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A bstract

The choice of the modulation format is the principle factor in realising a high- 
performance bandwidth efficient communication system at an acceptable cost and 
complexity. Pulse time modulation technique represents an attractive alternative to 
purely digital or purely analogue modulation schemes which has received considerable 
attention over the years. But very little work has been reported on pulse slope 
modulation. In this work a pulse slope modulation introduced and full waveform 
characteristics is given. A simple novel receiver has been proposed, which is based on 
converting the PSM waveform into a PAM waveform by sampling the received PSM 
signal at the rise time interval. This design eliminates the use o f a differentiator and a 
voltage sheer adopted in the classical demodulation technique, and it offers simplicity 
and improved noise performance. A new signal-t-noise formula has been presented for 
the first time thus enabling users to predict the system noise performance. Experimental 
results have shown excellent agreement to within ±ldB with theoretical predictions 
using the new formula. Results obtained show the potential o f PSM in terms o f 
simplicity and better noise performance compared to its counter part pulse amplitude 
modulation.

Although PTM has many advantages over analogue and digital schemes when employed 
as a single channel system, it becomes a challenge when multiplexing is involved. 
Isochronous PTM schemes are suitable while the anisochronous schemes are not. One 
solution to overcome this problem is to adopt a hybrid or compound modulation 
technique, where both isochronous and anisochronous schemes can be combined. 
Compound frequency and width modulation (CPFWM) is one such a scheme which 
offers bandwidth efficiency, simplicity and low cost over the more commonly used 
multiplexed techniques. Detailed investigation o f CPFWM has been given and in an 
expression for its spectrum has been developed. The results obtained have been clarified 
practically and by means o f computer simulation to within ±1 dB.

In CPFWM, cross talk in the PFM and PWM channels are due to width modulation and 
frequency modulation, respectively. The main cause o f cross talk is the carryover 
energy from one edge to the next edge. This effect is studied and he results obtained for 
the cross talk are compared with the predicted data showing an agreement to within 
±ldB. Results were also compared with time division multiplexed pulse position 
modulation, showing comparable performance and under certain conditions CPFWM 
offering better performance.

Noise performance of PFM and PWM channels has been theoretically and 
experimentally investigated. It has been shown that PFM is superior to PWM over a 
wide range of modulation indices and pulse characteristics. When both channels are 
identical in bandwidth and modulation conditions, PFM offers a 7 dB improvement 
compared to PWM channel. The noise performance of CPFWM system is also 
compared with digital and analogue modulation schemes. For 25 dB CNR, CPFWM 
offers a 40 dB SNR which is 20 dB higher than amplitude modulation, 17 dB lower 
than PCM system. At CNR > 35 dB its performance approaches that o f PCM system. 
Thus showing the potential o f the scheme.
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Chapter  One

Introduction

In the past decade there has been a rapid increase in the number o f applications o f 

broadband transmission and local area networks for instrumentation and 

communication systems. In these systems, high speed data and wideband video and 

voice signals are usually transmitted over short to moderate distances. Diverse services 

such as teleconferencing, remote monitoring, community antenna television (CATV) 

networks, TV distribution within schools, hospital etc., along with high speed graphics 

require wideband and cost effective communication links. In these circumstances, a 

wideband , high quality, and reliable transmission system is required both in temporary 

and permanent system installations. Traditionally, coaxial cable has been used as 

transmission media for wideband systems over short distances and microwave links 

have been used to cover longer distances [1-5].

However, coaxial transmission is a very limited medium, and suffers from many 

problems. Depending on the diameter o f the coaxial cable, the length o f a cable link 

ranges from few hundred meters to two kilometers. To satisfy the stringent 

requirements for freedom from interference these cables are usually fitted with special 

shielding. Thus, they are bulky, heavy and difficult to handle which is a considerable 

disadvantage in temporary installations. Furthermore, the transmission parameters are 

temperature and humidity dependent which makes system adjustment always
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necessary. Special earthing facilities may also be required in order to protect users 

from lightning [5, 6].

In case o f microwave links, line-of-sight propagation is required between transmitter 

and receiver. The frequency o f operation and polarization should be carefully chosen to 

avoid interference with other users. If several channels are to be operated in parallel, 

the required bandwidth is considerably increased. Unfavorable topography or 

atmospheric conditions can degrade transmission [7].

However, by introducing optical fiber technology, it would be possible to create a 

transmission system that could outperform coaxial cable and microwave systems and 

solve all problems associated with them, in both temporary and permanent installations. 

Therefore, for wideband transmission systems, it seems that optical fiber technology is 

an attractive and nearly ideal transmission medium because o f its wide bandwidth and 

very low attenuation (<0.1 dB/km). This is in addition to its very small physical size, 

low weight, flexibility, and immunity against electromagnetic interference. Optical fibre 

systems have also the property o f operating in the multi-gigabits/second region over a 

very long distance as recently demonstrated [8]. Furthermore, gains may be realised 

with the advent o f wavelength division multiplexing, optical amplifiers, coherent optics 

and soliton optical communications [9-13].

