 GHz. France is going partly to 94 GHz on horizontal links. Hence, 
frequency is going up; the atmosphere has to he revisited, in particular for its turbulence, which induces time variant 
multipath. 

2 

2.1 Clear-air  attenuation 

Thirty years ago, an important paper (Straiton et al., 1960) summarized the measurements made in the range 30 to 
300 GHz. Figure 1 schematically shows the results a t  sea level (the temperature - or opacity - is in ordinate). The low 
values represent a low opacity, hence a good transmission. The lower curve is for the 1962 U.S. Standard Atmosphere, 
with no water vapour. The upper curve is for an atmosphere with 2 g/cm2 total water vapour (assuming a water vapour 
density of 7.5 g/m3 at  the surface, decreasing exponentially with a scale height of 2 km). The diagram also shows a number 
of narrow absorption lines of ozone, as well as the frequencies of CIO and NO. There are four "valleys" - frequency bands 
with lower attenuation - respectively around 30, 90, 130 and 220 GHz. 

A question has puzzled many experimenters : for a few tens of years, the absorption in the windows separating the 
absorption peaks was found more important than the values obtained by calculations based on known models. This led to 
the denomination of "anomalous" absorption. 

The presence of water dimers in the atmosphere was suggested as a first explanation (Viktorova et al., 1971). However, 
measurements on zenith atmospheric attenuation in the range 100 to  1000 GHz demonstrated a linear dependence of the 
attenuation in dB upon the water vapour density. This excludes the presence of water dimer as an explanation because it 
would yield a quadratic dependence. 

An appropriate model (Liehe et al., 1978) took into consideration ahout 2000 spectral lines of water vapour, up to  
31000 GHz, to evaluate the absorption in the band 10 to 4M) GHz. It also took into account the Zeeman effect, to  
evaluate the influence of the elevation, the altitude, and the temperature. Finally, an extreme effort was made, investi- 
gating frequencies up to one million GHz to check their contributions to  the observed values in the range 30 to 300 GHz 
(Theohold et al., 1982). This effort did not leave any "anomalous" absorption at all : the absorption in the "valleys" 
between the absorption peaks is largely due to  remainings of absorption peaks at much higher frequencies. 

Hence, models do exist, and they are available a t  frequencies up to 1000 GHe 

2.2 Fog 

Experimental fog data in the NMMW portion of the spectrum are almmt nonexistent. Measurements have been made at  
35 and 140 GHz over a 725 m land path (Richard et al., 1977) and compared with other measurements (Robinson, 1955) 
made at  35 GHz (Fig. 2). As can he seen from the figure, there is a considerable scatter of data points when characterizing 
the fog by its visibility. This is not surprising since, a t  near millimeter wavelength, when drop sizes are small compared 
with the wavelength, the attenuation is not very sensitive to the drop size whereas, a t  optical wavelength, it is very sensitive 
to  drop size. In both the 35 and 140 GHz cases, the attenuations measured are larger than that predicted for radiation 

Atmospheric physics in the range 10 to 300 G H a  

fogs. 

2.3 c l o u d s  

The data are very limited for characterizing NMMW attenuation effects in clouds. The OLYMPUS project of the European 
Space Agcncy, with measurements at 20 and 30 GHz will probably enlighten the subject. Results of measurements of the 
average zenith cloud attenuation measurements at 75 GHz are given in Figure 3 ag dots, for six days with continuous 
cloudiness from April to June 1976 (Sokolov et al., 1976). Correlation of the single-clond type of attenuation with frequency 
is still a difficult task. The significant effect to  notice is an attenuation increasing with frequency and that the largest 
attenuations for NMMW occur for cumulus clouds. 
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I sea lewl 

Figure 3. Zeni th  cloud at tenuat ion measurements a t  
75 GHz (dots represent measured values, 
crosses represent ca lculated values) 
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Figure 1. Atmospheric Spectrum i n  the frequency range 10-300 GHr at sea 
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Figure 2. Measured and calculated fog at tenuat ion 
a t  35 and 140 GHz 
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2.4 Rain 

A number of theoretical and experimental efforts have gone into the study of rain attenuation in the NMMW portion of the 
spectrum. Such studies are extremely important since rain may very likely be the principal limiting factor to obtaining “all- 
weather” NMMW systems. Unlike the situation at lower frequencies, it is not possible to accurately predict the attenuation 
from knowledge of rain rates alone because, at NMMW frequencies, the drop size distribution is far more important in the 
calculation. Perspective on this situation may be gained by referring to Figure 4, which shows expected attenuation as a 

function of Frequency as calculated by Llewellyn-Jones and Zavody (1971). Only the JOSS distribution for drizzle - very 
small drops - predicts an attenuation at 890 GHz significantly greater than at 110 GHz. 

Measurements made at 94 GHz on a 1000 m terrestrial path (Keizer et al., 1979) show rain attenuation as a function of 
rainfall rate, with rain drop size distribution measured with a distrometer as a parameter (Fig, 5). Measurements are 
compared with calculations using Mie’s scattering theory for water spheres. Proper rain characterization is very important : 
without measured drop size distribution & rapid, path-average rain rates, it is not possible to make consistently accurate 
studies of rain effects. Rain attenuation measured at 110 GHz together with rainfall rate and optical visibility shows that 
the 140 GHz attenuation strongly depends on the total water, whereas the optical visibility is more affected by the small 
droplets (Richard et al., 1977). 

Water on the antenna or its cover may of course represent a serious problem, either by condensation or precipitation 

2.5 Snow 

Richard et al. (1977) have performed 140 GHz attenuation measurements in wet shows and compared these with other 
frequency measurements as shown in Figure 6 (rate equivalent of 1 mm/hr liquid), in a frequency range from 10 to 
1 000 000 GHz. Shown also on this figure are 1 mm/hr rain attenuation estimates obtained by different authors (Kulpa et 
al., 1979). Snow attenuation is between 2.5 and 5 times greater than rain attenuation for all the frequencies measured. In 
general, this is due to the large, more irregular shapes of the snow precipitation and the fact that higher concentrations 
exist for the snow due to the low fall velocities. The attenuation of snow very strongly depends on the moisture state of 
the snow flakes. When the snow is dry, the attenuation is very low, less than an equivalent rain attenuation. 

2.6 Hail 

Hail is encountered much less frequently than rain or snow and its duration is relatively short. No experimental data are 
found in the literature, and little can be said about the effect of hail. Obviously, hail attenuation does not depend strongly 
on wavelength, since the sizes of hailstones often significantly exceed the wavelength in the near-millimeter region. 

2.7 Other  atmospheric constituents 

Pollution introduces several Constituents in the atmosphere. While the nature of the microwave and millimeter-wave 
opacity of these constituents is relatively well known, the techniques for measuring such opacity are such that only very few 
experiments have been performed. For instance, the inspection of the microwave and millimeter-wave absorption spectra of 
the gases related to clouds containing acid precipitation reveals that even under the relatively high pressure characteristics 
of the lower atmosphere, the absorption spectra hear significant differences in their frequency dependences. Because of 
the generally low magnitude of the absorption exhibited by these gases, unambiguous identification of the sonrce of such 
opacity based solely an frequency dependence can be difficult (Steffes, 1983). Figure 6 show the tropospheric absorption 
spectra for SOZ, COS, HZS, HZCO, and CO, while Figure 7 shows the same for 03, N20, and N02, in the frequency range 
up to 200 GHz (Steffes, 1983). 

The absorptivity is rather low (from db/km) for these constituents, involved in the formation of acid precip 
itation. Some of these gases exhibit several hundred rotational resonances helow 200 GHz, in particular gaseous sulfuric 
acid HN03.  The saturation vapour pressure for sulfuric acid, however, is so low for temperatures corresponding to those 
of the troposphere (of the order of at 0°C) that absorption from gaseous H2S04 would be undetectable. On the other 
hand, the abundance of gaseous H N 0 3  can be significantly greater, due to a much larger vapour pressure (of the order of 
10 at 0°C). Figure 8 (Vander Vorst, 1985) evaluates the mixing ratio - the ratio of the density of a particular constituent 
and the density of the atmosphere ~ as a function of altitude, with an indication of the minimum detectable abundance. 
The right part of the figure shows the variation as a function of altitude of some components for which a quantitative 
estimation has not been found. 

2.8 Inhomogeneities a n d  turbulence 

Atmospheric turbulence may yield beam steering, image dancing, beam spreading, image blurring, intensity fluctuations, 
phase fluctuations, angle-of-arrival fluctuations, depolarization fluctuations, etc. Several articles provide very nice reviews 
of the physical basis for various effects of atmospheric turbulence (like for instance Fante, 1975). 

Basically, the effects of turbulence on propagation are determined by the refractive index fluctuations along the atmospheric 
path. These Ructuations are, in general, function of the position and time, while the temporal dependence of the fluctuation 
of the index of refraction is due mainly to a net transport of the inhomogeneities of the medium as a whole past the line 
of sight, due to the wind (Kulpa et al., 1979). 

Hence, a time-variant multipath situation is created because of turbulences. While at low microwaves, the effect is a conse- 
quence of random spatial time-variant variations in the refractive index, in the millimeter range an absorption mechanism 
occurs as well. A spectral analysis (Ott et al., 1976) of the amplitude fluctuations shows that there is a corner frequency 

to 
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Figure 4 .  Calculated r a i n  at tenuat ion for  various 
drop s i z e  d i s t r i b u t i o n s  a t  a r a i n f a l l  
r a t e  of 5 mmlhr (a )  Laws and Parsons, 
b. Joss thunderstrom, c. Joss widespread, 
d. Joss d r i z z l e )  

Figure 5. Measured (A) and c a l c u l a t e d  (+) 94 GHZ 
a t t e n u a t i o n  versus r a i n f a l l  r a t e  ( 1  kn) 
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Figure 6. Tropospheric absorption spectra f o r  S02, 
COS, HZS, HZCO, and CO 



Figure 7. Tropospheric absorption spectra f o r  03, 
N20, and NO2 w.1 

Figure 9. Typical  r e f l e c t o r  antenna co-polar 
and cross-polar diagram 
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separating an absorption mechanism from a scattering mechanism : scattering dominates absorption at frequencies in the 
amplitude spectrum corresponding to a range of eddy sizes larger than the radius of the first Fresnel ellipsoid of the link. 
It has been shown experimentally that scattering and absorption are related at 35 GHz : there is a correlation between 
the envelope of the fluctuations measured on a satellite beacon at 12 GHz and the radiometric temperature measured at  
35 GHz, while the radiometric variation measured at 12 GHz remains negligible (Vanhoenacker et al., 1985). 

Calculations based on models converting fluctuations in temperature, humidity and total pressure into Buctuations in 
absorption and refraction have shown the following (Hill et al., 1986) : 

the effects of pressure fluctuations are usually negligible 

the effects of temperature fluctuations are negligible with respect ot humidity fluctuations when these are very 
important 

refraction fluctuations yield much larger amplitude fluctuations than do absorption fluctuations, for most cases of 
interest. 

Clearly, fluctuations cannot be neglected in the evaluation of transionospheric systems. 

3 Radioelectrical phenomena 

3.1 Absorpt ion 

Absorption is the quite straightforward consequence of the presence of losses in the atmosphere due to various reasons : 
atmospheric resonances in clear air, water vapour, liquid water, and other constituents. A major effort was made in the 
COST project 205 of the EEC to measure attenuation statistics during several years on space-earth and earth-space links 
throughout Europe (C.E.C., 1985). 

3.2 Diffusion 

This word is rather ambiguous in atmospheric radioelectricity because the meaning is threefold 

Strictly speaking, diffusion is the physical phenomenon governed by the diffusion equation instead of the wave equation. 
Skin effect in materials is such an effect, for instance. This happens only in cases where losses are far from negligible. It is 
not a c o r n "  circumstance in atmospheric physics. 

A second well-defined understanding of diffusion is related to turbulence : one deals normally with the so-called "well- 
mixed' atmosphere (Livingston, 1970) which characterizes an air mass which has been thoroughly mixed while tending at  
all elevations toward a state of mechanical equilibrium indicative of a balance between gravitational and buoyant forces. 
It is the state toward which one should expect an air mass to evolve when mixing is brought about through convective 
forces resulting from absorption of heat from the ground by the air layers lying nearest to  the ground. Three physical 
phenomena are mixing causes : convection, eddy turbulence, and molecular diffusion. In the atmosphere, convection is 
responsible for causing the composition of large air parcels at different elevations to be essentially the same, while molecular 
diffusion amumes that small parcels will have similar compositions no matter how small they are. Eddy turbulence plays an 
intermediate role, requiring less molecular diffusion than would otherwise be required in order to achieve complete mixing. 
Molecular diffusion is a relatively slow process. 
The most common use of the word "diffusion", unfortunately, is a rather misuse, for which the words "diffuse reflection" 
should be more appropriate. The usual procedures for calculating reflections are applicable only whenehe refiecting surface 
is smooth. As the surface becomes rough, the character of the reflection changes in such a way that the direction of 
propagation of the reflected field ceaSes to conform to Snell's law for reflection, its intensity is no longer given by Fresnel's 
formulas, and the method of images is no loager applicable. In particular, the reflected wave is no longer a plane wave, and 
the surface is said to exhibit "diffuse reflection" for which the concept of Huygens' sources h i s  to be used. To deal with 
the various aspects of the problem, the evaluation is usually done in three steps : (1) specular reflection from a prolate 
spheroidai surface with the antennas at  the foci of the spheroid, (2) specular reflection from a plane surface lying tangent 
to the spheroid, and, finally, (3) diffuse reflection from the rough surface which results when elements of the plane surface 
are randomly displaced from the plane. The presence of droplets in the atmosphere induces of course diffuse reflection, 
depending on the characteristics of the droplets with respect to the wavelength. 

3.3 Diffraction a n d  scat ter ing 

Even in the absence of reflection, diffraction may cause serious attenuatjon, or in some cases even enhancement, of the 
signal traversing the line-of-sight path. Diffraction is due to the fact that a periodic wave incident upon a material body of 
any description - in particular any kind of obstacle and also droplets in the atmosphere - gives rise to a forced oscillation 
of free and bound charges synchronous with the applied field. These constrained movements of charge set up in turn a 
secondary field both inside and outside the body. The resultant field a t  any  paint is then the vector sum of the primary 
and secondary fields. The simplest problem of this class and at the same time one of primary importance in atmospheric 
studies is that of a plane wave falling upon a sphere. This problem was already solved by Mie, back in 1907. 
The total energy derived from the primary wave is of course the sum of energy dissipated as heat in the sphere if lossy, and 
of the outward flow of the secondary or "scattered" energy from the diffracting sphere. 
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In the case of obstructions near the line-of-sight path, it is convenient to  use the concept of Fresnel zones. Recently, the 
authon have combined these principles to calculate a practical model for amplitude fluctuations observed on space-earth 
links, between 10 and 100 GHz (Vanhoenacker, 1987-l), which will he developed in Section 5. 

3.4 Dispersion 

Essentially, dispersion is said from a medium in which the phase velocity is a function of frequency. This happens when 
the parameters of the medium - permittivity or permeability - depend upon frequency, or when conductivity is present. 
In that case, the refraction index also varies with frequency. If this variation is also time-variant, as may he the case for 
turbulent inhomogeneities, the effect on a system may he quite complicate. 

3.5 Depolar izat ion 

It has become common wish and more or less common practice in spatial communications to  use polarization diversity, dou- 
bling the capacity by modulating two carrier-waves - orthogonal in polarization - by different signals. Hence depolarization 
has raised a lot of interest since ahout twenty years. 

In Europe, the project COST 2514 (1970-1977) established methodology and offered synthesized information based on 
measurements on terrestrial paths, pointing out essentially three results (Vander Vorst, 1979) : 

cross-polarization due to rain is a very complex phenomenon which can only he analyzed with approximations that 
concern both the electromagnetic theory and the atmospheric model 

as the size of raindrops increases, their shape departs from spherical towards oblate spheroids 

incoherent single scattering by spherical particles may cause depolarization in oblique directions and incoherent 
multiple scattering by such particles may cause depolarization in the forward direction 

the subject of coherent and incoherent effect deserves further study and has important practical implications 

significant cross-polarization phenomena may o c c u  in clear weather conditions in the presence of multipath propa- 
gation, because of the sharpness of the antenna cross-polarization diagram, which causes the oblique indirect ray to  
produce a significant crasspolar component (Fig. 9). 

The European project COST 205 (1979-1985) contributed many experimental results at three different frequencies (com- 
bining OTS and SIR10 results), in circular as well as in linear polarization (C.E.C., 1985). Laws were established for 
expressing results in linear polarization in terms of circular polarization, for scaling XPD statistics from one polarization 
to another, and for frequency scaling treating ice and rain effects separately. The examinations of results in the XPD-CPA 
plane clearly separates events dominated by ice and rain, respectively. 

Ice-dominated cross-polarization is related to  the region of the XPD-CPA where CPA < 2 dB. This is consistent with ice 
being almost lossless crass-polarization arising mainly from its differential phase shifting properties. At the occasion of the 
COST 205 Project, several CCIR models have been tested against measured values, and reevaluated. As for the latitude 
dependence, the measurements did not yield any  clear trend. 

For the next years to  come, the OLYMPUS project (1989-1995) with its three beacons (12.5, 20, and 30 GHz) including a 
polarination-switched beacon at 20 GHz, will certainly enlighten the subject. 

3.6 Mul t ipa th  propagat ion  

Multipath propagation can arise directly from the state of the atmosphere itself without in any way involving reflection 
from the underlaying terrain. It is caused by refraction in the air and by reflection within the atmosphere itself. One may 
recognize two distinct forms of multipath interference attributable to atmospheric inhomogeneity. 

One is most likely to he observed when the atmosphere is in a quiescent state. It is due to the presence of ducts. Elevated 
ducts can cause two or more propagation paths to  exist. In addition, there may he reflection paths due to  glancing incidence 
of radiation upon narrow regions in which exist exceptiannally large refractivity gradients (Fig. 10) (Livingston, 1970). 

On the other hand, multipath conditions can occur when no ducts are present, principally in turbulent air, because of local 
changes in refractivity. At microwaves and millimeter waves, path length variations between different component signals 
are large compared with the radiation wavelength and therefore give rise to  rapid alternations between constructive and 
destructive interference among the carriers (Booker et al., 1950). 

3.7 Scintillation and f luctuat ions 

Scintillation is well known in optics : it is the mechanism which causes stars to  appear to twinckle. In this paper, the word 
fluctuations will he used throughout, to characterize microwaves and millimeter wave phenomena. 

Amplitude fluctuations have been observed and measured since about 1980. The measured spectrum is nearly Bat up to 
0.3 Hz and decreases with frequency with a slope equal to -813 (Vanhoenacker et al., 1985), in accordance with the value 
predicted by Tatarskii (1971). The probability density function is not Gaussian, because the variance is not constant. 
Fluctuations are mainly observed during the passage of cumuli through the propagation path. Amplitude iiuctuations have 
been processed for two years (1981 and 1982) (Vander Vorst et al., 1982). The main statistical results are : 
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. fluctuations events may have an amplitude of more than 3 dB ptp on a 4.6 m dish antenna and a duration varying 
between 10 min and more than 1 h 

daily distribution exhibits a main peak around 2 pm with two smaller peaks, around 5 am and 11 pm, respectively 

monthly distribution exhibits a peak in the summer 

there is a definite relationship between the amplitude of the fluctuations and its rate of occurrence. 

Timevariant multipaths also yield fluctuations on phase, angle-of-arrival (Bahlander et ai., 1983) and possibly depolariza- 
tion at high frequencies. Very little is known about this however. It has been shown that no depolarization fluctuations 
were measured at X-band, in association with amplitude fluctuations. 

3.8 Faraday  rotat ion 

Ionospheric Faraday rotation is negligible above 10 GHz. 

3.9 Doppler  frequency shift 

Doppler shift due to diurnal changes in total electron content is less than one-tenth c 
at higher frequencies (Klobuchar, 1983). 

3.10 R a y  bending 

Ray bending due to the ionosphere is negligible above 10 GHz (Klobuchar, 1983). 

,Hertz at 1.6 GHz, and ne( ible 

On the other hand, at millimeter-wave frequencies, the atmosphere is absorptive, dispersive, and inhomogeneous. Because 
of the inhomogeneity, rays are bend by refraction, and because of the dispersion, the amount of bending depends on the 
frequency. Hence the path length between two terminals depends upon frequency, which yields distorsion. An effective 
refractivity has been calculated to do the accounting (Huffard, 1988). A conformal transformation is used on functions 
satisfying Helmholtz equation. Using Liebe's model for the atmosphere, the frequency dependence of the real and imaginary 
parts of the dispersive part of the refractivity has been calculated. The result is that the bending effect is negligible for 
frequencies below 300 GHz. 

4 

4.1 

Amplitude and phase dispersion have been measured for over a year on a 19 and 28 GHz earth-space propagation path 
(Cox et ai., 1980). Amplitude and phase differences were compared far a 28 GHz carrier with f 264 MHz sidebands and a 
19 GHz carrier, all transmitted from a COMSTAR satellite. No frequency selective fading was found of the type caused by 
multipath propagation with a large spread in time delay or by resonanca of the propagation medium. The only frequency 
dependences were due to the bulk properties of water in rain. During tluctuation events, there was no significant phase 
fluctuation. This is consistent with the observation of a high correlation among the amplitude fluctuations of the 19 and 
28 GHz carriers and the sidebands, indicating a very broadband scintillation mechanism. 

4.2 

There is an interest in using wide (instantaneous) bandwidth systems, which employ QPSK digital modulation schemes in 
a TDMA format accompanied by a requirement for low error rates. Hence the impact of atmospheric-induced dispersion 
on the hit-error-rate of wide-band digital satellite communication links is of great interest. A number of calculations were 
made for comparison with available measured results in the range 10.30 GHz (Stutzman et ai., 1986). Simulations were 
run with clear air, rain, rain and 10 % humidity, and rain and 1M) % humidity, for bath single and dual polarization 
configurations. From the results, it appears that the dispersive effects of the atmosphere need not to  be considered in 
system desvgn in the range 130 GHz, while depolarization does, degrading the link performance by 1 dB at  high error rates 
and up to 2 dB at  low error rates (lo-'') which is significant. Figure 11 shows the required increase in carrier-to-noise ratio 
in the presence of an interferer of level XPI. As a result, the linear phase variations are non-dispersive, but the nonconstant 
(with frequency) amplitude variations of the atmosphere are dispersive. Thus, the quiet atmosphere may be expected to 
have a small effect on QPSK systems in the 10.30 GHz frequency range. 

4.3 

A fair amount of controversy has been going on for years on the possible use of millimeter wave systems. More stimulating 
is a discussion on the advantages and disadvantages of the main three ranges : below 20 GHz, the 35 GHz-window, and 
the 95 GHz-window. The combination of spread-spectrum considerations, wide frequency allocation, the concem about 
interferences, the availability of good high-frequency reflectors, and the tremendous progress in semiconductor technology, 
is opening new roads and offering new compromises. 

Good models are now available for gaseous atmospheric attenuation and rain attenuation in the range 10 to 1000 GHz. It 

System implications for a quiet atmosphere 

Phase and ampl i tude  dispersion in the 20/30 GHz band 

I m p a c t  on digital satellite communicat ions 

W h a t  is " the  best" f requency range 



3-11 

WbB1Ui.m 
UWrDund 

5 -  I 
I 
! 
l 

a -  - 
- \ A" \ 

\ 
3-m.10-*\ BER .IO-'' 

00 10 I 5  20 25 

2 -  \ 

\ 

- 
\\\ . \. 

Figure IO. Paths o f  rays Launched a t  var ious angle from p o i n t s  
w i t h i n  an e levated duct 

Figure 12. Gaseous and r a i n  at tenuat ion,  versus 
frequency (99 % a v a i l a b i l i t y )  

W m a 
W 

2 
a 
LL 

a 

W 

3 s 

Figure 



3-12 

is interesting enough to note that results may be quite different for moderate and for high availability. Figure 12 shows that 
for a moderate availability (99 %), in a high rain area (Gulf Coast States in the US.), rain attenuation at  10" elevation 
can still be afforded at high frequency (7.8 dB at  17.5 GHz), which is not a t  all the c a ~ e  for a high availability (99.99 %) 
requirements (Fig. 13) (Kamal et al., 1983), where the rain attenuation shoots off the scale. This situation changes 
dramatically if dual diversity is used where, a t  the same frequency (17.5 GHz), the attenuation accounts for only 3.1 dB 
for 99 % (Fig, 14) and only 7.8 dB for 99.99 % (Fig. 15), at 10" elevation. 

The figures show that, in a high rain region, the frequency selection should be less than 20 GHz in order to keep the 
rain attenuation reasonable. When, however, one wants to choose an optimum frequency to combat an uplink interference 
source, an entirely different result appears. Not only does the main beam gain increase with frequency as f Z ,  but the 
sidelobe envelope drops, even for a uniformly illuminated dish, which is one of the worst illuminating patterns for low 
sidelobes. This brings another f advantage, hence a total fS advantage against interferences. Figure 16 shows interference 
signal as minimized at 32 GHz far a 30" elevation angle with a broad minimum showing that a choice 25-40 GHz is 
reasonable for 99 % availability. 

Finally, in addition to the incrasing spatial discrimination afforded by higher frequencies, the allocated spectrum for 
satellite use increases approximately as f*  (from 0.5 GHz at  X-band to over 2 GHz at  43 GHz). The combination of spatial 
discrimination and spread spectrum advantages yields an approximate f S  advantage over an uplink interference source : 
the 90 GHz band would become competitive even with no diversity. Surprisingly enough, it is already competitive in dual 
diversity (Fig. 17). Of course, there is a price to pay, in the absolute sense of the word. 

