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SUMMARY

From the examination of the channel characteristics 

experienced in the mobile radio environment, it is 
apparent that the development of data transmission based 

upon non-binary systems as an alternative to commonly 

used binary methods is long overdue. A poly-signal modem 

has emerged from such a design consideration which is 

unconventional by virtue of its use of the time/frequency 

parameters available.

Because of the complication of modelling the mobile 
channel one poly-signal scheme with particular advantage 
was chosen for analysis and the final design compared 
with a conventional binary system both in laboratory
simulations, and also by field trials.

It has been shown that under multipath fading
conditions, the poly-signal modem maintains a probability 

of error curve which is normally associated with white 
noise interference, while binary error curves are

modified to a simple function. The two error curves
diverge resulting in an apparent increasing improvement

for the poly-signal system as bit error rate reduces.
-5For a bit error rate of 10 a 10 dB signal to noise

ratio advantage is achieved with the new modem compared

with the binary, when both operate at 600 bits per

second. The improvement is a result of the immunity the 

poly-signal scheme has to time dependent interference.
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CHAPTER ONE

INTRODUCTION

Two major growth areas are responsible for an 

increasing demand to transmit data efficiently in the 

mobile radio environment. The first is the general 
expansion of mobile radio communication systems, while 
the second stems from the enormous increase in available 
information stored and handled by computer.

The growth in the use of mobile radio in the United 

Kingdom has been projected by Pannell (1976) at 10% per 

annum, and presently encompasses many areas of society. 
Police and fire services now rely on personal radio
contact with field units while in the commercial world

the benefits that accrue from efficient manpower use and 
fuel savings have been quickly exploited, see Carlton 
(1980). The growth rate of these services warns of 
congestion in the presently allotted frequency bands.

One solution to this is to provide more efficient methods 

of information transfer. The adoption of data 
transmission as opposed to speech for routine message 

handling, is one such method.

The demand for data transmission is produced not
only from the spectrum economy that it would achieve but 

also because of the inevitable extension of current 

computer based facilities to field units. The



introduction of data transmission would also open new 

markets, for example the Prestel system (a trade mark of 

the British Telecommunication data handling service) has 

already been suggested for mobile use by Mallinder 
(1979 ) .

Considering this growth and potential, it is not 

surprising that data systems are presently available to 

the mobile user. For example, a system available in the 
United States named Modat (Motorola Inc. 1974), 

essentially for police departments, provides key pad and 
alpha-numeric display for message handling, including 
direct access to state and national computer services. 
Details of the performance of this system are considered 
in a later chapter, where a simple analysis reveals an 
inherent inefficiency in channel usage due to the need 
for repeated transmission to achieve acceptable error 
rates - this reflects a major problem of transmission in 
land mobile radio systems.

Generally data transmission techniques, and in 

particular detection systems, have currently reached a 

degree of sophistication which enable very low 
transmitted powers to be used while still maintaining 

acceptable error rates. However such methods are 
designed to optimise a known, and stable, set of 

transmission characteristics. The mobile radio channel 

is not of this kind, rather it consists of changing 
signal paths and interference conditions.



The path between the transmitter and the mobile will 
change when the vehicle is in motion. Also in an urban

setting it is unlikely that a line of site path will

exist between the mobile and the base station. The 

received signal then consists of many components which 

have been reflected from objects surrounding the mobile, 

such as buildings and road traffic. The result of this 

is that when the mobile is in motion a fluctuating signal 

level will be produced at the receiver due to the change 

in amplitude and relative phase of each component. 
Further, a main source of interference experienced is 
that of impulsive noise. This is produced from the 
electrical circuits of both the mobile carrying the 
equipment and the interference from other road users.

With perhaps some minor exception considered later, 
the mobile radio channel is unique in this type of 
variable propagation. However, the methods of data 

transmission presently employed are those modified from 

the constant characteristic type of channel. The 

attainment of data rates normally used in fixed land 

based systems have not been achieved, since large amounts 

of redundancy must be introduced to reduce error to an 

acceptable level. Some solutions are presently being

considered to improve the efficiency of data transfer,

notably the use of low bit rate feedback paths to 

optimise throughput, space diversity, and correction 
coding.



Prompted by the poor performance of those systems 

presently available, this work seeks a signal structure 

which is inherently superior in information transfer 

before redundancy is added. However this does not 

exclude the future use of redundancy and error correction 

based upon such a structure. Initially some simple 

observations from currently used mobile equipment 

dictated the course of the investigation.

It is perhaps highly significant that speech 
transmission in mobile equipment has the ability to 
survive the degradation of multipath fading and impulsive 

noise. Because of this, some or all of the qualities 
that speech possesses should be included in a modulation 
signal for mobile data transmission. Three main 

characteristics of speech account for the immunity to 

interference; long tonal quality, the ability to 
withstand frequency shifts, and the redundancy and 

a priori knowledge associated with conversation. It is 

the first of these that is of most interest in data 

transmission designs. Frequency shifts and redundancy 

are not parameters for consideration in a raw data 

system. This is because doppler frequency shifts are not 

significant in currently used mobile equipment even at

u.h.f., the exception being single side band equipment 
(Gosling, McGeehan and Holland, 1979). Also in the case 

of redundancy this may be added to any system by time 

diversity or error coding.



The tonal qualities of speech involve a rate of 

change normally slower than that experienced in a binary 

data signal. This long tonal distribution quality raises 

an interesting design criteria since signal components 

are of longer duration than the time dependent 

interference effects. In order to achieve a similar 

effect using conventional data transmission methods bit 

rate is severely restricted, indicating that a new 
approach is necessary.

The example of speech is not of itself a sufficient 
condition for the proposal of a new data scheme, it is 
however a simple illustration which shows that the 
grounds for another form, based on long symbol duration, 
is a worthy topic for analysis. In the literature review 
further, more quantitive, examples are presented to 
support this idea.

This thesis presents the analysis and results of the 

work which has evolved from these early observations. 

Initially, because the concept of design is in essence to 

produce a modem that is unaffected by time dependent 

interference, all time changing functions of the channel 
are analysed. Results from this analysis are used to 
define new bounds for data system parameters. It will 

become apparent that it is not possible to state 
categorically these bounds due to the statistical nature 

of the interference. The propagation characteristics are



therefore studied to establish a design compromise 
between Gaussian noise, multipath fading and ignition 
interference.

In the selection of a modulation scheme with the new 

parameters as reference, choice is made by elimination of 

designs, using as a standard the probability of error for 

a normal Gaussian channel. Much of the theoretical 
background of this analysis is standard communication 

theory. However, for the final scheme chosen, termed 

poly-signal multitone, a new error probability expression 
is derived. Using this expression a number of realisable 
signal structures were found.

The terminology used to describe the new data scheme 
is generally m-ary f.s.k. transmission, however there are 
two distinct classes. The first, mono-signal m-ary 

transmission, allows one and only one of the signalling 

characters to be chosen from the available alphabet in 
any symbol period. The second type is known as 

poly-signal m-ary transmission, where more than one 

character may be transmitted per symbol.

Combining the conclusions from channel and 

theoretical studies a modem structure was conceived. 

However, in order to test the system generality of 
analysis had to be sacrificed because complexity in 

design excludes any changes, if a near optimum system is 
to be maintained. One of the possible permutations of 
the new structure, which had particular advantage, was



therefore chosen. This structure is classed as 10,4 

Multitone. Taking advantage of the field trial and 

laboratory facilities a binary f.s.k. modem and the new 
modem were compared.



CHAPTER TWO

DEVELOPMENT AND LITERATURE REVIEW

In this chapter, literature covering the background 

to areas of study used in the course of the investigation 

is reviewed. Emphasis is placed upon developments and 

studies influencing the progression of non-binary forms 

of information transmission, which have not been as 

widely described as binary forms.

The material has been divided into three sections. 
The first section considers historical development. The 
second reports and comments upon binary solutions and 
informative results of published theoretical work which 
have been linked with fading channels. The final and 

main section covers aspects of non-binary transmission 
both in fading and non-fading environments, relevant 

patent rights, and design principles.

2.1 Data Transmission Development

The majority of modulation schemes used currently, 

operate by some form of binary method. The historical 

development, however, shows that non-binary systems 
preceded binary, see Cherry (1951). The earliest system 

of this type is regarded as that of Ronalds. A single 
wire - ground return circuit was used to transfer the 

information about the closing of a switch at one of 26



sub-intervals of the total interval reserved for each 

character. This system was announced in 1823 and would 

now be described as a quantised pulse position modulation 

scheme. Also the famous code introduced in 1832 by 

S.F.B. Morse is a 5 symbol non-binary system, i.e. the 

symbols are dot, dash and three different lengths of 

space. Other examples may be found before the first 

binary system was introduced by Whitehouse in 1853. This 

was a form of 5 unit code.

Considering the existence of these early non-binary 

systems, the predominance of binary data transmission 
must be accounted for. The evidence suggests that the 
simplicity of circuit design has been the major factor of 
this development, synonymous with reliability and 
minimisation of equipment. The disadvantage associated 
with the transmission of many consecutive bits, necessary 
to form a message by binary methods, were overwhelmed by 

the circuit advantages.

The emphasis of these factors is changing however. 

To illustrate this consider the advances in the size 

reduction of components and the advent of complex 
integrated circuits, which have now reached a point where 

circuit simplicity may no longer be an advantage and in 

many cases may actually be more difficult to implement, 
for example digital handling of analogue signals. A 

further aspect in this change in emphasis has been the 

restriction of bandwidth resulting from increasing demand
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for communication, and also the use of time varying 
channels. These changes effect the way signalling energy 
must be distributed and therefore may increase the 

disadvantage of a binary system.

Despite these changing circumstances, the choice of 

data systems do not seem to have as yet changed to any 

extent. However, some inroads have been made by 

non-binary systems in certain areas that have experienced 

special difficulties. A classic example of this is the 
Piccolo telegraph system (described by Bayley and Ralphs, 
1959) designed to overcome the fading problems of the 
h.f. radio propagation medium. This is considered in 
more detail later.

A theoretical basis exists for the superiority of 
non-binary systems and stems from the works of Nyquist 

(1924) and Hartley (1928), who defined the information 
content of a transmitted word in terms of the signalling 

characters and the available alphabet. Later, the 

relationship relating channel capacity and noise by 
Shannon (1948a,b) completed the now familiar theory of 

digital data transmission. In the channel capacity 

theorjem Shannon did not define any particular form of 

message organisation and indeed it has been concluded by 

Kotel'nikov (1959) and others, that the extraction of 
information from noise can best be performed when the 

signals are long in terms ofbhannelreciprocal bandwidth. 
To achieve this and to maintain a high information
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transmission rate the signal used must carry a large 
amount of information per symbol, implying systems other 

than binary. These principles are used later in support 

of the theoretical analysis.

The many references to non-binary systems that may 

be applied to the problems of mobile radio can be divided 
into two categories. The major group is concerned with 

optimum systems for extraction of information from 

idealised white noise interference. The useful 
information from these sources lead to the development of 
the optimum detection process used in the data modem. 
The second group specifically relates to channels 
experiencing multipath fading. The most important of 
these has been the h.f. radio channel, where in the last 
25 years an abundance of published material has emerged, 

reflecting the importance of this mode in military and 

diplomatic data communication. However, the majority of 
these channels differ for v.h.f. and u.h.f. mobile 
propagation in the rate at which the signal fades. This 

difference renders the results based on such models of 

little use except in the examples of the many system 
protocols which have been designed.

It can be seen then, that the ideas of non-binary 

data transfer are not new and may be related to the 

familiar information theory which is normally applied to 

the special case of binary transmission. There are many 
examples of non-binary systems to examine, but the
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consideration of the type of multipath fading present in 

mobile radio has not been an area of major study. Those

areas which are relevant are considered in the rest of
this chapter.

2.2 Binary Data Tranmission in Mobile Radio

Because of the current predominance of binary
signalling equipment, it is not surprising to find that 

the present solutions to the problems of data
transmission in the mobile radio environment have been by 

this means. However, since the demand for such

facilities in mobile radio is relatively recent, 
production systems, unlike experimental systems, are very 
few. The most comprehensive would seem to be a system 
available in the United States called Modat, a Motorola 

registered trade mark, 1974. A brief description of this 

will serve to highlight the limitations which are imposed 
by the channel.

The Modat facilities were outlined in the

introduction - the methods of implementation reveal the
inefficiency that is imposed by the urban mobile channel.

The maximum data rate is quoted as 2400 bits per second

and the modulation is binary phase shift keying. The

probability of error can be calculated from the
-4information given as approx. 5 x 10 . However, this is

for a non-fading channel and for a signal level 15dB 

above audio quieting. No details seem to be available
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for other conditions, but may be estimated. Protection 

from error is provided in two ways. Firstly standard 

error detection and some correction is incorporated thus 

marking uncertain characters either for interpretation by 

the operator or for the retransmission command. 

Secondly, automatic acknowledgement is employed which 

organises repeat of message for up to six times without 
operator interruption. Retransmission in this way 

introduces time diversity which in this case places the 
repeated message 2.6 to 7.3 seconds apart.

By consideration of the operation of all these error 
functions at one time, the data rate of 2400 bits per 
second is reduced to approximately 360 bits per second, 
assuming only one check bit in 10, or to 

approximately 320 bits per second, assuming 20% error 

coding. Without detailed information of error

probabilities it is not possible to interpret these 

results further, although some important points may be 

made. It is apparent that the amount of redundancy that 

must be added to a binary phase shift keying system to 

overcome interference greatly reduces the information 

rate. Also to achieve a suitable error probability a 

return path is necessary since all the error correction 
cannot efficiently be coded into the forward path.

This mobile data transmission example is obviously 

designed to meet a demand for data connection and 

therefore the channel is selected, rather than designed.
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For this reason the data transfer rate may well therefore 
represent the maximum that can be handled by the 

occupants of the vehicle, but is unlikely to be 

representative of the equipment limit.

Other binary investigation has been confined to 

experimental and theoretical studies. Two techniques 

which have recently been considered are those of 

adaptive-rate data transfer (Edwards, 1977) and an 

automatic request to repeat strategy (a.r.q.), Edwards 

(1978). Obviously these systems both require a return 
path. However, this path only requires to support a slow 
rate of information, giving the advantages of narrow 
bandwidth or very small error probability.

An experimental study conducted by British 
Telecommunications was to establish the use of the 
Viewdata System (Prestel) in a mobile. A protocol was 
given for such a system and bit error rates measured. 

The paper by Mallinder (1979) offers a very optimistic 

view of the possible performance for normal mobile 

conditions, however if these were realised, such a system 

would obviously open a very large market.

Another recent trend is towards the control of the 

data transmission by means of microprocessor. Brewster 
and Cadman (1979) postulate such a system using a.r.q. 

and establish many advantages. However, at present the
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limit that exists in microprocessor speed must reduce the 

throughput rate, function handling, timing and correction 

ability of any system.

A major source for research of the error performance 

in mobile radio has been carried out at Philips Research 

Laboratories by French (1976, 1977, 1978). An important 

result found in the second of these references relates to 

the non-linear improvement in error performance with 
different bit rates. It is clearly shown that 
transmission advantages are produced by either very fast, 

or very slow, symbol rates. Further reference is made to 
these papers in later chapters. Also at the Laboratories 
the alternative strategy to very slow speed systems, that 
of very high speed systems incorporating error detection 

and correction, have been considered in a recent detailed 

analysis conducted by Mabey (1978).

2.3 Non-binary Data Transmission

2.3.1 Classif ication

A classification is necessary to define the examples 

of non-binary data transmission systems, which have been 
considered for this investigation. The basic non-binary 

information systems are multi-state, also termed m-ary, 

q-ary or m-state. These terms are defining a system 

where, during a given time interval (called the symbol 

period), the transmitter assumes one and only one of the
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m-states. All the m-states are known at the receiver in 

advance of the transmission. This implies that the most 

efficient detection system will make use of this a priori 

information. There are many methods described in the 

literature for the specification of the states, however, 

the definitions considered here relate only to those with 

possible value to the investigation in hand. This 
background has been an important precursor to the work 
and a number of results are reproduced.

The simplest waveform to describe the m-states is 
one that remains constant for the whole of the symbol 
period, and then changes one of the parameters 
instantaneously to a new value at the beginning of a new 

symbol interval. It is well known that for this simple 

case six independent parameters may be changed. They are 

the commonly used amplitude, frequency, and phase, the 

less common epoch (the position of a signal within the 

symbol), the duration of the waveform (similar to the 
epoch), and finally the d.c. component of the waveform. 

All these methods may be used to carry binary or m-ary 
information, although optimum transmission in any 

specific channel can only be attributed to one method.

All the systems considered from the literature adopt 

these six parameters and have been described as 

mono-signal systems, after Filipowsky (1969). However, 

the modem resulting from this thesis does not belong to 

this class but is defined in a sub-class of poly-signal
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systems, again after Filipowsky. Other separate classes 

exist, not considered here, which allow a symbol to be

defined by a variable state within each interval.

2.3.2 Fading Channels - General

Research in the field of non-binary data

transmission in fading environments can be clearly split 

into two groups; those designed for slow fading channels 
and those for rapid fading. The definition of fade rate 
is made with reference to the information carried in 
relation to the signal level fluctuation. V.h.f. and
u.h.f. mobile channels suffer rapid fading from multipath 

reflections. The major example of a slow fading channel 
is the h.f. radio link, and this is where the main 

research into non-binary systems has been conducted. 
Because of the model difference, it is important to

qualify the usefulness that the results represent to the 

present work. Typical fading times are given in the 

following table.

TABLE Typical Fading Times Experienced at Various 
Carrier Frequencies

Frequency h.f. v.h.f. u.h.f

Fading Period 1.0 s 0.1 s 10 ms



18

Practically, in a slow fading environment many 
transmitted symbols will be received during a period of 

deep fading, regardless of their length. The main design 

goal, therefore, in the slow fading channel, has been to 

optimise the white noise performance, resulting in 

non-binary system designs (see section 4.2). The results 

which include the fading factor are not considered of 

importance and have not been applied to the mobile 

channel. However, other results from these 

investigations, of a general nature, are included.

2.3.3 H.F. Systems (Slow Fading Channels)

The earliest of these h.f. systems is probably that 

of the Diplomatic Wire Service h.f. telegraphy channel. 
Work on this system was conducted in the 1950's by 

Jordan, Greenberg, Eldredge, Serniuk (1955). A modem was 

produced that used quenched resonators in each of 32 

sub-intervals, representing tone frequencies orthogonally 
spaced in the range 360Hz to 660Hz (Robin, Bayley, Murray 

and Ralphs, 1963). These tones are transmitted one at a 

time and form a multiple frequency shift keying signal. 

The transmission rate of this system, which has been 

named Piccolo, is normally 100 bits per second, Bayley 
and Ralphs (1969). Apart from change in the hardware 

implementation, this type of modem is currently in use 

and it is from the current results that the following 

points are raised. Firstly, the design of this system 
has proceeded from an experimental framework and not a
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theoretical one. The initial success was based only upon 
intuitive ideas. The format of quenched resonators 

restricts the choice of symbol rate and tone frequency 

spacing, and also requires accurate timing to be 

maintained to define the sampling instant at the 

receiver. Timing represents a major factor in the 

success of any system where continuity cannot be 
guaranteed by passing information via the channel. In 

the Piccolo system this timing information is provided by 
a 10% modulated square wave at the sampling period, 

superimposed upon the modulation. At no time in the 
development of the system is the transmission of more 
than one frequency considered in any symbol period. It 
is evident that because of the criteria of working under 
the poorest of signal to noise ratio conditions, the tone 
signalling was restricted to mono-signal with only one 

frequency considered for transmission at one time. Under 
this constraint, the occupied bandwidth becomes the 

limiting factor. This was clearly demonstrated in a more 

theoretical investigation by Ralphs (1977) in the 

expression relating normalised bandwidth with the number 

of available tones.

B(occupied) = (M-l+G)/log M Hz/bit/sec. (2.1)

where M is the number of available frequencies and G is 

the estimated additional tone intervals beyond the 

extreme M tones where radiated power is present.
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The results from EQUATION 2.1 show that 32 

represents a realistic limit on the number of tones. 
This is evident since the occupied bandwidth exceeds 

twice the bandwidth of a binary modulation system for the 

same transmission rate when M = 32. It also shows that 
for a minimum occupied bandwidth, a 6 tone system should 

be employed.

A modern commercial counterpart of the Piccolo 

system which operates by an adaptive system is the Cossor 
general purpose multi-tone modem (Cossor Electronics Ltd, 
data 1977). The modem is claimed to work at rates up to 
4800 baud and for operation over radio circuits at h.f., 
v.h.f. and u.h.f., although these would only be fixed 
station equipments. Studying the operation in more 
detail, modulation is by multi-tone d.c.p.s.k. with up to 
50 tones available from which to choose, either 8, 12,

16, 24 or 32 tone schemes. By this method the symbol

rate is kept below 75 per second, the operation is 

described by Zimmerman and Kirsch (1967). However as 

interference and distortion increase the baud rate can 

become severely reduced due to message retransmission and 

error coding.

For a purely theoretical analysis of the use of 

m.f.s.k. techniques in the h.f. frequency bands, 

consideration was made of the work of Hahn (1962). 
Concerned with the improvement of the systems similar to 
those described above, Hahn has shown that a further
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improvement is gained over binary f.s.k. with the use of 

diversity. The diversity is unspecified and therefore 

may relate to either time, space, or frequency. For 

frequency diversity, an optimum of ten tones is
predicted.