In all o f the above systems, however, several possible methods have been considered 

for realising optical transmission. These are: direct intensity modulation by the 

baseband signal or analogue radio frequency (RF) signal, optical intensity modulation 

after converting the baseband signal into a digital signal such as pulse code modulation 

(PCM), and finally optical intensity modulation after converting the baseband signal 

into pulse analogue signal. The careful choice o f modulation format is o f prime
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importance and may need to be looked at from the point o f cost, performance and 

system complexity [9, 10].

Purely analogue transmission is based on the modulation o f a light source driving 

current directly by the information signal or by an intermediate electrical carrier 

modulated by the information signal. This kind o f transmission has the merits o f 

simplicity, bandwidth efficiency, and reasonably low cost [14, 15]. However, the major 

limitation o f this method is the source linearity requirement [15-18]. This requirement 

is such that, for light emitting diode (LED) implementations, the dynamic range is 

usually insufficient for realistic application, whereas injection laser sources require very 

precise biasing and the optical modulation depth is limited by the threshold current [15- 

17]. In addition to that, pure analogue modulation can not provide the required signal- 

to-noise ratio for reliable and efficient transmission. This is besides, a significant 

amplitude and phase distortion which may be experienced due to the modal noise [18].

On the other hand, digital transmission over optical fibre has been proved to be well 

suited because o f their high performance and the simplicity o f integration with digital 

network. Unlike analogue transmission, the digital technique does not suffer from the 

source linearity. It is also free from deterioration o f the quality by relay transmission, 

making the long-distance transmission feasible. However, the data rate required for 

digital wideband transmission is very high. Due to the high cost and the complexity o f 

high speed digital transmission the application o f a digital scheme to wideband signals 

is still limited only to the long haul transmission [19]. Therefore, especially for short 

length links, the analogue transmission is preferable [19].

An alternative approach that occupies an intermediate position between purely digital 

and purely analogue form is the pulse time modulation (PTM) scheme. This scheme has 

the features that the performance is less affected by the non-linear distortion o f the light
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source and allows routing through logic circuits and switching nodes in a network. 

PTM scheme requires no coding and can be realised by a simple circuit structure. 

Moreover, it also offers much improved signal-to-noise ratio performance compared 

with the purely analogue scheme with very low bandwidth overhead when compared 

with digital schemes. In effect, PTM has the ability to trade-off performance with 

bandwidth overhead, which is a particularly exploitable feature in fibre systems [20, 

21]. For example, in short distance local area networks (LANs) it is most likely to use 

multimode or monomode fibre with a dispersive optical source, all o f which impose a 

significant bandwidth limitation in optical channel. In these applications low-speed 

optical sources such as LEDs can be used, while still achieving the required signal-to- 

noise ratio. In contrast, the available bandwidth on the long distance terrestrial and 

undersea routes may be many orders of magnitude broader where optical amplification 

and soliton techniques are employed [13]. This additional bandwidth can be readily 

exploited by PTM to improve signal-to-noise ratio performance. The ability to 

exchange signal-to-noise performance against bandwidth extension is a property o f 

PTM modulation techniques and is of increasing importance in high-speed networks 

[20].

Although the basic framework of research into PTM techniques was first reported in 

the late 40s’ [21-25], it is only recently that a revival of interest has been experienced 

with the development o f fibre transmission systems. The development o f the different 

types of PTMs is basically based on the variation o f the particular characteristics o f a 

train of pulses. Consequently, a variety of pulse modulation schemes was developed. In 

pulse width modulation (PWM), sometimes referred as pulse duration modulation 

(PDM), the width o f the pulse train within a predetermined time frame is changed 

according to the sampled value of the modulating signal. Pulse position modulation 

(PPM) may be considered as differentiated PWM and carries information by virtue o f
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the continuously variable position of a narrow pulse within a fixed time frame. 

These modulation schemes will be considered in later chapters.

Unlike all the above mentioned PTMs, pulse slope modulation (PSM) is obtained by 

varying the rise-time o f the pulses so that the slope of the rising edge is determined by 

the amplitude o f the modulating signal. Although PSM was first introduced for line 

circuits in early 50s, no further work was done until recently where PSM has been used 

for transmitting analogue signals by optical fibres over moderate distances [26-30]. 

PSM systems have the advantages o f simplicity, bandwidth efficiency, very low cost 

and comparable performance with a number o f other PTMs. PSM is very simple to 

multiplex which is considered as an advantage over most of the PTM techniques where 

multiplexing is not that straight forward. In the next chapter, full characterisation o f the 

PSM system is given, together with a novel design for the receiver. The noise 

performance o f the PSM system has been treated in detail, and the practical and 

theoretical results are also compared.

Despite the fact the PTM techniques save transmission bandwidth and are less affected 

by the non-linearity o f the optical source, which make them attractive for many 

wideband applications, PTMs have a demerit in that the multiplexing is not easy. This 

is because the information is carried on one o f the pulse characteristics, such as the 

width or position, which makes the time division multiplexing (TDM) difficult. 