5 

5.1 

Various single hop satellite systems linking Mediterranean and East or West regions (e Japan and US. West Coast) 
have been planned. The operation of such links requires far earth stations with low eleva n above the horizon (less than 
10"). Similar low-elevation conditions will often be met for air- and ship-satellite communications (e.g. INMARSAT). 
Under such conditions, amplitude fluctuations can be especially intense, at frequencies from 1 GHz up to millimeter-wave 
frequencies. These fluctuations may disturb various parts of the systems, in particular step-trackers and demodulators. 
Amplitude Huctuations appear to the receiver as random variations of the input level, up and down the nominal value; For 
a given system. the intensity and bandwidth of these fluctuations depend upon the meteorological conditions. 

A fast-converging method to calculate the bit-error-rate due to scintillations has recently been proposed (Merlo, 1987), for 
a CPBSK modulation system. At microwaves and with moderate transverse windspeeds, the bandwidth of scintillation 
process is of the order of 1 Hz, yielding for most communication purposes two distinct classes, enhancements and fadings, 
respectively upgrading and degrading the BER. Extrapolation of scintillations measured at 11.6 GHz on the SIR10 satellite 
is used to calculate the BER due to  scintillation fading (curve B on fig. 18), as compared with line G, due to  thermal 
noise alone which can be considered as the lower limit for the scintillation environment. The dotted area an the figure can 
be considered as the possible degradation area due to  fluctuations, from high elevation down to 5-6". Hence tropospheric 
Huctuations may significantly degrade the performance of satellite systems operating in temperate climates at low-elevation 
angles. 

5.2 

The results presently obtained by the experimenters are of a statistical nature; they are consistent with the theory of 
radiowave propagation in a turbulent medium (Tatarskii, 1971). 

The authors have established a model, characterizing the turbulent atmosphere by a time-varying transfer function, with 
as parameters the receiver antenna size and radiation pattern, the frequency, and the geometrical and electrical parameters 
of the medium. The model considers the fluctuations as cloud inhomogeneities - hence dielectric inhomogeneities - passing 
through the Fresnel's zones of the link, yielding multipath propagation (Vanhoenacker, 1987-1, 1987-2; Vanda Varst et al., 
1987). The steps have been the following : 

System implications for a turbulent atmosphere 

Influence of ampl i tude  fluctuations on digital communicat ions systems 

A physical model  for fluctuations 

1. the experimental study of amplitude fluctuations of satellite beacons 

2. the choice of a model compatible with atmospheric physics and the experimental results 

3.  the test of the validity of the model when compared to measured results 

4. the use of the model to predict the infuence of the various parameters on monochromatic signals, and on composite 
signals like in HDTV. 

The model is based on the geometry : turbulent cells crossing the link are represented by complex permittivity inh- 
mogeneities passing through the Fresnel's zones of the space-earth link. It includes the complex dielectric constant, the 
thickness. size, and geometry of the cells, the windspeed, the altitude of the turbulence, the size of the antenna, the operating 
frequency, and the bandwidth, in the 10-100 GHz frequency range. Mathematically, it integrates over the inhomogeneities 
and over the antenna aperture. 

Inhomogeneities are described as cells, with a uniform permittivity slightly different from that outside of the cells (Fig. 19), 
with a size of the order of 1 to 100 m, at an altitude around a kilometer. The complex permittivity depends upon the water 
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Figure  13. Gaseous and r a i n  a t t e n u a t i o n ,  versus 
frequency (99.99 % a v a i l a b i , l i t y )  

F igure  14. Gaseous and r a i n  a t t e n u a t i o n ,  dual  F igure  15. Gaseous and rain  at tenuat ion,  d u a l  

d i v e r s i t y  (99 %) d i v e r s i t y  (99.99 %) 



! --I ! 

.. 4. . , 

I .. 

I 
t - '  

k$ 
I 

Figure 16. R e l a t i v e  interferenceJsigna1 (99 %) 

1E-02 

1E-03 

LE-04 

1 

iE-oa 
m " 

1E-06 

1E-07 

1E-08 
6 .  9. 12 

Eb.m [am 

Figure 18. Range of p o s s i b l e  values f o r  CBPSK mean 
BER due t o  s c i n t i l l a t i o n  fading 

Figure 17. R e l a t i v e  interference/signal,  dual 
d i v e r s i t y  (99 %) 

Sc'. j Sc " 

I , ,  ,, , , l , ,  I , , ,  

Figure  19. C e l l  conf igurat ion 



3-15 

Figure 20. Geometry f o r  c a l c u l a t i n g  t h e  t r a n s f e r  function 
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d : thickness of the dielectric cylinder 
S2 
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: cross-section of the dielectric cylinder 

1 + 6 ~ '  - j &E"  : relative permittivity of the cell 

Figure 21. Expression o f  the scalar  f i e l d  a t  a point  receiver  
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content (water vapour and some liquid water), with a difference of the order of with respect to the surroundings. The 
height of the inhomogeneous layer is from 500 to 2000 m : it corresponds to  the base of the clouds. The geometry of the 
cells is taken as cylindrical. Convection, indeed, induces a geometry which is vertically elongated. Spheres, however, can 
be handled by the program. Fluctuations are obtained when the cells are passing through the Fresnel’s zones, especially 
the first one. The configuration is shown at  Figure 20. Figure 21 gives the expression of the scalar field a t  a point receiver, 
while Figure 21 gives the mean incident field, in the case of a parabolic antenna with uniform illumination and diameter 
D. 
The difficulty, and the originality, of the problem lies in the fact that three main parameters are of the same order of 
magnitude : 

the diameter of the b s t  Fresnel’s zone 

the diameter of the cells 

the main lobe of the antenna. 

At centimeter wavelength, these parameters are indeed of the order of 10 meters. Modelling the fluctuations on an 
instantaneous basis yields a transfer function, varying in time since the cells are moving at  the windspeed. In some cases, 
the transfer function varies very much with frequency, due to  the combined effect of the three main phenomena : 

the change in radius of the Fresnel’s zones, as a function of the square root of frequency 

the phase shift accross the dielectric cell, almost proportional to frequency 

the radiation pattern of the antenna, with its first zero inversely proportional to frequency. 

The combination of the three effects leads to some surprising results, in particular for the group delay, which may be i 
the order of 20 nanoseconds over a bandwidth of 50 MHz. 

Some preliminary conclusions are the fallowing, for a single centered cell, as a function of frequency between 0.1 and 
50 GHz : 

1. the period of oscillation is mainly affected by the diameter and not by the thickness of the cell 

2. the variation of the group delay is quite complicate and cannot easily be predicted from the parameters 

3. the first zero of the radiation pattern flattens the amplitude of the Ructuations over some frequency range. 

Figure 23 shows the transfer function in amplitude and phase, and the group delay, from 0.1 to 50 GHz (1 m-dish receiver; 
51.2 m diameter of the cell; 2000 m cell altitude; 25.0 m cell thickness). 

It may be concluded that fluctuations are obtained when dielectric inhomogeneities, due to water content inhomogeneities, 
are crossing the first Fresnel’s zones of the link. The model has been satisfactorily tested on a bi-dimensional cell network. 
Impulse and step-response of the fluctuating medium have been calculated, and the model can be used for composite 
signals. 

6 Conclusions 

Going to higher frequencies raises new questions. It is associated with troadbanding which is also subject to new difficulties. 
High frequencies are competitive with lower ones. Quiet atmospheres are described by already existing models. Turbulence 
in the atmosphere, however, may harm systems at millimeter waves. 
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SUMMARY 

The features of HF terrestrial and aeromobile wideband systems, all of which use ionospheric 
propagation or are interfered with by ionospherically propagated signals, are outlined. 
These systems include radiocommunication (predominantly digital) and HF radar. 

The limitations imposed by ionospheric propagation on the bandwidth of such systems arise 
from: 

1 Mode changes 
2 Multipath 
3 Faraday rotation 
4 Doppler shift 
5 Doppler spread 

These properties are discussed and their implications for systems illustrated by means of 
the scattering function and sweep-frequency sounding data. 

Other problems of the ionospheric channel are atmospheric and man-made noise, and spectral 
occupancy. Noise is briefly reviewed, but special attention is given to spectral occupancy, 
with the inclusion of measured statistics and a mathematical model. 

Examples are given of wideband communication systems using frequency hopping and chirp 
signals. The measures which can be taken to Sustain operation in severe spectral congestion 
are illustrated. 

The rather different requirements of HF radar systems, both sky-wave and ground-wave, which 
demand the achievement of very wide dynamic range and Doppler discrimination, are also 
outlined and illustrated. The effects of Doppler shift on target echoes, sea and land 
clutter and the severe problem of auroral echoes, with their large Doppler spreads, are 
presented in relationship to band spreading techniques, in particular chirp and direct 
sequence. 

1 INTRODUCTION 

The HF portion of the spectrum (formally defined as 3-30 MHz or 100-10 m, although for many 
purposes extending down to 2 MHz), is that frequency band in which the reflecting properties 
of the ionospheric layers are used to achieve transmission around the curve of the earth 
at modest powers, without the need for the satellite relays of higher frequency bands or 
the massive antenna systems of lower frequencies. The attenuating property of the D layer 
of the ionosphere and the reflecting properties of the E and F layers vary with the time 
of day and year, but permit communication to world-wide distances, provided the transmitting 
frequency can he changed at intervals to keep step with the diurnal and seasonal migrations 
of the available operating band. This band is limited at the low frequency end by the 
lowest usable high frequency (LUHF). The LUHF is governed by the signal-to-noise ratio, 
which is determined by the transmitter power, antenna gains, the signal attenuation in the 
ionosphere, and the noise level arising from atmospherics and man-made sources. At the 
high frequency boundary, defined as the maximum usable frequency (MUF), propagation is 
limited by 'electron limitation', the escape through the E and/or F layers of the obliquely 
incident energy, which at lower frequencies would be refracted back the receiving terminal. 
The MUF changes from day to day, and the optimum working frequency (OWF), also known as the 
frequency of optimum traffic (FOT), is defined as the highest sky-wave frequency that is 
likely to propagate for 90% of the days, for a defined path and time. Empirically, the OWF 
is Usually taken to be 85% of the MUF. 

The propagation factors just mentioned govern all sky-wave communication and radar 
activities, and also govern the interference level in ground-wave systems. However in 
wideband systems, additional constraints, such as coherence across the band and spectral 
occupancy, control the feasibility of operation and it is these constraints and the 
consequent practicability of various wideband systems, which concern us here. 

A general review of wideband systems has been given in an earlier lecture. Special 
constraints arise, however, in HF systems using sky-wave propagation due to the time- 
variable, multipath environment and we will list the different types of wideband system and 



then relate their essential properties to this medium. 

Wideband or spread spectrum digital signals may be defined as those whose processing gain 
is much greater than unity, where processing gain is the (bandwidth x hit duration) product 
for the signal. 

Such signals may be broadly divided into 3 basic types (1,2,3,4,5): 

1 Direct sequence modulated 
2 Frequency hopping 
3 Chirp 

These offer the following possible advantages: 

1 Selective addressino 

4 Inherent privacy 
5 LOW power-spectral-density 
6 Interference rejection 

At HF, the low power-spectral-density may not be an advantage when independent transmitters 
and receivers are close to each other. Also, the interference from other HF users may be 
too severe for useful rejection by virtue of the signal processing gain alone. 

During the last 30 years, spread spectrum communication systems have been constructed for 
HF operation ( 6 ) .  with published bandwidths as high as 1 MHz (7). These have had 
essentially specialised tactical applications, and in general spread spectrum systems for 
communication have not gained acceptance at HF. This may be due to the combined factors 
of performance, difficult instrumentation, and the ethical and legal constraints of using 
a wide bandwidth in a congested spectrum without international agreement on frequency 
assignments for such systems. Such difficulties have been overcome in other bands; for 
instance the 'GSM' scheme for public mobile radiotelephony in Europe incorporates spread 
spectrum techniques. If the advantages of spread spectrum adoption were to become 
sufficient, no doubt they could be adopted in the HF band also. 

For radar systems at HF, the demand for coherent Doppler velocity discrimination in order 
to achieve sub-clutter visibility of targets dictates a requirement for coherent integration 
for a period of seconds, and a dynamic range of in excess of 5 0  dB. This limits the scope 
for frequency agility, both to achieve useful integration times and adequate signal-to- 
interference ratio. However, there is a strong motivation for using a wide bandwidth in 
that the range resolution that can he achieved with the normal communication bandwidth of 
5-10 kHz is less than would be desirable for target tracking. 

From what has been said, it is clear that a good understanding of the radio environment, 
propagation, noise and interference, is needed for the proper assessment of wideband 
techniques at HF. We shall therefore begin by a survey of the environment before returning 
to systems. 

2 THE ENVIRONMENT 

The environment exhibits three major aspects; propagation, noise, and interference from 
other HF users. Each of these will no51 be considered. 

2.1 Propagation 

Figure 1 shows a typical scenario of HF communications and radar operations. In figure la 
we see two main ray paths, 1 and 2, from a transmitter T to a receiver R by way of the E 
and F layers respectively. The E layer reflection has the shorter time delay and a positive 
Doppler shift due to downward layer motion, while the F layer reflection has the longer time 
delay and a negative Doppler shift due to the upward layer motion. A third path, 3, 
involves side scatter from irregularities on the earth's surface and will have a spread of 
time delays and [in general) a spread of Doppler shifts about a mean shift, due to the 
undulation of the layer and the differing geometries of the various scatter paths. Finally, 
path 4 represents scattering from magnetic field aligned auroral irregularities. Such 
irregularities have high velocities and give Doppler shifts up to 10's of Hertz with a 
spread comparable with the mean. 

The scatter modes have strengths typically 20 dB or more below the dominant layer-propagated 
modes and can often, therefore, be neglected. However, if the main modes fade out due to 
electron limitation, the scatter modes, with their large time and Doppler spreads, can 
become dominant. 

The figure also shows a ground wave ship-shore communication link, with the ground-wave path 
shown at 5 and a sky-wave path at 6. In both sky-wave and ground-wave links, sky-wave borne 
interference can be present from other transmitters, multipath modes being also possible 
for this. 

Figure lb shows an HF radar operating with transmitter T and receiver R separated, but close 
enough together with respect to the target range to be considered monostatic. Echoes are 
received from the ship target by way of two paths, one refracted by the E layer [positively 
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Doppler shifted) and one by the F layer (negatively Doppler shifted). There will 
additionally be two mixed modes, out by F - back by E and out by E - back by F. These will 
have identical path length and Doppler shift (for co-located transmitter and receiver). 
Ground clutter will also be received from each resolution cell, defined by the beam width 
A 8  and the pulse duration. Back-scattered echoes from auroral irregularities are also 
depicted, seen by way of antenna sidelobes. The target echo can be distinguished from the 
surface clutter by its Doppler shift (provided the radial velocity is non-zero), but the 
auroral echoes will have a wide spread of Doppler shifts and constitute an enhanced 
frequency-spread 'noise floor', against which targets must be detected. 

In addition to these effects of the environment on the wanted signals, the receiving antenna 
will pick up atmospheric noise, man-made noise and interference from other transmissions, 
all weighted by the antenna directional response in the direction of arrival. Before we 
consider noise and interference, we will discuss the propagation effects on the wanted 
signals. 

2.1.1 The scattering function and its application 

A useful representation of both the time-delay and Doppler shift/spread in such propagation 
environments (8) is illustrated in figure 2 ( 9 ) .  This is the 'scattering function' and 
characterises the received power as a function of time delay and Doppler shift, 

P(1,fd) = S(T,f,) dr df,. 

Figure 2a shows the measured scattering function for transmission from Swindon, U.K. to 
Heligoland, F.R.G. under undisturbed ionospheric conditions: the time delays and Doppler 
shifts for propagation by way of E and F layers are identified. Two discrete delayed pulses 
are identifiable with a relative delay of 2 ms, and a relative Doppler shift of 0.1 Hz. 
Fiaure 2b aaain shows two discrete vulse echoes. with the addition of a disoersed side- 

4 ms and 1.5 HZ 

Figure 2c shows an example of the scattering function observed with a sky-wave radar (10). 
For convenience the time delays are expressed as free space range r, equivalent to 150 lun 
per millisecond. The total spread in time delay here is 28 ms and the total Doppler spread 
3.5 Hz. 

We can estimate some characteristics of the wideband channel directly from these scattering 
function plots by simple arguments. First we consider the interference of two continuous 
wave signals arriving by different paths and the variation of the sum of the components as 
the frequency is changed; this results in a periodic pattern of minima of signal strength 
across the frequency band (figure 3a). If, for a transmitted frequency fo and free space 
velocity of propagation c, the two components have arrival times differing by T, then the 
path length difference between them is cT. If the frequency is now increased by Sf, while 
the ionospheric configuration remains stationary, the number of wavelengths N in the path 
CT will increase by, 

6 N = = S f  = 6f = & {fTl 6f = T 6f 
df df 

Thus for one extra wavelength of relative path length (6N = 11, corresponding to the spacing 
between two minima of received signal, the frequency change must be 1/T Hz, or 1 kHz for 
1 ms of relative delay. 

If, in addition to the relative time delay between the components, there is now a difference 
in Doppler shift of Sf,, the relative phase between the components as received will cycle 
through 2n every 1/6f seconds. The minima will now travel along the frequency band, one 
minimum moving along to take the place of the next in 1/6f, seconds (figure 3b). This is 
the phenomenon of selective fading, familiar to short-wave broadcast listeners, in which 
severe distortion of an amplitude modulated broadcast signal occurs as minima or nulls move 
through the signal spectrum, causing the carrier to fade out temporarily and the sidebands 
to interfere. For spread spectrum signals that depend on preservation of phase coherence 
across the frequency band (e.g. direct sequence or chirp as opposed to frequency hopping), 
this phenomenon can be catastrophic unless equalization or other remedial action is 
undertaken in the receiver. 

The simple arguments above have assumed two modes only: the analysis can be extended to 
several discrete modes or to scatter modes by using Fourier Transform relationships between 
the Power-Delay and Power-Frequency response and between the Power-Doppler shift and the 
temporal autocorrelation function (11). 

2.1.2 Propagation sounding and spread spectrum 

The scattering function characterization is valuable for HF operation over a frequency band 
f o r  which the group delays of the different components do not vary significantly. I1 
ionospheric propagation, however, there are significant changes in the modes of propagatir 
as the frequency approaches and moves through the MUF's of the 1 hop, 2 hop and more compl 
modes. Another phenomenon not adequately characterised is Faraday rotation, a polarizat' 



5-4 

rotation effect caused by the effect of the Earth's magnetic field on a wave propagating 
through the ionosphere. 

These features of ionospheric propagation are revealed by sweep-frequency oblique incidence 
ionospheric sounding experiments. Conventional oblique sounding, whether by pulse or 
continuous wave technique, reveals the mode changes as layer penetration occurs, but a sweep 
time of 10 to 300 seconds is normally too slow to show up any fine scale spectral structure 
varying on a time scale of seconds. Figure 4 shows a tracing of such a slow sweep sounding, 
with computed time delays derived from a mid-point sounding overlaid: the time delay spread 
of the arriving signals at a particular frequency can be seen to extend up to 10 ms, while 
the changes of mode are clearly identifiable. The figure reveals the complexity of the 
multipath structure at HF, even when phase behaviour is ignored. 

An experiment aimed at characterising the amplitude, phase and multipath structure of a 
wide-band signal received over a 234 km path and on a time scale of seconds was carried out 
in the U.K. bv salous and Shearman (121. A diaitallv-svnthesized CW transmission sweeoina ~~1 ~~~~~ 

at 1 MHz/s over a bandwidth selectable up to-5 MHz-was repeated at 10 s intervals. AThe 
transmitter and receiver were both synchronised to rubidium frequency standards, the 
received signal being mixed with a swept frequency local oscillator, digitally synthesized 
like that of the transmitter. With such a system, the receiver output yields a steady tone 
for a fixed path delay. 

For a number of oath delays. soectrum analvsis of the receiver outout oroduces an 
amplitude/frequency plot coriesponbing to the ahplitude/delay plot which ;ould&be obtained 
from a pulse sounding. If the frequency is swept over a bandwidth 8, a spectrum analysis 
will reveal the echo structure Which would be obtained with a pulse sounding, with a pulse 
length I = 1/B. An example of a series of such amplitude/delay plots obtained by Salous 
over the 234 km path mentioned above appears in figure 5. This was processed by analysing 
125 kHz segments of a continuous sweep, to give a resolution of 8 ps on the time delay axis. 
It will be seen that for this single hop, F layer propagated path, the time delay increases 
non-linearly by 1 ms over the 4 MHZ band as layer penetration is approached, and the 
arriving signal splits into two magneto-ionic components with time separations increasing 
to 0.5 ms. 

An advantage of this 'swept frequency continuous wave' (SFCW) or 'chirp-sounding' technique 
is that if the receiver output is recorded and digitised, oblique ionograms such as figure 
5 may be produced off-line with delay and frequency resolution chosen at the time of 
processing, rather than being set by the experimental parameters. In this experiment, two 
further choices were made; single-hop data only was selected for processing by filtering 
out the two- and three-hop modes and an interference-excision algorithm was also introduced 
to eliminate frequencies coinciding with broadcast and other interference. (A pulse sounder 
with the same time resolution, 8 p s ,  would find very few 125 kHz frequency slots clear of 
interference). Both these techniques are also of use in spread-spectrum communication, 
where the use of the wide-band properties to select one multipath-free mode from the complex 
arriving signal permits the signalling rate to he greatly increased, while interference 
rejection is always of crucial importance in the HF band. 

S o  far we have looked only at the time delay structure of the path response. Figure 6 shows 
a set of measurements of the amplitude/frequency response for a sequence of 20 sweeps, the 
sweeps being made at 10 second intervals. A 2.7 MHz span is covered. The key feature to 
note is that in spite of the elimination of two- and three-hop modes, which were the source 
of frequency selective fading discussed in section 2.1.1, the signal still exhibits deep 
fades as certain bands are traversed. The record has been analyzed in detail elsewhere 
(12), where it is shown that the remaining frequency selective fading is due to the presence 
of the two magneto-ionic components (ordinary and extraordinary), whose relative time delay 
is usually too small to resolve satisfactorily. It will be noticed that the low frequency 
Dort-ion of the records. 5-5.9 MHz. exhibits verv little freouencv selective fadino. This ~~~ ~~~ c - - - - - ~ ~  ~~ ~ I -, ~ ~ A ~ ~ - ~ ~ ~ l  ~~~~ 

arose because, at low frequencies, the extrordiky component of the F1 reflected path-was 
heavily attenuated compared to the dominant ordinary wave of the F2 path. When penetration 
of the F1 layer ocurred, the two F2 layer reflected components were of more nearly similar 
amplitudes and fade depths of 3 to 15dB ocurred 

Such evidence shows that frequency selective fading between different layer hop modes can 
usuallv be eliminated usina the delav-time discriminatorv oronerties of a widehand sianal. - ~ ~~~ ~ ~ ~~A 1 .  ~~~~ 

but the magneto-ionic o r  Faraday rotation effects often define the widest coherent bandwidth 
of the medium and therefore set a limit to the communication bandwidth. This topic 
therefore requires special treatment here. 

2.1.3 Magneto-Ionic effects 

In an ionosohere without a static maonetic field n r e s e n t .  the refraction of radio waves ~~ ~ >~~~ ~~ ~ 

~ ~~~~ 

would occur in the fashion of the ray diagrams shown in figure I, with a single ray for each 
mode of propagation. With a static magnetic field present, propagation of a circularly 
polarized wave travelling along the field direction will differ according to the sense of 
rotation: if the sense is such as to make an electron gyrate around the field so that its 
radius is increased by the 2 X B force, it will experience an enhanced collisional 
absorption and an altered refractive index: this is the extraordinary component. If the 
sense of rotation is reversed, the absorption is less and the refractive index different. 
Corresponding effects are encountered for other directions of propagation relative to the 
magnetic field, but the two characteristic polarizations will now be elliptical. 
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We now consider a linearly polarized wave incident on the base of the ionosphere. The wave 
may be resolved into two components having the characteristic polarizations appropriate to 
the direction relative to the Earth’s magnetic field at that location. These will then 
travel as separate entities through the ionosphere, undergoing refraction and phase 
retardation appropriate to their slightly different refractive indices. If the transmission 
has sufficient bandwidth to resolve the components in time of arrival, as in the ionogram 
of figure 5, we can measure the retardation, absorption and phase retardation individually. 
If the transmission is continuous wave or narrow-band, no time resolution will occur and 
the two components will add vectorially. For circularly polarized characteristic waves, 
the vector sum is linearly polarized and the orientation of this polarization rotates as 
it traverses the ionosphere (figure 7 ) .  A linear receiving antenna will he excited by that 
component of the incident field parallel to it. 

Now, if the ionosphere varies with time, one of the magneto-ionic components will suffer 
phase retardation and therefore rotation relative to the other and the orientation of their 
vector sum will rotate progressively, the phenomenon of Faraday rotation. The voltage 
induced in the linear antenna will therefore fluctuate in amplitude and phase periodically 
and show the effect seen in figure 6 if we follow the history of the voltage at one 
particular frequency through sucessive sweep samples. 

If at one instant, the frequency is swept, the same Faraday rotation effect occurs, as is 
seen by following the history of the amplitude variation through one single frequency sweep. 
The rate at which fades occur, is governed by the relative rates of change of phase path 
of the two components. 

2.1.4 coherent bandwidth and pulse distortion 

Fast swept frequency soundings provide information on the data rates that are practicable 
with coherent techniques such as direct sequence spread spectrum. Reference 12 discusses 
these factors in the light of the above experimental soundings. 

Inspection of figure 6 shows that the polarization bandwidth, defined for this purpose as 
the bandwidth between -5 dB responses, varied between 1 MHz and 4 kHz. The largest coherent 
bandwidth was only observed in October and was due to the shallow fades - less than 5 dB - 
when the extraordinary F1 wave was attenuated relative to the only other component, the 
ordinary F2 wave. On most occasions, the maximum coherent bandwidth was of the order of 
100-150 kHz. Such a maximum would be expected where the difference in phase path between 
ordinary and extraordinary modes passed through a minimum, giving a small relative rate of 
change. 