Before leaving these specific h.f. systems another 

main difference with mobile equipment should be noted 

since it will inevitably effect the hardware design.

H.f. units in use in 1970 numbered only 220, while the 

number of projected units that would be required in the 

mobile market number many thousands.

2.3.4 Data Signal Design Principles Applied to 
Non-Binary Systems

An interesting paper by Filipowsky (1959) has been 
included in this section on non-binary transmission since 
it summarises the basis on which to design a transmission 
system, and usefully covers all areas of design. The 
following list is a result of considering the poor 

performance of h.f. data links of the day (cl959), and 

consists of ten cardinal design principles to be 

optimised. Comments on the use of these principles have 

been added.

1. Redundancy reduction - this is a main 

consideration for those advocating the digitisation 

of speech. It will be shown to be an important 

function in this study by virtue of the minimisation 

resulting from correct design of data mode.
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2. Evaluation of the medium - this is a self-evident 

requirement and has more importance now since the 
resulting designs of modem are not so restricted by 

hardware considerations.

3. Distribution of signalling energy - this is the 

assignment of the digits in accordance with the 

results of principles one and two. Non-binary 

systems rely on such a redistribution.

4. Economical signal alphabets - this is the 

principle which leads to the consideration of higher 
order systems.
5. Matched waveforms - in the paper, Filipowsky 
considers this to be the use of orthogonal waveforms 
to achieve the most efficient systems. However, 

other authors such as Gaarder (1971), forward 
efficient classes of non-orthogonal waveforms.
6. Redundancy insertion - this has become an 
important aspect of m-ary systems, because of the 

possibility of more efficient coding of such systems 

compared with binary correction codes. For binary 

systems these coding strategies are now well 

advanced, for example Blythe and Edgcombe (1975) 

discuss the net gain of error-correcting codes.

Ralphs (1977) has pointed out a danger of using 
pre-coding of a binary signal when it is to be 

formed into an m-ary symbol. Single symbol errors 

are likely to induce many binary errors upon 
decoding and hence produce ineffective error
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control. Coding of m-ary signals must therefore be 

carried out directly on the m-ary symbol or on a 

series of symbols.

7. Match rate or power - this implies variable rate 

or variable power or variable weighting. The latter 

may be implemented using m-ary schemes because of 

the flexibility of symbol composition. However 
variable matching requires either feedback 

information or a priori knowledge of the channel.
8. Optimum extraction - i.e. matched filters.

9. Optimum deciders - this implies the use of all 
received signal information in decision making.
10. Reliability check - this again requires a return 
path for implementation but the importance is clear 

since it maximises the throughput of information at 
any one time.

It is not possible to implement all of these 
principles in any particular application because of 
practical limitations. However as shown by this review 
many of the present systems, and by implication all of 

the binary systems, can be improved upon by employing 

these principles. The implication for the mobile radio 
channel is clearly a move to multi-level modulation.

2.3.5 Underwater Fading Channels

Another channel that exhibits the multipath effect 
is electromagnetic transmission through water. Work for
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the underwater channel has been conducted by Pieper, 

Proakis, Reed and Wolf (1978) resulting in a proposal for 

a combined coding and modulation scheme, and also by 

Miller (1974), which has resulted in a patent covering 

transmission and reception of groups of frequencies.

The first of these, advocating combined coding and 

modulation, is of interest because of the model for a 

"soft" decision made at the receiver. This term means 

that decision is optimised without recourse to the signal 

level or the signal to noise ratio and, since an equal 
energy constraint is imposed, coding techniques are 
presented for the conversion of any codeword to this 

form. The special code presented in the paper has 
advantages in the efficiency of the decoding algorithm. 

The main result applicable to this investigation however 
is the superiority of coding using a multitone 

modulation, which strengthens the conclusions from the 

ten cardinal rules, outlined previously.

The Miller patent (1974) is for a multifrequency 

system for fading channels. The body of the patent 
encompasses an underwater communication system. However, 
the patent relates to the general principle of 

multifrequency transmission where more than one of the 

available frequencies is transmitted simultaneously. It 

is one of the few such systems describing a poly-signal 

scheme. In all, this patent claims a system of 

transmitted signal estimation, using the properties of
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the Hadamard matrix to achieve decision without recourse 

to selection by threshold.

Miller explains that to achieve decision, the 
outputs from bandpass filter / envelope detector sections 
for each tone are multiplied by its corresponding 
Hadamard matrix element, and then summed. Each symbol 

sum is then compared, and the largest chosen. A 

diversity improvement is produced by this method since 

each of the transmitted symbols differs from any other by 

M/2 of the M possible frequencies which may constitute a 

symbol. This of course requires the transmission of half 

the possible frequencies in each symbol. For the 
purposes of information transmission, this leads to two 
possible drawbacks. Firstly massive redundancy is 

present since only 2(M-1) symbols are allowed in which to
encode information, compared with the theoretical maximum

Mof 2 . Secondly, a practical point is that any 

transmitter requires a large dynamic range if M is large, 

compared with constant envelope systems.

No provision in the patent is made for systems which 

do not conform to the orthogonal balanced principle 

represented by the Hadamard matrix.

2.3.6 Rapid Fading Channels

The last examples of investigations incorporating 

fading and non-binary systems are those covering fast 
fading channels and also those specifically for the
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mobile radio channel. There are only a few such 

examples, and none consider techniques which have not 

already been mentioned.

Arredondo and Smith (1977), during an investigation 

of voice and data transmission in the United States

u.h.f. mobile bands, defined an important limit on 

transmission rates. It was stated that the bit error 

rate is substantially independent of the data rate until 
the data rate falls below approx. 370 bits per second. 

This result is explained by considering the statistical 
properties of the fading envelope. It will be shown in 
the next chapter that this is an important criteria to 
establish. In this reference, however, no attempt to 
work below this limit was made.

Kent (1977) has compared binary and sequential 

multifrequency f.s.k. systems and calculated the 

advantage accrued by the use of the multifrequency 
system. Further reference is made to this information in 

chapter four.

2.3.7 Slow Speed Non-binary Data Systems

The other systems of data transmission that are 

currently in use are the slow speed systems used for 

selective calling and paging. Many of these at present 

use a form of multitone transmission, and because of the 

wide application have become an area for state of the art 
single chip design, thus emulating binary solutions.
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Much of the technology is shared with the land line 

telephone system, which has been another main area of 

investigation for multifrequency systems on two counts. 
Firstly, touch tone telephone dialling which is a slow 

speed system and currently operates with single chip 

modems, and secondly, other line signalling systems. A 

current example of the latter is described by Thyssens 

and Verbist (1979), in which a fully digitised 

multifrequency data receiver and sender is presented.

The parallel f.s.k. experiments by Anderson, 
DeFreese, Soderberg, Brooke, Goldman (1965) were the 
forerunner of the touch tone and Dataphone telephone 
systems. The experiments were simply a parallel use of 
f.s.k. modems in which the data transmitted on each 

system was representative of a single information source. 
Such a structure was considered in the early stages of 

this investigation for the mobile channel. However, the 
commitment to hardware could not be justified because the 

current knowledge of the channel allowed a more practical 

solution to be initially evolved.

2.3.8 Non-binary Transmission in Non-fading Environments

As expected, non-binary systems have been used where 

multipath interference is not present. Among these some 
important background information has been found. Of the 

theoretical studies quoted, Nuttall (1962) and Floyd and 
Nuttall (1965) deal with coherent m-ary systems while
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Lucky and Hancock (1962) and Nesenbergs (1971) consider 
optimum systems. In Nuttall's study of m-ary signals 

under phase coherent and phase incoherent reception, the 

main result of interest relates to the behaviour of the 

system if orthogonality is not maintained. He states (p. 

312) that if the signal set cannot be kept orthogonal as 

M (the signal set) increases, due perhaps to limited 

bandwidth, network tolerances, or equipment complexity, 
the performance of the system does not deteriorate 
substantially. This is contrary to many previous 
theoretical views.

The approach taken by Floyd specifically for phase 
coherent channels was the selection of m-ary alphabets 
but transmission with only (q ) difference waveforms. 

This is an example of the variable class of transmission 
not considered relevant to a fading channel.

Nesenbergs has made an important observation

regarding the optimum reception of coded

m.f.s.k. waveforms. The main conclusion defines two

different receiver structures which optimise reception 

for different signal conditions. Specifically the 

optimum structure for low signal to noise ratio

conditions is not valid for high signal to noise ratio 

conditions. The structure differences occur in the 
square law multiplication, present in the quadrature 

components of each tone integrator in the low signal to 

noise ratio case. As in most cases of analysis while
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conclusions may be obtained by the theoretical study, 

practical interpretations of these results are hard to 

implement.

Lucky and Hancock compared the optimisation of 

combined amplitude - phase m-ary systems with amplitudee 
only, or phase only, m-ary systems. Comparing these 

three systems Lucky concluded that the combined system 
became optimum for M greater than eight, when average 
power of the transmission is constrained, and for M 
greater than 16 when peak power is constrained. However 
the conclusions are only valid for high signal to noise 
ratio conditions. Generally phase-modulated only systems 
are optimum for low signal to noise conditions. An 
application of the use of such a system presented by 
Thomas, Weidner and Durrani (1974) is described under 

practical systems.

2.3.9 Practical Systems

Finally, practical systems of interest cover 

multilevel f.m., combined amplitude and phase modulation 
and parallel f.s.k. channels. However, because design 

is for non-fading environments their value is limited and 

consequently only brief mention is made to cover certain 

salient points. Salz and Koll (1966) report the results 

of an experimental multi-level narrow band digital 
f.m. modem. The findings of this report are interesting 
when compared with the theoretical basis of such a
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system, discussed in chapter four. The results show that 
problems in the practical implementation of the modem 

produce a reduction in the performance expected, as the 

number of levels increase. This could prove to be a 

limiting factor for such designs.

Thomas et al (1974) use an amplitude-phase 

combination to produce many different large alphabet 
systems. The systems are specifically designed for 

satellite communication which has an increasing demand 

with limited bandwidth. The adoption of this combined 

system is in response to its maximisation of transmitter 
power, thus fitting with the results from Lucky and 
Hancock (1962). Such systems are designed for an entirely 
different criterion to the investigation in hand.

2.4 Summary

Non-binary data transmission systems are in current 

use in a few selected environments. Their introduction 

is based mainly on reasons of transmitter power or 

bandwidth constraints. Poly-signal systems have been 

postulated, although no general theory or practical 

results are presented in the literature.

The consideration of a non-binary modem to reduce 
ignition noise or fast fading effects has not passed an 

elementary phase, and no practical systems exist. This 

is despite the acknowledged advantage of low baud rate 
systems under such interference conditions.
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CHAPTER THREE

PROPAGATION CHARACTERISTICS

In this chapter a study of the theoretical and 

experimental predictions of the propagation

characteristics experienced in the mobile environment is 

presented. Classical analysis of the channel has 
resulted in standard mathematical models for the

phenomenon observed in practice. The mobile radio 

channel has three main characteristics which degrade its 
performance:

1. Ignition interference resulting from the
electrical emissions present in the vehicle carrying 
the mobile equipment and also interference from
other road users.
2. Shadowing of the vehicle and multipath reception 

resulting in changing received signal strength when 

the vehicle is in motion, due to terrain and

reflections from surrounding objects.

3. Additive noise as is common with all

communication systems and classically assumed to 

have a Gaussian distribution.

By using models of these characteristics information 

relating to the time structure of various disruptive 

elements has been extracted. With this information, a 

minimum value for the symbol length and constraints upon
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the amplitude of a slow speed data system have been 

estimated. Also the effect of operation in the different 

mobile frequency bands is established.

3.1 Ignition Interference

The radiation produced by the high tension 

electrical circuits of a vehicle ignition system results 

in impulse interference in radio equipment. The inherent 
ignition interference problem is difficult to quantify 

since it depends on traffic conditions, the presence of 
inadequately suppressed vehicles and similar events. 
However the mobile vehicle's own ignition interference 
may be predicted, while other sources may be 
characterised by a regular repetition rate with each 
impulse having a known duration.

The effects of impulsive interference in speech 

communications is characterised by regular noise spikes 

in the audio output. While this may be very disturbing 

to the operator, only in poor signal to noise ratio 

conditions does it prevent communication. Unfortunately, 

in conventional data systems impulsive noise is a major 

source of errors. Evidence for this is difficult to 
extract from published material, due mainly to the 

integral nature of the error sources in the medium 
(i.e. fading and shadowing as well as ignition noise).

However one author, French (1977), has separated 
these errors and estimated 20% are accountable to
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ignition interference, in one 4800 bit per second data 
scheme tested. Further in another paper French (1978) 
produces a study of the distribution of the ignition 

noise measurements, concluding that v.h.f. and

u.h.f. performances are similar and an 18 dB advantage 

exists for a 300 b/sec. scheme compared with the 

previously quoted 4800 bit system. An interesting result 

of this work are the histograms of intervals between 

errors for different data rates (pp. 115-116). These 
highlight the advantage of slower bit rates since the 
percentage of consecutive bit errors of 300 b/sec. is no 
more than expected randomly while at 4800 b/sec. 21% of 

errors occur immediately following the previous error.

Other evidence can be demonstrated with reference to 

FIGURE 3.1, which is an error spacing histogram for a 

Quasi-synchronous transmission of 1200 b/sec. binary 
f.s.k. (Allen, 1978). The effect of impulsive 

interference is to accummulate the majority of errors 
around one bit. Above five consecutive bits few are 

found, while the small group around twelve bits are 

attributed to the equipped vehicle's own ignition system. 

The broken line in the figure represents the length of 

one symbol of a multitone data transmission scheme 

similar to that described in Chapter Five, operating at 

an equivalent rate of 1200 b/sec. It is apparent that 

the length of the symbol is equal to eight bits of the 

binary system, which should be sufficient to considerably 
reduce the ignition interference errors.
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The above examples offer sufficient evidence that an 

increase in symbol length is advantageous for reducing 
ignition error in data transmission. No further attempt 

to characterise ignition interference is made. Parsons 
and Sheikh (1979) show the complexity of such a venture, 
and therefore for the investigation the following

assumptions are made.

3.1.1 Occurrence

When impulsive interferences occur over short 
periods they are likely to be equispaced; this is 
because interference from any particular vehicle is
directly related to the revolutions of the engine. At
2000 r.p.m. for a four stroke cycle, 4000 pulses occur 

per minute, or one every 15 ms. This may be significant 
in a long symbol data system, since it is conceivable 

that more than one impulse will occur in a single impulse 
period.

3.1.2 Duration

The duration of the impulse in the detector is 
normally taken as 1/W, where W is the bandwidth of the 
receiver i.f. Thus for a prefilter bandwidth of 2.5 kHz, 

the duration of the impulse effect will be at least 0.4 

ms. However, assuming that ringing may occur, the length 

of this effect may be significantly longer.
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3.1.3 Reduction of Energy

Some techniques are available to reduce or eliminate 
the effect of impulsive noise energy. The most common 

among these are clipping and blanking of the received 

signal. Clipping consists of the removal of all received 

signal above a certain predetermined amplitude, and 

therefore ideally requires a constant amplitude signal. 
Blanking is the removal or estimation of signal for a 
period when impulsive noise is detected.

A hierarchy of blanking systems exist; zero-order 
blanking replaces the removed signal component with a 

mean d.c. value; first-order blanking substitutes a d.c. 
value equal to the signal value immediately prior to the 
blanking period; and second-order blanking substitutes a 

signal with constant rate of change equivalent to the 

signal rate of change immediately prior to the blanking 

period.

Martin (1975) has studied such reduction systems in 

a simulation. It is suggested that the improvements of 

first-order blanking over zero-order blanking are not 

significant, and when adjacent channel selectivity is 
low, only zero-order blanking can be allowed. For this 
reason zero-order blanking is used to simulate ignition 

interference, see Chapter Six.

When clipping is used in schemes where modulation 

energy is divided among a number of tones (n), a
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disadvantage will exist. This is apparent because the 

clipping is carried out on the composite waveform, and 

therefore at the input of any of the tone filters the 
peak noise energy will be n-times the peak signal energy. 

Examples of this effect are given in TABLE 3.1 below.

TABLE 3.1 Peak Input S/N Ratio for Each Tone Filter When 
Clipping is Used

No. of simultaneous 
transmitted tones n

Peak S/N ratio at 
any tone filter

1 -1.5 dB

3 -4.7 dB

4 -6.0 dB

10 -10.0 dB

3.2 Fading

In all practical mobile radio installations the 

signal received by the vehicle has seldom travelled a 

line-of-sight path. Instead, the normal signal at any 

point in space consists of a number of reflected signals 

which have travelled different path lengths. The result 

is a complex standing wave pattern, produced as these 
reflected signals combine or cancel at various positions 

in space. This standing wave pattern can only be 
modified by a change in carrier frequency or a change in 
the position of the objects producing the reflections.
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As a vehicle travels through a standing wave 
pattern, the received signal level will undergo rapid 

fluctuations about the mean value. FIGURE 3.2 shows a 

sample of the envelope of the received signal, observed 
during the field trials programme. The vehicle speed was 

about 25 m.p.h. and the sample represents a distance of a 

few hundred metres.

The statistics of the rapid envelope fluctuations 

have been shown by many authors - Clarke (1968), Okumara, 

et al (1968), Cans (1972) - to follow a Rayleigh
distribution, while the phase of the signal is uniformly, 
randomly distributed. However, some qualification of 
this analysis is required, for while it can be shown that 
in many practical situations this Rayleigh distribution 
does exist, other multipath effects lead to quite a 
different distribution.

More recent studies show that to achieve a true 
Rayleigh distribution, the multipath reflections must 

originate from scattering objects close to the receiving 

aerial, i.e. only tens of metres. Reflected paths from 

more distant scatterers and from shadowing will modify 

the distribution, producing a superimposed lognormal 

distribution as well, Hansen and Meno (1977). Because of 

these different distributions, it is necessary to define 

an analytical base. The model of mobile radio 
propagation that will be used in this analysis, 

therefore, is as follows:
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The long term mean of the signal will depend on the 

shadow cast by the terrain lying between the 

transmitter site and the vehicle.

The local scatterers will dictate the statistical 

nature of the fading signal, and when these 

scatterers are close-in, a Rayleigh distribution is 

assumed to give a very close approximation.

The use of a Rayleigh distribution for analysis is 
further strengthened since it places the most severe 

limits on the channel, thus ensuring that worst case 
conditions are being investigated. In field trial 
results the long term mean is removed by dividing the 
test route into a number of sections, where each section 
has approximately constant mean level, and then 

estimating error probability in each.

The effect of the fading phenomenon on a data stream 

is to wipe out blocks of data that would normally be 

received during the period that the signal fades into 

noise. Further the number of consecutive data elements 

lost is directly related to the duration of a fade. This 
is because the signal received has fallen below some 

critical level. This level will depend on the type of 

data scheme in operation, and is lower in those schemes 

which have the better white noise capability. For these 

reasons, the importance of an estimate for fade duration, 

and its frequency of occurrence in the assessment of a 

data system is clear.
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3.2.1 Maximum Frequency of Fading

Ossanna (1964) was the first to demonstrate the 
maximum frequency of fading in terms of vehicle speed (V) 

and carrier wavelength (X) as :

Maximum fading frequency fd = 2.V (3.1)
X

This equation relates to all fades experienced by the 

mobile. Many of these will not reduce the signal level 

to a point that will induce error. For an example of the 
maximum fading frequency, a 400 MHz carrier with a 

vehicle speed of 50 m.p.h. produces a maximum fading 
frequency of 59 Hz, or one every 17 ms.

3.2.2 Frequency and Duration of Fades - Mathematical 
Analysis

Information about duration and frequency of fading 

has not been forthcoming in the literature. Nylund 
(1968) has gathered fade duration information from 

experimental signal level measurements - this will later 
be compared with the theoretical estimation. The work of 

Lee (1967) however provides a useful starting point to 
obtaining the information by establishing a mathematical 

method of estimating fade duration.

The purpose of Lee's paper was to establish the 
difference in the fading envelope at the receiver, for 

two different antenna models, in an attempt to show the 

advantage of one. A consequence of the work is an 
argument for the estimation of frequency and duration
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information of Rayleigh fades. A random function (X) is 

assumed statistically stationary in time, which has the 

Rayleigh probability density function (Jakes, 1974). The 

argument is shown diagramatically in FIGURE 3.3. The 
basis of the solution is to consider the joint 
probability of a given slope (dX/T) occurring in the 

interval (dX). The number of crossings of the level (Xs) 
by this slope in a given time may be estimated. 

Extending the result by integrating over all possible 
positive going slopes and given the probability that (X ) 

will be below (Xs) the total number of crossings may be 

found. The mathematics of the argument EQUATIONS 3.2 to 

3.20 is contained in the appendix to this Chapter, 
together with the modifications required to obtain 
average crossing and rate information (based on the work 
of Rice, 1945), and probability density function 
calculation.
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3.3 Observations

Summarising the important formulae from the 

mathematical analysis for an isotropic aerial:

1. Average number of crossings (n) is given by:

n(Re) = Re . exp (-Re ̂  ) (3.21)

Re = The crossing signal level = Rs
The mean signal level r(rms)

B = wave number = ^
X

V = vehicle speed (m/s)

X = carrier wavelength (m)

2. Average duration of fades below Re = t (R e )

t (R e ) = VZn .1 . (exp(re ̂  ) - 1) (3.22)
BV Re

By applying these equations for specific signal

levels, vehicle speeds, and carrier frequencies, an

estimate of the fade duration and frequency of fades may 

be made.