However, although in principle frequency division multiplexing (FDM) is possible, 

because o f the nature o f their frequency spectrum, which is spread over a wide range, 

PTMs are difficult to multiplex in the frequency domain. Very little work has been 

undertaken on pulse time multiplexing. The usual method for transmitting several 

signals is based on a FDM/PTM approach. An alternative method o f multiplexing 

PTM signals is to implement either the FDM or the TDM techniques within the PTM 

framework. In contrast to FDM and TDM, an alternative approach based on combining
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different PTM schemes has been recently developed. This type o f multiplexing 

method, known as compound pulse time modulation (CPTM) or some times as hybrid 

pulse time modulation [31, 32], is accomplished by a sequence o f cascade PTM 

modules, where the modulated PTM signal o f the first module is used as a reference 

signal for the second modulator. The advantage o f this technique is that channel 

synchronisation is not necessary which makes it more attractive than TDM, and the 

whole system can be realised by simple circuit structure. Also CPTMs have very 

effective bandwidth utilisation, and each channel can be multiplexed and demultiplexed 

without the need for modulating or demodulating the other channel. This means that 

the cross-talk is very low in CPTMs. However, although that some CPTM schemes 

have been reported but very little work has been carried out on the theoretical analysis 

of the scheme.

In the following chapters the theory of CPTM techniques is investigated in detail. Both 

theoretical and experimental results are presented. The different methods o f generation, 

and demodulation, have also been considered. Complete characterisation and 

implementation o f one type o f the CPTM, namely, compound frequency width 

modulation is studied in detail.
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Chapter  Two

Modulation Techniques for Wideband  

Signal Transmission

2.1 Introduction

Fibre optic transmission systems offer a unique set o f solutions (and problems) to the 

monumental task o f moving mountains o f information from one location to another. 

However, like any form of communication, the signal to be transmitted must be 

encoded onto the carrier at the source (transmitter) and decoded from the carrier at the 

destination (receiver). When the carrier is a light wave, signal encoding is physically 

done either through direct modulation or external modulation o f the light source. 

Within this modulation method exist a variety of signal encoding schemes that can be 

classified as either analogue or digital. The type o f modulation and encoding for the 

fibre optic transmitter depends on a number of factors, but some light sources are 

better suited for certain schemes than others.

In this chapter the different modulation techniques are discussed and compared in 

terms o f cost and performance. Emphasis will be on pulse analogue modulation which, 

as will be seen, is the best compromise in terms o f cost and performance.

7



2.2 Pure analogue modulation

This is the simplest form o f transmission, which is based on modulating the amplitude 

or the phase/frequency o f the carrier in electrical transmission. However, in optical 

transmission, analogue modulation refers to intensity modulation which is based on the 

modulation o f the driving current o f the light source directly by the information signal 

or by an intermediate electrical carrier modulated by the information signal. The basic 

structure o f an analogue optical fibre transmission system is shown in Fig. 2.1. At the 

transmitting end the baseband information signal is used to modulate the driving 

current o f an optical source which will determine the optical power. At the receiving 

end optical signal is converted back into electrical signal through an optical receiver. A 

low-pass filter is employed to recover the information before being amplified.

Optical Fibre

Optical
Receiver

Buffer and 
Amplifier

Low-pass
Filter

Wideband
Signal
Source

Optical
Transmitter

Information

Fig. 2.1 Analogue optical fibre transmission system.

Consider an optical transmission system; The modulation index for analogue intensity 

modulation is defined as the ratio o f the peak modulation current to the D. C. bias 

current o f the optical source as follows [9];



m = (2 .1)

where Ip is the peak current, IQ is the bias current.

The required optical transmission bandwidth is the same as the baseband signal 

bandwidth which means that this modulation technique has the best bandwidth 

efficiency compared to the digital schemes. However, this system suffers from poor 

noise performance and non-linearity problems. The system linearity is usually 

determined by the optical source and some times by the optical receiver. The more 

linear, surface emitting double hetrostructure LED’s typically have a total harmonic 

distortion about 45 dB below the signal level for a modulation index o f 0.7. The 

harmonic distortion decreases as the modulation index is reduced, but at the expense o f 

reduced signal power output and noise performance. Most often an equalisation circuit 

is needed at both the receiving and the transmitting ends to minimise the non-linear 

distortion [9, 16, 33 , 34].

At the optical receiver, in general, there are several noise sources that contribute to 

the system noise performance. These are; thermal noise, shot noise, dark current noise 

and the modal noise which will be present when multimode fibre is used. An expression 

for the signal-to-noise ratio (SNR) performance may be given as [9];

SNR= [R0GPom /(\+ m )]
[2 e G \ l d + R0P0)+ < I S >2 +(R0GP0) 2 (M N  + RIN)]fs

(2.2)
= m 2 /  (l + m)2CNR
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where, e is the electron charge, PQ is the peak received optical power, Ro is the 

responsivity o f the optical detector, Id is the dark current, <I> is the receiver 

equivalent noise current, G is the avalanche gain (which is equal to one for the PIN 

diode), f s is the baseband signal bandwidth, M N  is the modal noise, RIN  is the relative 

intensity noise which exists when laser diode is used as optical source, m is the 

modulation index, and CNR is the carrier-to-noise ratio. Equation 2.2 is analogous to 

that of conventional AM electrical transmission.