A representation different from the coherent bandwidth parameter, but relatable to it is 
the pulse response. Figure 8 shows the response, at different frequencies, of the same 
channel to 1 ps pulses as deduced from the sweep frequency sounding of figure 5. This makes 
clear the time separation of the ordinary and extraordinary arrival pulses as the MUF is 
approached and the time spreading in the individual pulse components arising from the 
variation of group path across the bandwidth of the pulse. 

2.1.5 System implications of path sounding data 

Milsom and Slator (131, using a pulse amplitude impairment criterion in terms of the slope 
of the group time delay, ? (f) (due to Sunde (14)). give as the limiting direct sequence 
spread bandwidth, Cr = l/(c%ip rate), 

where a = 1.5 for a 3 dB loss in signal-to-noise ratio, and the dot signifies 
differentiation with respect to frequency. 

The authors quote a typical figure for ig(f) of 200 ps/MHz for operation at 0.85 of the MUF 
at night over 500 and 1000 km paths under various ionospheric conditions. This value is 
in agreement with the values found in the above experiment. With this value the limiting 
chip rate is of the order of 87 k chips/s. Such a chip rate was used in the experimental 
modem developed by Scheme1 and Ince at SHAPE Technical Centre (15). 

We note here that systems have been demonstrated, which measure the response of the channel 
and equalize this over a wider bandwidth than that achievable under the above criteria. 
At Mitre, Perry ( 7 )  has reported tests of a system designed to equalize an ionospheric 
channel over a 1 MHz bandwidth. 

2.2 Noise 

In addition to time varying dispersion, the HF channel is typically limited by additive 
noise and interference, where interference infers unwanted signals from other €IF users. 
The linearity imperfections of the receiver (generating unwanted intermodulation and cross 
modulation), and reciprocal mixing terms, are not considered in this paper. 

The ideal minimum noise level is the thermal noise level of the receiver, plus the thermal 
noise level of the antenna. However, at HF, external noise received by the antenna usually 
predominates, where the external noise consists of atmospheric, galactic, and man-made 
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noise. Figure 9 shows the relative levels of these noise sources as a function of 
frequency, as measured with a short, omni-directional, vertical antenna. 

Figure 9 defines the noise level by Fa, the ratio of noise power Pn to the corresponding 
thermal noise power. 

Here k is Boltzmann's constant (1.38 x J/K), T is the reference temperature (288K). 
and b is the noise bandwidth of the receiving system (Hz). 

2.2.1 Atmospheric noise 

The sources of atmospheric noise are lightning discharges throughout the world, typically 
travelling long distances by sky-wave paths. For a given thunderstorm activity, the 
atmospheric noise level received at a particular location depends on propagation conditions, 
and hence a diurnal variation, and longer term variations occur. Thunderstorm activity is 
highest in tropical regions, where the noise level may be 15 dB greater than for latitudes 
of 40°, while in the Arctic region the noise may be 15-25 dB lower. Noise maps are given 
in CCIR Report 322, which also gives details of frequency and time dependence. Atmospheric 
noise is greatest at low frequencies, and relatively unimportant above 30 MHz. 

Galactic noise originates from radio stars and the galactic halo, and may exceed the 
atmospheric noise level at frequencies above 10 MHz. At the surface of the earth;galactic 
noise is only observed when operating above the local vertical incidence critical frequency. 

2.2.2 Man-made noise 

Man-made noise generated by electrical equipment may be significant. This is essentially 
propagated by power cables or by ground waves, and can be substantially minimised by proper 
siting of the receiver. 

Median values of man-made noise are shown in figure 9, as curves A to D, for business, 
residential, rural, and quiet rural areas respectively, where these areas are defined in 
CCIR Report 258. These curves correspond to measurements made in the U.S.A., and U.K. 
measurements indicate that D is appropriate for rural areas, and that the corresponding 
curves A and B are lower that those of figure 9. 

Efforts have been made to model man-made noise, using Gaussian and Chi-square distribution 
functions, where the appropriate model is dependent on noise measurements made at the 
particular site. The models may be used to predict the probability that the short term 
signal-to-noise ratio for a given communication system exceeds the value required for 
successful communication, and are given in the same CCIR Report. 

2.2.3 System implications 

The properties of noise and its effect on communication systems are presented in CCIR 
reports 258, 322, 339 and 670. Also, CCIR Report 894 gives signal field strength prediction 
techniques, to enable received signal-to-noise ratios to be estimated, and system 
performances determined. 

The received signal power P, is given by 

Pr  = P, + G, t Gr - L dBW 

where P, is the transmitted power, G,, G, are the gains of the transmitting and receiving 
antennas respectively, and L is the path loss. 

The main component of path loss is the free space loss, Ls, resulting from the divergence 
of the signal as it radiates from the transmitter, and ideally given by 

L* = 20 loglo dB 

where f is the radiated frequency, and d is the path length 

This is essentially the inverse square law of optics applied to radio transmission, and this 
ideal formula assumes that the atmosphere is uniform and non-absorbing, and that the earth 
is infinitely far away, or its reflection coefficient is ze ro .  In practice, the modifying 
effects of the earth and ionosphere need to be considered. 

An important property of the detection of digital signals in additive white Gaussian noise, 
is that the probability of data bit error at the detector is ideally independent of signal 
bandwidth, which is a fundamental requirement when wideband signals are to be considered. 
This property follows directly from the classical theory of matched filter or correlation 
detection. 
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However, different noise sources at HF have different statistical properties, and therefore 
will affect systems differently. For example, galactic noise may be assumed to be white 
Gaussian, whereas atmospheric noise is essentially impulsive, and Gaussian only at lower 
amplitude levels (17). Man-made noise is also often impulsive (18). Communication systems 
are usually designed to be near optimum in White Gaussian noise, and their performance in 
impulsive noise will depend on the particular signal processing used at the receiver. For 
example, a chirp system may he expected to be effective in impulsive noise, as the matched 
filter will give phase dispersion to such input signals, dispersing the impulses over longer 
time intervals and thus reducing their peak values. 

2.3 Interference from other HF users 

The HF spectrum formally extends from 3-30 MHz, and can ideally accommodate only about 
10,000 separate voice channels. However, at any one time, propagation conditions do not 
permit this entire range of frequencies to be available for sky-wave communication. 

Also, at night, the available sky-wave spectrum typically reduces relative to daytime, due 
to the fall in MUF, with increased occupancy at the lower frequencies. This is shown in 
the HF spectra of figure 10, which shows typical day and night winter spectra. At night, 
signal levels are higher due to the diminished D layer of the ionosphere, which is an 
absorption layer only. 

Interference from other HF users can be a major cause of unreliable HF communication. As 
examples, Pierce has noted noted the effect of interference on data links operating over 
a 640 km path, and over a trans-Atlantic path (19). Also, a conclusive appreciation of the 
effects of interference was obtained from the extensive 'common user radio-transmission 
sounding' (CURTS) experiments on automatic frequency management, where the outages due to 
interference exceeded those due to propagation by a factor of five and accounted for as much 
as 25% of messages lost ( 2 0 ) .  

The ability to detect a data signal in interference depends on the ratio of the signal power 
to the interfering power, and on the similarity between the signal and the interference. 
A data signal of bandwidth F and duration T has 2FT independent values, and hence the 
dimensionality of the signal (and the freedom to make it different from other signals) is 
increased by increasing the bandwidth. This implies that wideband signals are less likely 
to be similar to noise and interference. However, wider bandwidths accept more interfering 
power, and in the absence of interference rejection filters at the receiver, the possible 
advantage of wideband systems at HF is unclear. The processing gain of the wideband signal 
may be insufficient to counter the total interference power. 

Much effort has been given to the characterisation of time varying effects of the 
ionosphere, and also of noise, but less attention been given to the characterisation of 
spectral occupancy, although its importance is recognised (21,22). A long term programme 
is being undertaken in the U.K. to measure and analyse spectral occupancy across the entire 
HF spectrum (23,24), and this experiment and a resulting mathematical model for occupancy 
will be described briefly in the next section. 

2.3.1 Occupancy measurements 

The aim of the occupancy measurement programme is to provide data which may be used in 
conjunction with frequency predictions, to advise HF operators on the typical occupancy they 
may encounter, and how this may vary with threshold level, frequency, time, bandwidth, type 
of user allocation, and geographical location. Such information may also be useful to 
communication system designers, to HF/VHF ground wave users (who may then choose operating 
frequencies to avoid severe interference from sky-wave users), and also to study groups who 
are concerned with the determination of international frequency assignments. 

Occupancy measurements are made twice yearly across the whole HF spectrum, approximately 
at the times of the winter and summer solstices, when the diurnal variation in the MUF is 
maximum and minimum, respectively. Such measurements have been made since 1982, and cover 
a wide range of sunspot numbers. The experimental site is a rural site in central England, 
and the antenna is an active, wideband, vertical monopole. 

In the determination of occupancy for the different HF users, a communication receiver, 
operated without AGC, and having a bandwidth of 1 kHZ, is stepped in 1 kHz increments 
through each ITU user defined allocation, spending one second at each increment. 

Each 1 kHz channel is defined as occupied at a particular threshold level if the average 
signal value exceeds the threshold in the One second observation period, The percentage 
of such channels occupied across each user allocation then defines the 'congestion' for that 
allocation. 

The communication receiver is used in preference to a spectrum analyser, because the 
receiver filters are more selective, and a filter bandwidth of 1 kHz was chosen because it 
has been shown that congestion measurements are approximately independent for frequency 
separations greater than 1 kHZ (2.21. The observation period is one second, to accommodate 
signal variations due to modulation and fading. 

This measurement of congestion across the whole HF spectrum takes several hours, and 
therefore only results corresponding to the stable ionospheric conditions that occur at 
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about midday and midnight are taken. It had been verified previously that useful 
correlation of such congestion measurements exists for results separated by several days, 
as long as the comparison is made for.equivalent times of day or night. 

Table 1 lists the ITU frequency allocations (slightly simplified) and gives experimental 
values of congestion for the summer solstice of 1982. Results are given for five threshold 
levels (as measured at the antenna terminals of the receiver), where -107 dBm is equivalent 
to a received field strength of 2pV/m. For the night results, it is apparent that the 
lowest threshold (-117 dBm) intercepted the noise level at the lower part of the HF 
spectrum. 

Congestion will be strongly dependent on the bandwidth of the measurement filter, and 
examples of this dependence have also been published (23). 

The geographical area over which congestion measurements will be valid is not clear. 
Simultaneous measurements across the entire HF spectrum have been made at two sites in the 
U.K., separated by 120 km, with virtually identical values of congestion being achieved 
(25). Also, voice channel experiments have indicated that correlation of occupancy may 
extend to 500 km, and theoretical modeling has supported this (26). 

2.3.2 A mathematical model for occupancy 

An effort has been made to fit a mathematical model to the experimental occupancy data of 
the type presented in Table 1 (27). The measured values of congestion are values of 
probability, and must lie in the range 0 to 1. To ensure that the model gives values within 
this range, the following 'logit model', suggested by Dr P J Laycock of UMIST, has been 
used. 

Congestion in ITU band k is given by Q, = eYk where O < Q , < l  

The index yk is a function of the parameters on which occupancy may be expected to depend, 
such as time, frequency, bandwidth, threshold level, sunspot number, and geographical 
location, Extensive numerical analysis has resulted in the use of the following function. 

T T P  

y, = A, + B x ;threshold(dBm)I + (C, + C,.f, + C,.fk2 ) x sunspot number (1) 

A, has 95 values, corresponding to the 95 ITU allocations, 8 is a single coefficient to be 
multiplied by the threshold modulus, C,,CI,C, are coefficients in a quadratic expression for 
frequency, to be multiplied by the sunspot number, and f, is the centre frequency (MHz) of 
each ITU allocation. There is no useful data for geographical location at present, except 
that the results apply to an area of at least 100 km radius. Also, bandwidth has not yet 
been included in the model, but is presently being considered. Hence the present model 
applies for a bandwidth of 1 kHz only. 

The congestion results to be fitted were divided into 4 sets, corresponding to summer day, 
summer night, winter day, and winter night, such that 4 models were to be determined. Good 
fits have been achieved, but the fit for the lowest threshold -117 dBm is less accurate than 
for the hiaher thresholds. -107 dBm to -77 dBm. This mav he due to the atmosoheric noise ~ ~ ~~ 

_I 

occasionally rising above this threshold, and also because the adjacent 1 kHz observations 
may not be statistically independent. 

Table 2 gives model coefficient values, for Summer day congestion results, for 1982-1986. 
This model applies for the entire HF spectrum, and for threshold levels in the range -107 
dBm to -77 dBm. As a measure of the accuracy of the fit for this particular model, of the 
measured values of congestion, 56% are given by the model to an accuracy for Q, of + O . O l ,  
91% to an accuracy of 50.05, and 98% to an accuracy of tO.1. 

An operator at HF is likely to have little interest in the occupancy of the spectrum outside 
his particular type of user allocation. Hence, models have been det,ermined for specific 
types of user, and have a slightly improved fit to the measured values corresponding to 
those particular allocations. For example, the fixed user has 48 allocations in which 
operation is permitted on a primary or secondary basis. A model of the type defined in 
equation 1 would thus have 48 frequency allocation terms, plus threshold and sunspot 
coefficients. 

During 1989, a dedicated system for the measurement of HF spectral occupancy was installed 
at the Department of Trade and Industry Monitoring Station at Baldock, U.K. A similar 
installation has been made at Linkoping in Sweden. The mathematical models continue to be 
developed, and will be fitted to the data from both sites 

2.3.3 Interference parameters 

The previous congestion values were measured with a bandwidth of 1 kHz, and averaged over 
ITU frequency allocations. There is also a need for finer resolution measurements, to give 
an insight into the detail of the interference spectra in which HF systems have to operate. 

An example of a 50 kHz wide night spectrum, measured with a resolution of 100 Hz, is shown 
in figure 11. The statistical properties of many such spectra have been studied, and 
parameters defined which provide a basis for determining the performance of digital 
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communication systems in the presence of interference (22). Congestion values have been 
determined, in this case for a measurement bandwidth of 100 Hz. and a single threshold of 
-125 dBm. This threshold intercepted almost all the interfering signals, and yet was 
significantly above the noise level. 

Examples of such congestion values, taken over a one week period within frequency 
allocations for 'fixed' users, are summarized in table 3 .  A high value of congestion is 
typically Q=O.5. It is evident that congestion was consistently high at dusk and night as 
indicated by the low value of standard deviation with respect to the mean. It was less at 
dawn, and at frequencies near the OWF during day, and least at daytime at frequencies well 
below the OWF, where the non-OWF frequency indicated is halfway between the OWF and the 
LUHF, for 1000 km range. This latter point suggests that it may be better to operate below 
the OWF during the day, and accept some loss in propagation quality in exchange for less 
interference from other users. 

2.3.4 Relevance to data transmission 

The parameter congestion, Q, may be used to determine the probability of HF signals avoiding 
interference, assuming that such signals may be placed anywhere within each 50 kHz spectrum 
examined. Since the spectral measurements were made with a resolution bandwidth of 100 Hz, 
the analysis is directly applicable to narrowband data signals (keyed at 50 - 100 bauds) 
which use such bandwidths. 

For example, the probability of finding a 100 HZ bandwidth for slow rate differential phase 
shift keying (DPSK), where the interference is less than -125 dBm, is simply equal to 1-Q. 
This is defined as the availability of the signal. Similarly, for FEK, where the frequency 
shift exceeds 1 kHz, which is sufficient frequency separation for the tones to be affected 
independently by interference, the availability is (1-a)'. For FEK with a frequency shift 
much less than 1 kHz, the tones will not be affected independently by interference, and the 
availability is approximately 1-Q, as for DPSK. 

3 EXPERIMENTAL HF WIDEBAND SYSTEMS 

Examples of two digital communication systems are given, one a frequency hopping (FH) modem, 
and the other a chirp modem. Both operate at low data rates, and were designed to give 
reliable operation in the presence of frequency selective fading, noise, and severe 
interference from other HF users, without the use of a control link from the receiver to 
the transmitter. Also, HF wideband radar techniques are discussed. 

3.1 An adaptive frequency hopping modem 

As an introduction to the design of an HF wideband frequency hopping modem, the application 
of the parameter congestion, Q, has been extended to the availability of robust signal 
formats with a high level of frequency diversity. For example, the signal format of figure 
12 contains M FEK signals, representing M signals in frequency diversity. The frequency 
separation between the diversity components is 1 kHz, and the frequency shift for each 
component is small. The probability that at least two diversity components will be received 
free of interference is given by 

P(Z,M) = 1 - aM - M(I-Q)Q~-' 
The sionificance of at least two diversitv comDonents beina interference free is that 

~ 
~~~~ ~ ~~~~~~ ~~ 

~ 

frequency diversity is preserved, and protection achieved against frequency selective 
fading, after the interfered tones are rejected. For M = 6 and Q = 0.5, P(2,b) = 0 . 9 ,  
inferring a 90% availability in severe congestion. 

Thus a signal format which may be expected to operate well in interference could comprise 
6 narrow-shift FEK pairs, with 1 kHz separation between adjacent pairs. Narrow-shift 
noncnherent FEK is preferred to DPSK because it is easier to implement, and more robust in 
operation. 

To obviate the problem of total signal loss in severe and unfortunately structured 
interference, the 6 tone pairs may be hopped in frequency. The signal format will then 
encounter the average congestion value across the hopping bandwidth. If the tone pairs are 
hopped as a single group, then a 6 kHz hop in carrier frequency would ensure uncorrelated 
interference conditinns, and the use of forward error correcting codes would protect data 
on hops where 5 or 6 tone pairs may be lost. 

It is important that severe interference is not permitted to enter the decision circuit of 
the detector. This may be achieved by the use of a second receiver which 'looks ahead', 
examining the interference spectrum on each hop, immediately prior to transmission occuring 
on that hop. If severe interference is found to coincide with the frequencies of any of 
the diversity components, then those components are rejected and the data decision is based 
only on the remaining components, when data is subsequently received on that hop. 

3.1.1 Theoretical diversity performance 

The theoretical performance of a square-law combiner has been derived for binary noncoherent 
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FEK in slow Rayleigh fading and white Gaussian noise, the probability of error being given 
by (28) 

(2+x)-M-" M- L Pn(M) = z (ZM-l)! (-l)m 
m = o  (M-l)!(M-l-m)!m!(M+m) 

where M is number of diversity branches, and x is long-term average normalised signal-to- 
noise ratio per diversity branch. 

The analysis may be extended to the sixth order diversity excision detector. 
the effect of interference, and gives the probability of error after excision as (29) 

This includes 

Pe(6) = 0.5Q6 + 6(1-Q) Q5 Pn(1) t 15(1-Q)' Q' Pn(2) 

+ ZO(l-Q)3 Q3 Pn(3) + 15(1-Q)" QZ Pn(4) 

+ 6(1-Q)5 Q Pn(5) + (1-Q)6 Pn(6) 
This is plotted for various values of congestion in figure 13, and represents an analytical 
solution for error rate in the presence of noise, selective fading, and interference. While 
it may be necessary to operate with 6 channels for Q = 0 . 5 ,  lower redundancy is acceptable 
at lower congestion. For Q = 0.1, for example, dual diversity is sufficient, and hence, 
still using 6 FEK channels, the data rate may be increased by a factor of 3 .  It is thus 
possible to operate with a data rate chosen relative to the severity of interference, where 
the average value of congestion across the hopping bandwidth is predictable. 

3.1.2 FH modem link tests 

A frequency hopping modem with 6 FEK channels has been tested at low power on an 800  km sky- 
wave HF link, when it was compared with a standard narrowband FEK system ( 7 5  bauds keying 
rate, single tone pair, 850  HZ frequency shift) (30). Messages of about 2000  bits were 
transmitted alternately via the standard FEK modem, and via the frequency hopper. The 
hopper used 30 hops, each representing a 6 kHz increment in carrier frequency, and of 
duration 1s. The sixth-order diversity format was thus incremented uniformly once only 
across a total bandwidth of 180 kHz during the message transmission. This is a simple 
hopping pattern, but the hopping parameters are essentially arbitrary. 

Figure 14 shows a night spectrum during the link tests. The FH signal is indicated (with 
an interfering carrier within its own bandwidth), This defines the first hop position, and 
the remainder of the spectrum shown is the hopping bandwidth. It can be seen that the FH 
signal level is about 40 dB below the interference peaks, but useful operation could be 
achieved under such severe conditions. 

The hopper has a different type of performance to that of the standard FEK signal. In 
particular, the standard FEK signal tends to have good performance in the absence of 
significant interference, and very poor performance in the presence of severe interference. 
The hopper, on the other hand, always encounters interference within its hopping bandwidth, 
so that even under low congestion conditions, it generally has a finite error rate. Under 
high congestion conditions, the hopper cannot encounter severe interference for the whole 
message and tends to have an increased, but still low, error rate. This type of performance 
is illustrated in the example of results shown in figure 15. This plots the error count 
for each 2000 bit message against number of messages for both the standard FEK system and 
for the hopper, over a specimen two hour period. The FEK messages and hopping messages were 
alternated in time, and were transmitted at an equal average power. 

Forward error correcting codes are particularly effective on the hopping format. This is 
because the error rate is not typically very high, and also because the duration of a 
typical error burst is known, being equal to the hopping period. Excellent improvement has 
been achieved using the Golay(23,12,3) code, in which each codeword is 23 bits long, 
contains 12 information bits, and can correct 3 errors. In the application of this code, 
interleaving was used so that not more than 1 bit from each codeword appeared on each hop, 
to give maximum protection (30). 

Thus signal design for the adaptive FH modem has been derived by using elementary parameters 
of HF interference. The link test has confirmed that the adaptive hopper offers a method 
of achieving useful communication under extremely severe interference conditions, without 
the use of a control link. The frequency diversity also offers good performance in fading. 

3.2 An adaptive chirp modem 

A further modem Uses the differential phase shift keying (DPSK) of swept frequency chirp 
signals across a bandwidth of 2.7 kHz, with a keying rate of 7 5  bauds (31). In absolute 
terms this is not a wideband signal, but the bandwidth is large when related to the data 
rate, and the system principles are relevant to systems of much wider bandwidths. 

The DPSK format and detector are shown in figure 16. The detector includes an adaptive 
filter which can selectively reject parts of the signal spectrum. This is followed by a 
conventional matchod filter for the chirp signal, which in turn is followed by the 
differential phase measurement. 
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The detector also includes an interference assessor, which measures interference levels in 
each of 16 contiguous sub-channels, spread uniformly across the swept bandwidth. 
Sub-channels containing severe interference are then omitted from the adaptive filter 
response, thus suppressing the interference and the corresponding parts of the chirp signal 
spectrum. However, in severe interference, the signal-to-interference ratio will be 
enhanced, and thus the rejection will reduce the error rate when the power-spectral-density 
of severe interference within the swept bandwidth is significantly non-uniform. 

In the initial implementation of the chirp detector of figure 16, the interference 
assessment was achieved prior to chirp signal transmission, and the rejection configuration 
remained unchanged during the 2000 bits of each chirp message. The system used finite 
impulse response transversal filters to achieve rejection and matched filter operations. 
An example of an experimental rejection response is shown in figure 17, together with the 
corresponding compressed pulse waveform. The filter without rejection, and corresponding 
compressed pulse, are also included for comparison. The effect of the notches is to 
disperse the energy of the compressed pulse. However, this dispersion is generally not 
severe, and is typically accommodated in the integration window at the multiplier output 
of the differential phase detector of figure 16; intersymbol interference is thus avoided. 
Also, the time resolution of the system enables multipath components to be resolved, and 
summed on a power basis by the integrator, before the data decisions are taken. 

3.2.1 Chirp modem link tests 

The system has been tested over a 170 km sky-wave HF link, in which chirp messages of 2000 
bits were alternated with FEK messages. The FEK detector incorporated no interference 
rejection, and the received chirp signals were detected both with and without rejection. 

Without rejection, the overall chirp performance was worse than that of FEK. This 1s 
because the processing gain of the chirp signal was too small to give useful rejection of 
typical interfering signals falling within its bandwidth. With rejection, the overall 
performance of the chirp system was better than that of FEK. The field trial results are 
given as accumulative error curves, an example of which is given in figure 18. This shows 
the total number of errors against number of messages received for a 2 hour test period. 
The system having the best performance is that which possesses the longest, and lowest, 
curve. Only messages for which frame synchronisation was obtained from the received signal, 
are taken into account in figure 18, and the curve corresponding to the chirp system without 
interference rejection is shorter than the curve which includes rejection, by the number 
of messages for which synchronisation was lost. The transmitter power was almost always 
less than 1 w, and occasionally as low as 20 mW. 

In addition, the adaptive filter response is indicated for each message, by a chart below 
the error curves, and which follows the same time scale as the error curves. The 
interference occupancy pattern is often remarkably stable with time, with virtually 
identical rejection patterns being determined for periods up to 2 hours. However, this 
is not always the case, and the example of figure 18 shows more variable interference 
conditions, when more frequent assessment of the interference and more frequent updating 
of the adaptive filter would be advantageous. 

Important improvements which have been realised are the continuous assessment of the in-band 
interference during chirp signal reception and the continuous updating of the adaptive 
rejection filter, and a choice of data rates of 75, 150, 300 or 600 bits/sec. Also, the 
complete detector of figure 16 has been implemented on the Texas TMS320C25 digital signal 
processing chip. 

3.3 HF wideband radar techniques 

HF radar systems using pulse (32), FMCW (33.34). FMICW ( 3 5 )  and pulse compression (36) have 
been extensively reported and two useful surveys are available (37.38). All the reported 
systems use a bandwidth comparable with that needed to achieve the desired range resolution, 
which may be regarded as the minimum bandwidth necessary to achieve a required performance. 
The use of a wider bandwidth than this may be considered as definition of spread spectrum. 
The USSR 'Woodpecker' HF radar appears from listener's reports to use a form of coded pulse 
transmission, butthis also is probably used to achieve the wanted range resolution combined 
with high pulse energy, as with the very high power level, concealment is not practicable. 

The use of spread spectrum techniques in €IF radar is severely constrained by the requirement 
to achieve a high degree of sub-clutter visibility in order to see aircraft or ship targets 
which are 10's of dB below the clutter power from land and sea. 

The two available techniques for detecting small targets in the presence of clutter depend 
respectively on: 

1 Achieving high Doppler resolution by long dwell times, thus separating clutter and target 
by using the difference in their velocities, or 

2 Reducing the size of the radar resolution cell by narrow antenna beams and/or high range 
resolution, thus reducing the clutter amplitude. 
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Unfortunately, the first technique requires a coherent dwell on a single frequency of 
seconds for aircraft detection, or  tens of seconds for ship detection, which greatly limits 
the hopping speed of conventional frequency agile strategies which do not seek to preserve 
phase coherence between hops. This constrains the ability to evade a jammer. 

The second technique, reducing the resolution cell size, looks initially more attractive, 
since it implies spread spectrum and achieves increased range accuracy of the radar in 
taroet location. An HF. radar tvoicallv ooerates with a bandwidth of 5-20 kHz. as aoverned ~ ~~ I ~ ~~ 

~~~~ ~ ~~~ ~ ~~ 

I ~~~~~~ - - = - ~  - - =  ~ _. ~~~ ~~~~ ~~~ 

by frequency allocations and spectral congestion; this implies a range resolution of 30- 
7.5 km, large by microwave radar standards. The difficulties with adopting a wide bandwidth 
are: 

1 To achieve compression, the coherent bandwidth of the channel must embrace the full 
spread bandwidth (and we have seen in section 2.1.4 that Faraday rotation sets a limit to 
this). 