3.3.1 Average Fade Duration

FIGURE 3.5 shows the average fade duration that 

would be experienced by a mobile using a 200 MHz carrier, 

when travelling at 10 and 40 km.p.h. (6 and 25 m.p.h.).
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The abscissa, of FIGURE 3.5 is calculated as mean 
signal level relative to a 'noise threshold ' voltage 
level. The noise threshold may be considered as fixed, 

and representing a received signal level that produces an 

error probability in a data message of 0.5. The actual 

value of noise threshold will be different for variations 

of modulating schemes and receiver types.

Diagrammatically, the ratio is shown in FIGURE 3.4, and 

it is apparent that as the mean signal increases, the 
average fade duration will be reduced at the noise 
threshold. This method of referencing signal levels 

gives a realistic interpretation of the fading statistics 
because values of 'noise threshold' vs. probability of 
error may easily be established, see section 4.3.

To evaluate the average fade duration for other 

carrier frequencies and vehicle speeds, it can be seen 
from EQUATION 3.22 that these two parameters are 
inversely proportional to the duration. Consequently a 
doubling of the carrier frequency or vehicle speed halves 

the average fade duration. For example, for a signal 

level of 15 dB at 200 MHz, and 10 km.p.h., the average 

duration of a fade is 32 ms. Therefore, at 400 MHz, it 
becomes 16 ms and at 800 MHz, 8 ms, for the same vehicle 
speed. FIGURE 3.6 shows the relation of fade duration 

with carrier frequency for signal levels of 10 dB and 20 

dB. FIGURE 3.7 is a mapping of vehicle speed and fade 

duration. TABLE 3.2 combines values from these graphs to 

show fade duration for a number of different mobile bands
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and vehicle speeds. It can be seen that below 200 MHz 
the average fade durations become rather long.

TABLE 3.2 Duration of Fades for a 20 dB Signal Level

V km.p.h. 10 40 80
fc MHz

80 3 8 ms 9.50 ms 4.250 ms

160 19 ms 4.25 ms 2.125 ms

425 4 ms 1.00 ms 0.250 ms

3.3.2 Distribution about Average

Before a decision about the length of symbol to be 
used in the proposed data scheme may be made, it is 
essential to examine the distribution of fades about the 
average. Clarke (1968) has produced a statistical theory 
of mobile radio reception, from which fade distribution 

may be estimated. Alternatively, Arredondo, Chriss and 
Walker (1973) have produced a distribution from the 

output of a Rayleigh fading simulator. Since both are 

using the same model, the latter will suffice for this 
analysis. The distribution (FIGURE 3.8) is presented for 
a fade duration, normalised to the average duration vs. 

the percentage probability of that fade duration 
exceeding the normalised value. Only values of fade 

duration above the average are shown. It can be seen 

from the summary in TABLE 3.3 that fades of duration six
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or seven times the average occur one in every thousand, 

and fades twice the average account for one in ten of the 
fades.

TABLE 3.3 Distribution of Fades

Length of Fade 
Compared with Average

Proportion of 
Total

X 2 1/10

X 4.5 1/100

X 7 1/1000

3.3.3 Freguency of Fades

Another factor necessary to complete the fading 

model is the number of fades that are experienced per

second. Using EQUATION 3.21 for the same vehicle speed

and carrier freguency as before, the graph (FIGURE 3.9) 
shows the average number of level crossings of the noise 

level per second. The number of crossings are 

proportional to vehicle speed and carrier frequency. 

Therefore, considering the examples previously given, 

i.e. a signal level of 15 dB and a vehicle speed of 10

km.p.h., the average number of fades per second is less

than one (approximately 0.8). At 400 MHz it will be 1.6, 
and at 800 MHz 3.2 per second. It is of interest to
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consider the maximum crossing rate at the higher

frequency. For a signal level of 2.5 dB and 80 km.p.h. 

(50 m.p.h.), an average crossing rate of 50 per second is 

found. This figure is not to be confused with the

maximum fading frequency defined by Ossanna (1964) and 

given in EQUATION 3.1, which relates to all fades 

experienced by the mobile and is not confined to those 

which cross the threshold considered here. Many fades 

will not reach this threshold, while others can occur 

when the signal level is already below it.

3.4 Noise Advantage of Slower Bit Rates

Finally, before discussing the suitability of symbol 

lengths, the effect of the signalling rate on the noise

threshold must be considered. So far, fade duration and

crossing rates have been assessed on the basis of the 

mean signal level above the system noise level. However 

this noise level is itself dependent on the signalling 

rate, being lower for slow speed systems.

The effect of a change in the symbol rate was 
estimated by using the results of French (1977: fig.7) 

for binary data schemes operating from 37.5 Hz to 3800 

Hz. The mean signal level required to maintain a bit 

error of 1 in 1000 was recorded for each of the schemes. 

Values of the mean signal level vs. bit rate are shown 

in FIGURE 3.10. It is clear that the difference in signal 
level required to achieve the same bit error rate is 5.4
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dB for every decade change in bit rate. For example, if 
the bit rate is reduced from 1000 b.p.s. to 100 b.p.s., 

the mean signal level may be reduced by 5.4 dB.

3 . 5 Summary and Conclusions

Ignition interference, multipath fading and noise 

have been considered in an attempt to extract the effect 

each has on the time properties of the channel. The 

assumptions that have been made are summarised briefly.

3.5.1 Assumptions

(i) Ignition Interference
Represented by either (a) zero-order blanking 

or (b) peak limited pulse energy (clipping) 
system .

(ii) Multipath Fading

Statistics are Rayleigh distributed. The 

receiving aerial is isotropic.

(i i i ) Noise

Channel noise is Gaussian white with zero 
mean .

3.5.2 Comparison of Fading Model

Comparing the fading model with the practical 

results of Nylund (1968) has required some 

interpretation. Nylund has presented results as a signal
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strength map, and consequently fade widths are given in 
feet. A comparison is possible after converting these 

widths to relate to the test frequency and vehicle speeds 

considered in section 3.3.1.

Generally the experimental results for fading widths 

are of the order of half the theoretical width derived in 

equation 3.22 . This would seem to be a large 
discrepancy. However, this may possibly be explained as 
follows: the experimental results were measured for a
signal difference level of lOdB below the mean, and a 
vehicle speed of 10 m.p.h. (16 km.p.h.). It is apparent 
from this theoretical study that, at the transmission 
frequency used in the Nylund trials (150 MHz), fade 

widths are sensitive to both vehicle speed and mean 
signal level. This is shown in FIGURE 3.5. For this 

reason a factor of two may not be significant.

The theoretical study has also been compared with 

Arredondo, et al (1973) with close agreement. From this 

check, and noting also that any reduction of fade width 

will only strengthen the argument for a minimum symbol 

length, it is proposed to base the conclusions upon this 
study.

3.5.3 Choice of Symbol Length

TABLE 3.4 shows the fading statistics for v.h.f. 

high band and u.h.f. private mobile radio transmissions 
in the United Kingdom, for a mean signal level of 15 dB,
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and a vehicle speed of 20 km.p.h. The signal level 

chosen could represent a realistic received signal level 

of the order of 1.8pV (i.e. +5 dB) relative to IpV). It 
is also assumed that the receiver has no mechanism with 

which to follow the fades.

Now, for v.h.f. high band, a data symbol of 16 ms 

will have equal or greater duration than 92% of all fades 

that pass the noise threshold. It is unlikely that the 
symbol period and the fade will coincide. Rather, the 
energy of two adjacent symbols will be reduced, resulting 
in some residual energy in each, which may or may not be 
sufficient for a correct interpretation of the symbol. 

It would be useful to know the proportion of symbol 
energy that must be received to allow correct detection 

to take place. However, such information is dependent on 
each modulation scheme, and therefore a general figure is 

not available. The value of 12 ms is suggested as the 

minimum symbol period which may show a reduction in the 

effect of Rayleigh fading on a data signal at v.h.f.. 

This value and the corresponding value for u.h.f. are as 
shown in the data parameter summary TABLE 3.5. Also 
shown in the table is the advantage that is gained over a 

binary scheme, if both were operating at the same given 

bit rates.

In a practical system, it would be unrealistic to 
suggest that vehicles travel at constant speeds. At 
slower speeds it can be presumed that the effects of
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fading would be more marked. However, signal levels will 
also vary, and most receivers will reduce the fade width 

due to the averaging effect of gain control systems.

Without the use of blanking to reduce impulsive 

energy, a limit will exist in practice on the number of 

simultaneously transmitted tones. The effect of this was 

shown in TABLE 3.1.

It now remains to find an optimum system of data 
organisation to enable the bit ratio to be maintained 
when working within the constraints outlined in this 
chapter.
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TABLE 3.4 Fading Statistics for v.h.f. and u.h.f. when 
Mean Signal Level is 15 dB from Noise Level

Band v.h.f. High Band u.h.f.

Frequency 165 MHz 460 MHz

Fade Duration at 
20 km.p.h.:
50% of all fades 8 ms or less 4 ms or less
92% " 16 ms " " 8 ms " "
99% " " " 32 ms " " 16 ms " "

Frequency of 
Occurrence at :
10 km.p.h. 0.67 per s e c . 1.70 per sec.

40 km.p.h. 2.67 per s e c . 6.8 7 per sec.
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TABLE 3.5 Data Parameter Recommendations

Symbol Length 12 ms 6 ms

Symbol Rate 83 per sec. 167 per sec.

Signal to Noise 
Advantage over 
Binary at :

600 bit/sec. 5.0 dB 3.5 dB

1200 bit/sec. 6.5 dB 5.0 dB

For Band - v.h.f. High u.h.f.
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o Vehicle speed 10 km.p.h
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FIGURE 3.5 Average Fade Duration for a Carrier Frequency 
of 200 MHz
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FIGURE 3.6 Average fade duration vs. Carrier Frequency 
when vehicle speed = 20 km.p.h.



58

o Carrier freguency 150 MHz

□ 200 MHz

A 400 MHz

co
■H
-P
m
pniTS
m
T3fÜ
m

(UenfO
u
0)><

50

40

30

20

10

0
50 603010 20 40

Vehicle speed km.p.h.
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Appendix to Chapter Three

This appendix details the mathematical work 
discussed in the Chapter and relates to Rayleigh 
statistics and the analysis of frequency and duration of 
fades.

Rayleigh Statistics

Firstly, considering the envelope of the received

signal, FIGURE 3.3 shows the nth component of the 
incoming wave to the mobile receiving aerial.

It can be seen that the frequency of the incoming
wave will be modified depending on the angle a(n) of the 
order

w(n) = 2 . It. V. cos a(n) (3.2)
X

where V is the vehicle speed and

X the transmitted wavelength

For a vertically polarised carrier, the electric field 
component will be

N
Ez = E o . y"" Cn.cos (wet + wnt + 0n ) (3.3)

n-1

where 0 is the random phase element with a uniform random 

distribution from 0 to 2 tt.
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The horizontal magnetic field is similar to this

except the angle of the incoming wave scales each of the 

combinations in the summation by sin(an) instead of 
cos(an).

The importance of EQUATION 3.2 is to show that w(n) 

in EQUATION 3.3 is bounded by (2rc.V)/A . The implication

of this is that the process is narrow band, since for

example at 100 km.p.h. with a carrier frequency of 450 

MHz fn is bounded by 4.2 Hz.

Rice (1945) has further shown that for a large 
number of incoming waves Ez may be approximated to a 

Gaussian random process. It is this step that has made 
it possible to extract statistical properties. The
approximation leads to

Ez = G^(t).cos wet - G2 (t).sin wet (3.4)

where
N

G, = E o . ^  TN'I . c o s  (wnt + 0n ) (3.5)
N=1 llj

N
G% = Eo. Nl .sin (wnt + 0n ) (3.6)

N=1 [iJ

These are Gaussian random processes.

The envelope of Ez is given by 

2 2 1/2Ez = (Ĝ  + G^ ) (3.7)

and again Rice (1945) has shown this to have a
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probability density of :

p( lEzI ) = I Ez I .exp.-( IEx I /2.b) 
b

=  0
b is the mean power, i.e. Eo /2

Ez < 0 (3.8)

EQUATION 3.8 is the Rayleigh density function, hence 

the term "Rayleigh fading".

Important functions of these Gaussian processes are 

the cumulative distributions of Gc and G s .

c.d.f. = P ( x < X )  = 1+erf( X )
^^T7ô J

(3.9)

similarly for the envelope 

r R
P(r < R) = p(r).dr = 1 - exp(-R /2b) (3.10)

This is an important function in the time analysis.
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Frequency and Duration of Fades - Mathematical Analysis

Returning to Lee's argument, a random function (X) 
is assumed, statistically stationary in time. The 
argument is shown diagrammatically in FIGURE 3.3. By 

considering the joint probability of a given slope 

occurring in an interval of (Xs), the number of crossings 

which occur with this slope in a given time may be 
estimated. By extending this estimation to all possible 

slopes, and given the probability that (X) will be below 
(Xs), the total number of crossings and the average 
duration of fades below (Xs) can be found.

Mathematically, this is expressed, referring again 
to FIGURE 3.3, as follows:

Given
Random function (X) with a slope (X)

Joint probability density function p (X ,X )
Slope X = dX/T

The expected number of crossings in the interval can be 

written as : The number of crossings equals the time
spent in the interval dX for a slope in time dt, divided 
by the time required to cross this level once.

i.e. E (t ) = p(X,X ).dX.dx.dt 
T dX/%

(3.11 )

at the level under 
consideration X

= X.p(X,X).dX.dt

So, in a time T, the expected number of crossings with a 

slope X
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' T
X.p(%,X).dX.dt = X.p(X,X)dX (3.12)

0

Now by integrating over all possible positive going 

slopes in time T, and dividing by T, the total number of 
crossing per second is obtained.

r
crossings per second = X.p(X,X).dX (3.13 )

0

By restating the term "expected number of crossings for a 

given X", the average duration of fades can be extracted.

_ Expected amount of time where X is below 
n (X ) = Xs in one second

Average duration of fades below level X

o r n ( X ) = p ( X < X )  (3.14)
t (X)

t(X) = p(X< X ) (3.15)
n(X)

Hence t (X ), the average duration of fades below the level 

(X), can be found, if the probability density function of 

the random variable, and the expected level crossing 

rate, is known. The first of these, the probability 

density function, is given in EQUATION 3.8. The second, 

the level crossing rate, is bounded by EQUATION 3.13 and 

has been calculated again by Rice (1945).

The signal envelope experiences deep fading only 

occasionally, and shallower fading more frequently. Rice
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defined this in terms of the level crossing rate: 

oo

Nr = / f.p(R,f).df (3.16)
0

p(R,f) is the joint density function at r = R, where r is 

the signal level . The joint density function contains 

four random variables and has the solution:

= / bg ./o. exp ( -/?̂  ) (3.17)
V TI K

/O = / Re = _R_
V 2 . b^ Rrms

b = b^ w ( m ) '̂ 1.3.5. ...(n-1) (3.18)
2.4.6....(n)

b = bQw(m)^ = bn ( 2 . TT. V ) (3.19)
2 2 A

Substituting EQUATIONS 3.8, 3.17, and 3.19 into 3.15:

t(X) = A exp(re^)-l (3.20)
V2 . n .  V. R
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CHAPTER FOUR

THEORETICAL CONSIDERATIONS FOR MODEM STRUCTURE

Digital transmission systems have evolved through 

diverse practical and theoretical paths. The designer of 

a modern data transmission system is therefore supplied 

with many options in his analysis, and many seemingly 
conflicting bounds on design maxima. From the review it 

is apparent that most transmission systems use binary 
signalling. Consequently the majority of analytical 
studies have been performed on this type of signal. 
However, it should be clear from the contents of Chapter 
Two that binary analysis is, in nearly all cases, a 
special application of a general theory covering m-ary 
transmission. This can be verified from Shannon's 
theoretical study (cl948), since the key aspects of 

information theory do not limit the structure of the 
transmission system, but rather show its improvement with 

increase in uncertainty - uncertainty increases with 

higher system order and complexity of system encoding.

In this chapter, a current general theory is used in 

the estimation of error probabilities, channel capacity, 

and symbol rate, for many different m-ary systems.

In section 4.1 the methods of comparison and 

measures of efficiency for this estimation are explained. 
The theoretical considerations are divided into four
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sections. The purpose of each one is as follows:

4.2 To compare the theoretical performance of 
binary and non-binary systems using a new signal 

base analysis.

4.3 To examine the possible non-binary systems and 

select the mode most suitable for the mobile radio 
channel.

4.4 To find the optimum form of the system chosen 

in section 4.3 for the mobile environment.
4.5 To analyse the transmission rates attainable 
for systems that result from the investigation in 
section 4.4.

4.1 Methods of Comparison and Measures of Efficiency

4.1.1 Bit Rate

When comparing data systems they are first 

characterised by the amount of information transferred. 

This is defined as the transmission rate Rb (bits/second) 

in systems without redundancy. The rate of change of 
information R (symbols/second) is a general form. The 

symbol rate and the bit rate are numerically equal for a 

binary system. In other systems where there are M 
distinct signalling symbols, M will equal 2^ where k is 

the number of bits encoded by each of these symbols, or 

since k is the parameter required:

k = log^ M (4.1)
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Therefore the relation between symbol rate and bit rate 
is :

Rb = k.R (4.2)

Rb = R . log^ M (4.3)

Later M will be further defined to distinguish between 

mono-signal and poly-signal non-binary systems. For the 

poly-signal system, the relation in EQUATION 4.1 does not 
apply.

Throughout this chapter, bit and symbol rates are 
taken to be constant with respect to time. This excludes 

analysis of variable and adaptive rate systems.

4.1.2 Error Probability

The second main characteristic is the measure of 

success in transferring information. This is measured by 

the probability of error Pb and is calculated as the 
ratio of the number of bits received in error at the 

output of the system compared with the total number of 
bits transmitted. Normally, as indicated by the bar, 
this error ratio is averaged over a large number of 

samples. When non-binary systems are analysed, the 

probability of symbol error P is usually calculated.

The relation between bit and symbol error 

probability, where the non-binary system is mono-signal, 

is readily found, since by EQUATION 4.1 each symbol
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encodes k bits of information. When no error coding 

redundancy is present, a decoded signal which has been 
detected in error will result in an arbitrary binary 
sequence taken from the other M-1 sequences, each 

containing k bits. If the correct sequences were 
compared, bit for bit, with all the other (M-1) 

sequences, there will be in each case;

(M/2 - 1) bits the same and M/2 bits different.

The average probability of an incorrect bit is therefore:

Pb = M/2 (4.4)
(M - 1)

Illustrating this with the simple example of M = 4, 
TABLE 4.1 below shows the possible encoded sequences. If 
one of the bits from any sequence is compared with the 
others from the same column, there is one the same and 
two different, thus showing the relationship in EQUATION 

4.4.

TABLE 4.1 Possible Encoded Sequences when M=4

Sequence A B

1 0 0

2 0 1

3 1 0

4 1 1
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4.1.3 Error Bounds

It is possible to place an upper and lower bound on 

the probability of error, when translation from symbol to 

bit is made. The probability of symbol error is defined 
as P = Tm/Te where Tm is the number of symbols 

transmitted and Te is the number incorrectly chosen in 

the receiver. The number of bits received in error must 
therefore fall between:

Tm and T m .log?M
Te.loggM Te.loggM

i.e. at least one, or possibly all of the bits may be in

error, therefore:

log^ M

with

Pb = P . M (4.5)
2 . (M - 1)

4.1.4 Disruptive Effects - White Noise

The disruptive effects introduced by the channel 

have been analysed in Chapter Three. When comparing data 

schemes, the noise figures quoted must be based on a 
scale independent of the channel bandwidth (W). Unless 

otherwise stated the noise is assumed Gaussian, • white, 
zero mean with a measured bandwidth equivalent to the bit
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rate of the data signal, i.e. No.Wb where (No) is the 

single-sided noise power per unit bandwidth in watts per 

Hertz. The general term for noise power is N (watts). 
The bit rate bandwidth is also used in non-binary 

examples. This eliminates the need to estimate the 

effective transmission bandwidth and allows baseband and 

modulated systems to be compared.

Similarly the signal power is defined as S (watts) 
and signal energy E (joules) with subscript 'b' to denote 

energy per bit where necessary.

4.1.5 Other Disruptive Effects

The effect of signal fading and interference due to 
vehicle ignition interference have been discussed in 

Chapter Three where it was concluded that these effects 

should be considered by analysis of their time average 
statistics. How can this best be achieved?

In current literature, serious prediction of the 
effect of multipath fading has only been considered when 

the fade rate is assumed slow compared with the symbol 
rate . However this assumption is directly opposed to the 
strategy proposed in this thesis, where the symbol rate 

is deliberately chosen slow compared with the fade rate.

The nature of impulse noise renders a model of such 

an event difficult to define, and consequently of little 

use for comparison purposes. However, when used in a
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slow symbol rate model, this impulse noise can be 

considered similar in its effect to rapid fading.