Equation 2.2 is plotted in Fig. 2.2 which shows that analogue modulation has no 

inherent SNR improvement over CNR. The best improvement might be obtained at 

maximum modulation index in which SNR is 3 dB less than CNR.

50

40

m ~tf.530
to2,
cc
zw

20 m = 0.25

10

15 20 25 30 35 40 45 50

C N £  (dB)

Fig. 2.2 O utput SNR  versus input CNR for analogue modulation transm ission 

system.
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2.3 Digital modulation

A digital wideband transmission system is shown in Fig 2.3. In this system the 

analogue baseband signal is first converted into digital format by an analogue to digital 

converter (ADC). The output is then changed into a binary data stream using a coder. 

In general, the sampling rate should be at least equal to the Nyquist rate, i.e. twice the 

bandwidth of the baseband. Each sample is then represented by a code, in the case o f 

pulse code modulation (PCM), o f w-bit length. The transmission bit rate required for 

such a system is very high, as an example a baseband signal of 27 MHz bandwidth will 

require a data rate of 550 Mbits/s at Nyqist sampling rate and 10 bit per sample code 

word. This indicates that digital transmission requires a very wide channel bandwidth 

compared to analogue systems, thus making it bandwidth inefficient system.

source 
& driver

ADC Coder
Wideband 

signal source

Optical
fibre

DAC Decoder
Low-pass 
filter & 

amplifier
Information

Optical

receiver

Fig. 2.3 Typical digital transmission system block diagram.

At the receiving end, the optical signal is first converted back into electrical form 

before being decoded by a decoder. The original information signal is then recovered 

by a digital to analogue converter (DAC) followed by a low-pass filtering. However,
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where non optical transmission is employed, the same demodulation technique will 

apply, and only the electronic parts of the demodulator will be used.

The most important advantages of digital transmission are the high signal-to-noise 

performance and improved system linearity which to great extent is independent o f 

transmission channel quality.

In PCM system, the noise level at the output o f the receiver is mainly determined by 

the quantization noise at the encoder. The output SNR in terms o f the input CNR is 

given as [35 ];

3 n 2
SNR =  q—  (2.3)

1 + 4 n2P v 'q e

and the probability o f error is;

P = erf {̂ 1 CNR) 
e

(2.4)

where, Pe is the error rate, nq is the number o f quantisation levels, and erf() is the error 

function o f the enclosed quantity. Figure 2.4 shows the noise performance o f a digital 

system with nq = 16 together with an analogue system with 100% modulation index. 

The digital system offers an SNR o f 55 dB at CNR o f 20 dB compared to 17 dB 

obtained in an analogue system. This shows the inherent signal-to-noise ratio 

performance improvement that digital systems have. Increasing the number o f 

quantisation levels can improve SNR and reduce distortion but at an expense o f the 

increased system bandwidth [9, 35]. A variety o f coding and bandwidth compression 

techniques are being investigated to reduce the bit rate required for digital 

transmission.
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40

mTJ
30a:z
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A n a l o g u e  
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Fig. 2.4 Output SNR versus CNR for digital and analogue transmission system. 

2.4 Pulse analogue modulation

Pulse analogue techniques are based on modulation of light source driving current by 

intermediate electrical pulses generator modulated by the information signal, as shown 

in Fig. 2.5. These techniques have the features that the overall system performance is 

less affected by the light source non-linearity and they have reasonably simple circuitry. 

This is in addition to having much improved SNR performance when compared with 

purely analogue, and low bandwidth when compared with digital modulation 

techniques. In effect, pulse analogue schemes have the ability to trade-off performance 

with bandwidth, which is a particular feature in fibre systems [1, 9]. For example, in 

short distance local area networks (LANs) it is most likely that multimode or single 

mode fibre with a dispersive optical carrier will be used, all o f which impose a 

significant bandwidth limitation on the optical channel. In this circumstance, low-speed 

optical sources such as light emitting diodes (LEDs) may be used, while still achieving
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the required signal-to-noise ratio. In contrast, the available bandwidth on long distance 

terrestrial and undersea routes may be many orders o f magnitude broader where optical 

amplification and soliton techniques are employed. This additional bandwidth can be 

readily exploited by pulse analogue modulation to improve performance and signal-to- 

noise ratio [1, 9, 13, 20].

fibre

Information
receiver

OpticalPulse
analogue
demodulator

Fig. 2.5 Pulse analogue modulation system.