2 
interference to other users. 

In the congested spectral environment of the HF band, the transmission is likely to cause 

3 consequent on the congestion, an adequate signal may not be recovered after compression. 

Basler and Scott (36) reported successful compression with a bandwidth of 100 kHz, giving 
a range resolution of 10 ps, which agrees with the order of bandwidth found experimentally 
in section 2.1.4. 

There is probably scope for further development here, but the limitations set by Faraday 
rotation must be borne in mind. In this connection it is interesting to speculate whether 
the equalization techniques reported by Perry (Section 2.1.5) have any application to radar. 
Equalization over the area of a resolution cell in which the path lengths vary by many 
wavelengths, will, however, be more difficult than equalization over a point-to-point link. 

We also reflect that the requirement in an HF radar frequency hopper, mentioned above, of 
a minimum coherent dwell time per hop (governed by the required Doppler resolution), may 
not be fundamental. If the transmitter generates, and the receiver is matched to a coherent 
frequency agile pattern, there is no fundamental difference from a repetitive chirp 
technique with the same total dwell. Frequency hopping receivers normally treat the 
received signal on different frequencies independently, but they could be processed 
coherently, if the coherent bandwidth of the medium permits this. 

It is of interest to mention, in conclusion, one technology which, in effect, uses a wider 
bandwidth than that necessary to achieve the final range resolution; it may therefore be 
regarded as a spread spectrum system, though not devised for the normal application of 
spread spectrum (concealment and/or anti-jamming). Some sea-state sensing radars ( 3 3 )  
utilise a large FMCW swept bandwidth, yielding a small range-resolution cell. Doppler power 
spectra are derived for each of a group of cells, and these spectra are then averaged 
together to yield a single spectrum with a reduced variance, permitting sea-state 
measurements (391 of imoroved accuracv. The averaaed Doooler soectrum characterises a ,~ I ~ .~ ~ .. ~~~ ~~ 

larger range resolution cr.!ll than the original, so chat the radar 1s using a wider bandwidth 
tnan that cor r r rpond lnq  to its f i n a l  reso:ur.ion. 
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Figure la Multipath and Doppler shift in HF communication. 

Figure lb Multipath and Doppler shift in HF radar. 
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Figure 2 Examples of delay/Doppler scattering functions. 

(a and b) 700 km point-to-point, 6.8 MHz, night-time. 
Doppler and time scales with reference to arbitrary zeros 

a Quiet ionosphere, 1 hop F2 and 2 hop F2. 

b Disturbed ionosphere, 1 hop F2 and 1 hop F2 + 1 hop E (N) 
c HF radar, 6.8 MHz, azimuth looo from U.K., 0300 UT. 

1 hop E at 600-1200 km range, 1 hop F at 2000-2600 km, and 2 hop F 
at 3600-4200 km (Doppler shifted -1 H Z ) .  Meteor echoes at 300-600 km. 
Note that 150 km of range is equivalent to I ms delay. 
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amplitude 
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Figure 3 Amplitude versus frequency response f o r  a 2-path channel, indicating movement 
of response along the frequency axis due to selective fading. 

(Equal amplitude signals are assumed here). 

4 5 6 7 8 10 12 14 16 20 

FREQUENCY 111 M H z  - 
Figure 4 Winter daytime oblique ionogram taken over the path St. Kilda to Townsville 

(Australia). 

Also shown is the synthetic ionogram derived by ray tracing the mid point 
profile (after George, JAPT, 32, 1970, p 910). 
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Figure 5 

Figure 6 

6MHz 

8MHr 
l ) /k  
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Received 'ionograms'showing amplitude versus delay for 125 kHz segments, the 
segments being obtained from a single continuous sweep (reference 12). 

5 6 7 f (MHzl 

Amplitude versus frequency response for a 234 km sky-wave link 

Single hop F2 propagation is selected. The dominant selective fading is due 
to polarization interference, and the gaps correspond to broadcast stations 
gated out in processing. Sweeps made at 10 s intervals (reference 12). 
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Figure 7 Illustrating Faraday rotation (after Croft (37)). 

6 38 M H z  

1 838MHr 
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.. 
2 time delay (ms) 3 

Figure 8 Derived pulse distortion which would be experienced by a lps pulse versus 
frequency, for the sweep of figure 5 (reference 12). 
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Figure 9 Variation of external noise power with frequency 
(after Maslin (16) after CCIR). 
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Figure 10 Examples of HF spectra (resolution 1 kHz). 

a Winter day. 

b Winter night 
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46 13.600 - 13.800 
49 13.000 - 14.000 
50 14.000 - i4.350 
51 14.350 - 15.000 
52 15.000 ~ 15.100 
53 15.100 - 15.600 
54 15.600 - 16.000 
55 16.000 ~ 16.360 
56 16.360 - 16.660 
57 16.060 - 17.410 
56 17.410 - i7.550 
56 17.550 - 17.900 
60 17.900 - 18.030 
61 16.030 - 18.066 
62 16.066 - 18.168 
83 I6.166 - 18.780 
64 18.780 - 18.900 
65 16.900 - 19.300 
66 19.300 - 19.600 
67 19.680 - 19.800 
68 19.600 ~ 20.000 
69 20.000 - 20.500 
70 20.500 ~ 21.000 
71 21.000 - 21.450 
72 21.450 - 21.070 
73 21.670 - 22.000 
74 22.000 - 22.400 
75 22.400 - 22.655 
76 22.655 - 23.000 
77 23.000 - 23.200 
79 23.350 - 24.000 
80 24.000 - 24.500 
61 24.500 - 24.660 
62 24.890 - 25.000 
83 25.000 - 25.210 
04 25.210 - 25.550 
65 25.550 - 25.670 
86 25.670 - 26.100 
87 26.100 - 26.175 
08 26.175 - 26.500 
99 26.500 - 27.000 
90 27.000 - 27.500 
91 27.500 - 28.000 
62 26.000 - 20.500 
93 26.500 - 29.000 
64 29.000 - 29.700 
65 29.700 - 30.000 

78 23.200 - 23.350 

Table I b  Congestion values July 1982 
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k 

1 
2 
3 
4 
5 
6 
7 
8 
9 
10 
11 
12 
13 
14 
15 
16 
17 
18 
19 
20 
21 
22 
23 
24 
25 
26 
27 
28 
29 
30 
31 
32 

Congestion in ITU band k is given by Q, = eYk where 0 < Q, < 1 
l+eY* 

- - A, + B x {threshold(dBm){ + (C, + C,.f, + C,.fk2) x sunspot number 

-13.585664 
-14.733032 
-14.062625 
-14.064345 
-13.915349 
-13.418279 
-15,021687 
-12.792868 
-13.166584 ~~~~ 

-13.210117 
-12,712065 
-13.263342 
-13.962915 
-13.965851 
-12.034389 
-11.952289 
-12.839164 
-12,507083 
-12.261500 
-13.413974 
-11.921589 
-9 .E67710 
-11.288726 
-13.433738 
-11.865379 
-11,570784 
-11.026025 
-12.219094 
-11,804916 
-11.959665 
-10,828862 
-13.262643 

k 

33 
34 
35 
36 
37 
38 
39 
40 
41 
42 
43 
44 
45 
46 
47 
48 
49 
50 
51 
52 
53 
54 
55 
56 
57 
58 
59 
60 
61 
62 
63 
64 

-11.919495 
-10,289421 
-12.711416 
-12.219176 
-11.225493 
-11.246493 
-11.635492 
-12.730354 
-11.378533 
-9.410399 
-10,779525 
-11.663792 
-10,963576 
-12.744649 
-11,050034 
-10,546442 
-11,426044 
-11.958787 
-11.729799 
-11,292570 
-9.223130 
-11.633442 
-11.693433 
-12,808930 
-11.698942 
-12.420106 
-9.926302 
-12.650106 
-12.467779 
-12.393797 
-12.677131 
-13.309509 

k 

65 
66 
67 
68 
69 
70 
71 
72 
73 
74 
75 
76 
77 
78 
79 
80 
81 
82 
83 
84 
85 
86 
87 
88 
89 
90 
91 
92 
93 
94 
95 

-13.546634 
-13.993226 
-14.208674 
-13.647821 
-13.299901 
-13.958850 
-14.283216 
-11,048516 
-14.411120 - T i ,  973111 
-13.829214 
-14.733973 
-15,514025 
-15.221752 
-15.906229 
-16.478808 
-16.213741 
-20,534570 
-15.904058 
-21.632969 
-13.496772 
-15.292201 
-15.529101 
-15.102002 
-14.065095 
-13.117673 
-13,752702 
-15.866187 
-15.144994 
-17.197009 
-16,499500 

B = -0.100192 

C, = -17.348957 x 10.’ 
C, = 1,910600 x 
C, = -0.052359 x 

f, is the centre frequency of the k th frequency allocation (MHz) 

Table 2 Congestion model c o e f f i c i e n t s  f o r  summer day 1982-86. 
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Figure 11 

-80 dBm 

-90 1 
-100 

-110 

-120 

-130 

Example of a fine resolution HF spectrum. 

(Resolution 100 Hz, night-time, fixed users, OWF for 1000 km range) 

Congestion Q 

Diurnal period mean std. dev, 

D a m  0.06 0.02 
Mid-day (OWF) 0.25 0.10 
Mid-day (non-OWF) 0.09 0.11 
Dusk 0.43 0.15 
Midnight 0.46 0.06 

Table 3 Measured values of congestion over one week. 

(100 HZ bandwidth, -125 dBm threshold, fixed user allocations, 
OWF for 1000 km range). 

-1 kHz- - - 120Hz 

Figure 12 rdealised spectrum for FEK signal with Mth-order frequency diversity 

:The mark frequencies are shown by continuous lines, and the space frequencies 
,y broken lines). 
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I 

average SNR per branch 

Figure 13 Theoretical performance of the FH system with 6th-order frequency diversity. 

180 kHz I 

4 k 6-tone signal f 

Figure 14 FH signal in severe interference during an 800 km HF link test. 

standard FEK frequency hopper 

m co 
0, frome sync failure 

; LOO LOO 
L a a 

5 200 200 x 
e 
& n  n 
i 

_ .  
1 50 100 1 50 100 

number of messages number of messages 

Figure 15 Error counts for narrow-band FEK and wideband FH modems, measured during an 
800 km HF link test. 

(m error count of 500 indicates that the message synchronisation was lost). 



5-26 

V 

relative phase 0 n 
mark space 

interference assessor 

analysis 

I C  . 1 adaptive matched integrate 
dump delay rejection filtering 

Figure 16 Chirp signal DPSK waveforms and detector. 

r-- I ‘P 

t t 

Figure 17 Example of the frequency response of the experimental interference rejection 
filter, with corresponding dispersion of the compressed pulse. 

a No rejection. 

b 30% of bandwidth rejected 
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Figure 18 Example of systems comparison on 170 lun sky-wave €IF link. 

a Chirp (no interference rejection). 

b Chirp (with interference rejection) 

C FEK. 

The network rejection pattern for each message is shown below the graph, 
where ' 0 '  indicates sub-band rejection, and ' - '  indicates sub-band inclusion 
In this comparison the rejection pattern was set at the beginning of each 
chirp message, and remained unchanged for.the message duration of 2 6 . 4  s .  

(m and s indicate the FEK mark and space frequencies). 





RFFRTS DIJ MILIEU DE PROPAGATION DANS LES PROBLEMES 

RESUME 

Dans cet article, les principes de I'etalement de spectres, ses avantages et les problkmes que pose sa mise en 
oeuvre sont present&. 

L'influence du canal est examinee : distorsions et decalage frkquentiel apportks par une fonction de 
transfert imparfaite non stationnaire et brouillage apportk par les interfkrences, parfois nombreuses, dam la 
bande. 

L'effet de ces dkfauts est examine dans les systemes de transmission, d'acch multiples et des radars. Une 
synthese des solutions techniques est presentee. 

Dam un dernier chapitre, I'influence des brouilleurs est examinee et une solution optimale de protection 
est dkrite. 



6-2 

I. - GENERALITES - 

L'utilisation de signaux A larges spectres a de nombreux avantages. L'un des principaux est 1% Ala reduction 
du coiit de transfert de I'information. On peut mesurer le coat d'une transmission par l'energie r e p e  
ntcessaire pour transmettre une quantitb d'information eggale A 1 Shannon. Les etudes classiques montrent 
que le coiit est minimum lorsque le rapport signal A bruit tend vers zkro. 

La capacite d'un canal est donnke par la borne de Shannon 

S C = B log, (1 + A) 

(1) 
itablie en supposant une distribution gaussienne pour les signaux et pour le bruit et dans laquelle 
C est le debit maximum du canal en Shannon/seconde 
B la bande passante en Hertz 
S/N le rappon signal A bruit. 

Cette relation montre que la solution la plus efficace consiste donc A augmenter la bande du caqal pour 
pouvoir obtenir un rapport signal A bruit sufisamment faible. I1 est bien COMU que les modulations 
analogiques &amplitude sont plus codteuses que les modulations de phase ou de frkquence. Pour un 
rapport signal A bruit de l'ordre de 30dB a p r h  demodulation, les premieres coiitent plusieurs centaines de 
fois le coiit minimum Dmin = Ln2. ne oh ne est la densite spectrale de puissance du bruit A l'entree du 
rtcepteur alors que ce coiit n'est plus que de l'ordre de 15 Dmin dans les systemes A modulations de 
friquence et m&me 3 D d n  dans les systemes B seuil amelior.5. 

On constate donc que l'efficacite des systemes augmente avec la bande occupee par le signal et la 
modulation analogique de frequence peut probablement ktre considerbe comme le premier systeme A 
spectre &tale. 

Les systemes numeriques constituent un prolongement des systemes analogiques vers la diminution du 
rapport signal A bruit et l'augmentation de la bande occupee. Un continuum s'etablit des modulations 
analogiques aux modulations binaires par l'intermkdiaire des modulations discr&tes A Q ktats comme les 
modulations MAQ. Ainsi, pour les modulations PSK binaires, le codt de transfert de l'information est rtduit 
B 2 Dmin 

L'int&r&t d'utiliser de grandes largeurs de bande ne reside pas uniquement dans le coDt de transfert de 
I'information mais egalement l'inttr&t est grand pour lutter contre les imperfections des canaux, pour 
accroitre la precision des mesures dans les systemes radar ou en radiolocalisation, notamment par satellites, 
et pour les systemes B acces multiples. 
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Dans toutes ces applications les problkmes de synchronisation apparaissent, sauf dam le w des radars 
monostatiques oh les deux stations Emission-Reception sont sur le mCme site. L‘accroissement des largeurs 
de bande utiliskes posent les problkmes de la rapidit6 de calcul des systhes, de leur complexit6 1Me aux 
t a u  de compression &lev& et des effets particuliers provoquQ par les canaux. 

Dans cette presentation, on examine en premier lieu les avantages offerts par les systhmes utilisant de 
grandes bandes spectrales puis sont abordb les problemes introduits par les effets de la propagation et les 
solutions qui doivent Ctre adoptees. Un chapitre est reserve A l’effet des brouillages qui contaminent le 
signal utile et dam une dernikre partie les contraintes technologiques sont examinees. 

11. - AVANTAGES OFFERTS PAR LES SYSTEMS UTILISANT DES SIGNAUX A SPECTRE ETENDUS - 
Bien que la largeur du spectre d‘un signal ne resulte pas toujours de la technique de I’ktalement de spectre, 
nous examinerons les problCmes A travers ce principe qui constitue la version la plus moderne de ces 
techniques. 

Le concept de l’ktalement de spectre est bien connu. I1 est rappel6 succintement. Les notations utilides 
representent, sauf indication contraire, des signaux analytiques. 

Une source d‘information (figure 1) commande un modulateur qui dClivre un signal m(t) representant le 
message A transmettre et qui est multipliC par un signal c (~ )  appele code d’ktalement. Le signal emis e(t) est 
obtenu par la relation 

Si E ( p  M(0 et C(Q sont respectivement les transformkes de Fourier des signaux e(t), m(t) et cct) alors 

E ( f )  = M(f-fo) * C(f-fO) 

o i ~  denote le produit de convolution 

e t  f, = q 2 n  

Si c (~ )  occupe une largeur de bande B, m(t) une largeur de bande B, < < B, alors le spectre occupk par 
s ( ~ )  s’ktend sur une largeur 

B, # B, + Bc # Bc 
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Le signal h i s  occupe une largeur de bande plus importante que le signal en bande de base. O n  appelle 
rapport d’ktalement le quotient Bs/Bc. II varie de quelques dizaines A quelques milliers, voire quelques 
centaines de milliers. 

A la reception (figure 2), un processus de recompression de la bande est utilis6 mais le signal r e p  est 
I’image du signal 6mis qu’A une double translation pres, dans le temps et I‘espace (on suppose qu‘un seul 
trajet existe) : 

I [loo + o d ~  t + e1 s ( t )  = a m (t - e 

Oil  a est un facteur d’affaiblissement 
r le temps de propagation 

w d  traduit I’effet doppler 
e traduit le temps de phase. 

Le rkcepteur doit estimer les trois derniers paramhes r ,  q. e, le premier par une synchronisation 
temporelle, le second par une synchronisation de frequence et le dernier par une synchronisation en phase. 

Ces estimations &ant supposees parfaites, on obtient au point B du schema de la figure 2 le signal 

On choisit dans la pratique I C(t) I = 1 et le signal obtenu A la sortie est donne par 

. m ( t - t - u )  C& = hp) f m(t-zj 
-w  

oil h(t) est la rkponse impulsionnelle du filtre de sortie dont la fonction de transfert est notee H(f). 

Tout ce passe donc comme si le signal etait transmis en bande de base, car aprhs multiplications on 
retrouve au point B le signal am(t - r )  (.figure 3). Le filtre H(f) est utilis6 pour limiter la bande A Bm 
puisqu’au point M le bruit s’ktend sur une largeur supkrieure A Bs. L’influence des perturbations dkpend de 
la nature de I‘interfkrence qu’elle introduit. 
Soit 
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un signal perturbateur d’enveloppe complexe N(t) et Sn(f) la densit6 de puissance spectrale bilatkrde : 

Les opkateurs multiplication &ant lineaires vis-a-vis du signal d’entrke, le signal parasite d6velopp6 par le 
perturbateur est donne par 

-00 

La variance uZn de vn(t) s’en deduit : 

oh S ( f )  est la densit6 spectrale de puissance du code d‘etalement. 

Cette relation montre que u2n est obtenu par le filtrage par I H(f) I a du produit de convolution des 
spectres densite de puissance du perturbateur et du code d’ktalement. 

cp 

Le code dtaIe le spectre du signal perturbateur et le filtre de sortie ne transmet donc qu’une part de sa 
puissance (figure 4). 

En posant 
w 

g(U) = -f I H ( f )  I Scp(f-u) df 
-ed 

il vient cZyn = f%(u - 6) g(u) du 
-.4 

Pour un perturbateur de puissance donnee on2, la puissance de sortie uM2 est maximale si Sn(u-fd) est a 
spectre etroit et centre sur le maximum de g(u). Pour obtenir une protection uniforme il faut &iter d’avoir 
un maximum marque de g(u) ce qui conduit, compte tenu du fait que Bm < < Bc, a prendre des codes dont 
le spectre est rectangulaire. Si I’on se trouve dam ces conditions 

et 
Scp # 1/Bs 

--M 
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Si on choisit un filtre ideal rectangulaire de gain unitaire dam la bande Bm, alors : 

Pour un perturbateur ?i bande etroite, I'effet de I'etalement est de reduire sa puissance dam le rapport 
Bm/Bs. Pour un bruit blanc de densite spectrale de puissance no alors u2m = no Bs et uw2 = no Bm. La 
puissance du bruit en sortie est celle qu'on obtiendrait en transmettant le signal en bande de base. 

Ces considerations generales permettent dks lors de souligner un certain nombre de points : 

- Les hissions A spectre eta16 sont robustes puisque la puissance d'un brouilleur localis6 est 
rkduite par le facteur d'balement Bs/Bm. 

- Le signal peut &re transmis avec une densite spectrale tr&s faible, ce qui permet d'assurer une 
discrktion relative A la transmission. En fait, des methodes de detection existent, mais 
I'intemption des messages reste difficile si les codes d'etalement sont suffisammemnt 
complexes. 

- Les possibilitks d'intrusion demeurent faibles car I'intrus doit posseder le code d'efalement. 

Le milieu de transmission introduit des effets qui rendent difficile la detection. Sur ce plan, l'etude gknkrale 
montre : 

- Que le signal transmis est translatk dans le domaine frequentiel et dans le domaine temporel, 
imposant ainsi des conditions plus generales que la simple notion de correlation - ou de a t r e  
adapt6 - A  la reception. 

- Que les brouilleurs, bien que leurs effets soient attenues, peuvent devenir &ants puisque 
I'elargissement de la bande Bs en fait intervenir un plus grand nombre. 

Enfin, les imperfections du canal tels que les trajets multiples, les diffusions, d e n t  une distorsion du signal 
qui affecte la qualit6 de la transmission. 



111. - INFLUENCE DES CARACTERISTIOUES DE LA FONCT ION DE TRANSFERT DU CANAL - 

Les canaux de transmission peuvent &re caractknsks par leur fonction de transfert bidimensionnelle H(f,t) 
qui traduit la dkformation spectrale apportke B chaque instant au signal transmis. 

Dam l’hypothkse d’un canal quasi-stationnaire, condition souvent vkrifiee, le spectre du signal rew B 
l’instant t, R(f,t), est donne par 

Oil 

Nf.0 = S ( f ) .  H ( f 4  (4 )  
S(f, ) est le spectre du signal. 

En particulier, si le signal kmis a un spectre uniforme S ( f )  = So le spectre du signal reGu est I’image de la 
fonction de transfert du canal. Cette technique est utiliske pour la mesure de la fonction de transfert dont la 
figure 5 donne un exemple en bande ktroite sur une liaison de 8000h effectuke dans le cas du canal 
ionospherique [l] et pour le canal troposphkrique [Z]. 

La transmission de l’information a pour support un signal occupant la bande Bs et si le debit d’information 
est - Shannon par seconde, chaque Shannon occupe en moyenne un espace temps frequence Bs Ts. I1 est 
possible de localiser cet espace en considkrant que si un signal transporte simultankment K Shannon, 
l’espace couvert par ce signal est 

et l’knergie moyenne par Shannon est 

1 
4 

TbBb = KBsTs ( 5 )  

oil Ds(f,t) est la densite spectiale de puissance du signal rep .  

. Dam le cas d‘une transmission skrie par un signal hinaire : K = 1, Bb = Bs, Tb = Ts. 

. Dans le cas d’une transmission paralkle binaire sur P voies, pour chaque signal klementaire : K = 1, Bb = 

Bs/P et Tb = P Ts. 
Dans le premier cas (figure 6) le signal est ktendu sur I’axe frkquentiel, dans le second etendu sur l’axe 
temporel. 

En comparant ces repartitions avec la fonction de transfert du canal on constate sans peine que les surfaces 
Tb Bb peuvent cdincider avec une diminution de Ds(f,t) ce qui augmente localement les taux d’erreur. 

Les figures 7% b et c montrent la diminution de Ds(f,t) par des coupes de la fonction de transfert pour des 
niveaux egaux B Ds min, Ds min/lO et Ds min/ZO oh 



Les variations temporelles de la fonction de transfert peuvent &re trhs rapides et la figure 7d montre un 
autre aspect de cette fonction mesurke sur la m&me liaison. II apparait donc intkressant d'augmenter au 
maximum Tb Bb qui permet de lisser les variations de Eb. 
Si le bruit est caratkrisk par une demit6 de puissance n(f,t) - pour un bruit blanc n(f,t) = no - la densite de 
puissance moyenne de bruit sur le domaine d'un signal r e w  est : 

En appelant 

p o w  

dPo(x) = po(x) dx la probabilitk pour que x < Eb/No < x + dx. Cette propabilitk dkpend de 

la probabilitk d'erreur du modem pour un rapport Eb/No = x. Cette probabilitk dkpend 
du modem utilisk. 

n(f,t) et Ds(f,t). Dam le cas d'un bruit blanc po(x) suit souvent les 
lois de Rayleigh, Rice ou Nakagami. 
la probabilite de trouver Eb/No infbrieur a x  pendant une durke y. 
La probabilitk d'erreur Pe(Xo) attachke au cas oh Eb/No est infkrieur & Xo est donne 

Pl(X.Y) 

par 

e&.) = J"P, P3 da.2 
et la longueur moyenne des blocs est donnee par 

pour lesquels la densite d'erreur est Pe(X,). 
W )  = Pl(X0,Y) 

Par un calcul analogue on peut dkfinir la loi de distribution des distances entre les paquets d'erreur. 
La probabilitk d'erreur totale Pe est donnee pour Xo + m soit : 

Pe = Pe(Xo - m) = J;(x) pe(x) dx . (10) 
0 

Ces valeurs sont d'un grand interkt pour les problhes  de transmission car ils permettent, outre I'kvaluation 
des performances, de dkterminer les codes correcteurs d'erreurs susceptibles d'&tre utilisC. 