Therefore for comparison purposes, Gaussian noise 
will be assumed, and a discrete dividing point chosen to 
decide whether a system is acceptable for operation under 

these other noise conditions based directly upon the time 

average statistics. This dividing point has already been 
defined in TABLE 3.5.

Kent (1977) has suggested that if the fading rate 

were much greater than the symbol rate a Gaussian model 
again becomes relevant. This is a fair assumption since 
the time averaging effect will consequently produce a 
mean signal, equivalent to that calculated from the 

Rayleigh distribution. This confirms the choice of 
comparison model chosen here.

4.2 Comparison of Binary and M-ary Systems

4.2.1 Analysis using Classical Limits

Consider first the generally used limiting cases. 

The theoretical basis for these systems in terms of the 

efficiency and ultimate capability were first proposed by 

Nyquist in the paper "Topics in Telegraph Transmission 

Theory", 1928. The much quoted result from this paper, 
the sampling theorem, can be summarised as:

R = 2.W (4.6)
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i.e. the maximum baud rate of any system is numerically 

equal to twice the bandwidth. Some examples of these 
rates should therefore be a basis from which to consider 
the merits of data schemes. Taking a common bandwidth 

constraint of 330 Hz to 3000 Hz we have:

TABLE 4.2 Nyquist Rates for Selected M-ary Schemes

Parameter R Rb

Units 3symbols/sec.xlO bits /sec. xlO^

Scheme

Binary 5.4 5.4

4-ary 5.4
*-

10.8

16-ary 5.4
-M

21.6

By EQUATION 4.3

From TABLE 4.2 it can be seen that moving to a 

higher level scheme does offer more information transfer 

capability. The Nyquist rate is derived from an ideal 

model specifying linear phase, constant amplitude

passband, and a noiseless and distortionless channel.

Moving from this ideal case a noise element was 
introduced into the formula for the upper bound of
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channel capacity by Shannon (1948b:644-645 ) . The maximum 
possible error free bit rate over a band limited channel 
is given by:

C = W.logg(1 + S/N) (4.7)

when S/N is the signal to noise power ratio.

By rearranging this equation it is possible to 

examine the examples considered in the Nyquist case:

S/N = 2^^^- 1 (4.8)

This can be further rationalised for the Nyquist 
case by using EQUATION 4.1 to obtain:

S/N = 2^^°^2 - 1 (4.9 )

TABLE 4.3 shows the signal to noise ratio, first 
with a bit rate equal to the maximum error free symbol 
rate and then at the Nyquist bit rate. The signals in 

the former case are working below the Nyquist limit.
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TABLE 4.3 Signal to Noise Ratio for Upper Bound Channel 
Capacity for Error Free Transmission

Scheme S/N for bit 
(dB)

rate = R S/N for Nyquist bit 
rate (dB)

binary 4.8 4.8

4-ary 4.8 ★ 11.7

16-ary 4.8 * 24.0

* operating below Nyguist limit

Therefore assuming a channel bandwidth of 2.7 kHz, 

by EQUATION 4.9, the signal to noise ratio has to be 
greater than 4.8 dB for a binary system operating at the 

Nyquist rate of 5.4 kHz. The cost of signalling at a 
higher rate, as suggested by TABLE 4.3, can now be seen. 

A substantial increase in S/N ratio is required to 
maintain error free transmission.

Again, with Shannon's theorem, the channel model 

used is a system with unity gain and linear phase within 

the passband, and zero gain outside. In practice, 

therefore, with realisable filters a higher ratio of 
signal to noise is required. Gilbert (1952), in his 
study of signalling alphabets, concluded that it is not 

possible to signal over a channel with signal to noise 

level much less than 7 dB over the ideal in Shannon's 

equation, without using extremely complicated alphabets. 
Gilbert's estimation still surpasses most systems which
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require at least 10 dB more than the Shannon limit 

(Brenig, 1978). Also Filipowsky (1959) cited a practical

h.f. data link which when compared with the Shannon ideal 

required 30 dB to 40 dB more power.

4.2.2 General Limit Analysis

In the analysis of the previous limiting conditions 

it is the channel S/N ratio that is considered. From a 
practical view, this implies that an assumption has been 
made regarding the construction of the transmitted signal 

and the ability of the receiver to extract and decide 
upon the message. However, it is the energy content of 
the signal that is important in detection and this is 
time dependent. An m-ary receiver will require a certain 
ratio of received signal energy to noise, but this will 

not be the same as the power ratio requirement for the 
channel. This is illustrated in FIGURE 4.1 where the 

energy distribution in the receiver is considered, when 

the input is divided by selective filtering into a number 

of sections prior to detection. Therefore, in the 
selection of an m-ary system. Shannon's capacity theorem 
must be modified to account for receiver ability and 

information structure in order to obtain upper limits for 
error free transmission.
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Relating the energy ratio E/No with the power ratio 
S/N, the following equation is obtained:

E = W.S (4.10)
No R N

i.e. the noise is considered per unit bandwidth and the 
energy is represented by the power (S) multiplied by the 

length of symbol (1/R). This is represented 
diagrammatically in FIGURE 4.2. The ratio (W/R) has 

become known as the signal base (b), after Filipowsky 

(1969). The signal base (b) represents the Nyquist limit 
when b = 0.5, i.e. when the bandwidth is half the symbol 

rate. In the symbol period 1/R, any number of bits may 
be encoded, however fractional quantities will be 
excluded for practical reasons.

Applying EQUATION 4.10 to EQUATION 4.7, and 
representing the capacity in bits per symbol by dividing 

Cb by R, the capacity in bits per symbol, Cb/r, is:

Cb/r = b . l o g ^ d  + E/b.No) (4.11)

EQUATION 4.11 is plotted in FIGURE 4.3. The graph 

shows the upper bounds for error free transmission for 

the encoding of bits/symbol vs. signal to noise energy 

ratio, for various signal bases. Using these curves, it 
is possible to manipulate the variable parameters of an 
m-ary system to fit fixed specifications.

Normally a transmission requirement is stated in 
terms of a limited transmission power, with a known path
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attenuation, resulting in a given S/N ratio at the 

receiver. In the receiver, the extraction and decision 

system will have an E/No performance which can be 
estimated. With this knowledge the energy and power 

requirements may be met by the choice of signal base.

Some design examples illustrate the use of EQUATIONS

4.10 and 4.11, noting that EQUATION 4.10 can be 

conveniently written logorithmically as:

lO.logE = lO.logb + lO.logS (4.12)
N N

Example I Nyquist Limit Case

For b = 0.5, the Nyquist limit, the three
examples considered in the ideal case and shown in 
TABLE 4.2 have been marked on FIGURE 4.3. Each 

requires 3 dB less signal energy than calculated 

previously (i.e. 10.log 0.5) which is as expected 
when an optimum detection system is used.

Example II Practical Cases

It is possible to estimate, for practical 

systems, a typical value for the required E/No ratio 

to achieve optimum detection. Conveniently E/No 
ratios may be taken from the examples in section 

4.3, particularly from FIGURES 4.4 to 4.8. These 

have not been considered yet but for present
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purposes it is sufficient that these figures 

represent optimum bit error probability as a 
function of the Eb/No ratio. Alternatively the 

values may be checked against any published optimum 

detection results. The E/No ratio found for error 
free transmission is in the range +4 dB to +16 dB 
and it can be expected that any system at present 

capable of operating with low error will operate 
somewhere within this 12 dB range. This operating 
range is marked on the axis of FIGURE 4.3. From the 

graph it is observed that, to achieve such E/No 
ratios, more than one bit per symbol must be used to 
approach the upper capacity limit.

To illustrate the practical implication, a 
receiver which requires +10 dB E/No for error free 
transmission, and uses a signal base of b = 100,

will operate over a channel with signal to noise 

power ratio S/N = -10 dB. Each symbol of this
system must encode 13 bits to achieve the upper 

bound.

Example III Piccolo vs. Binary

The analysis of m-ary systems by use of FIGURE
4.3 has shown the advantage gained from the higher 

order systems. Here, Piccolo, which has a high 

signal base, and a binary system are compared in a 
similar way to the previous example. Piccolo has
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the following specification, obtained from Ralphs 
(1977) :

No. of tones 3 2 + 2  

Element duration 100 ms 

Occupied bandwidth 3 70 Hz 

Using 32 tones, the system will encode 5 bits/symbol 

and from the element duration and bandwidth figures 

the signal base is calculated as b = 37.

Therefore, E/No = +6.5 dB which is within the 
limits estimated before for optimum decision systems 
to operate, correctly indicating a viable system. 
The channel signal to noise ratio is:

S/N = -9.2 dB

The binary modem, however, operating in the same 
bandwidth, will have a signal base of 7.4 (370 Hz/50

b.p.s.) and from FIGURE 4.3,

E/No = -0.5 dB.

While this is the same channel signal to noise ratio 

as before, i.e. -9.2 dB, the E/No ratio is now 

outside the practical limit for an optimum detection 

system, therefore excluding the possibility of low 

error probability. This confirms the choice of 

Piccolo in the h.f. slow fading channels where the 

signal level is reduced for periods of time. To 

improve the binary system, more transmitter power is 
needed .



Summarising the observations from FIGURE 4.3:

For a particular bit per symbol ratio (Cb/r) an 
increase in the signal base (i.e. bandwidth or symbol 
r a t e ) results in a system that requires a smaller E/No 

ratio for error free transmission. This is as expected 
since these are the long reciprocal bandwidth signals 

discussed in SECTION 2.1. However, in practice more 

signal energy may be required to bring the E/No ratio 

into the range of practical detection systems.

For a particular E/No ratio more bits can be encoded 
if the signal base is increased. This is also as 
expected and is apparent from FIGURE 4.2.

Some observations however come from FIGURE 4.3 which 
are not apparent from other analysis. Given the 
following assumptions:

- The noise is Gaussian zero mean.
- It requires a minimum of 4 dB to operate a 

(practical) optimum system, and most design systems 

operate between 4 and 16 dB.

- A system is over-designed if E/No is greater than 16 

dB and this overdesign is not compensated for by 

improvement in another parameter. For example, the 

advantage of a very large signal base or high Cb/r 

is not sufficient to compensate for the loss of 
optimum detection. (This is a subjective

assessment.)
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In particular from the graph it is possible to 

demonstrate that there is a diminishing return on 

increasing b while maintaining Cb/r, and also that there 
is a diminishing return on increasing b to obtain a 

higher Cb/r. It is therefore concluded that a sensible 
limit to the number of bits that can be encoded per 

symbol exists. This limit would appear to be in the 
range :

When E/No is at its average used value Cb/r = 14

When E/No is at its most optimum Cb/r = approx. 4

Further, the signal base b need not exceed 16. Therefore 

generally, the better the detector the lower will be the 
Cb/r requirement for error free transmission, the optimum 
at present being 4. (This is a 16 symbol system.) For 
Cb/r = 14 the system would require of the order of 16000 

symbols. Despite the large size of this latter value, 

the analysis shows that there is a limit to the higher 
order systems and the idea of using the largest possible 

number of symbols is not valid.

4.3 M-ary Signalling

Theoretical error probabilities have been calculated 

for the amplitude, phase and frequency methods of 
detection used in narrow band data transmission. Each of

the methods have both binary and higher order solutions,

and it is in particular the change in performance which 
occurs with these higher order systems that is
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investigated here. This material is similar to that 

contained in a report by Edwards (1977), although there 

are some differences in interpretation.

4.3.1 Amplitude Shift Keying

A.s.k. normally employs coherent detection of a 

directly amplitude modulated carrier. Detection is 
achieved in practice by bandpass filtering, local 
oscillator mixing, followed by low pass filtering and a 
slice decision. Symbol error probability for an m-ary 

a.s.k. has been derived in many textbooks, and is quoted 
here from Wozencraft and Jacobs (1965):

P = r M j .2.Q. 
M - 1

J/2S
Mb- 1

(4.13)

where Q is the error function .

For comparison purposes the bit error rate Pb can be 

obtained from EQUATION 4.13 by assuming that when P is 

decoded to a binary form, an average number of errors 

will be produced in accordance with EQUATION 4.4. It is 

apparent that such a bit error rate can be improved upon 

in practice, since by very simple coding some errors 

could be eliminated. An example of this would be the use 
of the Gray code, where a reduction in adjacent code 
error can be expected. This and other types of coding 
strategy have not been considered, since many more 
parameters would have to be accounted for. Edwards 
(1977) considered this coding effect and by comparison



86

with the results presented here, it would seem that a 3 

dB signal to noise improvement is made with coding, for 

the same bit error rate.

The following observations may be made from FIGURE

4.4 which is a plot of Pb vs. Eb/No from EQUATION 4.13:

(i) For each doubling of the number of amplitude 

levels, an increase of 6 dB is required in 

the signal level to maintain the same error 

performance .
(ii) The signal differential observed in (i) is 

constant for all error probabilities.
Other observations not relating to the figure are:

(i) The occupied bandwidth of m.a.s.k. is confined 
to the symbol rate only. This offers 
advantage in bandwidth restricted channels.

(ii) Performance is subject to constant gain with 
no signal compression.

(iii) Phase continuity of the carrier is required; 
a reduction in performance is expected for the 

incoherent case.
(iv) To increase the number of signalling symbols 

M, additional power must be available from the 

transmitter.



87

4.3.2 Phase Shift Keying

Binary p .s .k . is usually designed as phase reverse 

keying, p.r.k. The number of states can be increased 

however by using M distinct, normally equispaced, phases 
of a carrier. Coherent and differentially coherent 

detection are possible, the latter requiring 3 dB more 

signal for large M, conforming to the law of Lucky and 
Hancock (1962, p.190):

 sin^ ( t t / M) ! _ ratio of coherent to ( 4.14)
2 . sin^ (tt/2.M)| differentially coherent detection,

giving degradation
FIGURE 4.5 shows predictions for the probability of 

bit error vs. signal to noise ratio of coherent p.s.k.. 
In line with the previous case of a.s.k. mean error is 
assumed when decoding symbols.

The following observations are made:

(i) For each doubling of the number of levels an 

increase of 6 dB in signal power is required 

to maintain a given error performance.

(ii) The binary case for p.s.k. and a.s.k. have the 

same error probability characteristics. 
However in practice binary p.r.k. has a 

bandwidth advantage giving a 3 dB improved 

performance.
(iii) The 3 dB improvement in (ii) is apparent for 

all the other values of M.

(iv) Coherent detection is essential.



88

4.3.3 Frequency Shift Keying

Methods of m-ary frequency shift keying may employ 
many design features, some of which have been discussed 

in Chapter Two as practical systems. In order to obtain 

an expression for the probability of error for comparison 
purposes the following assumptions are made which confine 

the modulation features:

(i) The receiver is in time synchronism with the 

transmitter but not necessarily phase 
synchronous, i.e. knowledge of the start and 
stop of each symbol period is required.

(ii) The detector makes a simple choice of the most
likely signal transmitted, based on the
magnitude of the contents of product 
integrators at the end of a sampling period.

(iii) Each of the M transmitted signals have equal 

energy and equal probability of selection.

Noting these assumptions the average probability of 

error for the incoherent case is given by:

P = exp ( -E/4 .No). ' fMn.(-l) .exp/E(2 - q )"j (4.35)
M /__I IqJ L 4.No.q J

q = 2

The above expression has been produced in several

publications, Clark (1977), Arthurs and Dym (1962),

Reiger (1958), but is derived in the appendix, EQUATIONS 

4.15 to 14.36. This has been necessary because of the
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confusion that exists due to the definition of parameters 

producing results which differ by up to 9 dB.

FIGURE 4.6 shows EQUATION 4.36 in graphical form for 

binary and selected values of m-ary schemes. The 
following observations are made:

(i) When comparing the three schemes an apparent 3 

dB disadvantage exists for f .s . k . modulation. 

This is simply because the f.s.k. has been 

considered as incoherent.

(ii) For f.s.k. there is a signal to noise
improvement when the number of frequencies (M) 

increases.
(iii) The change of S/N ratio with change in M is 

not linear as in the case of a.s.k. and p.s.k.

but decreases with higher order systems.
(iv) In the limit as M tends to infinity,

transmission becomes error free when the 
signal to noise ratio is O dB or better, while

I 50% error results when the ratio is
below O dB.

4.3.4 Comparisons assuming Practical Conditions

Considering first Gaussian noise, some general 
conclusions can be drawn from FIGURES 4.4 to 4.6. Note 

that with increasing M the probability of error tends to 

increase for m.a.s.k. and m.p.s.k. cases. The increase 

is greatest for a.s.k. With the m.f.s.k. analysis, the
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signal to noise ratio appears to improve with increase in 

M. This improvement is realisable in practice and may be 

explained by the bandwidth redistribution, which is not 

apparent from the graphs.

With m.a.s.k., as M increases, the amplitude signal 

spacing is reduced since the signal space is confined by 

amplitude, which in turn is directly related to output 

power. This is also the case with m.p.s.k., although the 

signal space is now phase angle. The m.f.s.k. signal is 
not restricted in this fashion and a bandwidth spreading 

results when M is increased maintaining the signal 
spacing equidistant, and consequently an improvement is 
apparent. This was demonstrated in EQUATION 2.1 where 
the occupied bandwidth for an m.f.s.k. signal was 
defined. In the case of m.p.s.k. however, the bandwidth 
is specified as proportional to symbol rate.

Considering the practical channel conditions 

outlined in Chapter Two, further conclusions may be made. 

It was assumed that the interference would be Gaussian 

noise, but that when required a judgement regarding the 

effect of rapid fluctuations of signal would be made. 

Since the fading signal includes phase discontinuities 

(Jakes, 1974), it is now possible to eliminate coherent 

detection systems. Also, since incoherent p.s.k. cannot 

operate with any channel phase variation, apart from very 
slow changes, m.p.s.k. must be excluded from the land 

mobile channel. M.a.s.k. incoherent is feasible.
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although the problem of level detection will exclude this 

type.

It was therefore concluded that m.f.s.k. is the 

choice under these circumstances. However, using the 

system analysed in this section it is not possible to 

achieve adequate data rates without very large M if the 

symbol period is to be maintained at the value 
recommended in Chapter Three. For this reason and 

because SECTION 4.2.2 limits (M), poly-signal systems 
were investigated.

4.4 Poly-signal M.F.S.k.

Poly-signal m.f.s.k. represents a new step in mobile 

data transmission systems. Such a system does not have a 
true binary equivalent, and the contradiction which it 
presents under most channel characteristic conditions is 
apparent because, when more than one tone is transmitted 

per symbol, the available energy must be divided between 
them if transmitter power is limited. This will 

eliminate any advantage the mono-signal system has gained 

over Gaussian noise. However, it is postulated that 

under mobile transmission conditions the white noise 

advantage gained when using an m.f.s.k. signal is not of 
particular benefit. It is therefore proposed to offset 
this gain with a poly-signal system, to obtain long 

symbol duration while maintaining the bit rate. The 
analysis presented establishes the probability of error
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for such systems. Analysis is simplified since, as 

proven below, the prediction of error probability is 

possible by an extension of those methods used in the 

mono-signal case.

4.4.1 Probability Analysis

It is required to establish the error probability of 

a simultaneous multi-frequency data scheme, where n 
frequencies are transmitted during a time period T. The n 
frequencies are chosen from M possible values, each 
equispaced and together occupying the channel bandwidth.

FIGURE 4.7 shows the geometric representation of a 
scheme which encodes seven data bits in each symbol 

period. (This is one of the systems that have been 
tested practically.) There are 128 different messages 

M(l) to M(128) which are formed into waveforms suitable 

for the channel. This is described as the signal set 

S(l)t to S(128)t consisting of orthogonal members. A 

theoretical solution requires the manipulation of the 
128 X 128 matrix of coefficients, which, while not 

impossible, would make a general solution remote. 
However, it would seem that the analysis of a simpler 

system than that illustrated in FIGURE 4.7 will arrive at 

a general solution.

Consider the most elementary poly-signal m.f.s.k. 

system where M = 3, n = 2. Although not a practical
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system, it conforms to the same general principle as the 
seven bit example.

The general form is:

(4.37)
s , =  ^11 . 0 , + ^12 * ^ 2 + ^13 * ^ 3

^21 • 0 , +
^22

+ 3 2 3 - 0 3

S3 ^31 .01 + ^ 3 2  • ^2 + ^33 ' O 3

where (a) are the coefficients of the waveform 

set (0 ).
As in the mono-signal case, the alphabet waveforms are 
assumed orthogonal, yielding the transmitted signals as:

i IS = ( E/2 . T ) ̂ . cos (ŵ  t ) + ( E/2 . T ) ̂ . cos ( W2 t + 3)

S = ( E/2 . T)^ .cos (ŵ  t ) + (E/2.T)2.cos(W)t + 3) (4.38)
S = ( E/2 . T) ̂ .cos (W2 t ) + ( E/2 . T ) ̂ . cos (W3 t + 3)

3 is a random variable uniformly distributed over a 2n

interval. The received signal will have a further phase 

uncertainty in the incoherent case, resulting in the 
following received signals:

Z = Ve.cos(w, t + a  ) + / Ë . C O S  (w_ t + a + 3 ) + n ( t ) 
2T 2T

Z = Æ .  cos ( ŵ  t + ot ) +  Æ . c o s ( w 3 t +  a  +3  ) + n(t) (4.39) 
2T 2T

Z = Æ .  cos ( Wg t +a  ) + /F. cos (W3 t + ot + 3 ) + n(t) 
2T 2T

As with the single frequency case, there will be 2M
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orthogonal waveforms, 0̂  to 0^. The product integrators 

of these are :

T
xj = s (t)./ 1 .cos(wj.t) dt (4.40)

0 02.T
T ___

yj = s (t )./ 1  .sin(wj.t) dt (4.41)
0̂ 02 .T

In general form.