Although the basic pulse analogue schemes were first reported in the late 40s [21-25], 

it is only recently that a revival of interest has been experienced with the development 

of fibre transmission systems. The development o f the different types o f pulse 

analogue modulation is based on the variation o f particular characteristics o f a train o f 

pulses as illustrated in Fig. 2.6. In general, pulse analogue modulation can be divided 

into pulse time (PTM) and pulse shape modulation. The common feature o f all PTM 

techniques is that the modulated signals are all pulses with amplitude switching 

between two different levels (zero and one). This means logic circuits can be used to 

process these pulses. PTMs are divided into two types, namely; isochronous and

Pulse
analogue
modulator

Wideband
signal
source

Optical 

source &

driver
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anisochronous [20]. In the former category the modulating signal changes the position 

or the width of the pulses, but maintains a constant sampling frequency, as in pulse 

width modulation (PWM) and pulse position modulation (PPM). In contrast, in 

anisochronous methods the frequency o f the pulse train varies with the amplitude o f the 

modulating signal at that particular instant, thus has no fixed sampling frequency. PTM 

schemes o f this type are; pulse frequency modulation (PFM), squarewave FM 

(SWFM), pulse interval modulation (PIM) and pulse interval and width modulation 

(PIWM), see Fig. 2.6.

PAMPSM

PWM PFMPIM PIWMPPM SWFM

Pulse Time

AnisochronousIsochronous

Pulse Shape

Pulse Analogue 
Modulation

Fig. 2.6 Pulse analogue modulation tree.

On the other hand in pulse shape modulation the modulating signal changes the shape, 

(either the amplitude or the slope), o f the pulses. In pulse slope modulation (PSM) 

technique the rise time o f the carrier pulse is altered according to the information 

signal. In contrast, in pulse amplitude modulation (PAM) the amplitude o f the pulse is 

varied with the information signal. Although, the PSM technique was discovered in the 

early 50s’, no further work was reported until recently when it has been applied for 

analogue optical transmission over moderate distances [30].
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In order to evaluate the merits o f each individual PTM scheme, brief descriptions o f 

several PTM techniques are given in the following sections. The spectral expressions, 

noise performance and methods o f generation and detection will also be presented.

2.5 PTM schemes

It has been mentioned above that there are several types of PTM techniques. All are 

based on the variation o f particular characteristics o f a train o f pulses, such as width o f 

the pulse, the interval, the frequency o f the train o f pulses, ... etc. In this section, 

different PTM techniques are considered, the generation, detection, the spectral 

analysis, and other features of most PTMs will also be explained. However, pulse slope 

modulation will be considered in detail in the next chapter.

2.5.1 pulse width modulation

In this technique, the width o f the pulses in the carrier is varied according to the 

amplitude o f the modulating signal, as illustrated in Fig. 2.7. Two different types o f 

PWM may be generated; leading (or trailing) and double edge modulated PWM. The 

leading (or trailing) edge modulated PWM can be generated when the input signal is 

compared with a linear ramp waveform. However, double edge PWM can be generated 

by the comparison o f the input signal with a triangular signal. In both cases, the PWM 

could either be naturally or uniformly sampled. The naturally sampled PWM is 

generated when the comparison, with the ramp or triangular signal, is performed 

directly at the comparator, whereas uniformly sampled the input signal is routed first 

through a sample-and-hold circuit so that the input samples are taken at evenly spaced 

intervals rather than at varying intervals dependent on the signal amplitude, see Fig. 2.7 

[36-40].
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For all types of PWM the modulation index (M) may be defined such that maximum 

modulation occurs (M =1) when the peak-to-peak amplitude o f the input signal is equal 

to the ramp amplitude. Therefore the modulation index can be expressed as;

A t
M  = —  (2.5)

o

where, A t  is the peak-to-peak deviation o f the pulse width, and T0 is the period, see 

Fig. 2.7.

The frequency spectrum o f the PWM has been studied by several authors using the 

Fourier series expansion technique. Black [41], Bennett [42] and Stuart [43] have 

studied the PWM spectrum signal and they have shown that a trailing edge modulated 

naturally sampled PWM waveform with unity unmodulated mark/space ratio may be 

expressed as;

\ M  . ^  sin(«(u /) ^ J o{niM ) . ,
v(0  = -  + — sin <om t2_,--------------- 2 . --------------sin (na0t -  nn)

2 2 M_j nn  „_i nn
co •  JA n n M )  (Z6)

—sin[(nco0 + kcom)t -  nn]
n=1 k =1 n 7 Z

where (Om and 0)o are the modulating signal and carrier frequencies, respectively, 7k (x) 

are Bessel functions o f the first kind and order o f k. The second term in equation 2.6 

represents the baseband component, while the combined effect o f the third and the 

fourth terms is to produce components at the carrier frequency and its harmonics. 

When M  is very small (M  —>0) the odd harmonics become dominant, whereas, the

even harmonics become more distinguishable as M  increased. The fifth term in equation

2.6 represents the sidetone structures set around the carrier frequency and all its 

harmonics and separated by a frequency equal to the modulating signal frequency. It is 

clear from equation 2.6 that the frequency of sampling (carrier) component is not
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affected by the value o f the modulation index and it never falls to zero value under any 

condition. Therefore, PWM can be classified as an isochronous PTM technique. A 

typical frequency spectrum of a singleton naturally sampled PWM is shown in Fig. 2.8.
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DC shifter

Clock Ramp

Comparator

Amp. (V)

Clock

Modulating
signal

DC
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Time

4-------------------------------------------  rp  ►* O
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Fig. 2.7 PW M  generation: (a) m odulator (for uniformly sampled the dotted block 

should be included, and for double edge modulation the ram p should be replaced 

by a triangular waveform generator), (b) waveforms and (c ) a single pulse.
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Fig. 2.8 Frequency spectrum for single tone PWM waveform (naturally sampled).