Le choix d'un code ne depend pas de la seule valeur de Pe, mais aussi de la rkpartition des erreurs donnkes 
par Pe(Xo) et Yy). 

La convexitk des courbes pe(x) est telle qu'une diminution du rapport Eb/No se traduit par une 
augmentation importante de la probabilite d'erreur. 
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Lorsque les surfaces Ds(f,t) et n(f,t) sont fluctuantes, il apparait donc intkressant d'accroitre Tb Bb. 
Plusieurs solutions sont utilides (figure 6b). 

- L'augmentation de la bande du signal. C'est le principe m€me de l'ktalement de spectre. 

- Le groupement de K symboles dans un m€me signal. @est le principe du codage. Dans les 
codes en bloc on skpare les symboles &information des symboles de redondance. Dans les codes 
convolutionnels on repartit la redondance sur tous les symboles. 

- Pour &iter l'emploi de codes trop complexes on utilise la technique de l'entrelacement qui, par 
une repartition judicieuse [3] [4], des symboles d'un mCme vecteur code, donne un moyennage 
satisfaisant. 

L'utilisation de larges bandes dans la transmission se justifie donc et l'ktalement de spectre est une solution 
interessante mais non unique. EIle peut €tre combinee avec des techniques de codage pour accroltre encore 
l'efficacitk. 

Ce. principe est utilis6 dans les techniques de transmission A accks multiple. 

L'acces multiple a des origines lointaines puisque les premiers systhnes ont 6tk conps dks les annees 1950 
par l'utilisation de sous porteuses, qui conduisent A une occupation du type modem paralBle (figure 6a) ou 
du multiplex B impulsions qui est l'un des premiers.systbmes A ktalement de spectre puisque une voie 
telkphonique etait etalee sur la largeur de la bande d'6mission Les premiers systemes utilisaient des 
modulations analogiques d'impulsions - amplitude ou temps - prefigurant les systkmes numkriques. 

L'accks multiple, actuellement, peut &re defini comme une procedure permettant, dans un m$me milieu de 
propagation, la creation simultanee de multiples canaux de transmission. 

Les principales techniques utilisees decoulent du mCme principe general qui consiste B realiser pour chaque 
canal une transmission codee telle que les signaux utilides demeurent orthogonaux B tout signal utilis6 dans 
un autre canal. 

La ripartition Tb Bb des codes se ramhe aux cas des figures 6 et donc aux m h e s  contraintes avec la 
condition supplementaire d'orthogonalitk des signaux (codes). 
Le choix des codes apparait donc important. 
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IV. - CHOIX DES CODES - 
Les signaux ti spectres k t a l b  sont utilises dam trois grandes classes. 

- La classe des signaux radars qui trouvent, outre le radar, des applications dam les systkmes de 
localisation ou de sondages de l'atmosphere (sondeur MST ou ionosphkrique) et dam les 
milieux sous-marins. On utilise en gknkral un seul signal auquel on donne souvent le nom de 
skquences ou suite. 

- La classe des signaux utilisks dam les modems qui peuvent stre constituks par des skquences 
aussi bien que par des codes en blocs ou des codes convolutionnels. 

~ La classe des signaux utilisks dans les systemes A acces multiples qui utilisent des signaux 
prksentant nkcessairement des propriktks d'orthogonalitk. 

Les signaux utilisks sont souvent numkriques, mais des codes d'ktalement analogiques sont kgalement 
utilisks. 

IV.1. INFLUENCE DU CANAL DE TRANSMISSION SUR LE CHOIX DES CODES 

Si l'on exclut les effets non linkaires, la plupan du temps nkgligks dans les canaux reels, la transmission d'un 
signal est totalement dkfinie par la rkponse impulsionnelle bitemporelle du canal qui permet d'exprimer le 
signal transmis par 

a 
s ( t )  = I h ( t ,  I) e (t - I) d i 

-a 

06 
h(t,r) est la valeur prise par S(t) lorsque e(t) = 6 ( t - r )  
e(t) la valeur du signal A l'entrke du canal ti I'instant t 
s( t )  la valeur du signal A la sortie du canal ti l'instant t 

En posant 
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on obtient 

Cette relation montre que le signal r e p  est la somme des signaux &entree translates dans le domaine 
tempore1 et dam le domaine spectral. 
D(r, ) qui est la tramformke de Fourier de h(t,r) par rapport la variable temps, caract6rise le canal dam 
l’espace temps de propagation - frkquence doppler : 

(13) 
Elle est appelke fonction de diffusion. 

Il est bien connu, qu’en presence d’un bruit blanc, la reception optimale au sens du rapport signal il bruit est 
obtenue par la correlation du signal re$u avec le conjugue de sa rkplique. Le  signal r e p  n’est pas COMU, 
mais on sait qu’il ne doit pas &re trks different du signal 6mis et dam ce cas on effectue l’intercorrelation 
entre le signal r e p  et le conjuguk du signal 6mis translate en temps et en frequence : 

soit 

que Yon peut ecrire finalement sous la forme : 
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appelke fonction d'ambiguitk qui est l'intercorrklation du signal kmis avec son translatk en 
temps. 

(16) 
Squence et en 

L'opkration optimale apparait donc comme l'intkgrale du produit de la fonction de diffusion par la fonction 
d'ambiguitk sur I'espace retard - doppler. 

Lorsque le canal peut ttre considkrk comme stationnaire alors D(r, ) est nul en dehors de = 0, C(r,)  
apparait comme une simple corrklation du signal kmis par le conjuguk de sa rkplique et est maximum 
lorsque r R  = r .  Dam le cas contraire les rksultats dkpendent du dkcalage doppler, de la forme de la 
fonction d'ambiguitk. 

- Le dkcalage doppler est 1% aux variations du chemin optique de l'onde dfi, soit aux variations 
du milieu, soit au deplacement des points d'kmission et/ou de rkception. L'effet doppler 
introduit en fait une homothetie du spectre du signal kmis que Yon peut en gknkral assimiler 
une translation, m&me dans les systemes utilisant des spectres ktendus. 
Cependant, dans certains canaux, l'effet doppler peut &re suffisament marque soit parce que 
la vitesse de dkplacement relative des extrkmitks du canal n'est pas faible devant la vitesse de 
propagation c o m e  dans les propagations sous-marines, soit parce que le milieu vane 
rapidement, c o m e  dans le cas des liaisons utilisant les trainkes de mktkores. I1 faut donc 
considkrer cet effet. 

- La fonction d'ambiguitk ideale serait constituke d'une impulsion de Dirac 

Ce rksultat est inaccessible puisque A(ro, b o) vkrifie la relation 

Le volume limit6 parA(ro, bo) s t  incompressible 
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La figure 7 donne un exemple de fonction d‘ambiguitk obtenue avec des codes pseudo alkatoire B 257 
moments. De nombreux auteurs ont donnk des reprksentations de fonctions d‘ambiguitk de signaux utilisks 
en radar [SI [6]. 

Dans les systkmes B accks multiples, le rkcepteur resoit une somme de signaw ei(t) provenant des diffkrents 
utilisateurs et le rkcepteur optimal effectue l’opkration : 

0a 

e*r(t-rR) est la rkplique du signal attendu et 
D ( T ,  ) la fonction de diffusion du canal i 

qui peut s’kcrire sous la forme 

avec 

appelke fonction d‘interambiguitk. 

Dans le cas des systkmes B accks multiples les signaw utilisks doivent posskder des fonctiom d’ambiguitk se 
rapprochant de la fonction B pointe centrale unique et des fonctions d‘interambiguitk aussi faibles que 
possibles pour rkduire la contamination mutuelle des signaux. 

Lmsque les signaux sont suffisamment simples, le calcul de C(r,)  peut &re effectuk par un simple filtre 

44. Dam les autres cas une synchromsation doit &re acquise. 

En large bande, elle est rendue delicate par le fait que, le taux d‘ktalement &ant gknkralement klevk, le 
signal est au niveau, voire sous le niveau du bruit et des brouilleurs et que la recherche de la 
sysnchronisation doit se faire dam l’espace B deux dimensions (retard - frkquence). 
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Dautre part, l'existence des trajets multiples exige un choix du trajet jug6 opportun, ou une combinaison de 
ces trajets. 

L'opiration optimale consiste & rtaliser un filtre adapt6 HR(f,t) tel que : 

J- m 

Cet aspect g M r a l  a 6t6 abord6 par de nombreux auteurs [7], [8] dam le cadre des signaux & bande Btroite. 
Dam le cas des signaux large bande, la r6alisation des filtres plus complexe se fait avec I'insertion de lignes 
& retard 191. 

IV.2. SEOUENCES ET CODES 

Une tres vaste littirature existe sur cette question et des solutions indressantes ont t t6 propos6es. 

II ne peut &re question dam cet expos6 de d6tailler toutes les solutions propostes. On se limitera 2 citer les 
principales solutions que Yon a class6 en cinq cat6gories (figure 8). 

IV.2.1. SEOUENCES NUMERIOUES 

L e s  s6quences num6riques presentem I'avantage d'etre produites par des systemes logiques 
simples. 

- Les siquences pseudo altatoires [lo] dont la figure 7 donne un exemple de fonction 
d'ambiguitt sont les plus utilistes. Elles sont produites simplement par des regimes & dtcalage. 
La fonction d'ambiguit6 ptriodique normaliste prend les valeurs 
A(O,O) = N, ~ ( 7 0 ,  $,= o)= - 1 et ailleurs ~ ( 7 0 ,  bo),< JR 
o t ~  N = 2" - 1, n E 2' est la longueur de la stquence. 
Lorsque les s6quences ne sont pas utilis6es en enchainement periodique, la fonction 
d'autocorrtlation se digrade. 

Dautres s6quences ont i t6  tlabories pour am6liorer les performances. On peut citer, sans que 
la liste soit exhaustive : 

- Les sequences de BARKER I l l ]  dont les longueurs cependant sont r6duites mais qui ont 
des fonctions de corrtlation apkriodiques inttressantes. 

- Les sequences de KASAMI [12] ou de GOLD [I21 dont la fonction de corrilation ne prend, 
en dehors de la pointe centrale que 2 ou 3 valeurs. 
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- Les sequences complementaires de GOLAY [ 141 ou les sequences CAZAC qui posskdent 
des fonctions d'autocorrklation aperiodiques nulles pour tous les decalages ou pour un 
domaine de decalage dkfini. 

Dans les sequences multiphases, les performances sont plus facilement atteintes et des solutions 
ont et6 proposees par R L  FRANK [a], R. SIVASWAMY [16] et d'autres qui ont dkcrit 
notamment des constructions recursives de sequences. 

Dans les systkmes accb multiple, on doit utiliser des codes compos6s de vecteurs orthogonaux 
entre eux. 
Les codes de GOLD [17] ont apportk une solution souvent utilisee qui a et6 &tendue par C. 
GOUTELARD et F. CHAVAND [18] qui ont defini les codes pseudo orthogonaux dont les 
meilleurs atteignent les bornes de WELCH et SIDEL'NIKOV 1191 pour les autocorrelations et 
intercorrelations periodiques. 
J.D. OLSEN et autres [20] ont propose kgalement des sequences - Bent sequences - qui 
atteignent egalement les bornes de WELCH simultanement en auto et intercorrelation. 

I 

I 

I 

IV.2.2. SEOUENCES A SAUTS DE FREOUENCE 

Le principe de ces sequences est donne sur la figure 8. 11 consiste A moduler le signal en 
effectuant des paliers de frbquence selon des lois aleatoires ou dkterministes. 

COSTAS [22] a formalis6 la synthkse des signaux possibles dam le cas d'une sequence de 
longueur N. I1 s'appuie sur I'hypothkse que pour tout decalage (Doppler - Delais) il ne doit pas 
exister plus d'un palier qui puisse colncider avec un palier initial. 

A partir de cette constatation il etablit une matrice N x N dite matrice de COSTAS representant 
les N increments temporels SUI les colonnes, frkquentiels sur les lignes. La matrice est composee 
de N2 - N " 0  et de N "1" qui figurent les fonctions des paliers et disposes de telle sone qu'il 
existe un "1" et un seul par ligne et par colonne. Pour tout decalage de 1 lignes et k colonnes il ne 
doit pas exister plus d'une colncidence. 
La matrice 

0 0 1 0 0 0  
1 0 0 0 0 0  
0 0 0 0 0 1  
0 1 0 0 0 0  

0 0 0 0 1 0  
0 0 0 1 0 0  
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est une matrice de COSTAS pour N = 6. I1 est facile de wnstater que les conditions de 
coyncidence sont respectkes en vkrifiant que pour chaque dkcalage tempore1 k, 1'6cart entre les 
deux "1" d'une m&me colonne A I  est diffkrente pour chaque colonne. 
On peut alors dresser le tableau suivant des AI 

2 -3 -1 -2 
2 -1 2 4 -3 

4 
4 3 -1 
5 

Cette construction donne une fonction d'ambiguitk optimale et il a et6 montr6 qu'elle est 
applicable pour toute valeur de N [U]. 

IV.2.3. CODE A VARIATION LINEATRE DE FREOUENCE - CHIRP - 

Cette technique utiliske en radar et dans les systemes de transmission est un cas limite du saut de 
frequence. Sa fonction d'ambiguitk, dite en "lame de couteau", introduit une ambiguitk Doppler 
retard qui peut &re rkduite en traitant des rampes successives. Cest un ktalement analogique 
qui offre I'avantage de simplifier les equipemens. 

IV.2.4.CODES ANALOG IOUES 

L'ktalement peut &re effectuk sur un signal analogique par un code analogique. La modulation 
de frkquence est le premier systeme de ce genre. 
G.R. COOPER et L.H. COOPER [24] ont propose de realiser l'ktalement par un signal 
totalement alkatoire, en l'occurence un bruit blanc gaussien. Cette solution ne prksente pas de 
difficult6 en radar ob le rkepteur dispose naturellement de la replique, ce qui n'est evidemment 
pas le cas en transmission. Le systeme propod s'appuie sur la connaissance t2 priori de la 
procedure de codage qui permet de donner au rkcepteur la structure permettant d'obtenir une 
autocorrelation maximale indkpendante du signal utilisk. 
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Ceae prockdure est intkressante dans la mesure oh le signal transmis a des caractkristiques 
voisines du bruit. 

V. - SYNCHRONISATION - 
La synchronisation dans les systemes 3. large spectre est la premiere et la plus dificile des ktapes. 

Le rappon signal bruit dans la bande B, est trks faible et les d6cisioriS”ettant en jeu le signal ne peuvent 
&re prises qu’aprks la recompression de la bande. 

L‘objectifvis.5 est donc de placer la repplique du signal kmis dans l’espace retard - doppler suffisamment prks 
du signal r e p  pour pouvoir se trouver au voisinage immediat de la pointe centrale de la fonction 
d‘ambiguitk, dont les dimensions sont de l’ordre (figure 7) : 

oii Tc et Bc sont respectivement la dude et la largeur de bande du code d‘ktalement. 

L‘effet doppler se manifeste de deux facons : 

- Dabord sur la poneuse du signal modulk et d’assez nombreux travaux ont ktk menks ces dernieres annees 
sur ce sujet. 

- Ensuite sur le dkcalage frkquentiel du code d’etalement. Dans de nombreux cas, ce phenomkne est 
nkgligeable mais dam des cas plus specifiques, il n’est pas possible de l’ignorer. Ces cas apparaissent par 
exemple dans les rkceptions GPS 2 grande dynamique, dam les liaisons sous-marines ou dam les systemes A 
taw d‘ktalement trks klevks. 

II apparait donc deux problkmes : la synchronisation temporelle et les synchronisation frkquentielle. 

V.l. SYNCHRONISATION TEMPORELLE 

Dans le cas de  skquences comes oii l’on peut utiliser un filtre adapt&, le probkme est &priori rksolu. 

On considkrera, dans ce paragraphe, que l’effet doppler est negligeable sur le code et que les sequences 
son( de grande longueur. 
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La premikre mkthode utiliske a kt6 d'effectuer une recherche sene de la synchronisation en decalant la 
replique du code par increments de facon A decaler la bonne synchronisation par I'observation du signal 
detect& Cene procedure a I'avantage de permettre une synchronisation sore m&me en presence de 
brouillage important. Par contre, elle necessite un temps de recherche et un volume de calcul consequents 
qui croissent en N' . 

Pour pallier ces inconvenients, des methodes de recherche bakes sur des correlations partielles de la 
sequence d'etalement sont utilisees. Si elles rkduisent le temps de calcul et, en general, le temps 
d'acquisition de  la synchronisation, elles sont moins robustes A I'kgard du bruit. Les proprietks propres de la 
sequence d'etalement doivent &tre prises en compte notamment au niveau des correlations partielles qui 
ont et6 emdikes dam le cas de sequences classiques [Z] [26]. I1 est interessant de remarquer que les 
ktalements par saut de frequence dont les lois sont etablies 2 partir des matrices de COSTAS presentent 
une honne protection. 

La strategie de  recherche permet de reduire le temps d'acquisition, I'etape ultime &ant de le ramener 2 une 
duree &ale ou inferieure A Tc. Si aucune information, ?i priori, n'est connue, alors la recherche de la 
synchronisation est faite de facon aleatoire. Cependant, lorsque les durees des codes sont longues, il devient 
necessaire, et il est souhaitable pour les codes courts, d'avoir une information sur I'instant d'amvee 
probable du code. On dispose alors d'une information, A priori, qui est traduite habituellement par une 
fonction de densite de probabilite souvent prise triangulaire ou gaussienne tronquee [27] [28] [29]. Des 
strategies de. recherche peuvent alors &re &tablies et une etude comparative a 6t.5 faite par V.M. 
JOVANOVIC [30] sur celles, les plus utilides, representees sur la figure 9 qui montre les chemins de 
recherche utilis.6~ en fonction du temps. L'auteur h d i e  les temps d'acquisition moyens et conclut que : 

- Dam les strategies "Z search", le mode "continuous center" est le plus mauvais et le mode 
"Broken center" est le meilleur. Les deux modes "Edge" sont equivalents. 

- Les strategies "expanding-Window'' sont globalement meilleures que les strategies "Z search. 
Les deux modes "continuous" sont globalement mauvais et les modes "Broken" sont nettement 
superieurs. 

- Les modes "Uniformly expanding alternate" et "Non Uniformly expanding alternate" proposes 
par I'auteur sont nettement superieurs aux autres. 

Ces resultats s'expliquent bien intuitivement. L'auteur donne les temps d'acquisition moyens pour chaque 
strategie aiad que leurs variances. 

Dautres techniques, destinees aux codes numkriques [31] [32] [33] aussi bien qu'aux codes A sauts de 
frequence [34] [35] ont kt6 proposes et on en trouvera les details dans les references cit6es. Cependant, 
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toutes les proddures propodes s'appuient sur des corr6lations partielles qui rendent plus fragiles les 
systkmes. 

L'objectif de r6duire la complexit6 des calculs a 6t6 abord6e par I'utilisation de s6quences particulikres dont 
les propri6tes permettent, dans la corr6lation, de permuter les op6rateurs multiplication - addition en 
principe incommutables [36]. Cette disposition transforme le schema des eorr6lateurs comme indiqu6 sur la 
figure 10 dans laquelle % . La 
complexit6 classique d'un synchroniseur qui nbessite Na op6rations devient Nw avec ces s6quences. 
Pour N = 1000 la complexit6 du calcul est r6duite d'un facteur 50 et pour N = 10 000 d'un facteur 250. 
La reduction de la complexit6 des calculs permet d'effectuer les corr6lations sur la totalit6 du code et donc 
de conserver une grande robustesse vis-a-vis du bruit; 

= N longueur de la s6quence et la valeur optimale de b vaut z 

V.2. SYNCHRONISATION EN FREOUENCE 

La synchronisation en fr6quence de la porteuse peut, dans le cas de modulations de phase numkriques, Ctre 
obtenue par des proc6dures non lin6aires classiques, mais il peut Ctre nbcessaire que cette op6ration se 
fasse simultan6ment avec Pacquisition du code pour avoir un systkme rapide. 

Deux principes sont encore utilisks, s6par6ment ou non. 

Le premier consiste A segmenter le signal en intervalles de temps suffisamment courts pour que la fonction 
d'ambiguit6 de la s6quence partielle atteigne une pointe centrale suffisamment &endue le long de l'axe 
doppler pour contenir le d6calage doppler. 

Le second consiste a r6aliser un ambiguimetre qui effectue la corr6lation du signal resu avec la replique du 
code d6cal6 en frkquence. 

Le premier principe utilise un seul corr6lateur mais devient fragile vis-&-vis du brouillage, le second un 
grand nombre de corrklateurs (filtres adapt&) mais conserve sa robustesse. 

En fait, entre ces deux extrkmes, les solutions pratiques et des descriptions de systhes r6els [31] [32] [33] 
montrent un &entail tr&s large. 

VI. - INFLUENCE DES BROUILLAGES - 
Si les distorsions apport6es par le canal limitent les transmissions & spectre ktendu, le brouillage et les 
interfkrences apportent aussi une limite. 
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On peut compenser les distorsions par des filtres compensateurs autoadaptatifs. On peut rkduire l'influence 
des interfkrences par un filtrage spatial du signal mais aussi par un filtrage frkquentiel. D m  ce dernier cas 
une stratkgie consiste 8 masquer les parties brouillkes. 

Des systbmes ont ktk proposes [37] [38] et il a ktk prksentk [39] une solution optimale qui minimalise le 
coat 6nergktique de transfert de I'information. Cette mkthode, applicable 8 tous les domaines, a ktk 
appliquke en VHF. 

L'accroissement de la puissance du bruit est supkrieur i lOdB/dCcade, valeur qu'on obtiendrait si le bruit 
ktait blanc. La figure 11 montre l'encombrement spectral de la gamme dkcamktrique en Europe occidentale 
- gamme particulibrement perturb6e - et la figure 12 les variations de la puissance du bruit dam deux 
g a m e s  de frkquence en fonction de la bande B, utiliske. On constate qu'au-del2 de 2OKHq l'influence 
des brouilleurs devient gsnante et intolkrable au-del8 de lOOKHz dans la plage 9-1OMHz. 

La prockdure proposke consiste B rkaliser des masquages du spectre reqi 8 l'endroit oa apparaissent les 
interfkrences (figure 13). Les spectres des signaux pouvant Ctre assimilks 8 des fonctions fenCtres, hypothkse 
proche des conditions rkelles, le rkcepteur adapt6 calcule la fonction de corrklation 

oh sinc x = sin Jx 
n = 2nFo est l'ktendue du signal ramenke en bande de base 
A0 l'amplitude du carre du spectre. 

Si on effectue N masquages de largeur 2 Ani centrks sur des pulsations ni, la fonction de corrklation 
s'exprime par 

C ( r )  = Co(r) - Cp(r) 

et Ani, ni des grandeurs alkatoires. 

Ainsi le masquage a deux conskquences inverses : 

La premibre est la diminution de la puissance des interfkrences. 
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- L a  seconde est une deformation de la fonction de codlation don! les remontees en dehors du 
maximum principal peuvent &re considkrtes comme un bruit don! on peut borner la variance 
P91 PW 

8 2  
0% = A ,  A n o  a 

Oh 

Or= N A R o  = Lareeur totale des bandes masautes 

Enereie du signal sans masquaee 
Densit6 specGale de bruit moyen sans masquage 

Re Bande totale 
En posant R = &J = 

on montre alors que le rapport signal 8 bruit apr& dhodulation s’kcrit : 

s -  c,‘ (GO) 
ff a$ f n l q  
- -  

Oh C; ( r = o )  = R no(1-a)’ 
a;, = R n o 3 a  
n(a) = densitt spectrale moyenne de bruit dam la bande aprhs masquage et telle que 

n(a =o) no 
L‘optimisation consiste 8 recbercher la valeur de Q qui rend S / N  mauimum. Ce calcul s’effectue par la 
mesure de n(a)  qui est effectute au w des spectres. 

La figure 14 montre les rtsultats obtenus dam 3 cas typiques d’encombrement spectral pour des bandes 
utilisees de 20,50, 100 et 200KHz. La puissance du signal Ctant supposte constante, on constate que pour a 
= 0 le rapport signal 8 bruit dtcroit lorsque la bande utilisee augmente et qu’une valeur optimale de a 
diffkrente de ztro est nkcessaire pour les largeurs de bande importantes dans des plages perturbkes. Le gain 
du traitement atteint dam les cas prtsents 8dB. 

Cette ttude montre I’importance des interftrences et une facon de s’en libtrer. Le.s interftrences peuvent 
stre involontaires ou volontaires. Dam ce dernier cas, la prockdure devient un syst&me de contre contre 
mesure Clectronique. 

VII. * CONCLUSION - 

Les problhmes de transmission utilisant des largeurs de bande importantes sont nombreux et encore non 
rtsolus de facon optimale. 
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Si les avantages, au sens de I'efficacite knergetique sont grands, ils sont cependant ponder& par les 
containtes qu'imposent les imperfections des canaux et l'influence des brouilleurs. 

Le choix des codes demeure un problkme majeur qui continuera & 6voluer encore, notamment dam les 
problkmes d'accks multiple oh la notion d'orthogonalitk. peut &tre r6examink.e. 