XJ = JE_. cos (Wi t + a ) + .....
2 .T

(4.42 )

.... E .cos (W2 t + (a + 3) + n(t) 02.T '/ 1 .cos(wjt)' 
2 . T

dt

If the cosinusoids are expanded using the 

identities, as in the appendix (section 4.7.1 - Part I), 
then all terms cos(wi + wj)t become identically one when 
i = j, while the other terms have a zero integral 
resulting in:

x(j=i) =0E.cosa+ n(xj)

Correspondingly,

y (j = i ) = 0F. sin a + n ( y j )  (4.43)

n(xj) and n(yj) are defined as the solution to the noise 

component integral, since the Gaussian process is time 

independent.

It can therefore be expressed as a general rule, 

that the response of the set of ortho-normal waveforms 0̂
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to 0g will result in:

xj = V Ë . C O S  a + n(xj) . . .j = i

yj = - 7 Ë . s i n a +  n(xj) . . . j = i (4.44)

with noise only elements elsewhere (i.e. when j ^ i).

Analysis of error probability can now proceed as 

detailed for the mono-signal case in the appendix. This 

is because EQUATION 4.44 is identical to EQUATIONS 4.21 

and 4.22 implying similar integrator outputs for 
mono-signal and poly-signal.

The final equation for error probability that will 
result is the same as EQUATION 4.36 except that B 
replaces E/(4.No) to distinguish a different energy 
ratio :

M
P (ANY ONE) = e x p ( - B ) . V ^  /M\.(-l)^\expYB.(2-q)\ (4.45)\  ' . (-1 ) ̂  .exp^B. ( 2-q )j

q = 2

EQUATION 4.45, however, now only represents the error 
probability for any one of the M detectors.

To establish a general equation a number of factors 

must be considered. Each of these factors result in a 

modification to EQUATION 4.45. They are:

(i) The probability of the occurrence of combined 

error in a number of detectors.

(ii) The reduction of tone energy as n increases.
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(iii) The advantage gained from a reduction in 

symbol rate, now made possible because of the 

further increase in encoded information.

4.4.2 Probability of Error Calculation

The amplitude of the outputs from the sample 

circuits at time (a.T) represent, in n cases, signal plus 
noise, and in (M-n) cases, noise only. The decision is 

made to consider the n largest samples as those 
containing signal. However, because of the introduction
of noise to the channel, there is a chance that this
decision will yield an incorrect result.

Each of the sampled outputs has been proven
statistically independent. Also, the error probability 
of each is predictable for a Gaussian noise source. 
Therefore it is possible to establish the effect of the 

combined events as follows:

Generally, p(no error) = p(all n > all M-n)
n

= P (any n > all M-n) (4.46)

Defining pe = p (a particular signal + noise sample > a

particular noise only sample).

p(no error) = (̂ 1 - pe ) ̂  (4.47)
2M n  —  np(p(error)) = 1 - (1 - p e ) (4.48)

(1 - pe)^ ^ may be calculated from EQUATION 4.45 by
substituting M for M-n, and the general solution is:
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p(error - general poly-signal) = .....
... 1 - 1 - ĵ p ( mono-signal : M replaced by (M-N))J (4.49)

For clarity, in further discussion, M mono-signal and M 

poly-signal will be suffixed by m and p respectively.

4.4.3 Distribution of Tone Energy

A reduction in the energy per tone will result when 

the number of tones simultaneously transmitted, 

increases. On a logarithmic scale the reduction can be 
calculated as :

10.1og(l/n) dB per tone (4.50)

This factor is introduced into EQUATION 4.45 by changing 
the value of B.

4.4.4 Symbol Rate Advantage

A further factor which modifies the value of B is 

the inherent signal to noise ratio advantage which is a 

result of reducing the symbol rate. This effect has been 

considered in section 3.4. Over the range of interest 

(data rates of 30 baud to 5000 baud), the curve in FIGURE

3.10 could be approximated to a straight line, FIGURE 

4.8, of the form :

X = 5.39.log(y) - 25.78 (4.51)

where x is the mean signal level relative to 1 )JlV and y 
is the symbol rate in baud.
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To calculate the improvement when comparing a binary 
system with m.f.s.k. transmitting the same bit rate,

enhancement in dB = log(y^ /y ) (4.52)

where ŷ  is the baud rate of an Mm system and y^ is the 

baud rate of an Mp system.

4.4.5 Poly-signal Error Bounds

From the symbol error probability, the probability 

of bit error may be concluded in a similar way to the 

mono-signal example.

With a poly-signal non-binary system, the relation 
between M and k is dependent upon the number of 
transmitted elements per symbol n. Two further classes 
develop here; one in which n is a constant, and the
other when n may vary in value for each symbol. The

first of these classes is simpler to analyse, and is also 
an example of a practical system (see section 4.5).

When n is a constant, the number of bits encoded per 

symbol will be:

k = log^Mp (4.53)

where Mp =  Mm !____
(Mm - n ) !n !

Further, when an error is made in the receiver, the 
result to the decoded binary sequence will be the same as 
in the mono-signal case, substituting Mn for Mp. This is
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clear, since if an error is made the decision circuit has

the choice of one of the Mp-1 alternatives, all of which

comply with the decoding: (^-1) bits the same, ^  bits
2 2 

different, as in the case of a mono-signal system

(EQUATION 4.4).

However, considering the second class, where n may 

have a different value during each symbol period, the

previously derived relationship no longer holds. 
Assuming an error has occurred, the decision circuits may 
choose a symbol with a different value of n than 
transmitted. Since the number of combinations of, for 
example, n = 4, are greater than n = 3 > n = 2, etc.
(assuming M > 8 in this case), the translation to binary
will be biased in this fashion. As a consequence, each 

system must be considered separately to ascertain the 

relationship between symbol error probability (P) and bit 

error probability (P b ).

To summarise, the average bit error rate, for

non-binary systems, when n (the number of transmitted 

tones per symbol) is constant, is given by the 
expression :

Pb = M X P (4.54)
2. (M - 1 )

where M is Mm when n = 1

and M is Mp when n > 1
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Further, the bounds on the probability of bit error are:

P <  Pb <  P (4.55)
loÇg M

4.4.6 Poly-signal Bit Error Probability

The preceding analysis has made possible an 

estimation of the probability of bit error for the 
poly-signal case. FIGURES 4.9 and 4.10 show the error 

probability for the cases n = 2 and n = 4, respectively. 
These curves show how simultaneous transmission of tones 
redistributes the error for m.f.s.k. systems when under 
Gaussian noise interference. The main effect is to 
degrade the performance of all the schemes compared with 
the mono-signal case. This degradation is more severe in 
the systems of lower alphabet. For M = 10, a three 
orders of magnitude degradation is experienced when n = 4 

compared with when n = 1, while for M = 32, the

degradation is only one half.

The examples of n = 2 and n = 4 are specifically

chosen to show that a 5,2 multi-tone scheme, and a 10,4 

multi-tone scheme, have the same error probability as the 
binary system. This conclusion is further rationalised 

by considering M,n combinations in detail.



101

4.4.7 Choice of M,n Combinations

The structure of a poly-signal system may be 

considered as consisting of M different frequencies each 
representing one character in an M tone alphabet. The 
two possible ways of choosing a signal set from the M 
tones are therefore :

(i) n and only n tones transmitted simultaneously, 
resulting in a complete signal set of

Ml (4.56)
(M-n)1n !

(ii) any number of tones up to and including n may 
be selected, i.e.

n
Ml (4.57)

( M-n ) 1 n 1 
1

The maximum number of bits that may be encoded in a 

poly-signal scheme will be M, which will coincide with 

the choice (ii) above when M = n. The minimum number of 

bits would occur when n = 1 (equivalent to the

mono-signal case ) , when the number of bits encoded = 

logg M.

The range of encoding for these two possible schemes 

is represented in FIGURE 4.11, where the number of 

combinations in the signal set, normalised to the 
maximum, is given in terms of the number of available 

tones (n), normalised to M. Normalising in this way shows
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the effect of forming a signal set by methods (i) and

(ii). As expected, case (i) peaks when n/M = 0.5,

although the peak value will vary depending upon the 

value of M. This is simply because the larger the value 

of M, the less will be the contribution from the single 
case of n/M = 0 . 5 .  Values for the peak are given in TABLE

4.4 below. In the case of signal set construction (ii), 

the curve shown represents the case for any value of M.

TABLE 4.4 Percentage of Signal Set Available Relative to 
Maximum

M Percentage of signal set 
available when n/M = 0 . 5

4 38%

10 25%

20 less than 10%

It would seem obvious to use case (ii) to construct 

a signal set because of the extra coding efficiency. For 
example, in the case of M = 10, n = 4, twice as many

combinations exist for the case (ii) coding. However, a 
major advantage exists in transmitting a known, and 

fixed, number of tones. This advantage is a result of 

the possibility of soft decision in the modem decoder. 

When n is variable, a fixed threshold must be used since 

the receiver has no knowledge of the number of tones in
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the symbol. It is foreseen that this system will be 
incompatible with the variable energy input expected from 

the examination of the mobile environment.

Choosing (n) fixed, from FIGURE 4.11, it is apparent 

that working above an n/M ratio of 0.5 reduces the coding 
ability. For example, the n/M ratios of 0.2 and 0.8 

encode the same amount of information but the 0.8 value 

requires the available signalling power to be spread 

among more tones. Obviously a value of 0.5 or below will 

be chosen since using a higher value merely reduces the 

energy per tone.

The value n/M -^4 occurs above the point where the 
curve has maximum slope. Moving from n/M 0.4 to 0.5 does 

not improve the encoding capacity to the same extent as a 
change from 0.3 to 0.4. Therefore a value around n/M = 
0.4 offers a good exchange of signalling power to 
encoding capacity.

4.5 Transmission Rates

When estimating maximum transmission rates a 

strategy of orthogonal transmission is assumed with 

maximum tone density in the available bandwidth. This 

implies that the tone spacing of a multitone system is 

equal to the reciprocal of the symbol period (l/T)Hz. 

Such a system is described by Robin et al (1963).

Following section 4.4.7, it is assumed that a fixed
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number (n) of the available tones ( M ) is transmitted 

simultaneously in each symbol period. It is possible to 

calculate • the maximum number of bits that may be encoded 

for different values of M.

The number of possible bits encoded will be:

log. Ml bits (4.58)
(M-n ) In !

Therefore for an orthogonal signal set with the bandwidth 

constrained to 3000 Hz, the bit rate will be approx.:

Bit Rate = 10 .log? (3.T )I bits/sec. (4.59)
T (3.T - n)lnl

where T is the symbol period in ms and is an integer.

Using this law the results for some symbol lengths 
are calculated and presented in TABLE 4.5.

TABLE 4.5 Maximum Bit Rate for Various Symbol Lengths of 
an Orthogonal System, n = 4, bandwidth = 3 kHz

Symbol Length 
ms

Tone Spacing 
Hz

Number of 
Tones M

Max. Bit Rate 
bits /sec .

8 125 24 1672

14 72 43 1 2 0 0

16 62.5 48 1098

40 25 1 2 0 574
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These bit rates are low compared with the 
theoretical maximum capacity of the channel . This is a 

result of using only n of the available tone to construct 

the signal alphabet. Further, these bit rates represent 
maximum values, and noting that an orthogonal system is 

not envisaged under rapid fading conditions (see Chapter 

Three), lower rates can be expected in practice. This 

will result from the use of a smaller number of tones 

than is possible with the orthogonal detection system.

4 .6 Summary of Conclusions - Theoretical Study
(i) Comparison of binary and non-binary

- Generally non-binary systems allow higher
transmission rates, but require impro ved
signal to noise rat ios for error free
transmission.

- Given current 11 mi ts for the requi red

receiver signal to noise ratio, it i s
recommended that no more than 14 bits be
encoded per symbol, and that given the

currently most opt im um system only 4 bits be

encoded per symbol.

- There is a limit to the number of symbols 

that can be successfully used.
- Non-binary systems are worth considering.

(ii) Comparison between non-binary transmission 

forms
- M.f.s.k. shows improvement as M increases.
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in contrast to m.a.s.k. and m.p.s.k., 

explained by bandwidth exchange.

- M.p.s.k. is known to have the advantages of 
a.s.k. and f.s.k., however for rapid fading 

conditions phase coherence is discounted.

- M.f.s.k. is recommended for the mobile radio 

environment.

(iii) Optimum forms of m.f.s.k.
- M.f.s.k. can be considered in two forms, 

mono-signal and poly-signal.
- Poly-signal systems are also subdivided, 
where n, the number of tones transmitted per 
symbol, may be fixed or variable.
- As n increases the advantage gained by 
mono-signal m.f.s.k. is rapidly lost, although 
this is not considered a disadvantage in the 

land mobile radio environment.

- It is suggested that poly-signal schemes 

with a normalised n/M ratio of 0.4 should be 

used for the mobile channel.

(iv) Transmission rates

- n , the number of tones per symbol should be 
fixed for rapid fading channels.

- The maximum bit rate for an orthogonal based 
system with n = 4 and symbol length of 16 ms 
is 1098 bits per second. (It is not 
anticipated that this form of spacing, and
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therefore this bit rate, will be possible 

under rapidly fluctuating channel conditions.)
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Appendix to Chapter Four

Estimation of the Probability of error for incoherent 

m.f.s.k.

PART I

Choosing the set of physically realizable waveforms 
for incoherent m.f.s.k. we can describe, in the 

mono-signal case, the ith message transmitted as:

z(t) = J l  .E .cos(wi.t + a )  + n(t) (4.15)

i = 1, 2 , . . . . M

a is a random phase variable assumed uniformly 

distributed over a 2n interval. To resolve this random 
variable the signal can be considered as a vector sum of 
the orthogonal waveforms :

2 .cos(wi.t ) 
T
^ . sin(wi.t) 
T

Therefore for optimum detection the receiver will 

have integrator outputs of : 
rT

xj = Z ( t ) . Æ .  cos ( w j ) t .dt
^  y  T

(4.16 )
ryj = Z (t ) . /y. sin(wj ) t.dt
^0 y  T
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xj and yj are evaluated as follows: 

z(t) will now be modified by channel noise which is 

additive and has value n(t) therefore : - 

T

X] cos (w j ) t . cos ( w j t + a) +
T

0

(2_.n(t) .cos(wj )t.dt 
T

(4.17)

noting the identity cos(wit + a ) =

cos(wi).cos(a) + sin(wi).sin(a)

T

X] = 2 .v/¥. cos ( wi ) t . ( wi ) t . cos ( a ) .dt - .. 
T

^.v/e . cos (w j ) t . sin (wi ) t . sin (ot ) .dt + ... 
T

2 .n(t).cos(wi)t.dt 
T

(4.18)

The last term is defined as n(x)j since evaluation 

of the stationary Gaussian process is time independent. 

The remainder of the integral is evaluated noting the 

identities :-

2.COSA.COSB = cos(A+B) + cos(A-B)

2.cosA.sinB = sin(A+B) - sin(A-B)
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With this substitution and for j = 1

T

(cos(wj+wi)t + l).dt - ...
0

xj = E.cos(ot) 
T

. . . E . sin ( ot ) 
T

T

sin(wj+wi)t.dt + n(x)j (4.19)
0

These simple integrals resolve to

x(j=i) = vŒ. c o s (a ) + n(x)j (4.20)

For j i , by similar identity change reduces to

x(j^i) = n (X ) j 

yj may also be evaluated as
y(j=i) = -v/^.sin(ot) + n(y)j (4.21)

y(j^i) = n ( y )j

In the receiver a corrent decision will be made, assuming 

that zi(t) was transmitted, when

(xj2 + yj^)^ (xi^ + yi^ )̂  (4.22)
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PART II

Now since these product integrators are independent, 
then if the probability of error is calculated for any of 
the signal plus noise element, it is possible to find the 

average probability of error.

Firstly the probability density of the random 

variable in EQUATION 4.22 is established. However, 
because there is an angular dependancy introduced in the 

incoherent case, it is necessary to convert the joint 

density of xj and yj to polar form and then integrate 
over a 2 n interval, thus removing the dependancy.

So, for the case where Si(t) was transmitted and 
assuming that when received the random angle a = A or,

pi (xi.yi/a = A ) = . . .

1 . exp
2n. No

1 (xi - cos A + (yi + '/Ë.sinA)"
L 2.No

(4.23

Averaging over all possible values of A

one period = 2rc
pi(xi,yi) = p i (x i ,yi/a=A).dA 

2n
(4.24 )

1 . exp
2 n. No

1 .(xi^ + vi^ + E)
_ 2 . No 

one period 

exp xi .\/̂ . cos A - y i . /Ë .sinA 
No No

.dA
2 tl

(4.25)
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Evaluating the integral from standard tables

1 . exp
2n. No

- 1 . (xi^ + yi^ + E
2 . No

X l o . \/xî  + yi^ . ' /Ê
No

(4.26)

lo is a Bessel function of the first kind.

If xi = vi .'/No . cos0i and yi = vi .\/lJo . sin0i the 
Jacobian of the transform is equal to vi.No and

q (v i ,0 i ) 

i.e.
q ( v i ,0 i )

= vi . No . p ( vi .s/No . cos0i , vi .n/no . sin0i )

V I .exp 
2n

-1. (vi^ + _E ) 
.2 No J

.lo.vi. /^  
V No

(4.27)

The probability density of (vi) can be found :-

q ( vi ) = q (v i ,0 i ) .d0 i

= V I . exp ( vi^ + E_ ) 
.2 No J

lo . (vi. /e ) 
V No

(4.28)

When ]96i the (E) term will be zero which is simply : -

q(vi) = vj.exp(-vj2 /2 ) (j^d)

EQUATION 4.22 is equivalent to (vj<vi) for all (j^d) and 

since the variables are independent the probability
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becomes

P ( v j < vi  , all j^d/vi) = product P(vj<vi/vi)

of all jfi. (4.29)

also for a particular the probability that (vj<vi)
given (vi) i s ,

P(vj<vi/vi) = vj.exp(-vj^/2).dvj

= 1 - e x p (-vi^/2) (4.30 )

therefore
P(vj<vi, all j^i/vi) = (1 - e x p (-vi^/2))^  ̂ (4.31)

This can be expressed by the binomial expansion as

M-1
M-1) . ( -1 ) ̂  .exp ( -vi^ . k/2 )

k=0

The probability of correct decision when si(t) is 
transmitted will be

Ps = P ( v j < v i  all jyd/vi).q(vi).dvi (4.32)

by EQUATIONS 4.28 and 4.31,

Ps = 2 J—vi.exp -l.ivi + E ).Io.(vi/E 
2 No V Noy 0

M-1
M-1) (-1 ) ̂  .exp ( - vi^ . k/2 ) .dvi (4.33 )

k=0
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Ps = exp - E
2 No

M-1E
k=0

-1\ (-1)^.exp(E/2.No.(k + 1 ) ) (4.34 )
(k+1 )

Probability of error = 1 - Ps = Pe

Pe = -exp - E 
2 No

M-1

k=l

M - n  . (-1 )’̂ .exp(E/2 . No. (k + 1 ) ) (4.35)
k J (k+1)

noting that (^M-l\. 1 =/ M ).l and
k j (k+1 ) Ik+lj M

introducing q = (k+1), then Pe =

e x p (-E/4.N o ). 
M

q=2
Mn.(-l) 
q

. exp|( E ( 2-q ) )̂ 
p.No.q J

(4.36)
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CHAPTER FIVE

DESIGN FOR A POLY-SIGNAL MODEM

Theoretical predictions for multitone transmission, 

where more than one frequency is transmitted 

simultaneously, have been made in Chapter Four. Since 

these ideas are new and have not been proven, and because 

of the complexity of modelling the urban mobile radio 
channel, it is essential to credit the theoretical 

arguments by experiment. However, inevitable
restrictions are placed on any experimental form of 

investigation. These restrictions are a result of the 
extensive hardware commitment in the construction of a 

near optimum system, making parameter changes extremely 
difficult. The approach is justified on grounds that 
there is no real substitute to a working system when 
tests are required on such a complex channel .

Much time was spent in the design of the new modem, 

since the commitment to simulation equipment and field 

trials, with lengthy analysis, requires confidence in the 
performance of the experimental equipment. The design 

process included an assessment of the deviation from 

optimum due to component tolerances and practical design 

limitation, such as filter responses, which inevitably 

occur.

Because of the importance of the modem to the
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overall results, this chapter is devoted to an 
explanation of the design evolution, including full 

details of the final system.

5.1 Possible Modem Systems

In a multitone modem the modulator must perform the 

following basic functions:

- Conversion of binary or other data formats into the 

new poly-signal code.

- Generate the appropriate number of tones to uniquely 

define the code in the frequency domain.
- Present the composite waveform in a suitable form 

for modulation.

The demodulator decomposes the received waveform, 

estimates the presence or absence of the individual tones 
by some criteria and finally reconverts the original data 

format. Block diagrams showing such a modulator and 

demodulator structure are shown in FIGURE 5.1.