The spectrum of the uniform sampled PWM is very similar to the naturally sampled 

PWM, except that the baseband now contains in addition a diminishing set o f harmonic 

components, influenced not just by the modulation index, but also by the ratio between 

the carrier and modulating signal frequencies.

The basic modulation formula is accurate in describing and calculating the structure o f 

the PWM spectral modulation components. However, recent work has highlighted the 

inability o f the traditional formula, based on the double Fourier series due to Black 

[41], to predict the complex PWM sidetone structure resulting from two or more 

independent input signals. This is because the original method o f derivation was based 

exclusively on the use o f a single sinusoidal input. Nevertheless, Wilson et al [44, 45] 

have derived more accurate formula to describe the spectral structure o f multitone 

PWM based on viewing the modulated squarewave as a waveform composed o f 

positive and negative staircases, rather than the original double Fourier series 

approach.

The detection process for naturally sampled PWM can be adapted by threshold 

detection followed by low-pass filtering to recover the baseband components directly,
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whereas in uniformly sampled PWM, the received signal is first converted into pulse 

amplitude modulation (PAM) before low-pass filtering, see Fig. 2.9. Despite the 

additional complexity, uniformly sampled PWM has the advantage o f employing higher 

modulation indices than naturally sampled PWMs thus resulting in an improved signal- 

to-noise ratio performance [46].
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Fig. 2.9 PWM demodulator: (a) uniformly sampled, (b) naturally sampled and 

(c) waveforms.
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However, PWM suffers from a number o f problems, such as non-linearity o f the ramp 

generators, both at transmitting and receiving ends, especially when the sampling 

frequency is high. This o f course introduces harmonic distortion o f the frequency 

spectrum and hence distortion. Like most PTMs, as sampling frequency reduces the 

lower sidetones around the clock frequency will enter the baseband region, thus 

resulting in non-linear distortion at the output o f the receiver. The amount o f distortion 

is proportional to the modulation index and it can be tolerated if PWM is operated at 

M <  20%.

2.5.2 pulse position modulation

In PWM there is always a wasted portion o f transmitted power that conveys no 

information, and this strongly depends on the maximum level o f modulation that may 

employed. To save power and increase performance, the leading (or trailing) edge 

PWM signal can be differentiated to generate a constant width pulse train. The position 

of those pulses is directly proportional to the modulating signal. This scheme is called 

pulse position modulation (PPM), see Fig. 2.10. PPM is attractive for switching laser 

diodes where low average power and high peak power is of prime importance [1, 9]. A 

typical naturally sampled PPM modulator is very similar to a PWM and consists o f a 

comparator detecting equivalence between the modulating input and a linear ramp, 

followed by a monostable or other pulse generating circuit.

Employing similar notation as in PWM, the naturally sampled PPM modulation 

spectrum may be represented by [47];
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Fig. 2.10 PPM  m odulator: (a) block diagram  and (b) waveforms.
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(2.7)

where r  represents the width of the PPM pulses, and Mp is the modulation index.

The spectral components generated at the sampling frequency and all its harmonics 

along with groups o f sidetones are given by the third term of equation 2.7. It is clear 

from the equation that modulation sidetones centred around the sampling frequency 

and all its harmonics are influenced both by the carrier pulse width and the frequency o f 

the modulating signal. If  the pulse width is increased the overall sampling frequency 

harmonic profile is modified by a sinc(.) function and eventually becomes similar to that 

of the PWM. This has little effect in practice, as, in general, only low order carrier 

harmonics are retained in most transmission applications.
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Fig. 2.11 PPM demodulator: (a) block diagram and (b) waveforms.

The second term of equation 2.7 gives the baseband component which represents a 

differentiated version of the modulating signal. The amplitude o f the baseband 

component depends on both the pulse width and the frequency o f the modulating 

signal. Demodulation o f the PPM is carried out by converting into PWM format 

followed by low-pass filtering to recover the message signal [1]. A clock recovery 

circuit is employed to recover the reference signal (i.e. carrier component) so that PPM 

to PWM conversion can take place, Fig. 2.11.
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2.5.3 pulse interval modulation

In this PTM modulation scheme, the interval between adjacent constant duration pulses 

is determined by the amplitude of the modulating signal. This is an anisochronous 

technique where the duration o f each sampling episode is determined by the modulating 

signal. Therefore, it does not have a fixed clock interval. The pulse interval modulation 

(PIM) waveform can be generated when a comparator and ramp generator are 

connected as a feedback loop to reset as equivalence between the ramp and the DC 

shifted signal is detected, see Fig 2.12. The addition of the DC voltage to the 

modulating signal is necessary to ensure the existence o f a sufficient headroom for the 

ramp to sample the most negative input swings under all conditions. In the case of 

uniformly sampled PIM a sample and hold is inserted at the input stage, while in the 

case o f naturally sampled PIM it is omitted. In the case when the modulating signal is 

absent, the PIM modulator output is a series o f uniformly spaced narrow pulses at a 

constant free-running frequency. The modulation index M  (0 < M\ < 1) can be defined 

in this context as the peak-to-peak modulating signal swing divided by twice the DC 

level. Operation at very high levels of modulation index should be avoided since the 

negative swing o f the shifted modulating signal tends to zero hence results in a rapid 

increase in the instantaneous pulse interval [48, 49].