Les proct5dures de synchronisation sont encore dklicates et une d6synchronisation accidentelle peut 
produire des paquets d'erreurs difficiles A corriger. 

L a  lutte contre le brouillage, volontaire ou no& conduit & l'emploi de systkmes adaptatifs spatiaux ou 
frequentiels. 

La mise en oeuvre simultanke de ces methodes font de ces systkmes des ensembles complexes. 
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LES CONTRE-MBSURES ELECTRONIQUES 
DANS LES SYSTEMES A GRANDES 

BANDES SPECTRALES 

Pierre FLJERXER 
- Direction des Recherches, Etudes et Techniques - 

26 Boulevard VICTOR 
00460 ARMEES 

RESUME 

La lutte contre la guerre 6lectronique a motive de nombreuses recherches 
militaires. Les systbmes a spectre 6tal6 ont 6th d6velopp6s pour se protBger des 
systhmes de contre-mesures actuellement en service. Que seront les 
performances des syst&mes de transmission a bande large en face de contre- 
mesures mieux adapt6es ? 

Quelles sont les tendances a long terme ? 

Ce sont les questions auxquelles nous tentons de r6pondre en examinant 
successivement les difY6rentes activiths de la guerre Blectronique ; interception, 
localisation et brouillage. 

I. INTRODUCTION 

Le d6veloppement de systbmes militaires de transmission a bande large a 6tB 
justifi6 par la n6cessit6, ressentie par les militaires, de se protkger d'une guerre 
Blectronique de plus en plus intense. Des r6sultats apprkiables ont 6tB obtenus 
et l'efficacith des systhmes en service fortement limitbe en face de ces nouvelles 
modulations. I1 faut cependant admettre que les specialistes de la guerre 
Blectronique ne manqueront pas d'adapter les systhmes qu'ils conGoivent a ces 
nouveaux signaux. Les 6volutions actuellement en cours ou pr6vues a court 
terme sont les Bpisodes d'une bataille dans laquelle l'arme ou la cuirasse peuvent 
remporter des succbs tactiques, mais sans doute pas des victoires d6finitives. I1 
ne serait pas possible de d6crire les 6pisodes de cette lutte sans r6v6ler des 
informations hautement classifi6es. I1 m'a donc sembl6 prBf6rable de prBciser, en 
faisant abstraction de toute difficult6 technologique, quelles sont les limites 
fondamentales qui s'imposent tant aux systhmes de guerre Blectronique qu'aux 
procBd6s de contre-contre-mesures Blectroniques. 
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Seront analysBs successivement les problemes lies a l'interception des signaux a 
large bande, ceux lies a la localisation des Bmetteurs et enfin au brouillage des 
rbcepteurs. Dans chaque cas, les signaux A bande large seront comparBs aux 
modulations classiques. Enfin, une conclusion fera ressortir les BlBments les plus 
saillants de cette analyse et la nature des choix opBrationnels en jeu. 

Bien Bvidemment, les limitations technologiques restreignent la libertB de choix 
des SpBcialistes. Les systemes qu'ils vont rBaliser ne seront sans doute pas aussi 
ambitieux. En tout cas, il importe que les dBcideurs connaissent bien les limites 
thboriques, seules intangibles, et puissent choisir en connaissance de cause. Ce 
document est Bcrit B leur intention. 

11. INTERCEPTION DES SIGNAUX A LARGE BANDE 

Un rBcepteur d'interception doit pouvoir dBtecter un signal B spectre Btal6 dans 
un environnement complexe comprenant du bruit radioBlectrique et des 
Bmissions de toute nature. Sauf dans les cas exceptionnels, mais toujours 
possibles, oh la proximitk de l'bmetteur B intercepter est telle que l'onde Bmise 
peut 6tre r epe  avec un rapport signal sur bruit suffisant sur une antenne large 
bande, il est nbcessaire de mettre en oeuvre diverses techniques de traitement de 
deux types de traitements ; le filtrage temporel et le filtrage spatial. La detection 
des signaux se fera ensuite dans un dBtecteur, c'est dire un systbme non 
linBaire qui pourra 6tre assez complexe dans le cas des signaw A large bande. 

2.1. Le filtrage temporel classique 

Si la bande du signal est B, il est nature1 de rBduire l'influence du bruit et des 
autres signaux en utilisant U h  filtre de largeur de bande B. 

Ce traitement est toujours possible quelle que soit la modulation du signal. 

2.1.1. E x t r a c t i o n d ' u n y 6  dans un bruit blanc 

L'efficacitk du filtrage peut &re BvaluBe facilement lorsque le bruit dans lequel 
est noyB le signal est blanc et gaussien. 

I1 est inkkessant de le comparer au seuil de fonctionnement du rBcepteur adapt& 
Celui-ci necessite que l'bnergie recue par bit transmis soit supBrieure a un seuil 
voisin de celui d'un dispositif A bande Btroite : 

E/No > So 

Appelons R le debit de la transmission et b le parametre : 

b = B m  
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Le signal sur bruit B la sortie du recepteur #interception, correspondant B la 
limite de p o d e  de la liaison B intercepter vaudra : 

On pourra ainsi detecter un signal B spectre BtaM d8s que la marge de la liaison 
Bmetteurlintercepteur depassera un seuil l ib  au temps #observation du canal. 

Comme dans un radar, on pourra faire une moyenne des amplitudes observkes B 
des instants skpar6s d'une dur6e T = 1/2B. On obtient ainsi un gain d'intkgration 
incoherente comme disent les radaristes. On peut l'approximer par l'une des 
formules empiriques utilisees pour le calcul du gain de post intkgration 
incoherente. 

Lorsque le parametre b est grand, le seuil de detection B probabilite de fausse 
alarme de 10-P sera am6lior6 dans le rapport : 

g =  Pb 

Pour les valeurs petites de b ce gain sera superieur B cette valeur sans pouvoir 
dkpasser la valeur b. Il en resulte que la perte de seuil de detection due B 
l'btalement de bande sera faible ou nulle pour les valeurs faibles de b et pourra 
&re approximee lorsque b est grand par la formule : 

Par exemple, pour b = 256 et une fausse alarme de on trouve R = 8, ce qui 
correspond B une perte de seulement 9 dB par rapport au seuil de detection d'un 
signal B bande Btroite, et sans doute moins, si on tient compte du fait que la 
puissance de l'6metteur aura et6 augmenttie pour conserver la m6me portbe, 
malgre les imperfections d'un recepteur bien plus complexe. 

Lorsque le param6tre b a une valeur tr8s 6levke, les signaux seront moins 
detectables que sans Btalement, mais, notamment dans le cas des liaisons radio 
mobiles terrestres, ils le resteront. 

2.1.2. Efficacite du filtraee dans le cas g6n6ral 

Si le bruit thermique est toujours present, les signaux B large bande peuvent 
Bgalement 6tre masques par d'autres emissions. Dans un environnement dense, il 
sera tr8s difficile de &parer par un simple filtrage, des signaw dont les spectres 
auront tendance B se superposer. Les signaux les plus faibles seront masques par 
les plus forts, mais cew-ci seront le plus souvent d6tect6s. C'est sans doute ce 
phenombne, pour autant qu'il soit bien exploit4 qui est le plus capable d'assurer 
la faible probabilitk #interception des signaux B large bande. 



2.2. Les amkliorations possibles du filtrage tempore1 

Si le rbcepteur d'interception disposait de toutes les informations possibles sur le 
signal recherche, son seuil de detection serait inferieur ou egal a celui du 
rkcepteur vers lequel est envoy6 le message. Il serait donc possible d'atteindre les 
performances obtenues sur les signaux a bande 6troite. Malheureusement, dans 
les systitmes militaires 5 large bande, une partie de cette information est 
maintenue secrirte. Les lois de saut de frequence ou les codes d'etalement 
dependent d'algorithmes de chiffrement trirs difficiles 9 percer. 

I1 faut donc rechercher des techniques d'interception qui n'utilisent que les 
caracteristiques connues a l'avance du spectre emis. 

On peut citer les suivantes : 

2.2.1. Utilisation de la sirmature sDectro-temDorelle du simal 

Le spectre de puissance du signal Bmis n'est pas necessairement stable a court 
terme. Le cas le plus trivial est celui du saut de frequence pour lequel la densit6 
spectrale de puissance est identique celle d'un 6metteur classique pendant la 
duree d'un pallier et par consequent les seuils de detection de ces deux Bmissions 
identiques, a un gain d'int4gration coherente pres sur les detections 
blementaires. 

2.2.2. Utilisation de caracteristiaues DroDres du simal recherche 

Pour atteindre une faible probabilitd d'interception (LPI), on cherche a donner 
aux signaux a large bande des caractbristiques les plus proches possibles de 
celles du bruit blanc gaussien. 

I1 reste toutefois entre ces signaux et le bruit blanc gaussien des differences qui 
doivent permettre de les identifier. En faisant abstraction des difficult& 
pratiques de mise en oeuvre, il est possible de les discriminer B partir des critbres 
suivants. Tout d'abord, la probabilit4 d'amplitude de ces signaux est trirs 
differente de celle du bruit gaussien. Il en est de m6me de leur stationnarite 
spectrale ou de celle de leur fonction d'auto-correlation. Enfin, ils presentent 
souvent, au moins pendant certaines phases de communication des dkfauts 
pouvant aller jusqu'a l'existence de raies spectrales non modulees, donc 
extremement faciles a d6tecter. 

2.2.3. Analyse Dar codes adapt& 

Si on a une connaissance suffisante des signaux a intercepter, on peut imaginer 
des filtrages par une famille de codes orthogonaux ou non conFue pour &parer au 
mieux les Bmissions recherchkes du bruit. 

Cette methode peut 6tre appliquee aux signaux &ales par code courts mais perd 
tout intkr6t lorsque le nombre de filtrages possibles devient important. Si on 
dispose d'une connaissance parfaite du mode de fonctionnement du systhme a 
intercepter, cette dernibre methode peut s'averer extremement performante. Elle 
est toutefois rarement applicable, ce qui ne lui laisse qu'un inGr6t thborique. 



2.3. Conclusion 

Les systemes a large bande conservent donc un l6ger avantage sur les syst&mes 
classiques et sont plus difficiles a intercepter, m6me si la desensibilisation des 
r6cepteurs est plus faible qu'on ne le pense habituellement. C'est sans doute la 
diminution de la s6lectivit6 des rbcepteurs d'interception qui joue le r81e le plus 
important. Dans la mesure oil ceux-ci ne sont pas capable de &parer les 
diffbrents signaux pr6sents simultan6ment dans le spectre radio-hlectrique, leur 
intbret diminue sensiblement. 

111. LE FILTRAGE SPATIAL 

M6me si la notion de filtrage spatial est recente, c'est une technique qui a 6t6 
appliqu6e dbs les d6buts de la radio-6lectricith. Les opdrateurs avaient vite 
compris l'inthret des antennes directives pour sbparer les signaw recus. Trbs 
rapidement les principes des goniombtres avaient 6t6 invenths. La localisation 
par radiogoniom6trie des Bmetteurs ennemis devenait l'activith essentielle de la 
guerre 6lectronique. On s'est alors applique a d6terminer le plus rapidement 
possible les positions des emetteurs intercept& a partir d'une chaine de 
goniombtres repartis sur le terrain de fagon telle que, par recoupement entre les 
diffkrentes observations, il soit possible de les localiser avec pr6cision. 

Comment cette technique peut-elle s'appliquer aux signaux a bande large ? 

Existe-t-il des techniques de localisation mieux adapthes a ces 6missions ? 

Que peuvent apporter les techniques modernes de traitement d'antenne ? 

Comment la propagation limite-t-elle les performances des syst&mes de 
localisation ? 

C'est A ces question que nous allons tenter de repondre. 

3.1. La goniombtrie 

3.1.1. Localisation d'un signal a bande large 9 l'aide d'un goniombtre classiaue 

Supposons que nous essayons de mesurer l'angle d'arriv6e d'un signal a bande 
6tal6e de bande B A l'aide d'un goniomhtre adapth aux signaux classiques de 
bande Bh, b &ant le taux d'etalement d6fini pr6c6demment. 

Sous reserve que le temps d'observation soit s a s a n t ,  la puissance du signal 
filtr6 par le r6cepteur du goniombtre sera divis6e par b. Il en resultera une 
diminution de sensibilit6 dans le rapport b. Si on admet, comme pr6c6demment 
que le taux d'6talement b vaut 256, cela conduira & une perte de rapport signal 
sur bruit de 23 dB, ce qui est important. 

Il est donc trhs difficile de localiser les signaux a spectre Btalb sans adapter les 
goniometres a leurs caract6ristiques. 



Pour les signaux des Bmetteurs a saut de frequence, une premihre modification 
simple consiste a n'inthgrer les mesures que pendant la durBe d'un pallier de 
frequence, de dude connue du goniombtre. 

Si on suppose que les performances nominales de cet Bquipement sont obtenues 
par integration sur une duree 2, plusieurs cas pourront se prbsenter. Si la duree 
T du pallier est superieure ou Bgale a z, il n'y aura aucune perk de sensibilith. 
Si cette duree est infkrieure au temps d'integration, il y aura une perte de 
sensibilith au plus Bgale a z/T. 

3.1.2. L'adaDtation aux simaux a large bande 

Pour Bviter cette perte de sensibilit6, il est naturel d'adapter la bande du 
rbcepteur h celle du signal large bande. Comme dans le cas des recepteurs 
d'interception, il sera possible de faire b fois plus de mesures de rapport signal 
sur bruit b fois infbrieur pendant le m6me temps. Un traitement incoherent des 
mesures donnera donc une perte de sensibilith identique a celle observee en 
detection, le taux de fausse alarme &ant remplac6 par un parambtre liB au seuil 
de qualik5 de goniombtrie. 

3.1.3. Les nouvelles techniaues de goniometric 

Depuis maintenant une trentaine d'annkes, le traitement d'antenne s'est 
considerablement d6veloppB. Des methodes de detection basees sur l'utilisation 
des fonctions d'intercorrklations entre capteurs ont 6th mises au point. Dans le 
cas particulier oil on ne considbre que deux capteurs, les methodes pr6conisBes 
correspondant exactement aux techniques utilisees dans les goniombtres 
classiques. Par exemple, le traitement de signal effectue par un goniombtre 
interf6romktrique A ligne a retard variable realise strictement la diagonalisation 
recursive d'une matrice interspectrale de dimension deux. Les traitements 
d'antenne sont donc le prolongement naturel des techniques de goniomktrie. 

3.2. Le traitement d'antenne 

La theorie g6n6rale du traitement d'antenne permet de dkterminer la directions 
des sources presentes et d'estimer leurs puissances, a partir des signaux reGus 
sur un reseau de capteurs de geometric quelconque, sous reserve que le modble 
de propagation des ondes soit connu. 

Elle permet donc de faire en une seule operation, la dBtection et la localisation 
des Bmetteurs radio-6lectriques. 

En gBn6ra1, les methodes dBvelopp6es ne s'appliquent qu'aux signaux a bande 
Btroite, c'est a dire tels que pour une source donnBe, les dephasages entre 
capteurs soient pratiquement independants de la frkquence, ce qui s'exprime de 
la facon suivante, si L est la longueur du rBseau d'antennes, B la bande des 
signaux traiths et C la vitesse de la lumibre : 

L x B < < C  

Cette condition sera en general respecthe par les reseaux d'antennes et les 
theories supposant les signaux a bande Btroite pourront 6tre utilisbes, en 
particulier les algorithmes de haute r6solution. 



3.2.1. La haute resolution 

Sous les reserves precedentes, les traitements haute resolution classiques sont 
parfaitement adapt& a la detection et la localisation de signaux a bande large. 
Toutefois, dans le cas oii les dimensions du reseau d'antenne le nhcessiteraient, il 
existe des mbthodes haute resolution en large bande, certes plus complexes a 
mettre en oeuvre, mais d'un emploi parfaitement envisageable (1). 

Sous reserve que le temps d'observation soit suffisant, ces methodes ne sont 
limit6es que par le nombre de sources presentes simultanement. Si N est le 
nombre de rbcepteurs, les algorithmes de haute resolution ne fonctionnent que si 
le nombre de sources est au plus N - 1. 

De plus, le pouvoir separateur angulaire d6croit trbs vite lorsque le nombre de 
sources augmente ou lorsque leurs puissances sont tres differentes. 

3.2.2. Le traitement adaptatif 

A l'origine, le traitement adaptatif a et6 invent6 dans le but de maximiser le 
rapport signal sur bruit a Yentree d'un recepteur. Il est trbs vite apparu que ce 
procede B t a i t  adapt6 a la detection et la localisation de sources acoustiques 
sous-marines. 

Comme les methodes haute r6solution, ces techniques sont applicables A la 
goniometric de signaux a bande large, les limitations Btant sensiblement les 
m8mes que celles des methodes a haute r6solution. 

3.2.3. Le traitement des signa- recus sur des antennes lacunaires 

Dans la mesure oii un nombre limit6 de sources large bande sont prbsentes 
simultanement, il est possible d'imaginer des dispositions optimales de capteurs 
permettant, pour une complexit6 de calcul fix6e, d'ameliorer la resolution 
angulaire. La technique de ce type la plus simple est la goniom6trie par 
diffbrence de temps d'arriv6e qui est particulibrement bien adaptee a la 
localisation des signaux a large bande. 

3.3. Les effets de la propagation 

Les perturbations introduites par la propagation jouent un r6le fondamental en 
guerre electronique. Ce sont elles qui le plus souvent limitent les performances 
des systbmes de localisation. 

Lorsque la propagation a lieu en espace libre, il suffit que la puissance recue par 
chacun des recepteurs de la chaine de goniombtres soit superieure a un seuil. 

Dans le cas general, des multitrajets existent. Leur effet est trbs variable selon la 
valeur du retard z entre les deux signaux et les sysemes consider&. 
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3.3.1. Rbcepteurs et  goniomhtres classiques - Signaux B bande btroite 

Dhs que le retard entre le trajet le plus court et les autres trajets devient sensible 
par rapport B la pbriode de la frbquence porteuse, des interfbrences apparaissent. 
Si, comme cela arrive souvent, les retards diffbrentiels entre trajets atteignent 
plusieurs dizaines de pbriodes de l'onde transmise, l'amplitude observbe sera 
perturbbe et parfois tr&s infbrieure A celle libe au seul trajet principal. Ceci limite 
la sensibilitb pratique des chaines de radio-goniombtrie. 

La combinaison d'ondes de directions diffbrentes a de plus pour effet de dbformer 
localement le front d'onde ce qui implique des erreurs de goniombtrie qu'il n'est 
pas possible de corriger, les antennes ayant une rbsolution angulaire 
ins f i san tes  pour rbparer les signaux des diffbrents trajets. 

3.3.2. RbceDteurs et  eoniomhtres classiaues - Simaux a bande larPe 

Les performances de ces bquipements vont rester analogues a celles obtenues sur 
les signaux 
retard diffbrentiel entre les trajets. 

Lorsque Bz est voisin de 1, les erreurs de goniom6trie vont avoir tendance A 
diminuer. Les signaux correspondants aux trajets multiples commencent a se 
dbcorrkler par rapport au trajet principal. Les mesures d'angle ou de retard entre 
rkcepteurs prbsenteront un bruit supbrieur A celui qui aurait exist6 sans trajets 
multiples, mais il n'y aura plus de biais. 

Lorsque Bz >> 1, l'effet des multitrajets devient nbgligeable, leur contribution B 
la puissance de bruit diminuant avec le taux d'btalement. 

3.3.3. Les mbthodes modernes : le traitement d'antenne 

Les thbories modernes du traitement de signal mettent en oeuvre des 
algorithmes souvent assez complexes. Toutefois, le calcul proprement dit 
commence toujours par le calcul d'autocorrblations ou d'intercorrblations entre 
signaux r e p s  par les diffbrents capteurs. 

Ceci permet d'effectuer en Gte une rbduction considbrable des donnbes, les temps 
d'int6gration maximum n'btant limitbs que par stationnaritk gbographique des 
cibles. De plus, a la seule condition que le nombre de capteurs soit supbrieur au 
nombre de cibles prbsentes, elles permettent 2e localiser simultankment toutes 
les cibles, m6me si leur spectre de puissance sont identiques. Ces mbthodes sont 
donc particulihrement adapthes a la localisation des bmetteurs B bande large. Il 
faut noter cependant que les trajets multiples, dans la mesure oh le produit Bz 
"est supkrieur a 1" correspondront a des sources supplbmentaires. 

Les traitements adaptatifs, en sbparant les signaux issus des dsbrentes sources 
devraient permettre d'identifier les trajets multiples par estimation des retards 
entre les diffbrentes voies de rkception, et  d'bliminer les sources parasites. 

Tous ces traitements peuvent 6tre effectubs sur des antennes lacunaires de 
gbombtrie optimisbe. 

bande btroite tant que Bz c< 1, B b t a n t  la bande du signal et  z le 
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Ces nouvelles methodes de traitement de signal peuvent donc apporter beaucoup 
en guerre Blectronique. Elles sont particuliitrement adaptees A la localisation des 
emission B bande large, que ce soit des emissions B saut de fiequence ou des 
emissions BtalBes par codage, en presence de trajets multiples. Elles ne sont 
mises en 6chec que par les signaux B bande 6troite tels que Bz < 1, B Btant la 
bande de frequence dmise et 7 le retard diffBrentiel maximum entre les 
principaux trajets multiples. 

W .  LE BROUILLAGE 

La rbsistance au brouillage est la caract6ristique la plus souvent avancee, pour 
justifier l'adoption de systitmes de transmissions a bande large. Nous allons 
examiner successivement leur resistance au brouillage involontaire par les autres 
Bmissions et au brouillage volontaire selectif ou non. 

4.1. Le brouillage involontaire 

L'encombrement de plus en plus BlevB du spectre radio-electrique rend de plus en 
plus difficile le dBveloppement de systitmes de communications. La protection 
contre les dBfauts de propagation, la correction des erreurs aleatoires, l'accbs 
multiple aux canaux de transmission impose un elargissement du spectre Bmis 
qui est loin d'6tre negligeable. L'introduction de la technique de saut de 
frequence, en rendant albatoire l'apparition de brouilleurs de fort niveau permet 
d'uniformiser la qualitk de service offerte aux differents utilisateurs et am6Iiore 
les performances globales des reseaux radio-mobiles. Lorsque l'emploi des 
frBquences par les diffBrents utilisateurs n'est pas coordonne, la probabilite de 
collision est plus BlevBe et l'auto-brouillage augmente. Toutefois ceci peut 6tre 
accept6 dans les systitmes militaires. Les signaux a bande large obtenus par 
codage coexistent beaucoup plus difficilement entre eux et avec les Bmissions 
classiques. 

4.1.1. L'auto-brouillage dans les svstitmes a bande large utilisant l'accbs multide 
par codace 

L'orthogonalitk des codes d'etalement ne pouvant 6tre obtenue pour tous les 
decalages temporels, les signaux des diffBrentes liaisons se comporteront d'une 
facon analogue a un bruit blanc additif. Le desetalement procurera un gain en 
rapport signal sur bruit b, b etant le taux d'etalement. Il en r6suIt.e que les 
systbme sera bien plus sensible au brouillage par Bmetteur proche qu'un systitme 
classique qui admet couramment une protection de 80 decibels sur les frdquences 
proches, a l'exclusion des deux canaux adjacents. 

4.1.2. Le brouillage des svstkmes a bande large par les s imaw a bande Btroite 

Comme dans le cas precedent, seuls les systitmes a Btalement de spectre par 
codage sont sensibles a cette forme de brouillage. Les signaw a bande Btroite, ou 
m&me les porteuses pures, contenus dans la bande d'etalement seront trits 
perturbants. Ils ne seront &mines que d'un facteur b, a moins qu'ils n'aient pu 
6tre filtres avant desetalement au prix d'une distorsion du signal utile. 
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4.2. Le brouillage volontaire 

Ce type de contre-mesure Blectronique est celui auquel on pense quand on parle 
de brouillage des systkmes militaires. Nous allons distinguer deux classes de 
brouillages qui se diffbrencient par leurs objectifs : le brouillage de barrage et le 
brouillage intelligent. 

4.2.1. Le brouillape de barrave 

Ce brouillage vise a interdire toute communication dans une zone donnBe et une 
bande de frBquence choisie. Pour atteindre cet objectif, il suffit d'bmettre un bruit 
suffisant pour perturber les rBcepteurs situ& dans la zone choisie. Cette forme de 
brouillage est strictement aussi efficace contre tous les types de transmission, 
qu'elle soit 5 bande Btroite ou 

Une lBgbre amBlioration de l'efficacitk de brouillage peut Stre obtenue en 
concentrant l'6nergie Bmise sur une partie de la bande ou dans une pBriode de 
temps bien choisies en fonction des caracteristiques du sysGme a brouiller. 

4.2.2. Le brouillage intelligent 

Le brouillage intelligent se fixe deux objectifs : ne brouiller que les Bmissions 
ennemies et augmenter l'efficacit.6 de la puissance de brouillage. Il suppose donc 
une bonne connaissance du signal a perturber et son interception prBalable. 

Un brouilleur intelligent doit donc trier les signaux intercept& choisir parmi 
ceux-ci les Bmissions ennemies les plus importantes, estimer la probabilitB qu'il 
parvienne a brouiller les rBcepteurs auxquels elles sont destinBes et enfin 
Bmettre les signaux de brouillage les plus efficaces. 

Si cette stratkgie Btait rBaliste sur des signaux a bande Btroite, Bmis sur des 
frBquences fixBes, elle est de plus en plus difficile a mettre en oeuvre contre les 
liaisons prot.6gBes. 

La durBe des paliers des liaisons 9 saut de frBquence est plus courte que les 
temps de rBaction des brouilleurs et pourrait descendre jusqu'a une valeur telle 
que la diffBrence de temps de propagation entre la liaison directe et le chemin 
passant par le brouilleur interdise a celui-ci toute possibilite #intervention. Face 
aux systkmes a Btalement de spectre par codage, il semble impossible de rbaliser 
un brouilleur plus efficace que le bruit, m6me en sacrifiant la protection des 
signaux amis, un brouillage rBpBteur ne parvenant m6me pas a rBBmettre a 
temps le signal intercepte. 