Other basic modem organisations are possible, but 

will change neither the result nor the individual 

sections themselves, to any extent. As an example, the 
modulator could be reorganised in such a way that the 

source of information directly commands the construction 

of the composite waveform. However, this would still 

require a similar waveform generator and conversion 

system. The basic organisation shown in FIGURE 5.1 will 

therefore be used in this study without further comment.
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Obviously, to produce a near optimum modem it is 

necessary to choose the best possible structure for each 

section. To clarify the reasons for the final choice of 
system all the methods considered by the author are 

briefly reported, with case studies where appropriate. A 

summary of the methods appears in tabular form at the end 

of the chapter (TABLES 5.4 to 5.7).

5.2 Choice of Section Structures

5.2.1 Source Conversion

Source conversion is necessary in an experimental 
modem because of the simplicity of dealing with binary 
p.r.b.s. patterns when estimating error, bias distortion, 

and other parameters.

The simplest method of converting binary information 

would be to store the previous (n) bits of data, which in 

turn would become a parallel symbol at an nth of the bit 

rate. However, this simple approach gives no control to 

the weighting of the transmitted symbol, or provision for 

error control to be added.

In the experimental modem, the parallel symbols are 
produced by storing n bits of the incoming data, and then 
using these to address a r.a.m. containing the 

pre-programmed symbol word. The use of volatile memory 
in the experimental equipment allowed the converstion 

mapping to be reprogrammed. Details of this section are
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given in the Appendix to this chapter. Under this 

system, the symbol rate would be less than or equal to:

R = bit rate / n (5.1)

5.2.2 Waveform Generation

The waveform generator supplies reference tones used 

to enable discrimination between the M information symbol 

elements. There must therefore be M tones. The 

requirement for these tones is in amplitude and frequency 
stability, but the relative phase between individual 
tones is of no consequence. Further the tones will 
normally be in simple frequency relationship with each 
other .

These requirements are fulfilled by either the 
division or synthesised methods of generation as listed 

in TABLE 5.5. In the experimental modem, the tone 
alphabet was produced by successive division of a master 

clock, which was chosen as the most sympathetic method to 

the level of technology in the final overall design. 
However, in this way, certain of the lower frequency 

tones become harmonically related to the higher values 

and so each tone was filtered before being combined. The 

effect of this harmonic relationship is reported upon in 
Chapter Six. Details of the circuits are given in the 

Appendix.
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5.2.3 Receiver Filtering and Detection

For a multitone modem operating in the mobile radio

environment, the single most important factor to be
considered in the detection system is the ability to use 

the information derived from the whole of a symbol
period. This is necessary in combating - ignition 

interference and fading. Since the transmitted signal 

elements have been made long compared with the 

interfering effects, it is therefore certain that the 
tone energy will be reduced by fading or blanking, and 
increased by impulses during each period. If an 
advantage of long symbol periods is to be maintained, 
then all the received energy of a symbol must be used in 
a decision .

The techniques considered for the multitone modem
have been subdivided into four groups and are discussed 

below. The first two groups use techniques based on 

analogue systems while the later two use techniques 

derived from a discrete analysis of the incoming signal, 

and implemented by digital processing. In the 

experimental modem these digital methods were not used. 
However, since digital processing is rapidly handling 

more real-time problems, justification for not using such 
a method is necessary.
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Group 1
Systems Based on Analogue Bandpass Filtering

Noting the argument above, many of the systems 

listed in TABLE 5.6 can be excluded immediately, when the 

main factor of time continuity is considered. For 

example, when an analogue bandpass filter and a rectifier 

are used prior to decision, if interference is present 

the result of the decision could change during the course 

of one symbol period. It is important, then, to consider 
the total energy contained in the received signal over a 
symbol period, before any comparison and decision are 
made. Therefore, of the analogue filter techniques, this 
eliminates rectification and p.1.1. detection since these 
give a continuous time output. However, an integrating 

system as a matched filter fulfills this requirement 

completely.

The other possible solution, that of resonant 

circuit detection, such as used in the Picollo system, 

was considered. Unfortunately this system fixes the 

symbol rate and tone spacing, in order to maintain 

orthogonality. As discussed in Chapter Two, this type of 

solution offers advantage under poor signal to noise 

conditions . An experiment was performed to assess the 
possibility of its use, but the results were poor under 

fading conditions, as predicted from the theory and no 

details are recorded here.



131

Group 2
Commercially Available Integrated Circuits

Patent integrated circuits have been developed in 

recent years, and two main used have made large scale 

production economical . These are the Touch Tone 

(registered trade mark of the American Telephone and 

Telegraph Company) telephone system and paging systems. 

These systems, however, offer much slower information 
transmission than anticipated in this investigation. A 

brief study was made with one system to test its 
capacity, which highlighted the fact that these systems 
do not function when time discontinuities exist in the 
signal.

Case Study - Digital Filter Switch

Using tone operated switches such as those 

produced by Consumer Microcircuits Ltd (data, 1973), 

detection capability was assessed. The single chip 

integrated circuit uses time segmented charge pump 

circuits to drive a voltage controlled oscillator 

(v.c.o.) to phase synchronism. When this is 

achieved, further similar pumps become balanced, 
indicating the presence of the tone. Detection is 

therefore considered as two distinct time processes: 
the first to acknowledge an in-band tone (i.e. 
filtering), and the second, shorter time, to detect 
the first process, this second time being amplitude 

dependent.
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Using optimum bandwidth for a typical ten tone 
modem and optimum noise immunity as chosen design 

parameters, the following performance was achieved. 

For constant amplitude tones without noise, the time 

to detect any one tone was a maximum of 11 ms, plus 

the detection factor. This extra factor can vary 
from 0.05 ms to 600 ms but was preselected to a 

maximum of 0.01 ms, thus contributing to a fast 
detection time. However, the penalty for this speed 

is paid in an increase in uncertainty under all but 
ideal transmission conditions. This is illustrated 
in the summary of results presented on the next 
page .

It may be concluded that working the time 
switches at these limits, switching times suitable 

for an m.f.s.k. system can only be achieved under 

ideal channel conditions. Because of the detection 
system, degradation of the error performance when 
handling data is sudden, occurring at the point when 
the simultaneous phase locking and integration fail 

to coincide.
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TABLE 5.1 Summary of Case Study Results

Signal Conditions Switching Time 
(average )

Comment

Signal only:

Tone offset 0 Hz 1.3 ms

Tone offset +5 Hz 7.8 ms

Tone offset +10 Hz - v.c.o. limit

S/N ratio 4 d B : Note 2

Tone offset 0 Hz 
Tone offset +5 Hz

2.8 ms 
8.3 ms

) Possible 
) switching 
) 1 dB

Fading simulation 
conditions (sinusoidal): 
50% mod 60 fades per sec.

Note 1

Tone offset 0 Hz 1.5 ms

Tone offset +5 Hz 8.3 ms

Notes: 1. With bandwidth increase locking obtained to
95% mod. However, locking times much greater than 11
ms .

2. Gaussian noise bandwidth = 3 dB filter 
bandwidth. Outside any of these limits switching 
uncertainty was experienced.
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Group 3
Digital Systems - moment estimation

Spectral moment estimators define a signal in a 

different way to conventional tone detectors. The 

principle is to calculate, from the incoming signal, 

moments of that signal. The first three moments (i.e. 

zero, first and second) are a measure of power, power 

mean frequency, and r.m.s. power bandwidth. When all the 

moments fall within a predefined limit, the signal is 
then recognised as a tone. Further, Denemberg (19 76) has 
shown a method of direct digital estimation of the 
moments which eliminates many calculations involved with 

complete spectrum analysis. However, to calculate these 
moments the input may only consist of one tone in any 
period. Consequently, for a poly-signal scheme this 
would require prefiltering, thus turning full circle to 
the original filtering problem.

Group 4

Digital Systems - Transform Methods

The alternative approach to digital tone detection 

is to simulate one of the classic analogue techniques. 

Several approaches to this are listed. These systems are 
based upon what have now become well established 

principles. These algorithms are mainly used in computer 

simulations where real time constraints do not apply. To 

show that the hardware requirements for real time
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processing fall short when filters of the complexity 
required in this application are considered, the 

following case study is given. This case study was 

carried out in the early design stage.

Case Study - Microprocessor Filtering

A case study into the possible use of 

microprocessor based digital filter solutions was 
conducted. It had the aim of estimating the time to 

complete a filtering task such as previously 

discussed for each sample of the analogue waveform, 
to a simple first approximation. Currently 
available advanced systems (available, that is, on 
the British market) were considered, such as: 
N-channel microprocessors (e.g. Intel 8085 or T.I. 
9900), dedicated hardware multiplies , pipeline 
processors (O'leary, 1970), and multibus 
architecture (Johnson, Kinnie, Maerz 1978). Also, 
state-of-the-art systems, unveiled only in recent 
literature, such as bit slice processors (Woodwood, 
1979), signal processing peripherals (Blasco, 1979) 

and switch capacitor analogue techniques were, 

evaluated.

The result was shown that for the currently 

available equipment, an overlap exists between the 

computing time and the necessary sampling period. 

Sampling rates were in the region of 2 kHz. 

However, due to the concentration of design for
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optimisation in signal processing, the
state-of-the-art systems should offer the 

possibility of a fully digital solution, sampling at 

700 kHz.

Results were obtained by noting that whichever 

system is chosen, it must perform certain functions 

which are dictated by basic digital filter theory. 

Comparisons were made by considering as a benchmark 

the filtering requirements of the demodulator 

section of the modem, namely, a series of sixth 
order filters (see Appendix).

Briefly, the task required of the processor is 
the solution of the difference equation which is 
generally stated as

N N
y(k) = ^  a(n).x(k-n) b(n).y(k-n) (5.2)

N=0 N=1

where k are the sample numbers commencing at k = 0.

The relation to the filter function may be seen

if this is expressed for the second order case by

the transfer function. This is achieved by a 
Z-transformation (Lawson, 1977 or Rabiner and Gold, 
19 76) and is

G ( z ) = a^ + d̂  z ̂ + agZ ̂  (5.3)
, , -1 , —21 + b^z + bgZ
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A difference equation fulfilling this function would 
be

Yk = ao%k + %k-i + + > ‘k-2 - h^k-i - (5.4)

which for solution requires five multiplications and 

four additions. Multiplication methods were chosen 

to suit the architecture of the device. The task 

was therefore to produce three of these sections in 
time series. The results for this benchmark are 

given in TABLE 5.2.

TABLE 5.2 Summary of Case Study Results

Device Time to execute benchmark

N-channel
9900 *2.30 ms

Bit slice 2.36 ps

S.P.P. 6.30 ps

Switch capacitor Similar order to S.P.P. cl aimed

* By algorithm in reference (Woodwood, 1979:pl31), 
shift and add combined. With execution time as 
detailed in Texas Instrument data book.
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Some observations regarding these times are to be 
noted. In the fast 'signal processing' systems, the 
short execution times which have resulted make the data 

transfer and handling times a significant proportion of 

the total time. This will distort the results in TABLE 

5.2.

Conclusions then, on the digitisation of the modem, 

must be that to produce a working system with the 

available microprocessor equipment is not possible. 
However, the need for digital signal processing abilities 

have resulted in a series of processors and peripherals 
based on new technology which should make these tasks 
feasible in the future.

5.2.4 Decision Circuits

Decision systems are responsible for selecting the 

signal plus noise elements from the noise only elements 

of a signal which has been decomposed by the receiving 
filters. As with the other system sections there are 
many possible methods which can be employed. However, in 

this case a distinct choice can be made in regard to how 

much of the received information will be used to make the 

decision. For the investigation, four methods were 
considered, and are listed in TABLE 5.7. Progressing from 

the first, each method makes use of more signal 

information and as a consequence requires a more 

complicated hardware solution.
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When selecting a method, the signal fading 

characteristic of the land mobile channel again dictates 

the initial choice. Because the energy accumulated by 

the receiving filters will not be constant in every 
symbol period, the use of a fixed slicing theshold, 

considered as the most elementary decision system, was 

excluded. A logical progression from this, however, was 

the idea of a variable threshold comparator system. In 

such a system the level chosen to decide whether a signal 
is present or not could be varied with the mean signal 

level as this would overcome the fading problem.

The final solution chosen was a modification of the 

variable threshold idea and involves a process of 
selecting the largest signal set. However, to do this 

effectively all the signal sets must be equally weighted. 
In the multitone system this implies the transmission of 

only a fixed number of tones, the disadvantage of this 

being to restrict the number of possible code words. A 
major advantage, however, derived from having a fixed 

tone signal set, is in the predictable and reliable 
design that is possible. The system is outlined in the 
Appendix. For operation, the decision circuit only 

requires synchronising with the sample and hold circuits 

of the receiving filters, and no estimation of received 

signal level is required. The circuit will reliably 

select the (n) largest filter outputs at the sampling 

instant.
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For further refinements to the decision system, the 

selection of the largest signal set may be extended by 

estimating the most likely received set, the second most 

likely, and so on. This information may be used in

conjunction with an error detection system, whereby if 

the most likely set proves to be in error, the next most 
likely may be tested. In this way it should be possible

to further reduce error, although this will again reduce
the available code words since some codes will be 

required to carry checking information.

5.3 The Experimental Multitone Modem

Description of the test modem is given with
reference to FIGURES 5.2 and 5.3 which show detailed 
block diagrams of the modulator and demodulator sections. 
In both cases the signal processing path is similar to 

that of the previous simple system shown in FIGURE 5.1. 

However, particularly with the demodulator, many 
refinements to the basic system were necessary in order 

to implement the scheme.

5.3.1 Modulator Operation

A system clock is derived by dividing from a

reference oscillator. The clock has two outputs, one 

operating at the system bit rate, and the other at an nth 

of this rate providing the symbol periods. The clock is 

used to synchronise the binary data test set and to
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operate the storage and M-level coding matrix. The 

storage device is a serial in - parallel out, shift 

register. The coding matrix is based on random access 

memory (r.a.m.), thus requiring a programming unit. The 

programming unit simultaneously programmes the modulator 

and demodulator in the laboratory prior to trials.

The output of the coding matrix consists of a 

M-level parallel signal of rectangular waveforms, n of 

which will be at level one during any one symbol period. 
These rectangular waveforms are shaped using fifth order 
Gaussian filters before mixing with the identifying 
tones .

The photographs, FIGURES 5.4 and 5.5, show typical 
signals at the output of the mixer and for the composite 
waveform prior to modulation in the transmitter.

5.3.2 Demodulator Operation

Separation of the received tones is carried out by a 

series of sixth order active bandpass filters. At the 

end of the symbol period, which is determined by the 

demodulator itself, the energy passed by each of these 
filters is integrated from the start of the period and 

sampled. The decision process uses these samples to 
estimate the symbol.

The other parts of the demodulator perform two 

functions which are synchronisation and compensation for
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various path delays which have occurred in the individual 

tone fliters .

Synchronisation is required in two distinct areas. 

Firstly, the sample and hold instant must correspond to 

the end of each transmitted symbol period, and secondly, 

it is necessary to synchronise the symbol periods with 

the final binary output. The major problem in this task 

is to maintain synchronisation when fading is 

experienced, i.e. the energy loss due to fading should 
not be increased further by the need to re-establish 
synchronisation, since if synchronisation is lost tone 
energy is randomly partitioned between adjacent sampling 
periods and thus will cause further error.

It was not desirable to use transmitted energy in 
the form of a separate signal in providing 
synchronisation as such a signal would be susceptible to 

fading itself. However, the composite signal contains 
more than sufficient information regarding symbol length, 

and the synchronisation system operates using this 
information.

A stable clock feeds a counter which is 
self-resetting after a period equal to the symbol length. 

Synchronisation is achieved by also resetting the counter 

from a zero crossing detector, monitoring the 

differential of a low pass filtered tone. This proved 

particularly successful since symbol synchronisation 
could be maintained under all input conditions once
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synchronisation was initiated and was only dependent upon 

the absolute stability of the internal clock.

5.3.3 Modem Coding

Since 210 possible combinations of four tones in ten 

are available and only 128 are required to encode the 

binary data seven bits at a time, some selection of code 
words was possible. In the experimental modem coding was 

chosen to minimise adjacent channel interference by 
avoiding codes which used more than two adjacent tones in 
the word.

A listing of the coding is shown in TABLE 5.3; black 
squares indicate that the particular frequency is part of 
the word. Unlisted codes were set to zero. It was not 
possible to access the unlisted codes during operation 

because of the structure of the decision circuit which 

always selected four tones. Coding was achieved using a 
specially constructed programming unit. Organisation of 
the memory is shown in the Appendix.
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TABLE 5.4 Source Conversion Methods

Method Comment

Simple serial to parallel 
conversion using shift 
registers

No control over number 
of transmitted tones or 
coding

Look up table Flexible because of 
programming capability

Collection of information 
in a form ready for 
direct transmission

Impractical in an 
experimental system, see 
text
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TABLE 5.5 Waveform Generation Methods

Method Comment

Synchronised waveforms 
produced via a look-up 
table

Restricted only by memory 
size, simple 
reallocation of 
frequencies

Individual oscillators Requires "M" oscillators

Variable frequency 
oscillator or 
oscillators

Restricts combinations 
of tones if an economic 
solution is used

Division of a master 
clock

Simple to implement. Some 
restriction on frequency 
of tones for economic 
solution
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TABLE 5.6 Receiver Filtering and Detection Methods

Group Method Comment

Analogue bandpass 
filtering and :
(i) rectification
(ii) integrate and

dump system
(iii) phase-locked

loop demodulation

Phase-locked loop

See text

the
in binary

Resonant circuits

Unlikely that 
methods used 
systems can be extended 
over such a large 
frequency range.

Requires orthogonal set

Patent I.C. such as 
Consumer Microcircuits 
(1973 )

Developed only for 
simple tone paging 
systems

Spectral moment 
estimators

See text

Digi
(i)

(ii )

tal filter methods 
substitution of 
an analogue 
system 

comb filter and 
bank of 
resonators

(iii) fast Fourier 
transform 
structured 
filters 

other transform 
structures 

convolution
( iv )

See text

Q of filters normally 
insufficient

See text

See text
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TABLE 5.7 Decision Circuit Methods

Method Comment

Fixed slicing threshold Does not take advantage 
of all available 
information

Variable threshold Could be set to change 
with mean signal level

Selection of largest 
signal set

Best if signal sets are 
of equal weighting

Calculate probability of 
each set so that the 
set selected has the 
highest weighting

Should be used in 
combination with error 
detection
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FIGURE 5.1 Basic Modem Elements
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FIGURE 5.4 Single Tone Modulated with Data

Single Word

FIGURE 5.5 Example of Carrier Modulating Signal
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Appendix to Chapter Five

This Appendix details the circuit used in the 
experimental modem.

Modulator units :

Multitone encoder 
Programmable system clock 

Tone generators

Demodulator units :
Receiver tone filters 
Synchronisation 
Decision circuits 

Multitone decoder

General
R.a.m. programmer
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Multitone Encoder

The function of the code converter is to encode a 

binary bit stream into a series of symbols corresponding 

to the transmitted parallel tone words. The flexibility 

of the converter allows any code from the alphabet of ten 

to be chosen to represent either six, seven or eight bits 

of the binary input. This converstion is achieved using 

a look up table in the form of a 4096 bit random access 
memory (r.a.m. ) .

The r.a.m. is organised with twelve address lines 
giving a one bit output, i.e. 4096 x 1. The one bit 
output is inconvenient in the encoder since the output 
required is a ten bit parallel word. Consequently, the 
r.a.m. must be operated to produce the ten bit word in 
serial form which can then be converted to parallel .

Operation of the complete code converter may be 

explained with reference to the block diagram, FIGURE 
5.6. The serial data enters a shift register operating as 

a serial to parallel converter at the synchronous clock 
rate. After the pre-set block period of six, seven or 

eight clock transitions the parallel output of the shift 
register is latched and used for the r.a.m. address.

One third of the r.a.m. address is supplied by the 

counter output (four level). This counter cycles in a 

biquadratic fashion and runs at twice the clock 

frequency, thus in a block period of eight the counter
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may count to sixteen. However, the counter is reset 

after ten counts and remains at zero until the start of 
the next input block. FIGURE 5.7 shows the time 

waveforms for the r.a.m. control when set to give a 
block length of seven.

The output shift register also performs a serial to 

parallel conversion and operates at twice the clock 
frequency. This clock is inhibited after ten cycles and 
restarted when the next data block arrives thus 
maintaining the real time continuity. Conversion rate is 
limited to the cycle time of the r.a.m. which has a 
maximum rate of 600 n s . Block length is set using 
pre-set logic in the clock circuit.
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Programmable System Clock

The system clock is a 10 MHz crystal oscillator 

divided down to the required bit rates by a programmable 
resettable counter system as shown in the block diagram, 

FIGURE 5.8.

O u t p u t

—  N p r o g .

FIGURE 5.8 Block Diagram of System Clock
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Tone Generator

The audio tone frequencies used to construct the 

poly-signal symbol clock are shown in FIGURE 5.9. The 
stages of division were calculated from the formula.

Input frequency = 27,720 x incremental frequency

the number 27,720 being the lowest division ratio to 

include the prime numbers up to and including 11,

i.e. 27,720 = 2  x 3  x 5 x 7 x 11

With the chosen clock frequency the output
frequencies are from the range 200 Hz to 2400 Hz and in
incremental frequency of 200 Hz.