The spectrum o f the PIM modulation has been studied by several authors, and it may 

be represented by [50, 51];

00 oo oo oo

v (t)= cosf
0 k=±ln=-<aq=-<x> \ 2 - ° )

X  cos[(fc4„<a0 +(n + 2q)0)Jt]}

where
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An = X  1 Y " ~ \ ^  , » is an integer; n = 0, 1, 2 (2.9)
r=0

(/? + r)!r!

and

*2,6)
Bk = -——{Mj / 2)* ̂  , k  is an integer; k=  1 ,2  (2.10)
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Fig 2.12 PIM  modulator: (a) block diagram  and (b) waveforms.
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The spectral profile o f PIM waveform, see Fig. 2.13, can be studied by considering 

equation 2.8. It can be seen from this equation that the sidetone spectral profiles 

around the modulated sampling frequency and its harmonics are somewhat 

asymmetrical and depend strongly on the modulation index. It can, also, be seen that in 

addition to the baseband component there is a series o f baseband harmonics. Unlike 

PPM, the magnitude o f the baseband components o f PIM modulation is not influenced 

by the input frequency, as it is mainly determined by the modulation depth and the free 

running sampling frequency. Furthermore, the value o f the sampling frequency is 

function o f the modulation index, and with the increase in the modulation depth the 

average sampling frequency increases from its free running value [1].

Amp. (V)

2fa Frequencyfofm
(Hz)

Fig. 2.13 Frequency spectrum for single tone PIM.

At low modulation indices, PIM demodulation may be achieved simply by employing 

low-pass filtering. However, a more general approach, applicable to the full modulation 

range, uses the PIM pulses to initiate a voltage ramp whose maximum values constitute 

sampled modulating waveform, see Fig. 2.14. Finally, a low-pass filter, or a 

combination of sample and hold followed by a low-pass filter in case o f uniformly 

sampled PIM may be used to recover the modulating signal.
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Fig. 2.14 PIM demodulator: (a) block diagram and (b) waveforms.

2. 5. 4 pulse interval width modulation

Pulse interval and width modulation (PIWM) is derived directly from PIM by passing 

the PIM pulses through a bistable to produce a waveform in which both mark and 

space convey information. Both uniform and natural sampling may be employed in the 

PIWM modulator which is identical to that o f the PIM modulator except for the 

addition o f a bistable at the output stage [52-54] see Fig. 2.15.
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Fig.2.15 PIWM modulator: (a) block diagram and (b) waveforms.

The spectrum of the PIWM modulation can be studied by adopting an expansion based 

on multiple phase angles (a general method used by several authors). Thereby, a 

general PIWM spectral expression is given by [55, 56];

oo oo oo
y 1 V1 J p )J q {kB 2)

1 + 2 j ------- - ^ 2 ------- sm( ^ 12) c° s[(*4<«„ + (p + 2 g)a>m)/]
k=\ p=-aoq=-co

(2 .11)

where A0, Bj are defined in equations 2.9 and 2.10. Equation 2.11 is a close 

approximation based on the fact that both Bj and Jp (kBj) diminish very rapidly for j  >2. 

It might be concluded form equation 2.11 that the PIWM modulation spectral profile is 

asymmetrical and does not have a baseband component. As in PIM, the average 

sampling frequency (Ao0)o) strongly depend on the modulation index M m  For values o f
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2
Miw less than 50% A0 may be approximated by 1 + MiW 12. For example if Mjw -  0.3, 

A0 = 1.045. This means that the total shift in the sampling frequency is + 4.5%. It can 

be also noticed that there are strong spectral components generated around the 

modulated sampling frequency and all its odd harmonics, surrounded by a diminishing 

series o f sidetones separated by a frequency equal to (p+2q) times the modulating 

frequency (not by the modulating frequency only, as is the usual case) see Fig. 2.16. 

The profile of these sidebands changes considerably with the modulation depth and the 

sampling ratio (co0 /(On).

Amp. (V)

fo
Fig. 2.16 PIWM spectral profile.

Frequency
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In order to satisfy the sampling theory requirements, for PIM the minimum permitted 

ratio of sampling frequency to modulating signal frequency is 2:1. Since PIWM is 

generated by passing the PIM pulse train through a bistable which divides the 

frequency by 2, the ratio of sampling frequency to modulating frequency is reduced to 

unity for PIWM. This does not violate sampling theory as information will be carried 

by both the width and the interval o f the pulses (i.e. in both rising and falling edges o f 

the pulses).
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The demodulation of PIWM is carried out by first converting the PIWM signal into 

PIM pulse train and then employing the PIM demodulation technique, see Fig. 2.17. 