Les systhmes de tBlBcommunications a bande large sont donc particulibrement 
efficaces contre le brouillage intelligent. 

bande large. 

V. CONCLUSION 

Ce tour d'horizon des problhmes lies a la guerre Blectronique montre a I'Bvidence 
qu'il n'y a pas de technique presentant simultanement les meilleures 
performances face a toutes les menaces. 
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Si les transmissions 21 bande large sont plus difficiles A intercepter, il n'est pas 
si3 que leur moins grande sensibilit6 am d6fauts de propagation ne permettent a 
terme des precisions de localisation des Bmetteurs bien sup6rieures a ce qu'elles 
sont aujourd'hui, grace 21 l'emploi des m6thodes de traitement de signal 
modernes. 

Enfin, leur insensibilitd au brouillage intelligent est pay6e par un niveau 
d'autobrouillage maximum, incompatible avec une utilisation intensive des 
bandes de fXquence radio-blectrique. 

Ces conclusions g6n6rales ne doivent pas &re appliqu6es sans discernement a 
tous les systAmes. Selon leurs conditions d'emploi, les diff6rents avantages et 
inconv6nients doivent &re pond6r6s. C'est aux responsables op6rationnels de dire 
in fine que1 est leur choix. 

REFERENCE : 
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SYSTEMES ADAFTATIFS LARGE BANDE 
WIDEBAND ADAPTATIVE SYSTEMS 

P. FUERXER, D.R.E.T. Delkgation Gknkrale 2 I'Armement 
C. GOUTELARD, L.E.T.T.I. Universite Paris-Sud 

I. - INTRODUCTION - 
L'adaptativite est un phknomkne nature1 qui assure la regulation des evolutions. Elle est utiliske dam les 
techniques de traitement de signal o t ~  elle trouve des applications dans les domaines les plus van& : 
propagations Clectromagnetique ou acoustique, geophysique interne ou exteme, analyses mkdicales, 
traitement des images et des sons... 

On examine dans cet expose diff6rentes techniques utilisees puis on compare leurs performances. Le 
traitement des signaux large bande est examink par comparaison avec le traitement des signaux A bande 
ktroite. I1 en ressort un catalogue des problkmes rencontres et de leurs solutions. 

L'influence de la propagation est discutCe dans une dernikre &ape au cours de laquelle une conclusion est 
apportee. 

II. - FORMULATION GENERALE - 
Les systhes adaptatifs peuvent, en traitement du signal propre a m  problhes de propagation, &re classks 
en trois grandes categories. 

- L'analyse de signaux reGus dont le formalisme de Fourier n'est qu'un des aspects simples, et 
bien connu. 

- L'adaptation d'une reception a un signal tempore1 COMU qui est utiliske pour &valuer la 
fonction de transfert d'un canal dont on veut corriger les dkfauts. 
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- L'adaptation d'un systkme de capteurs constituant une antenne & un environnement en vue de 
l'analyser ou pour assurer une rkception optimale. 

Ces trois aspects peuvent Ctre synthktisks dam un m&me formalisme qui permet de les traiter par des 
mithodes identiques, et d'en faire une synthese. Le probleme des antennes adaptatives apparait comme le 
plus complet car il introduit, par rapport aux autres, une dimension supplementake : I'espace. Une notion 
ginkrale apparait par l'utilisation d'un recepteur A N entrees comqe I'avait, des 1963, introduite H. 
MERMOZ [l]. C'est donc par les antennes adaptatives qu'a 6tk abordke cette ktude. 

11.1. LES ANTENh'ES ADAPTATIVES 
11.1.1. Formulation du orobleme 

On considere un ensemble fini de P sources et un ensemble de N capteurs constituant I'antenne 
d'un rkcepteur A N entrkes. 

Soit s (t) la forme analytique du signal de la p ieme source observke en un point 0 , qui peut 
Ctre le point d'kmission, et hnp(t) la rkponse impulsionnelle du canal entre 0 et le capteur n. 
Alors le signal rn(t) dklivrk par le capteur n s'exprime par 

P P 
P 

(1) 
Oh 

x ( ~ )  . y(t) dksigne I'intkgrale de convolution de x avecy 
bn(t) est le bruit propre au capteur n. 

Soient Rn(f), Hnp(f), Sp(f) et BJf) les transformkes de Fourier respectivement de rn(t), h (t), 
sp(t) et bn(t), alors 

"P 



- X 
AT 
Les param&tres Hnp(f) sont les fonctions de transfert du canal liant Op au capteur n 
Hn(f) est le vecteur des fonctions de transfert du capteur n aux points Op 
dp(f) appelC vecteur de direction de la source p, est le vecteur des 

exprime un vecteur de l'espace vectoriel 
exprime la transposke de la matrice A 

fonctions de transfert du point Op aux diffkrents capteurs. 

Si I'on forme le signal y(t) (figure 1) par la somme pondCree de signaux issus des capteurs 

(6) T y(t) = w R 

oh WT = [W,, W2 ... WN], il devient possible de balayer tout I'espace vectoriel par variation des 
coefficients W,. 

Si Y(f) est la transformee de Fourier de y(t), alors 

et d'apres (4) 
Y(f) = wT B(f) 

Y ( f )  = WT H(f) XQ + WT B(f) 
or 

(7) 

WT H(f) = [A1, A2, ..., Ap ._. AP] = HTS (9) 
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et daprks ( 5 )  

kp = W1 Hlp + W, H,p + ... + WN HNp (10) 
Si on veut ne recevoir qu'une seule source, sl(t), il faut que : 

HTs = [A1 = 1,A2 = O.. .kp = O...Ap = 01 

On doit donc resoudre un systkme linkaire de P equations N inconnues. 

- Si P = N, le systkme est ferm6, la solution est unique et 

Tou  les coefficients sont determines. 
WT = HTS H-'(f) 

Si P < N, le s y s t h e  est indetermink et on peut imposer N.P contraintes. 

- Si P > N le s y s t h e  est, en general, incompatible. 

II.12. Endomorohisme dans E 

Soit E l'espace vectoriel defini par une base de signaux rn et r I'application de E x E dans C 
dtfinie par 

Cette application est une forme sesquilineaire hermitienne 
oh r* denote le conjugue de r. 
L'endomorphisme 

f i r )  =fir rl) rl +l% r2). r2 + ...Rr, rN) rN 
est dkfini par la matrice r : 



1 r = [.......................... r(r, rl) r(r ,  r2) . . . . r(rlrN) 

r(rN rl) r(r, r2) - . . . r  (r, IN) 

Cette matrice est donc hermitienne, dtfinie positive et diagonalisable. 
Ses coefficients mesurent l'tnergie mutuelle entre les difftrents signaux captks. 
I1 existe donc une base de vecteurs {r'Jt)} pour laquelle la matrice est diagonale. Ces vecteurs 
sont obtenus par la pondtration des vecteurs rJt) : 

oh f n  est donc un vecteur propre de l'endomorphisme 

et I'endomorphisme s'Ccrit alors : 

Oii 

R t T  

est la puissance du signal propre r'r 

= [r',, r'Z .. .r"] - 

On peut donc synthttiser les signaux propres qui sont les signaux orthogonaux presents dans 
I'espace et il existe une matrice de passage de la base (rn) i la base (fn) 
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E =w!3 
Oil 

Vn dkfinissant le n ikme vecteur propre. 
Si rn = rn(t) est appelke matrice de covariance. 

La forme : 

oil E{X} dknote l'espkrance mathhatique de X, est sesquilinhirz hermitienne et la matrice r, 
(17) 

. . . E ( % ( f ) R , * ( f )  1 
soit encore 

oil RH(f) dksigne la matrice transposke conjuguee de R(f) r ( f )  est appelke matrice interspectrale. 

Si on admet l'indkpendance des signaux et des bruits alors, d'apr6s (2) : 

Oil 
I-'(o = H(f)rS(f) HH(f) + r B ( 0  

rs(o = E { ~ ( O S ~ ( O I  
r B ( f )  = E{B(r)BH(f)) 

matrice P x P 
matrice N x N 



Si les sources sont dtcorr&lCes, rs(f) est une matrice diagonale, si elles sont partiellement 
corrklbes, elle est hermitienne et si les capteurs sont align&, kquidistants et si les fronts d'ondes 
sont plans elle est Toeplitz. 
La matrice rs(f) hermitienne est de rang P. 

Les bruits &ant supposes dtkorr6lQ et gaussiens, il sont staristiquement dkfinis par leurs 
moments d'ordre 1 et 2. Si u* est leur variance alors : 

rg(f) = @ I (21) 
ok I est la matrice identit& 

I1 s'ensuit que r &ant hermitienne, elle poss6de N valeurs propres rielles, positives ou nulles 
qu'on peut noter par ordre dbcroissant. 

auxquels on peut associer les N vecteurs propres _Vl(f) ... y ~ ( f ) .  
xl( f )  > x2(f) ... ' !4 N(f) 2 0 

Ces vecteurs dkfinissent, on l'a vu, une base orthogonale de l'espace vectoriel. 
H(f) rs(f) HH(Q construite partir de P signaux est de rang P 
Elle poss&de donc P valeurs propres positives et N - P valeurs propres nulles 

auxquelles on associe N vecteurs propres 

tels que 

P l ( f )  2 P2(f) 2 ... 2 Pp(f) 2 Pp+l(f) = ... PN(f) = 0 

_Ul(f), U2(f) ... &(f) ... UN(~) 

{gn(f)} pour n < P + 1 sont d6finis par les P sources 
{gn(f)} dkfinissent le sous espace compl6mentaire du preckdent. 11s sont donc dkfinis A 

une notation pr&s. 

Cette expression montre que r(f) a les m6mes vecteurs propres que rS(f) et que l'espace 
vectoriel peut &re scindk en deux sous espaces complementaires. 

- Le premier appelk sous espace signal dtfini par les P premiers vecteurs propres et valeurs 
propres tels que 
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= pn(f) t u* 
&(f )  = Yn(f) = Ysn(f) 

oh pn(f) > 0 et oh les vecteurs Vn(9 forment une base orthogonale. 

- Le second appelk sous espace bruit defini par les N - P derniers vecteurs propres et valeurs 
propres tels que 

X n(f) = 0' 

&(f) = Yn(f) = V ~ n ( f )  (25) 
oh n E {P+1 ... N} et oh les vecteurs &(f) forment une base orthonormte de ce sous espace 
onhogonal au precedent. 
Il est dtfini par les plus petites valeurs propres identiques de r(f) et vkrifient la relation : 

(26) V,T(f) Vsn(f) = 0 vn E {l ... P} 

YBT(f) = W p t  df), Vp+2(f) ." V,(f)l Oh 

L'estimation de la matrice interspectrale est un  problkme majei qui sera discute par la suite. 
De ces estimations dtpendent la qualit6 des traitements effectuts, et dans les problkmes qui se 
rartachent aux propagations I'influence du canal devient souvent predominante. 

11.1.3. Traitements d'antenne 
Les traitements d'antennes se classent en deux grandes cattgories : 

Si I'objectif vise est d'ameliorer la qualit6 de la reception, on effectue un traitement en vue 
d'extraire de I'ensemble des P sources un signal particulier, par exemple c o m e  on I'a vu, le 
signal 1. Dans ce cas on balaye, ~3 I'aide des coefficients Wn (figure l), I'espace source pour 
sklectionner le vecteur propre Vl(f). On effectue alors un filtrage spatial comparable au filtrage 
friquentiel mais trks difftrent dans ses risultats puisqu'il devient possible de skparer des signaux 
de m&me frequence. Ce resultat est obtenu en crkant simplement des zeros dans le diagramme 
de rayonnement pour les directions d'arrivkes des sources indtsirables. 

Si I'objectif est d'obtenir des informations sur les sources, telles que leur puissance leur nombre, 
leur direction d'arrivte, lorsqu'elles sont definissables, on rkalise une operation plus precise 
appelke imagerie. Le cas le plus frequent consiste A dtterminer la direction d'arrivke des ondes 
en supposant que le front d'onde est localement plan. Cette hypothkse suppose dans le cas le 
plus simple, que les sources sont ponctuelles et kloignkes de I'antenne. 

Dans ces conditions, si I'on choisit les points Op en 0 situ6 au voisinage immtdiat de l'antenne - 
on prendra en g6neral un capteur de I'antenne ~ en exprimant : 

sP(t) = sp(t) &wot oh s P (t) est I'enveloppe complexe (27) 



alors le signal r e p  par le capteur n peut &re exprimer par : 
s (t) = s (t - r'np) Jwo(t-' "P ) "P P 

oh T~~ et r'np sont respectivement les temps de phase et de groupe de l'onde p entre Op et le 
capteur n. 

Si le milieu est localement non dispersif, avec les hypothkses prCcCdentes, en choisissant un 
repkre cart6sien orthonorm6 (0.5,  i$ il'J et en appelant 2 le vecteur d'onde de l'onde p, P 

- - c, = xn ux t yn 5 + zn u i l e  vecteur de position du capteur n rep6rC par ses coordonn6esxn, 
yn, zn dans le repkre choisi, alors : 

- -  
w ornp =Wor'np = kp C n  

snp(t) = s (t - r et 

L a  caractCristique de transfen est alors dCfinie : 
-par  la rCponse impulsionnelle h 

P np) 

- 6(t - r ) ou nP - "P 
.- - 

-par la fonction de transfert H "P = e-jwrnp = (29) 

La matrice H(f) donnke par la relation ( 5 )  prend alorstme forme particuliere caractCrisCe par le 
vecteur de direction dp(f) 

(30) 
La connaissance des vecteurs de positions < permet de dkduire la direction d'arrivke des ondes 
de l'Cvaluation de la matrice interspectrale. 
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11.2 TRAITEMENT SPATIAL ET TRAITEMENT FREOUENTIEL 

Les signaux delivres par des capteurs disposes sur une droite et de faGon equidistante donnent un 
kchantillonnage spatial des signaux (figure 2). La frequence spatiale - longueur d'onde h- du 
signal 6chantillonn6 est like i la longueur d'onde par la relation A= A/sin 0. 
Ainsi, deux ondes de m&me frkquence pourront &re distingukes par leur frequence spatiale i 
condition que leurs angles d'arrivke n'aient pas des sinus egaux. Si on choisit c o m e  point de 
refsrence la premikre antenne du reseau et dispose sur la droite du reseau, alors en appelant 
Le la distance entre deux antennes : 

Si on considhe un signal temporel, compose de p signaux onhogonaux et echantillonnes A des 
insrants (t. t-Te, t-2Te ..., t -(N-l)Te), alors le n ikme &chantillon vaut : 

r,(t) = 2 b(t-nTe) * s , ( t )  + b,(t)  
P 

et a pour transformee de Fourier 

Les relations (32) (33) et (34) ont la m&me forme que les relations (l), (2) et (31). Ainsi, 
I'6chantiiloMage spatial d'ondes par un reseau rectiligne avec des capteurs tquidistants et 
I'eChant8lOMage temporel regulier conduisent au m&me formalisme. 

Une simplification apparait cependant dans le cas des signaux puisque tous les vecteurs 
directionnels de la matrice H ( f )  sont identiques : 



L'estimation de R(f) est alors faite sur les tchantillons successifs puisque 
rn(t - n1 Te) = r(n .+ nl) 0 )  

11.3. ADAPTATMTE 

Les mtthodes adaptatives se ramknent aux schtmas de la figure 3. Les signaux issus de capteurs 
(ou de ligne ii retard) sont combints dans un filtre dont les coefficients sont ajustables. 

Le signal de sortie, y(t)-est alors compar6 i un signal de rkftrence - qui peut d'ailleurs &tre nul- 
et un algorithme d'adaptation rend minimum la consigne e(t). 

11.3.1. Sienal de r6f6rence 

Si le signal de rtftrence est connu, le critkre d'adaptativitt conduit i rechercher le filtre qui, en 
minimisant la consigne c(t), &limine les signaux indtsirables. 

Ce principe est utilis6 dans les modems autoadaptatifs lorsqu'un signal test est emis. La fonction 
de transfert HR(f) du filtre est, il une constante prks, l'inverse de la fonction de transfert du 
canal. 

Si le signal de rtfkrence est celui fourni par iun capteur (une prise de la ligne ii retard), alors le 
filtre aura pour r6le de prtdire sa valeur. Si De(f) et D,(f) sont les densit& spectrales des 
signaw d'entrte et de sortie d'un tiltre liintaire de fonction de transfert HR(f) alors 

D,(f) = I H*(f) I D(f) 

Si on impose De(f) = Do, bruit blanc, alors le spectre du signal peut &re dttermint en ajustant 
les coefficients du filtre predictif. 

Enfin, si le signal de rtftrence est nul, on rendra minimum le signal de consigne en respectant 
certaines contraintes, c o m e  par exemple la garantie d'un gain d'antenne f i e  dans une 
direction dOnn6e. Cette technique est utiliste dam le cas oh Yon veut recevoir une onde dont la 
direction d'arrivte est connue il priori. 

11.3.2. Avantaee des svtemes adaatatifs 

L'avantage des systkmes adaptatifs apparait simplement i travers le dernier exemple citt. Dans 
la formation de voie classique, pour recevoir une source de frtquence f, dont la direction e ,  
d'arrivke est connue, on forme le diagramme pour obtenir Y(fo,eo) maximum cette notation 



~~ 
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introduisant la notion de direction d'arrivke de l'onde dont depend, pour un vecteur &? donne, le 
signal y(t). 
Si une source parasite de frkquence fb existe dam la direction eb, la formation de voie classique 
n'evite pas que dans cette direction le gain d'antenne soit different de zero. 

On a vu que si P < N il etait possible d'imposer N - P contraintes au systhme. On peut dans ces 
conditions imposer 

et adapter le vecteur &?(fo, eo) de fafon optimale en tenant compte de l'environnement. 
wP, ep) = o 

11.4. LES METHODES ADAPTATIVES 

Les etudes relatives aux methodes adaptatives sont nombreuses et il ne peut &re envisager de 
les analyser toutes. Nous donnerons simplement une classification de ces methodes en signalant 
pour les principales, les avantages et les limites. 

Cette partie de l'exposk repose sur le traitement d'antenne pour lequel le problhme est plus 
general que le traitement frkquentiel. 

On peut classer les methodes adaptatives en deux classes : 
- Les mkthodes parametriques, qui s'appuient sur une modtlisation A priori du signal. 

- Les metbodes non Faramktriques, dites mkthodes dtkouplees, qui s'appuient sur la 
decomposition en sous espace orthogonau de la matrice interspectrale. 

Les premikres assurent, d'une fagon generale, une meilleure resolution, mais sont sensibles au 
bruit qui introduit des incertitudes et des biais dans les resultats. 

11.4.1. Methodes oarametriaues 

Ces mkthodes sont les plus anciennes, les premihres proposkes en 1969 par CAPON [2] en 
analyse spectrale par BURG [3] [4] en analyse spatiale, ont et6 perfectionnees par differens 
auteurs [SI [7]. Recemmemnt MUNIER et DELISLE [6] ont montrk que ces methodes 
s'inscrivent dans un concept plus gtneral appeM FAQI (Filtrage Adapt6 - Quadration - 
Integration). 



11.4.1.1. Mkthode de CAPON 

Cene methode b a k e  sur la recherche du maximum du rapport signal 2 bruit est aussi appelke 
mkthode 2 maximum de vraisemblance et dknomke MLM ou MI (Maximum Likelihood 
Method). 
La puissance du signal y(t) (figure I) est donnke d'apr2s (12) par : 

Lorsqu'il n'y a pas de source dans la direction #observation eo, la puissance resue est celle du 
brouillage. 
On cherche dam cette mkthode 2 rendre P(f,eo) minimum en imposant la contrainte 

qui impose un gain unitaire dam la direction eo. 
La rksolution de ce probleme qui peut Stre faite par la mkthode des multiplicateurs de 
LAGRANGE conduit au vecteur optimum : 

et I'estimation spectrale est donnke par : 

11.4.1.2. Mkthode de prkdiction linkaire 

Dans cette mkthode on effectue une prkdiction linkaire en prenant comme signal de rkfkrence 
dans la figure 3, le signal m(t) issu d'un capteur de i'antenne (ou I'tkhantillon m(t) dam le cas 
de l'analyse spectrale). La valeur prkdite y(t) = m(t) est donc comparke au signal r(t). On 
cherche donc 2 minimiser E(t) sous la contrainte que le premier coefficient du filtre (prkdicteur 
+ comparateur) soit &gal 2 -1 : 
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WT(f,eo) % = - I 

avec uOT = 11 o ... 01 
Le vecteur optimal s'exprime alors par 

et le spectre estimi est 

11.4.1.3. Systkmes FAQI 

Dans cette mithode, Y(f) est multiplii par un scalaire complexe a(e) de faGon B diterminer 

Le principe consiste toujours B balayer I'espace vectoriel engendri par les signau captis pour 
silectionner les vecteurs coliniaires a u  vecteurs sousrce et eliminer les autres composantes. 

On utilise selon les cas, deux lois diffirentes pour I a(e) I 
pondiration. 

qui apparait c o m e  un facteur de 

Si en absence de sources, seul le bruit subsiste et on impose que P(f,e) soit igal B la puissance du 
bruit u2 . Ce choix qui correspond A une normalisation forte donne 



et le spectre estim6 vaut alors 

Si en l'absence de bruit et en prbence d'une seule source [s,(t)] on impose que la puissance de 
sortie soit celle de la source, alors 

et le spectre estimk s'brit : 

Toutes les mCthodes globales se rambnent aux systkmes FAQI et diffkrent 
par le choix du vecteur d'analyse w(f,e) et du type de normalisation choisi. 

les unes des autres 

Le principe consiste B balayer l'espace vectoriel des signaux captes mais la manikre diffkre d'une 
methode B l'autre. 
Les avantages offerts par ces methodes resident dans la complexite reduite des calculs et leur 
bonne r6olution. Leurs inconvknients resident dans les impr&cisions des rksultats qui dependent 
de la puissance du bruit qui accompagnent les signaux. Les biais dkpendent, non seulement du 
rapport signal/bruit, mais aussi de la corrklation partielle entre les signaux. 

11.4.2. Methodes d6couDlet; 

Ces mkthodes sont basees sur les propri6tCs des 6lkments propres de la matrice interspectrale ou 
sur la skparation des sous espaces signal et bruit. Les premiers travaux dus B W.S. LIGGET [8] 
et B H. MERMOZ [9] qui utilisaient le sous espace source pour Ia resolution du problkme. Cette 
mCthode conduisait B des calculs importants qui ont 6t6 alleges par l'utilisation du sous &pace 
bruit. La mCthode la plus actuelle a 6t.6 introduite par L. KOPP et G. BIENVENU [lo] et 
simultankment par R.O. SCHMIDT [ll] qui a donn6 des resultats gheraux dans la methode 
MUSIC (Multiple SIgnal Classification) qu'il a propost. 

Nous ne dtvelopperons que cette methode, en signalant cependant que d'autres mCthodes sont 
utiliskes, comme la m6thode de V.F. PISARENKO qui peut Stre w e  comme un cas particulier 
de la mtthode MUSIC, ou la mkthode 3 norme minimale de R. KUMARESAN et D.W. TUFTS 
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[13] qui ont propos6 une variante assurant une meilleure protection vis-&vis du bruit ou la 
m6thode du propagateur propode par J. MUNIER [14] qui propose en fait une m6thode de 
calcul diffkrente des 6l6ments de la matrice interspectrale. 

I1 a 6t6 vu que les vecteurs formant les bases de I'espace source et de I'espace bruit sont 
onhogonaux, ce qui se traduit par la relation (26) 

- VTB,(f) !sn(f) = 

Ces sous espaces sont dklimitks, on I'a vu, par les N - P valeurs propres les plus faibles auxquelles 
sont associ6s les vecteurs du sous espace bruit. 
Si d(f,e) est le mod&le norm6 du vecteur directionnel de I'espace source, chaque scalaire 

h(f,e). VBm(f) = d(f,e) Vn(f) 

n E  {P + 1, ... M} m = n - P  
s'annule lorsque d(f.0) coyncide avec un vecteur directionnel de source dn(f,en). 

La norme de la projection du modhle de propagation sur le sous espace bruit s'annule donc dam 
ces conditions, c'est-A-dire 

Cette 6quation possede donc P racines qui donnent les directions des sources. 

Dam cette modklisation thkorique, il est remarquable de constater que les r6sultats ne sont pas 
biaises par le bruit qui n'intewient que dam les impr6cisions des r6sultats. Comme dam un 
grand nombre de ce type de traitements, la qualit6 des r h l t a t s  est am6lior6e par une 
observation plus longue des signaux et dans la mesure oh ils sont suffisamment stationnaires. 

II.6. PROBLEMES REELS LIES AUX METHODES ADAPTATIVES EN LARGE BANDE 

Outre les problemes classiques li6s au fait que les signaux ne sont jamais identiques au mod6le 
theorique adopt6, modele th6orique ajust6 pour permettre de mener avec une complexit6 encore 
acceptable les calculs, deux problkmes principaux apparaissent lorsqu'on travaille en large 
bande : 
- Le premier a trait A I'existence de trajets multiples discernables qui introduisent des sources 
siparables spatialement et temporellement, probleme propre aux antennes adaptatives et r6solu 
dans les modems. 



- Le second a trait au problkme technologique de rtalisation du filtre utilist dans les systkmes 
adaptatifs (figure 3). 

11.6.1. Hwotheses faites sur les simaux 

II est bon de mesurer les hypothkses faites sur les signaux dans les theories sur les systkmes 
adaptatifs : 

- Les bruits sont supposts gaussiens et centrts, indtpendants d'un capteur (tchantillon) 2 l'autre. 
Les bruits sont donc au sens probalistique dtcrits si on connait leurs moments jusqu'i I'6rdre 2. 