The divisions are accomplished with T.T.L. gates
each output with a rectangular waveform, the majority 
being 1:1 mark/space. The outputs are low pass filtered 

using fourth order Chebychev low pass sections consisting 

of two Sallen and Key second order stages.
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4- 360

4- 10

4-2

O u t p u ts

FIGURE 5.9 Divisions Required to Obtain Tone Alphabet
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Receiver Tone Detectors

The receiver tone detectors are based on narrow 

bandwidth bandpass filters centred at each tone 

frequency. The filters are sixth order Butterworth, 
constructed using active second order positive feedback 

stages. The 3 dB bandwidth is 150 Hz and the two 

adjacent tones are attenuated by 35 d B .
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Synchronisation

Synchronisation uses the principle of a resetting 
counter which is clocked from a stable source. The clock 

is similar to the programmable one in the modulator 
however an additional reset is provided which is operated 

by the synchronisation detector.

One of the ten channels was arbitrarily chosen to 
derive the synchronising information. The signal is 

extracted before the integration process and an 

estimation of the peak value of the modulating 
information is obtained. This is achieved by low pass 
filtering and differentiating. The output of the 
differentiator peaks to represent the centre of a symbol 

since at this point the slope of the signal is zero. By 
a simple delay via a monostable the information can be 
used to reset the synchronising counter. The system is 

depicted in FIGURE 5.3.
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Decision Circuit

The decision circuit is a variable threshold 
comparator which selects the four largest of the 

integrator output values during every element period. 

Operation of the comparator is described with reference 

to FIGURE 5.10.

The inputs from the sample and hold circuits of each 

detector are fed to a series of comparators. The 

reference voltage to the comparators is supplied from a 
common waveform generator which produces a ramp function. 
The output of each comparator is fed, via buffering, to 
T.T.L. latch circuits. The data present at the input of 
the latch is presented at the output when clocked by a 
short pulse from a monostable controlled by a second, 
common comparator. This second comparator compares a 

fixed reference with the sum of the outputs of the other 

comparators. The reference is set such that when four of 

the ten inputs switch their respective comparators the 

monostable is fired.

Since the input comparators are referenced to a ramp 

voltage, the signals at the output, after operation of 
the latch, will represent the largest four of the ten 

values held in the sample and hold circuits.
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FIGURE 5.10 Variable Threshold Comparator
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Multitone Decoder

The multitone decoder performs the opposite task to 
the encoder. A similar technique is employed where 

coding information is pre-programmed into memory. 

However, since the input/output requirements are now ten 
bit address/seven bit output, the circuit is rearranged 

as shown in FIGURE 5.11.

Two 4096 X 1 bit r.a.m. devices are required because 

ten address lines are required leaving only two vacant 

for clocking. This limits the output bit change to four, 

therefore the output of the two devices are combined via 
steering logic to produce the continuous binary output.
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FIGURE 5.11 Decoder Block Diagram
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R.A.M. Programmer

The r.a.m. programmer simulates all the possible 
input conditions of the binary data, and for each 

condition writes the required ten bit word into the 

r.a.m. Initially the counter is reset and a ten bit word 

set with the switches. When the write switch is operated 

the ten bit word is written into the r.a.m. for the 
address (00000000). Operation of the write switch also 

updates the b.c.d. counter by one, consequently at the 
next operation the new ten bit word is entered at address 
(00000001). These operations are repeated until all input 

conditions have been cycled. This unit can be interfaced 
with the parallel output unit of the PDF 8 mini computer.

The same programmer is used for the decoder, the two 

operations being executed simultaneously. In the case of 

the decoder, the write and address information exchange 
roles .
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CHAPTER SIX

LABORATORY INVESTIGATION

Parallel to the construction of the poly-signal 

modem, a series of experiments were devised. The object 
of these experiments was fourfold; to compare 

performance with theoretical optimums; to compare the 
poly-signal modem with the binary modem under the same 

test conditions; to compare results with other published 

work; and to assess the worthiness of, and provide a 
reference for, the anticipated field trials. To achieve 
these objectives, simulations of multipath fading, white 
noise and ignition interference were created. Under 
these conditions a binary modem and the new poly-signal 
m.f.s.k. modem were tested.

The chapter is divided into four sections, each 

detailing one experiment. Where reference is made to 

test equipment, details may be found in the Appendix to 

this chapter.

6.1 Individual Channel Assessment for the Poly-signal 
Modem

The object of this investigation was to expose 
particular performance weaknesses in the new modem. 

Because the composition of the poly-signal is based upon 

multi-filter circuitry, each channel has been assumed to 

offer identical performance. However, such an ideal 
situation would not exist; rather, each pre-filter will
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have a different response with respect to gain, delay and 
bandwidth. To assess the deviation from the optimum, 

each channel of the poly-signal modem was compared by 

estimating error probability under white noise 
conditions .

The experimental circuit for this performance test 

is represented by the block diagram in FIGURE 6.1. The 

modulator and demodulator have been modified such that 

the data test set supplies and compares only one of the 

ten channels. The test set produces a 511 bit p.r.b.s. 
supplied at a rate equal to, and synchronous with, the 
normal symbol rate of transmission. An additional 
p.r.b.s. generator maintains a realistic four tone input 
to the modem, which is important to check the rejection 

properties of channel pre-filters.

Each channel was tested at various signal to noise 
ratios. The errors occurring in a fixed number of 

transmitted bits were counted. Each channel was then 

compared and minor adjustments made to some pre-filters 
where necessary.

The results are recorded as a histogram in FIGURE 

6.2. Fractional values appear in the diagram since 

results were gathered from longer data runs of 10^ bits.

It was anticipated that performance would follow the 

grouping of filter order, groups A, B and C being 

respectively second, fourth and sixth order filter
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sections. While there is some correlation by group, the 

variation is not significant and it is equally likely to 

be due to tolerance or harmonic distortion. The latter 

effect would show by poor performance, particularly in 

the 1600, 1800, 2000 and 2400 Hz channels which are

second or third harmonics of lower channel frequencies.

It is possible to translate the histogram values to 
a signal to noise ratio. This is done by using the
results of Section 6.2 and making the assumption that the 
curve of error probability for white noise (see FIGURE 

6.4) will be parallel to an equivalent curve if drawn for 
these individual results. Using this technique the
variation 2.4 errors in 10 ̂  to 6.7 errors in 10^
translates to a variation of approximately 1 dB in S/N 
ratio .

In conclusion, the modular structure of the 
poly-signal modem has not produced significant variations 
in performance of any section. Specifically, the 

variation from the best to poorest performance could be 
obtained by an equivalent change of 1 dB in the signal to 
noise ratio of an input signal.

6.2 Overall White Noise Performance at Baseband

This experiment was devised to establish the

probability of error for various signal to noise 
conditions when Gaussian white noise was the main 
interfering medium. Two modems were tested; the
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poly-signal unit and a binary modem which operated at the 

same bit rate.

A standard technique for noise performance 

measurements was adopted. With reference to FIGURE 6.3, 
the modulator is supplied by a p.r.b.s. signal from a 

data test set. Noise is then added and the signal 

demodulated. Finally the data is returned to the test 
set for comparison with the original message and any 

errors recorded. The signal to noise ratio is obtained 
from the division of an r.m.s. voltmeter reading of the 

signal only, and the noise only components. The noise 
only measurement is made via a low pass filter with 
cut-off frequency equal to the bit rate of the data. In 
this way signal to noise ratio is defined as:

signal to noise = Ps/No.fb

6.2.1 Binary Comparison Modem

The binary modem used for comparison is one of the 

now common single integrated circuit types. The device 

operates by frequency shift keying and has the following 

specifications :

Motorola single chip low speed modem type MC 14412 

Bit rate 0-600 b.p.s. set to 600 b.p.s.

Tone frequencies (conforming to U.S. standard)
Mark 1270 Hz, Space 1070 Hz 

Tone Spacing 200 Hz 
Occupied bandwidth 600-1900 Hz



172

With modems of this type the performance is chiefly 
dependent on the bandpass filter which precedes the 

demodulator. In the experimental system, a commercial 

filter unit was used to eliminate doubts regarding filter 

specification. The unit was a sixth order Butterworth 

bandpass section with centre frequency 1170 Hz, 

manufactured by Barr and Stroud.

Results for the test are presented graphically in 
FIGURE 6.4. The theoretical result is based on the work 
in Chapter Four, specifically EQUATION 4.15. A test of 

the binary modem was made at 300 b.p.s. to check the 
validity of the 600 b.p.s. results.

For a bit error rate of 1 in 1000, the poly-signal 

modem operates 2 dB below optimum, while the f.s.k. 
binary modem is 3 dB below. The 1 dB difference in 

performance was not intentional. The design aim of the 

poly-signal modem, based on a (10,4) code, was to produce 

the same performance as a binary modem under Gaussian 

white noise conditions, leaving improvement to be derived 

from the immunity of the new system to ignition noise and 
f ading.

This 1 dB difference should therefore not be 

considered as an improvement in performance of the 
poly-signal system, but as an experimental constant to be 
subtracted from future results.
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6.2.2 Bit and Symbol Errors

Coincident with the gathering of the bit error 

results, a supplementary set of data was recorded, 
correlating bit and symbol errors. The purpose of these 

results was to establish the effect of coding and 
decoding the binary information when symbol errors occur. 

Obviously, in such a situation, the decoded binary data 

will contain error, however, the number of errors depends 
upon the difference between coded and decoded words. 

FIGURE 6.5 shows a histogram of the number of bit errors 

per symbol for one hundred symbols with error.

For a scheme where seven bits are encoded per symbol 
an average error value of 3.5 bit errors per symbol would 

be expected and indeed the results peak closely to this 
value. However, taking the three lower and three upper 
bits in error (i.e. 1,2 or 3 bits in error and 5,6 or 7 
bits in error), 59% of symbols in error produce the 

former bit output and 29% the latter. This shows a 

preference for the system to produce a less-than-average 

number of bit errors per symbol error.

Since for a (10,4) code there is redundant coding 

available (210 combinations, with 128 only required), 

some selection of symbol may affect this bit error 
balance. In particular, it may be possible to reduce the 

number of seven bit errors, which in the test were 

slightly more common than one bit errors. This in turn 
would improve the modem peformance.
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The coding strategy for the test modem was detailed 
in Chapter Five. Coding was chosen to aid selectivity by 

not using adjacent tones in a symbol and so aiding 

demodulator pre-filtering. The difficulty in

investigating encoding is that selectivity and bit error 
balance will both be affected when coding changes are

made .

Ideally a coding should be sought which minimises 

bit error. It is apparent from this analysis that it is 

the symbol errors which must be detected and corrected 
rather than attempting post-correction of the decoded 
binary signal where an average of 3.5 bits are corrupted 
for each single symbol error. There appears to be no 
published work dealing with such m-ary codes.

6.3 Impulsive Noise Performance

This series of experiments was to assess the ability 

of the test modem to cope with impulsive noise as the 

interference.

The poly-signal modem is essentially a long 

time - narrow bandwidth system, from which the proposed
interference immunity is derived. However, the main 

uncertainty that exists with such a system is its 

response to impulsive interference, simply because of the 
step and impulse response with narrow band pre-filtering. 

The effect of impulsive noise was tested independently 
from the other forms of interference. The aim was to
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assess the effect on the bandpass pre-filter of the 
modem. Statistical information regarding the probability 

of error was not sought, since impulsive noise could not 
be quantified in the same way as Gaussian noise or

multipath fading. This is apparent as the error

probability from impulsive interference is directly

related to the frequency of the impulses and the 
resulting time disturbance.

A block diagram of the test circuit is shown in 
FIGURE 6.6.

Measurements were made on the energy passed by the 
pre-filters in the demodulator section. This task is 
particularly easy in the poly-signal modem because each 
pre-filter has its own associated integrator. Energy 

measurement is then a simple matter of estimating the 

value of the integrator at the end of the symbol period, 

which was done using an oscilloscope.

The test set was used to assess the number of errors 

occurring during the test period so that they could be 
maintained within realistic limits.

Two types of simulation were used which are depicted 

in FIGURE 6.7. The first consists of an amplitude limited 
impulse. The limit is set to a value four times the 
amplitude of a single tone, thus accommodating the 

dynamic range of the total modulating signal (see FIGURES

5.4 and 5.5). The second stimulates a receiver which has



176

a zero order blanking capability. The merits of these 

two systems were discussed in Section 3.1.3.

One pre-filter was chosen to be measured. First, 

the energy passed by this filter with only tone 

information was recorded. Next, the associated tone 

generator in the modulator was enabled and with ignition 

interference applied the energy passed by the filter was 
again recorded. The second reading was then expressed as

a percentage of the first. Finally this was repeated for

other pre-filters and the results averaged. These appear 
in TABLE 6.1 below. The percentage values represent the
ratio of wanted to unwanted signal.

TABLE 6.1 Energy passed by a Filter, expressed as a
Percentage of the Energy passed when a tone 
is Present

Residual from 
other channels

1.3%

Impulse with amplitude 
limited to x4 signal

11.3%

Blanking 0.4 mS 3.7%

In the first result the residual energy is due to 

adjacent channel and harmonic distortion as well as noise 

present at the input. The latter, however, would be very 

low during the experiment compared with operation
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conditions. It can therefore be concluded that the value 
represents the average residual energy passed by a 

pre-filter .

The effect of impulsive noise is to produce ringing 

in the pre-filter. The energy as recorded in the table 

implies that the energy at the end of a symbol period is 

approximately one-tenth of the tone levels for those 
filters which have not passed one of the four tones. 
However, if fading were present the tone energy would 
reduce, closing the margin for decision making. If the 
amplitude of the input were reduced to 30% of its maximum 
value, the energy contribution of the tones and the 
ringing would be equal. (Energy and voltage are square 
law related )

In the case of blanking a further effect must be 
considered. When the signal is blanked, wanted tone
energy is also removed, the amount of lost energy being 

dependent on the position of the blanked section in 

relation to the peak of the tone symbol. If these are 

coincident then 6.7% of the energy of each tone is lost 
for a blanking period of 0.4 ms. Adjusting the blanking 

results in TABLE 6.1 accordingly, increases the energy 

passed by the filter to 4.3%.

Considering each result the following was observed:

(i) When impulsive noise is not present on the 

channel a residual energy is still passed by 
the filter. This residual is an accumulation
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of unwanted adjacent channel and harmonic 

presence in the filter.

(ii) Since the dynamic range of the (10,4) data 
signal is four times the amplitude of an 

individual tone, it is possible to limit the 
incoming signal to this value. As this 

impulse energy is applied to a pre-filter 

section it is found that an average 11.3% of 

the energy normally expected from a detected 

tone can be attributed to the impulse. This 

percentage gives an indication of the margin 
of tolerance the pre-filters have to ignition 
interference. Under conditions of fading the 
impulse energy passed by a filter will remain 
the same, while the tone energy will fall, 

thus increasing the probability of 
interpreting the interference energy as a 

received tone. This situation will also arise 

if white noise is present which will raise the 

overall level of received energy in every 

pre-filter .

(iii) Blanking of the incoming signal on the 

detection of an impulse is a technique 

employed in speech systems. Its use in the 
data system reduced the contribution of 

impulsive energy to 3.7%. However, the use of 
blanking has a second effect, the reduction of 
signal energy which is removed during the
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blanked period. For a 0.4 ms blanking period 

a maximum 6.7% of the energy passed by a 
pre-filter is removed. This gives a reduced 

margin between tone and interference energy. 
However, it is still an improvement over 

clipping methods.

6.4 Multipath Fading Performance

By simulating multipath fading using a Rayleigh 

distribution as a model , the performances of the two 
modems were compared.

Since this form of interference is dependent on the 
frequency of transmission the experiment was repeated at 

v.h.f. and u.h.f. frequencies (a.m. and f.m. equipments 
were available for high band v.h.f., while f.m. only was 

available at u.h.f.). Details of the radio equipment is 

given in the Appendix. The same equipment was later used 
in field trials.

The signal path is connected in a similar manner to 
the previous Gaussian noise test, however the data now 
modulates a carrier. The transmitter output power was 
presented to the simulator and ultimately the receiver 

via a number of attenuators, allowing control over the 

received signal level . The simulator is based on the 

technique of Arredondo, et al (1973), where independent 

Gaussian noise sources are combined via low pass filters 
which define the simulated vehicle speed for a particular
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carrier frequency. Simulated vehicle speeds were:

v.h.f. (high band) 25 m.p.h. or 39 km.p.h.

u.h.f. 24 m.p.h. or 37.5 km.p.h.

The results produced by recording the number of 

errors occurring for various received signal levels are 

presented in FIGURES 6.9 to 6.11. The signal level is 

recorded in dB relative to IpV p.d. and was estimated 
from the various a.g.c. voltages which had been
previously characterised. Also appearing on the graphs 

are the results of error due to receiver noise.

A summary of pertinent values from the three graphs 
is presented in TABLE 6.2. Included is a calculation of 
the differences in the signal level required to maintain 

the given probability of error for the two modems.

Generally the performance of the poly-signal modem was 

superior to the binary for all three transmissions. The 

shape of the probability of error curve is the

significant factor in indicating this superiority. The 

poly-signal curves show a distinct threshold 

characteristic similar to the effect from additive white 

noise, i.e. when a certain signal level is reached a 

further slight increase in level results in a rapid 

reduction in error. This threshold change is not
apparent in the binary results at the signal levels 

considered. Consequently, as the signal level is 

increased and error reduces, the binary and poly-signal 

curves diverge resulting in an increasing improvement for 

poly-signal systems.
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The straight line effect of the binary results may 

be confirmed by comparison with theoretical studies by 

Brenig (1978) or Kent (1977) and with the practical 

results of French (1977).

It is possible to estimate the average fade duration 

of the incoming signal at the threshold signal level thus 

enabling the effect of fading to be judged. The 

difference between the signal level required at the 
threshold and the noise level of the receiver are used in 

conjunction with FIGURES 3.5 and 3.6 which relate average 
fade duration with the signal level difference. The 
values for the three transmissions are tabulated in TABLE 
6 .2 .

TABLE 6.2 Average Fade Duration at Threshold of Error 
Free Operation - From Equation 3.22

Transmission Signal Level of Threshold 
above Receiver Noise Level

(dB)

Length of 
Average Fade

u.h.f. f.m. 12 6.0 mS

v.h.f. f.m. 20 6.5 mS

v.h.f. a.m. 20 6.5 m S
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As expected the average fade duration of the signal 

at the threshold point is the same regardless of carrier 

frequency or modulation method. This is apparent since 

error is a function of the relation between fade duration 

and symbol length. During the design phase it was 

anticipated that an average fade duration of half the 

symbol length would produce a very low probability of 
error in a poly-signal system. However, the simulation 

showed this figure to be slightly optimistic since from 

TABLE 6.2 the average fade duration at the threshold is 
0.42 of the symbol length.

The results summarised in TABLE 6.2 are relative to
receiver noise, while the results summarised in TABLE 6.3
compare binary and poly-signal values by the difference
in signal level required to produce error rates of 10”  ̂

-4and 10 . Generally, the improvement over binary is again

the same for all three transmissions. However absolute 
values differ. For example, for v.h.f. the improvement 

of f.m. to a.m. is different between the binary and the 

poly-signal results. This is due to change in f.m. 

enhancement from the high signal levels required for 
binary operation.

From this fading simulation study, it may be 
concluded that the binary test modem has similar 
performance to other published systems, that the 

theoretical improvement of the poly-signal modem is
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confirmed, and, by analogy to optics, when the signal 

fade duration is 6.3 ms the channel appears transparent.

TABLE 6.3 Summary of Signal Level Values to produce 
10"3 and lO'^ pe

V . h
a.m.

.f . 
f.m.

u.h.f.
f.m.

10-3 Binary 10 dB 6 dB 6 dB

Poly-signal 4 dB 1 dB 0 dB

Improvement of poly-signal 6 dB 5 dB 6 dB

lQ-4 Binary 18 dB 13 dB 11 dB

Poly-signal 9 dB 5 dB 2 dB

Improvement of poly-signal 9 dB 8 dB 9 dB

6.5 Summary of Conclusions

From the laboratory investigation the following were 
concluded :

(i) The modular structure of the poly-signal 
modem has not produced significant variation 

in operation between tone channels. 

Performance variation is restricted to an 

equivalent of 1 dB change in signal to noise 

ratio of an input signal.
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(ii) Under white noise conditions a 1 dB signal to 

noise ratio improvement exists for the 

poly-signal system despite designing the two 

systems for equal performance.
(iii) The coding strategy used in the poly-signal 

modem produces a less-than-average number of 

bit errors per symbol for symbols with error.
(iv) Any coding strategy employed would be most 

efficient if it were capable of correcting 

symbol errors rather than attempting 

correction of the decoded binary signal .
(V ) The blanking method of ignition interference

reduction contributes 1% less residual energy 
to the tone filter integrators than the 
alternative clipping method. However,

blanking has the effect of removing wanted 

signal energy during the blanked period which 

reduces this advantage. Clipping is 

considered an exceptable method of impulsive 
noise energy reduction even with the dynamic 
range of the poly-signal system.

(vi) Under fading conditions the poly-signal modem 

shows a distinct improvement in error 

performance when compared with the binary 
system.

(vii) A threshold characteristic is noted in the 

probability of error performance for the 

poly-signal system which is not present in
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the binary; this is due to the transparency

of the channel when poly-signal data is

passed .

viii ) The improvement in (vi) increases as (Pe) is

reduced due to the effect described in (vii ) .

ix ) The (10,4) coded modem appears to produce

error free operation when the average fade 
duration is 6.3 ms.
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Appendix to Chapter Six 

Laboratory Test Equipment

This appendix details the following test equipment: 

Data test set

Multipath fading simulator 

Bit rate bandwidth low pass filter 

Ignition interference simulator 

Noise generator 
Radio equipment
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Data Test Set

A binary data transmission test set, I.C.C. 402, 

conforming to C.C.I.T.T. standard V.24 was used for data 

source and error detection. When the test set was used 

in connection with the poly-signal modem the p.r.b.s. 

cycles are modified as shown in the table below.

TABLE 6.4 Modified Random Sequence Lengths

Binary p.r.b.s. New sequence

mark

space

single symbol repeated

dot pattern 2 symbol sequence

63 bit p.r.b.s. 

511 bit p.r.b.s. 

1023 bit p.r.b.s.

9 symbol sequence 

73 symbol sequence 

No repeating symbol sequence

In combination with this test set a symbol error 

detector was designed. This detection allowed the 
correlation between bit error and symbol error to be 

evaluated.
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Multipath Fading Simulator

To simulate signal multipath fading conditions in 

the laboratory the methods used by Arredondo et al. (1973 ) 

were employed. This system consists of dividing the r.f. 

source into two paths and modulating each with separate 

independent Gaussian low pass filtered noise sources. If 

the two r.f. paths are in quadrature, when they are 
combined the output spectra will have a Rayleigh 
distribution envelope, with uniformly distributed phase 
components. A mathematical explanation of this is found 
in Chapter Three.

The shaping of the Gaussian noise sources by the low 
pass filter dictates the simulated vehicle speed for any 
given carrier frequency. The amplitude characteristics 

for the filters used to simulate fading at 165 MHz in the 

v.h.f. high band, and at 460 MHz in the u.h.f. band, are 

plotted in FIGURE 6.12.

Simulated vehicle speeds were:

v.h.f. 25 m.p.h. or 39.0 km.p.h.

u.h.f. 24 m.p.h. or 37.5 km.p.h.

Circuit diagrams and components for the simulator 

were provided by Philips Research Laboratories, Redhill.
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Bit Rate Bandwidth Low Pass Filter

In the measurement of the signal to noise ratio, a 

low pass filter was introduced before the r.m.s.

voltmeter in order to limit the bandwidth of the noise 

element being measured. The 3 dB bandwidth of this 

filter was set to be equivalent to the baud rate.

Analysis on this basis gives a signal to noise ratio 

measured in the bit rate bandwidth which is a common

reference used in the literature. Interpretation of

other reference bases may be made since the noise 
component, by definition, has a uniform power 
distribution.

A Barr and Stroud variable frequency low pass filter 
type EF 100 was used in this application.
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Ignition Interference Simulator

After investigating the effects of ignition 

interference in Chapter Three it was decided to 

approximate this type of interference by a simple 
blanking technique. This form of simulation could either 

be considered as equivalent to an extremely efficient 

zero order noise blanking system when introduced between 

receiver and modulator or alternatively, as equivalent to 

an impulse when preceding the receiver. The latter is 

possible since from the point of view of the demodulator 
the time response of the receiver i.f. will be the same 
for a step or an impulse disturbance.
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Noise Generator

The noise added to the system approximated Gaussian, 

white with zero mean over the bandwidth which extended to 

ten times the upper frequency limit of the modem.

Radio Equipment

Model Mode Band Frequency

Pye Reporter a.m. v.h.f. high 165 MHz

Pye Olympic f.m. v.h.f. high 165 MHz

Pye Cambridge f.m. u.h.f. 460 MHz
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CHAPTER SEVEN

FIELD TRIALS PROGRAMME

As the results of the simulation study confirmed the 

theoretical advantage of the poly-signal modem, a series 
of field trials were organised. The value of this 

approach was threefold; it enabled comparison under the 

combined intereference conditions; it eliminated the 
doubt about simulation, which may be considered as merely 
an extension of theoretical work since the same 
mathematical model was used in the simulation design; 

and finally it was complementary to the pool of published 

field results which seems relatively small at present 
compared with the overall interest in the subject (see 
Section 2.2).

Trials were organised with the following aims:

(i) To establish the performance of the
poly-signal (10,4) coded modem in an urban 

environment with normal traffic conditions.

(ii) To assess the performance of the binary modem

with published data and so validate its use as

a comparison system in (i).

(iii) To set a basis for future work with

poly-signal schemes .
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7.1 Test Location

The location chosen for the test transmissions was a 

2.4 km circular route close to the centre of the city of 

Bath. A map of the area is shown in FIGURE 7.1. The 
route was designed to allow the vehicle to proceed at a 

constant speed, avoiding traffic congestion by choosing 

suitable rights of way at main junctions. Conditions 

around the route vary. From point (1) in The Circus 
through to point (2), the road is enclosed by four-storey 

buildings which are characteristic of Georgian Bath. The 

route proceeded around Queen Square, which has a small 
park with trees in the centre, to point (3). Between (3) 
and (5), there are sections with lower buildings but 
narrow roads such as Great Stanhope Street (4), and the 
roads run radially from the direction of transmission. 

Marlborough Lane (5) is open to parkland on the
transmitter side, but other sections between (5) and (7)
are enclosed in a similar manner to the first section.
From point (7) back to the start, conditions are again

similar to those between (1) to (2).

Photographs of Great Stanhope Street and The Circus 

are shown in FIGURE 7.2 and FIGURE 7.3 while an overview 

of the city is shown in FIGURE 7.4.

Traffic conditions allowed the test vehicle to 

progress between 20 and 25 m.p.h. (40 km.p.h.). Part of 
the route was the main A4 London to Bristol road and
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therefore passing and following traffic were a continuous 

feature during daytime trials.

The test area varied from 2.1 km to 2.9 km from the 

transmitter site. Allsebrook and Parsons (1977) have 

produced a terrain profile of Bath from the transmitter 

site, which indicates that the city is shadowed for 2.8 

km. Only Marlborough Lane and Marlborough Buildings are

outside the shadowed area.

7.2 Test Equipment

The two transmitter sites were in locations within 
the University campus. The u.h.f. aerial was located at
the top of a nine-storey accommodation block (Wessex 
House) and consisted of ,a nine element Yagi, giving an 
e.r.p. of 3.2 watts. This site was particularly 
advantageous for cover of the city and considerable 
reduction in the transmitted power was necessary to 
induce error in the test transmissions. The v.h.f. 

aerial was sited atop the electrical engineering building 

(2.East). E.r.p. from this site was 30 watts. However, 

due to the reduced height of the site and its location, 

which was further from the brow of the hill than the 

u.h.f. equipment, coverage of the city was much reduced. 
The receiving equipment used was the same as that

described in the appendix to Chapter Six. These 

equipments formed part of the University's radio research 

f acilities.
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The vehicle used in the trial was a Morris Marina 
Estate (reg. SYD 525M). Ignition suppression of the 

vehicle was of a standard acceptable for normal broadcast 

reception. No other modifications were made.
Vehicle-mounted equipment consisted of a four channel 

digital f.m. tape recorder, an associated inverter, three 

receivers, and a log i.f. amplifier.

In the laboratory additional equipment not used in 

the previous experiments were a p.1.1. clock synchroniser 
used to synchronise real time demodulator and recorded 
data, also a chart recorder for assessment of signal 

level.

7.3 Test Procedure

For ease of analysis a feature of the information 

gathering was the simultaneous recording of received 
signal level and data information. A block diagram of 

the data recording process is shown in FIGURE 7.5. The 

data test set was used as a p.r.b.s. generator and was 

clocked by the modem. Data was thus transmitted via 

Tx 1. In the vehicle the audio output of the receiver, 

which contained the data information, was recorded. 

Simultaneously signal level was recorded via the log i.f. 
amp or by a.g.c.

Since the tape recorder speed varies during the 

course of a complete test run and again will also be 
different on replay, it was not possible to synchronise
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the test set internal p.r.b.s. with the demodulator

p.r.b.s. to make comparison. One was run from the

laboratory clock while the other (demodulator) was
derived from the recorded data. This continuity problem
was solved when testing the poly-signal modem by the use

of a second radio link to the vehicle which enabled the 

clock information to be recorded simultaneously with the 

data. FIGURE 7.6 shows how the recorded data was

analysed. The clock from the recorder was phase locked 

with a laboratory reference. The filter time constant of
the loop was chosen to prevent error from occasional
excessive signal fading.

For analysis of the binary modem an alternative 
approach was used. This was necessary since the period 
of one symbol in the binary modem was a seventh of the 
symbol period in the poly-signal system. Path delay

between the clock and data signals was therefore more 
critical. For this reason analysis of the binary modem 

was performed with a vehicle-mounted demodulator.

7.4 Test Results

The level of the received signal envelope around the 

test route is shown in FIGURES 7.7 and 7.8. The fading 

response appears to vary between the v.h.f. and u.h.f. 
receivers, but this is merely a result of the variation 

in time constant between the a.g.c. circuit used for
a.m., and the log i.f. amplifier used with f.m.
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equipment. From an expanded copy of these records the 

mean received signal level was estimated. A large 

variation of the mean signal level occurred over the test 

route, and maximum and minimum values appear in TABLE 

7.1. Because of this variation it was necessary to divide 

the route into a number of sections, chosen by similarity 

in signal level .

Estimation of minimum error probability was limited 

by the available signal at the receiver (see TABLE 7.1). 
High error rates were achieved by reduction in 
transmitter power, and not by attenuation in the received 
signal which would reduce the proportion of ignition 
interference. The limit to error estimation at high 
error rates was the eventual loss of synchronisation, 
while for low error rates, estimation was limited to the 
number of bits that were available to count over a 

section of constant mean signal level.

Correlation between mean signal level and bit error 

was made over a number of repeated test runs. The 

results appear as graphs of probability of error (P e ) vs 
signal level given as dB relative to 1 jjlV p.d. The 

individual points on these graphs represent the averaged 

number of errors from a particular route segment, and 
hence signal level, over a number of test runs. Where 

more than one point occurs for the same signal level, it 

implies that the value is obtained from a different 
portion of the test route. This situation occurs when
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two sections of the test route have the same level, or 

when signal levels were changed by reduction of 

transmitter power in later runs.

7.5 Binary Modem Performance

In order to varify the performance of the Motorola 

modem the results were compared with French(1975). French 

has conducted extensive trials with binary systems and 
concluded that the error performance can be predicted 
with certainty. The Motorola modem performance is in 

extremely close agreement with the values given. A later 
study by Parsons and Pongsupaht (1980) also confirms the 
conclusion.

7.6 Conclusion

These field trials have resulted in confirming the 
improvement derived from a poly-signal signalling scheme. 

In particular, a comparison of a bit error rate of Pe = 

10  ̂ shows a 10 or 11 dB advantage for v.h.f. and a 14 dB 

advantage for u.h.f. Also this advantage appears to 
increase as the error rate is reduced.

Since full analysis of these results cannot be made 
in isolation from other material, further comment is left 
to the discussion section.
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TABLE 7.1 Maximum and Minimum Received Signal Levels

Signal Level (^V ) Location Transmission

Min. 1.5 

Max. 10

Queen Square 

Marlbro. Bids

u.h.f.
(800 mW e.r.p.)

Min. 10 

Max. 30

Upper Church St 

Brock St/Marlbro. Bids
v.h.f. (a.m.)

Min. 0.3 
Max. 10

Crescent Lane 
Marlbro. Bids

v.h.f. (f.m.)
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CHAPTER EIGHT

DISCUSSION AND ASSESSMENT OF RESULTS

Combining theoretical, laboratory and field trial 

results an assessment of the poly-signal approach to land 

mobile data transmission as a single transmitter 

optimisation can be made. The field trial results show 

that a marked improvement in performance is achieved with 

the poly-signal system compared with the binary in all 
three test transmissions, confirming the early results.

8.1 Comparison of Field Trial Results

From the field trial investigation six sets of 
results are available for comparison, three binary and 
three poly-signal. These will be compared by modulation 

mode and by carrier freguency.

8.1.1 A.M. vs F.M. at V.H.F.

TABLE 8.1 summarises signal level values when one 
error in one thousand is recorded. The a.m. and f.m. 

results for v.h.f. differ by 3 dB for the binary modem 

and 2 dB for the poly-signal modem. The difference in 

both cases may be attributed to threshold f.m. 

improvement. The smaller difference for the poly-signal 

system is accounted for by the much lower absolute signal 

level which makes it of comparable value with the f.m.
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threshold itself. Enhancement is therefore not as 

pronounced.

The improvement of poly-signal over binary at v.h.f. 

is 10-11 dB in both a.m. and f.m. transmission. However, 
the error curves for the two modems are slightly 
divergent, showing further improvement for the 
poly-signal system as signal level increases. This 

divergence is not as marked in the a.m. case as it is in 

the f.m., see FIGURES 7.9 and 7.10. An extra 2 dB 
improvement at Pe = 10"^ compared with Pe = 10~^ occurs 
with f.m. with a projected overall improvement at Pe = 
10"5 of 17 dB.

8.1.2 F.M.: V.H.F. vs U.H.F.

The u.h.f. improvement of poly-signal over binary is 
3 dB more than in the v.h.f. case at Pe = 10 ^ . Such an 
advantage can be predicted since fade duration decreases 
as carrier frequency increases (see Section 3.3.1). Under 

this condition it would be expected that a higher 

percentage of j symbols would survive fades.

The significant feature of the probability of error 
curve in FIGURE 7.11 is the increased divergence between 

binary and poly-signal results compared with the v.h.f. 

results. This shows that employing the poly-signal 
method of signal construction it is possible to make the 

data message transparent to the time disruptive elements 
of the channel.
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The results also imply that the symbol rate needs to 

be lower in the v.h.f. case than previously predicted to 

achieve the full benefit of the method.

8.2 Agreement with Theory and Laboratory Results

A theoretical analysis concluded that if a modem 

could be constructed using a poly-signal technique with 

an (n/M) ratio of (0.4) it would not suffer loss of 

performance with respect to a binary system transferring 

the same information under additive white noise 
conditions. Rather, an improvement should be expected as 
the reduced symbol rate would make the change of 
information slow compared with impulsive and fading 
interference effects.

It has already been shown from the field trial 

results that the poly-signal modem has achieved this 
improvement. However, had all fading and ignition 

interference been transparent, the poly-signal error 

probability results would exhibit the characteristic 

shape resulting from Gaussian additive noise, since this 

would then be the predominant source of error. 

Examination of the field results shows that this effect 
is not pronounced, indicating the presence of some 

non-additive error.

One anomaly to be explained here is the reduction in 

divergence of the field trials results compared with the 
laboratory results, combined with the observation in the
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previous paragraph. Noting the clear improvement 

established under conditions in the laboratory study this 

reduction in divergence would appear to indicate that 

ignition interference is playing a significant part in 

error formation.

8.3 Fade Rate Survived

By a comparison between the field and laboratory 

results it has been possible to assess the average fade 
rate which is survived by the data and compare it with 
the simulation. The analysis relies on assumptions about 
additive noise ignition interference and fading. These 
assumptions are :

(i) The effect of ignition interference is the 
same for f.m. at v.h.f. and u.h.f. (French, 
1978: p.116).

(ii) The additive noise performance is 1 dB better 

for the poly-signal system compared with the 

binary (from laboratory work, SECTION 6.2.1).
(iii) The fading experienced around the test route 

has the same distribution as the laboratory 
simulation.

Error contribution is found by working on the 

difference between the results as presented in FIGURES 

6.9, 6.10, 6.11 and FIGURES 7.9, 7.10, 7.11. Then with
reference to the statistical information in Chapter 
Three, particularly FIGURES 3.5 and 3.6 and following a
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similar method to that in SECTION 6.5, average fade 

duration survived by the data was estimated at 3.6 mS.

Comparing this value with the 5.5 mS obtained by 

simulation indicates that the data signal is not as 

immune to fading as expected. However, it is most 

probable that because of the involved assessment method 

error in estimation has accumulated, indicating that 

interpretation of the field results to this degree is 
inconclusive. This was also true for an assessment of 
ignition noise, further trials would be necessary to 

isolate these sources .

8.4 Comparison with Other Error Reduction Technigues

Possibly the most revealing comparison of the field 
trials is to be made with published results from field 

trials employing other error reduction techniques. Three 
methods of data transmission for the land mobile service 

have received special investigation: space diversity,

a.r.q. and redundancy coding.

The latter technique is akin to the poly-signal 

system since a single transmitter installation may be 

used. A recent study by Mabey (1978) has results of such 

a scheme which are presented in a similar standard form 

to those in this work, i.e. they relate to a u.h.f. 
scheme and are produced from field trials. Reference is 

made to (page 102, fig.9) where random error correction 
codes are used to reduce error rate. A code of block
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length 63, containing 30 information bits, and a 

transmission rate of 1200 bits per second is used. This 

represents (30/63 x 1200 = 572) or approximately 600

b.p.s. of useful data.

Comparing the random error code technique with the 

poly-signal system, the latter has a small performance 

advantage of approximately 2 dB. This is a particularly 
strong indication that a suitable alternative to binary 
systems is possible using a poly-signal method.

The other techniques mentioned may not be 
implemented using a single transmitter and are therefore 

not directly compatible. It was a particular feature of 

the investigation to rely upon a single forward path for 
the successful transfer of data because in many cases 
this allows immediate connection to existing voice links.
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TABLE 8.1 Signal Level Values for a Bit Error Rate 
of 1 in 1000 (dB's)

Scheme V . h .f . u.h.f.

a.m. f.m. f.m.

Binary 24 21 16 .0

Poly-signal 13 11 2.5

Improvement of Poly-signal 11

.

10 13.5
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CHAPTER NINE

CONCLUSIONS AND RECOMMENDATIONS FOR FURTHER WORK

9.1 Conclusions

A technique for adopting a slow baud rate system 

with a high information capacity by a poly-signal 
structured modem has been shown to have an improved 
performance over binary schemes when operating under land 
mobile conditions. This improvement is derived from 
immunity to multipath fading. The main time disruptive 
element remaining is ignition interference which is an 
inherent problem because of the narrow-band filters 
required in the tone detectors. However, it was 

concluded in the laboratory study that zero order 

blanking could reduce ignition interference more than the 

clipping method employed in the experimental unit.

An investigation of m-ary schemes has shown that 

m.f.s.k. modulation is necessary and that non-coherent 

demodulation must be used. From the propagation 

investigation a minimum symbol length of 12 ms (for 

v.h.f.) was suggested as a requirement to provide 

immunity to multipath fading. Therefore, to achieve a 

useful equivalent bit rate poly-signal systems are 
essential.
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From an investigation of the possible detection 

methods, it is concluded that a fixed number of tones 

must be simultaneously transmitted per symbol to optimise 
the process. Further, to contain dynamic range the 
maximum number of tones transmitted at one time must be 

limited to four. The loss of encoding power which 

results from this limitation was not considered to 

disadvantage the method. In operation, it was found that 
reliable self — synchronisation could be achieved under 

severe interference conditions by using a peak detection 

system on selected tones enabling resetting of the local 

clock.

The hardware implementation of the scheme presents 
the major barrier to further experimentation and use of a 
poly-signal scheme. The analogue techniques used in this 
investigation occupied two 19 inch rack units, the space 
mainly used for filter circuitry. If the filter 

algorithm described could be implemented using a digital 

technique, size could be reduced and a poly-signal scheme 

may well become an attractive solution.

9.2 Recommendations for further work

The investigation into poly-signal systems requires 

research in two distinct disciplines. Firstly, m-ary 
conversion codes and redundancy coding for poly-signal 

systems need a mathematical base to enable assessment of 

suitable codes and their power; then, digital techniques 
are required to rationalise the hardware. This will



232

facilitate further experimentation and work towards 

possible commercial design.

The m-ary coding issue appears to have been raised a 

number of times in previous years with recommendation for 
further work. This investigation is no exception, 

however now an extra dimension is added with poly-signal 

coding. It has been suggested that the use of binary 

redundancy coding for the poly-signal modem would be an 

inefficient solution. This is because upon decoding many 

binary errors would result from one symbol error, 

implying more involved correction codes and reduced 
efficiency. However to develop the new codes a 
mathematical basis is necessary. It is recommended that 
a study to establish if a simple redundancy code, say by 
encoding a number of symbols into a block and adding an 
additional check symbol to the block, is more efficient 

than a binary equivalent. This may then yeild some 

general code analysis technique which does not exist at 

present.

This investigation has by necessity had to 

concentrate upon one particular modem. It would be of 

most value to extend the results by experimenting with 

other alphabet sizes. To allow this the development of a 

computer based algorithm is required which could be 

applied to a suitable fast micro-processor. Initially 
the success of the design could be established by 
repeating the experiments in Chapter Six.
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Finally, two results which need further 

investigation. Firstly, by increasing the signal 

alphabet and reducing the symbol rate the fading 

dependence which remains at v.h.f. could be overcome. It 

would be interesting to see the overall effect, since 

changing the alphabet size changes the Gaussian noise 

performance relative to a binary scheme. Secondly, the 
immunity to ignition interference suggested in Chapter 

Three has not been forthcomming, therefore work on 
reduction of this element should prove rewarding. Filter 

types exist which have reduced ringing - such as Gaussian 

filters, while improved ignition pulse detection could 
allow blanking to be employed.
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