- Les signaux sont consideris d'amplitude complexe altatoire, dont chaque composante est 
centrte, ou certains mais dtcorrtlts. 

- On fait l'hypothkse fondamentale de la stationaritt et de I'ergodicitt des signau reps.  Cette 
hypothkse simplificatrice permet de remplacer les moyennes d'ensemble, au sens probalistique, 
par les mooyennes temporelles, ce qui oblige I'utilisateur i dtcouper les signaux en intervalles 
suffisamment courts et i recbercher la moyenne pour respecter cette condition. Cette condition 
est souvent invalide, notamment en large bande A cause des interftrences. 

- Les canaux de propagation doivent pouvoir &re dtcrits par leurs rtponses impulsionnelles - 
fonction de transfert - supposte invariante dans le temps pendant une durte d'observation. Si1 
est toujours possible de rtduire le temps d'observation pour que I'hypothkse de la quasi 
starionnante soit valable, cela se fait toujours au dttriment du rapport signal/bruit et de la 
precision des estimations. 

Enfin, notamment en imagerie, il est suppost que le front d'onde est dtfinissable, donc que 
l'antenne ne soit pas placte sur une caustique de l'onde et que, sans &re ntcessairement plan, ce 
front ait au moins une forme connue. 

11.62. lnfluence des traiets multiales en large bande 

En large bande, l'existence de trajets multiples ne pose pas de problkmes thkoriques particuliers. 
11s introduisent plut6t une simplification thtorique par rapport i la bande ttroite dans la mesure 
oh itant discemables ils se prtsentent skpartment avec des fronts d'onde plus simples. Si B est la 
largeur de bande, deux trajets sont discernables si I'tcart de leur temps de propagation est 
suptrieur A 1/B, sinon ils sont considtrts c o m e  un seul trajet A Cvanouissement sklectif. 



Lorsque le filtrage utilise comme signal de reference une replique du signal souhait&, ces 
mCthodes demeurent utilisables puisqu'elles decorrhlent les trajets. Par contre, le nombre de 
sources apparentes est lors multiplie par le nombre de trajets et il faut disposer d'un nombre 
d'antennes suffisant. 

11.6.3. Contraintes imaosees sur le filtre dans les larzes bandes 

Si I'on reprend la condition de filtrage de la relation (16) 

Oh 

WT = HST H-'(f) 

HsT = [l 0 0 ... 01 

HT(f) = [dl(f) ddf) "' _dp(f) dp(f)l 

avec 

-P d T(f) = [Hlp(f), H2p(f) .'. HNP(f)l 
et 

Hnp(f) : fonction de transfert du canal entre Op et le capteur n 

I1 est clair que les coefficients Wn de W doivent respecter les conditions sur une grande largeur 
de bande, ce qui complique de faGon considerable le filtre. 

On peut se rendre compte a i s h e n t  de cette difficult6 B travers le cas trait6 au paragaraphe 
11.1.3. 

Si on se place dans I'hypothhse de fronts d'onde localement plans, dans un milieu localemnet 
non dispersif alors, d'aprhs (30) 

ou encore 

-1or,p -lory -lorNp 
d T ( f )  = [e ,e , ... e ] 
P 

qui indique que les fonctions equivalentes sont des fonctions retard qui se retrouvent dans la 
r6alisation des coefficients Wn. 



-+ 
En bande Ctroite, kp cn = W rnp peut &re approch.4 par w o  T et nP 

qui indique que les fonctions A r6aliser sont, cette fois-ci, des fonctions d.4phasage. 

Ainsi, les traitements en large bande conduisent A une modification de la structure des filtres 
(figure 4) qui doivent utiliser des lignes A retard 

plut8t que des dkphaseurs 

Cette structure peut &re modifiCe dans les realisations pour sCparer la fonction filtrage spatial 
de  la fonction Cgalisation qui reconstitue le signal utile exempt de distorsion [U]. 

II est simple alors de voir que le signal sp(t) au point 0 s’tcrivant (formule 27) 

Le signal r e p  par le capteur n dam I’hypothtse de la bande Ctroite est : 

On se trouve dam l’hypoth6se de la bande etroite si Yon peut admettre que l’enveloppe 
complexe ne subit pas de retard entre les diffCrents capeurs. I] faut donc, si B est la bande du 
signal et L la plus grande dimension de I’antenne (T la durCe du signal) que 

c : cClCrit6 de l’onde. 
B L <  < c  

Cette limitation peut devenir g&nante dam certains cas. 



111. - EFFET DE LA PROPAGATION SUR LES SYSTEMES ADAPTATIFS - 

Dans ce chapitre, nous proposons d'examiner dans quelle mesure les difftrents phtnomhes intervenant 
lors de la propagation des ondes dans I'environnement rtel limitent les performances des sys thes  
adaptatifs. 

De facon a ne pas reprendre la discussion pour chaque algorithme d'adaptation possible et pour les 
difftrents modes d'ttalement de bande, nous allons nous limiter A considtrer dans quelle mesure la 
propagation invalide les hypotheses les plus couramment faites en traitement adaptatif, tant dam les 
modems que dam les rtseaux d'antennes. 

Dans Ies modems adaptatifs, on suppose que le milieu de transmission est assimilable a un filtre lintaire 
dont on consignera au mieux la fonction de transfert de facon B minimiser le t a w  d'erreur de la liaison. 
Ceci suppose de facon implicite que le canal est stationnaire. 

Un filtre continuement variable au cows du temps, quelle que soit sa structure, n'entre pas dans la classe 
des filtres linkaires et ses parametres ne peuvent Ctre identifits A I'aide des mtthodes de traitement de 
signal actuelles. 

b r sque  Yon parle d'antennes adaptatives on suppose souvent, de facon implicite, I'existence au niveau du 
ricepteur d'une onde plane provenant de la source. 

Ce premier pas franchi, on associe alcrs aux ondes r epes  les caract2res qui dtcoulent du choix de cette 
reprisentation simple et rassurante de la rkalitk : 

- Les directions d'arrivCe des ondes sont les directions des sources, aussi bien dam le cas du 
signal transmis par I'tmetteur utile que de ceux des autres Cmetteurs que nous dtsignerons 
sous le terme gCntrique de brouilleurs. Cette hpotbt?se s'exprime tgalement en disant 
qu'il existe pour chaque source un  front d'onde plan, le front d'onde ttant dam ce cas une 
surface Cquiphase passant par le centre de I'antenne. 

- Le milieu n'est pas dispersif, les dtphasages liks 2 la propagation entre les sources et les 
antennes de rtception sont assimilables A des retards purs indkpendants de la frtquence, 
mCme si, en raison de trajets multiples, il n'existe plus de front d'onde plan. 

- Le milieu est stationnaire. Comme dam les modems adaptatifs, cette hypothese est 
fondamentale car elle justifie I'utilisation de filtrages spatiaux IinCaires. 
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- Enfin, les sources sont stationnaires. Cette hypothese sous-jacente permet de leur 
attribuer de nombreuses caractkristiques qui ne sont pas toujours verifikes : puissances 
constantes, direction constante ou tout au moins lentement variable vis-&vis des temps 
d’adaptation des systemes, indkpendance statistique ou au moins intercorr8ation.s 
constantes. Compte tenu des dkfauts introduits par la propagation, ces differentes 
hypotheses sont plus ou moins bien verifikes. Il en rksulte des limitations pratiques aux 
performances des systemes adaptatifs. Les rbultats experimentaux sont ainsi bien 
infkrieurs ceux qu’une etude thkorique trap rapide pourrait laisser espkrer. 

Nous allons donc passer en revue tous les phknomenes qui interviennent et indiquer pour chacun les 
diffkrentes faGons dont ils pourront &re interpr6tb par le systeme adaptatif. 

111.1. LES TRAJ ETS MULTIPLES 

En antennes omnidirectionnelles, il est rare que la propagation ne comporte pas de trajets multiples. 
En transmission haute frkquence, les differentes couches de l’ionospbere renvoient des signaux 
souvent d6cal6s les uns par rapport aux autres de plusieurs millisecondes. En transmission SOL-SOL 
ou SOL-AIR I’existence de trajets multiples est tres frequente, notamment en milieu urbain. Des 
diffkrences de temps d’arrivee allant jusqu’B lops sont couramment obsewkes en VHF et en UHF. 
Les trajets correspondant B un mCme retard peuvent Ctre attribuCs B des rkflecteurs s i tub sur une 
ellipse dont les foyers sont 1’6metteur et le recepteur. 

On distinguera deux ellipses particulihres : 

- La premiere est l’ellipse de Fresnel qui correspond B une difference de temps de propagation d‘un 
quart de longueur d’onde B la frequence de la porteuse utilisee. Les obstacles situ& dam cette zone 
affaiblissent le signal transmis mais ne creent pas de trajets multiples identifiables. 

- Une ellipse correspondant 2 une diffbrence de temps de propagation de AT par rapport au trajet 
direct tel que : 

AT X B = . ; i  1 

Les 6chos provenant d’obstacles situ& B I’intkrieur de cette zone ne pourront pas &re sCpar6s du 
signal direct. 11s produiront une distorsion pkriodique d’amplitude et de phase du spectre de  periode 
F telle que : 
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La bande B du signal transmis &ant faible par rapport & AF, on observera seulement une dispersivitk 
apparente du milieu. 

Ceci sera particuli&rement g&nant dans les antennes adaptatives. Meme des trajets multiples de trks 
faible niveau peuvent limiter la rkjection maximale de brouilleurs, lorsque les algorithmes bande 
ktroite wnt  utilises (c'e'st-&-dire lorsque les ponderations sont independantes de la frkquence). 

Pour chaque frkquence de la bande, on pourra considkrer que le front d'onde n'est plus plan. Dans le 
cas de deux ondes de m&me polarisation, arrivant selon deux directions faisant entre elles un angle a, 
la deformation du front d'onde aura une piriode spatiale L telle que : 

A I'exterieur de cette ellipse, les diffkrents trajets deviennent progressivement stparables en temps 
d'arrivee. 
Pour une antenne adaptative, ces echos sont alors consider& c o m e  des sources independantes et 
peuvent Etre &limin&s, dans la mesure oC leur nombre ajout6 & celui des brouilleurs A kliminer reste 
inferieur au nombre de zeros indkpendants que peut cr6er I'algorithme adaptatif. 

111.2. LA DIFFUSION TROPOSPHERIOUE 

Les inhomog6n6itQ de la basse atmosph&re diffusent les ondes radiotlectriques. Bien que le niveau 
des ondes diffuskes soit tr&s faible, ce mode de propagation est m i s  2 profit dans des faisceaux 
Hertziem transhorizon. Les diffuseurs situts dam le volume d6limitk par les faisceaux des antennes 
d'tmission et de reception contribwnt au transfert d'hergie. Le nombre de diffuseurs i n c h  dans ce 
volume &ant tr&s grand, la s o m e  de toutes leurs contributions est un signal fluctuant dans le temps 
selon une loi de Rayleigh (ou de Rice si on desire Ctre plus prkcis). 

Deux antennes diffbrentes ou deux faisceaux point6 dans des directions differentes recevront des 
signaux dont les fluctuations sont dCcorr6lees. 



Cest pour rksoudre les problkmes p o d s  par ces liaisons qu'ont kt6 commenc6es les btudes d'antennes 
adaptatives. I1 fallait &re capable de combiner de faGon optimale les signaux fournis par plusieurs 
r k e p t e m .  

Dam les systkmes adaptatifs, cette diffusion troposphkrique est gknkralement negligbe. I1 n'est pas s t r  
qu'elle pourrait l'&tre dans des systkmes qui viseraient des performances beaucoup plus &levees 
qu'aujourd'hui. 

III.3. L$ DISPERSMTE DU MILIEU 

L'ionosphkre est un milieu dispersif. Les spkcialistes de transmission Haute Frkquence le savent bien. 
Cette dispersivitk dbrolt  en fonction de la frbquence. On admet que pour un satellite de 
radiolocalisation l'erreur qu'elle introduit sur le temps de propagation de groupe est de la forme : 

Cette eneur, relativement importante 2. site bas, lorsque les rayons traversent l'ionosphere sur une 
longue distance peut &tre sensible sur un systl" B bande large. 

Dune  manikre genbrale, tous les ph6nomenes dependant de la longueur d'onde introduisent de la 
dispersiritb. La propagation sur terre unie, que l'on tienne compte ou non de la rugositd du sol et du 
microrelief, est un phknomhe dispersif. Les objets places au voisinage immediat des antennes 
modkrent leurs im@dances et diagrammes de rayonnement. M t "  si on ne peut plus parler de trajets 
multiples, ces obstacles perturbent le front d'onde.et adent une dispersivitk apparente du milieu de 
propagation. 

111.4. LA STATIONNARITE DU MILIEU 

I1 est bien commode de supposer le milieu stationnaire pour ktablir des resultats thdoriques. En 
realite, cette hypothese n'est jamais vkrifibe. Comme les radaristes le savent bien, les signaux reemis 
par les diffuseurs 2. l'origine des trajets multiples fluctuent dans le temps. I1 est possible de predire, en 
fonction des conditions mbtkorologiques, de l'environnement terrestre ou maritime, le niveau et la 
hande doppler des &hos de fouillis qui leur sont associ6s. Le trajet principal hi-m&me n'est pas 
exempt de  fluctuations. Toute vibration de l'antenne entrainera un dbplacement de son centre de 
phase. Un deplacement de celui-ci d'une distance 1 cos wt produira une modulation de phase du signal 
resu conespondant 2. l'addition d'un signal en quadrature de niveau efficace relatif : 



Pour 

h = 10 cm 

I = 0.1 mm 

on trouve : - 67dB. 

En haute frkquence, A lOMHz, un dkplacement d'un fouet de 3 cm produirait un signal parasite de 
niveau relatif - 47dB, ce qui est loin d'etre nkgligeable. 

Dam les mobiles la non statiomaritk des signaux rksulte essentiellement du dkplacement des 
vkhicules par rapport B I'environnement et de I'un par rappon A l'autre. II est facile de se rendre 
compte que lorsqu'un akronef kvolue dam I'espace, les directions dans lesquelles se trouvent les 
sources peuvent changer rapidement. 

Les diagrammes d'antenne n'6tant COMUS qu'imparfaitement, il sera difficile de prCvoir les variations 
de champ r e p  par les antennes qui en rbulteront et d'ajuster en temps rkel les coefficients des filtres. 

Le dkplacement des pikes  mobiles comme les hklices d'avions de patrouille maritime ou les rotors 
d'hklicopt6re modifient les signaux reGus. Par ailleurs, les vibrations de la structure, en modulant les 
kchos proches, ajouteront B toutes ces fluctuations des composantes rapides. Enfin, les trajets 
multiples comportant au moins une rkflexion sur le sol sont modulks par le dkplacement de I'aeronef. 

Les phenomhes observes sur les navires ou les vkhicules terrestres sont analogues. L'environnement 
proche des antennes joue un r81e de plus en plus important. Le mouvement de la mer et des 
superstructures des navires perturhe le diagramme des akriens. 

L a  mesure de taw d'onde stationnaire sur l'antenne d'un poste VHF monte sur un vkhicule en 
mouvement suffit B convaincre qu'il ne peut y avoir aucune relation entre la direction apparente vue 
par l'antenne et la direction rkelle de la source. 



8-25 

Une analyse plus fine de la propagation met en evidence un nombre eleve de trajets multiples 
conduisant B une structure complexe du champ. Des perturbations locales supplhentaires sont likes 
au couplage de l’antenne avec des objets situ& une ou quelques longueurs d‘onde et leur influence 
ne peut i t re  dCcrite que c o m e  une non stationnarite du champ reGu. 

Pour toutes ces raisons, les perturbations induites par la propagation sont de trks loin la limitation 
principde aux performances des systkmes adaptatifs, m&me lorsque, dans le cas des modems 
adaptatifs, l’objectif poursuivi est justement de les annuler. 

Le dkveloppement de ces techniques passe par un effort de modklisation de la propagation, sans 
lequel aucun progrks ne pourra itre espbrt5 A l’avenir. 

IV. - LES DIFFICULTES TECHNOLOGIQUES - 

M&me si la tendance actuelle est B l’utilisation de plus en plus systhatique du traitement numeripe, les 
systhes  adaptatifs ne peuvent &tre rialis& sans fonctiom analogiques. Les systkmes A large bande, en 
raison des friquences d‘kchantillonnage qu’ils ntcessitent ont besoin plus que les autres de faire appel A des 
calculs analogiques dont la puissance Cquivalente est et restera sans commune mesure avec celle des 
processeurs digitaux. 

Nous allons donc regarder, fonction par fonction quelles sont les limitations des deux technologies 
analogique et digitale, aussi bien du pcint de vue de la dynamique que de la largeur de bande. 

IV.l. PONDERATIONS COMPLEXES 

Tous les traitements adaptatifs nkcessitent le calcul de sommes pondCrCes de signaux convenablement 
dCphasks. 

En bande Ctroite, retards et produit complexes sont equivalents. En bande large, il n’en est pas de 
mime. Un retard d‘une d u d e  T correspond A la fonction de transfert : 

p Ctant le paramt2tre de Laplace (p = jw pour les signaux sinusoydaux). 
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Le dkphasage effectuk par multiplication par un nombre complexe de module unit6 correspond A la 
fonction de transfert : 

g = e J ' P  

Si on effectue une multiplication complexe lA ob il aurait faUu un retard pur on commet une erreur 
relative. 

Dam les antennes adaptatives, la distance entre les antennes est gknkralement de I'ordre de 
frkquence centrale w. 

/4 A la 

L'erreur commise en choisissant d'effectuer des multiplications complexes est alors de l'ordre de : 

n h r ,  lg - f ( r ) I  I hu x & = 

On constate que m&me pour une bande aussi faible que lOMHz A 300MHz. cette erreur est deja en 
bord de bande de : 

n 5  
2 300 
_ _  

soit - 32dB 



II est donc indispensable, dam le cas des systkmes 2. bande large de faire I’ttude thtorique en tenant 
compte de la mtthode de pondhation retenue pour la rtalisation pratique : multiplication complexe, 
retard ou une combinaison des deux, une interpellation des retards &ant faite par dtphasage. 

IV.l.l. Ponderation d’antennes en analoeiaue 

I1 n’est pas trks facile d‘effectuer des pondtrations complexes de facon analogique. 
I1 est nbessaire de crter par filtrage deux signaux dtphasts de n/2 dam toute la bande 2. traiter. 
II faut ensuite pouvoir attenuer difftremment chacune des composantes avant de les recombiner 
en sortie. toutes ces fonctions introduisant des pertes, il est nkcessaire d‘ajouter des 
amplificateurs pour les compenser, au dktriment du facteur de bruit et de la linkaritt (Fig. 5).  

Une autre technique consiste 2. combiner dtphasage et changement de frtquence en une seule 
operation, la phase de l’oscillateur local &ant ajustCe 2. I’aide d’un dkphaseur variable. La 
lintaritt et la dynamique de ces systemes restent trts limitkes. 

Le progrks rapide des diodes de commutation hyperfrtquence permet de rtaliser des lignes Q 
retard par commutation de longueurs de lignes. 

Evidemment, la combinaison variable des taw d’onde stationnaire des commutateurs et des 
Cltments de ligne 2. retard perturbe ICgkrement les rCsultats, mais il n’y a pas de raison pour que 
ces dtfauts soient plus imponants que ceux qui resultent des caracttristiques des antennes et 
l i p e s  de transmission qui les prtcedent dans la chaine de rtception et dont les taux d’onde 
stationnaire ne sont pas meilleurs. 

De plus, ces lignes 2. retard variables ont une dynamique sans commune mesure avec celle des 
prtctdentes, aucun Clement non lineaire n’intervenant dans leur rtalisation. 

II est toutefois ntcessaire de faire suivre cette optration de retard par une pondtration en 
amplitude 2. I’aide d‘un atttnuateur variable dont la linearit6 est gtnkralement meilleure que 
celle d’un mtlangeur. 

IV.1.2. Ponderation numeriaue d’antennes 

En thtorie, rien n’est plus simple que d‘appliquer au signal d‘antenne un coefficient de 
pondtration w. Ceci se ramkne Q une simple multiplication complexe. 

Malheureusement, pour pouvoir faire cette optration, il faut disposer des 6chantillons 
complexes du signal 2. traiter. Comment peut-on les obtenir : 
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Enfin, ils doivent &tre capables de coder A une cadence suffisante F = 1/B, B &ant la bande du 
, fdrre (mesurCe au point oh le signal transmis devient nkgligeable devant le bruit thermique). 

a)  T&te analytique classique. 
Le signal B numeriser est multiplie avec deux signaux B la frequence centrale de la bande B 
numCriser (que nous appellerons par convention frCquence poneuse) dCphasCs de 90 degrCs. 
Apr& filtrage passe has, les deux composantes rCelle et imaginaire peuvent &tre numCrisCes. 

Les ClCments analogiques constituant cette t&te de rCception ne sont pas tr&s diffCrents de ceux 
d'un multiplieur analogique. Les limitations technologiques qu'ils introduisent sont donc 
Cquivalentes. 

Lzs codeurs numCriques mkritent une attention particuli2re. Lew linearit6 doit &tre Irks bonne. 
Leur pas de quantification doit &tre sensiblement plus faible que le bruit thermique, de faGon A 
ne pas degrader le facteur de bruit. Le nombre de bits de codage doit &tre suffisant pour coder 
sans saturation les signaux parasites les plus forts qu'il est possible de rencontrer. 

b) Tetes analytiques 2 sur Cchantillonnage (Fig. 10). 
Lorsqu'il existe des codeurs assez rapides, il est possible de coder directement le signal, sans 
changement de frtquence, puis de gCnCrer par filtrage numerique les deux composantes des 
Cchantillons complexes. Toute la difficult6 technologique est alors reponCe sur le codeur 
analogique numerique. 

IV.2. LE FILTRAGE DES SIGNAUX WILES. AVANT TRAITEMENT 

En gCneral, dans un rCcepteur, il est nkcessaire d'Climiner en t&te des signaux parasites hors bande 
utile de forte amplitude. II n'est pas rare en tCl6communications que le signal d'un Cmetteur localid 
soit r e p  avec seulement lOdB de decouplage sur une antenne voisine. 

A proximitC d'un Cmetteur de lKW, il faudra ateindre une atttnuation de 194dB pour ramener ce 
signal parasite au niveau du bruit thermique dans une bande de 1KHz. Des rCjections de lOOdB seront 
donc souvent necessaires avant tout traitement. Ceci ne peut &tre rCalis6 que par des filtres 
analogiques passifs. 



IV.3. LE CALCUL DES COEFFICIDENTS DE CORRELATION 

IV.3.1. Calcul analogiaue 

Le calcul de coefficients de correlation peut Ctre fait de fason analogique sur le principe de la 
figure 10. Toutefois, ce schema ne fournit que la partie reelle du produit. Dans le cas des signaux 
i bande etroite, centrks sur une frkquence porteuse, il faut calculer indkpendemment les parties 
rielles et imaginaires du coefficient de correlation, ce qui complique sensiblement le schkma. 

IV.3.2. Calcul numerioue 

Ce calcul est trivial et ne necessite qu’une puissance de calcul relativement limitke. Les solutions 
numeriques sont doncprCfkrCes i chaque fois que le choix est possible. 

IV.4. LE CALCUL DES COEFFICIENTS DES FILTRES ADAPTATIFS 

Qu’il s’agisse de filtres spatiaux ou temporel, le calcul numkrique des coefficients est toujours 
preferable, les methodes analogiques ne permettant de mettre en oeuvre que des methodes de zero 
dont la vitesse de convergeance n’est pas toujours maitrisable. 

La mise en oeuvre des algorithmes d‘adaptation necessite pratiquement le passage aux mkthodes 
numkriques. 

IV.5.- BANDE DE BASE 

Ces filtres designis generalement sous le nom d’egaliseurs ne sont pratiquement rkalisables que sous 
forme numerique. MCme si les principes qu’ils mettent en oeuvre sont COMUS depuis longtemps, ce 
n’esr que depuis que les techniques digitales sont suftisamment rapides que les applications pratiques 
sont apparues. 
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En conclusion, on observe que les techniques numkriques sont nettement prkfkrables aux techniques 
analogiques. Il y a donc lieu de les utiliser chaque fois que cela est possible. 

Par contre, les fonctions de filtrage haute frkquence avant numkrisation, de conditionnement de signaux 
avant codage et Q fortiori de codage analogique numkrique dans les systemes digitaux sont tr& dklicates. 

Certains signaux parasites provenant de sources comme les brouilleurs de barrage ou les kmetteurs proches 
peuvent injecter dam les rkepteurs des niveaw considkrables qu'aucun circuit actif ne peut recevoir sans 
introduire une intermodulation inacceptable. 

Les solutions techniques adoptkes dans les rkcepteurs classiques Q bande Ctroite ne sont plus utilisables. 
Comment garantir l'identitk parfaite de plusieurs chaines de rbception, I'apairage des gains, des chaines de 
contrdle automatique de gain, de la bande passante et du dkphasage diffkrentiel des diffkrentes voies ? 

Pour rejeter un brouilleur recu avec un niveau de 40 dkcibels supkrieur au signal utile, il faut que la partie 
analogique d'entrke et le codeur numkrique aient une dynamique trhs importante. 

On doit admettre que ces performances doivent &re tenues dans au moins une trentaine de dkcibels de 
dynamique. L e  brouilleur doit, apr& traitement conduire Q un signal Q bruit du m&me ordre. I1 en rtsulte 
que la partie analogique doit avoir au moins une dynamique de 100dB. tventuellement extensible par 
atthuateurs fixes en t&te. II ne faut donc pas sous estimer les difficult& technologiques que l'on rencontre 
dans la mise au point des systkmes adaptatifs. 
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General schema of the propagation model 
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Figure 3 
Modile de traitement adaptatif frdquentiel et spatial 
Model of spectral and spatial adaptative traitement 
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