This employs a threshold detector with complementary outputs, followed by 

differentiators and combiner (OR gate). The output of the OR gate is the desired PIM 

pulse train.
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Fig. 2.17 PIWM to PIM converter (a) circuit diagram and (b) waveforms.
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2.5.5. pulse frequency modulation

In pulse frequency modulation the instantaneous frequency o f a train o f narrow pulses 

is determined by the magnitude o f the modulating signal. PFM generation can be 

simply implemented by a voltage controlled multivibrator (VCM) followed by a circuit, 

such as monostable, to generate low duty cycle pulses, see Fig 2.18. For carrier 

frequencies of 20 MHz to 30 MHz standard TTL logic VCM are suitable, whereas 

above this frequency ECL devices are necessary [17, 57-61].

The spectrum of single tone PFM modulation may be represented as [1];

0) t  2 B
v(0  = “ {1+------s\n(o)mz /  2) cosO „/ -  wmr  /  2)

I n  c o s

+  2 Y j  X  J " S i n ( " t C w 7 ) r / 2  C 0 S K " f f l o  +  k o >m)t -  ka>mT l l \ }

(2.12)
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Fig. 2.18 PFM modulator: (a) block diagram and (b) waveforms.
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where p  is the modulation index, defined as Aco/cOm, which may have values greater 

than unity, A(o is the frequency deviation, as in conventional frequency modulation, r  is 

pulse width, and Jk are Bessel functions of the first kind and order k.

Clearly, the PFM spectrum consists of a baseband component which represents the 

modulating signal, along with sidetones around the carrier and all its harmonics, see 

Fig. 2.19. The sidetone pattern is slightly asymmetrical, with the upper sidetones being 

stronger than lower sidetones. The number o f sidetones appearing around the carrier 

and its harmonics and their amplitude is mainly determined by the modulation depth p  

which depends on both the modulating signal level and the frequency and the carrier 

frequency. Since the effective modulation index for any carrier harmonic is 

proportional to the harmonic number, sidetone overlapping is always expected around 

the harmonics o f high order. PFM can be classified as anisochronous PTM technique as 

the carrier frequency component in the modulation spectrum will vanish when p  = 

2.405, as in the conventional FM system.

Amp. (V)

fm 3f0 Frequency 
(Hz)

fo

Fig. 2.19 Frequency spectrum of a PFM signal.
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Demodulation o f PFM is usually achieved by threshold detection and monostable to 

produce equal length pulses, followed by low-pass filtering to directly recover the 

baseband signal component from the PFM spectrum, see Fig 2.20.

PFM Recovered
signal

Monostable Low-pass
filter

Fig. 2.20 PFM demodulator.

2. 5. 6. squarewave frequency modulation

Squarewave frequency modulation is an anisochronous PTM technique, closely related 

to the PFM and conventional frequency modulation (FM) consisting o f a series o f 

square waves edge transition occurring at the zero crossing points o f conventional FM, 

see Fig. 2.18 (b) [61-64]. The simplest method o f SWFM generation is performed by 

passing the conventional FM signal through a zero crossing detector or by employing a 

VCM, see Fig. 2.18 (a). The modulation spectrum of the SWFM with a single tone 

input frequency and unity pulse amplitude, may be expressed as [61];

oo co

v(0  = D ^ i i n c ( m i D ) ^ J k (n/3)exp[j(nao +kcom)t] (2.13)
n = -  oo k--<x>

where D is the duty cycle, p  is the modulation index. The modulation spectrum is 

composed of an FM-like spectrum at the carrier frequency with slightly modified forms
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at all odd harmonics, see Fig. 2.21. When the carrier wave is a perfect squarewave with 

50% duty cycle (D = 0.5) there is no baseband component. However, departure from 

an accurate 50% duty cycle will result in the appearance of a baseband component as 

well as the FM sidetones at even harmonics o f the carrier frequency. Extreme 

asymmetry in the carrier duty cycle produces a modulation spectrum very similar to 

that of the PFM where the relative power o f the higher order terms increases with 

decreasing the pulse width. This indicates that PFM transmission requires a wider 

bandwidth than the SWFM to achieve the same signal-to-noise performance.

Amp. (V)

fo Frequency
(Hz)

Fig. 2.21 SWFM spectrum (D = 0.5).

Demodulation can be performed by using a phase locked loop (PLL), as in ordinary 

FM demodulation, locked to the carrier or its harmonics. This method suffers from 

limited linearity and noise performance. There exists an alternative demodulating 

scheme based on edge detection techniques for converting SWFM into a PFM pulse 

train, see Fig. 2.22. In this method either the leading or the trailing (or preferably both) 

edges o f SWFM are used to reconstruct the associated PFM signal, as this contains a 

baseband component that can then be extracted by simply employing a low-pass filter
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[61]. A monostable is used to ensure a constant pulse width before passing the PFM 

pulses through the low-pass filter.

SWFM Recovered
signal
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Low-pass
filter

EXOR 
gate (1)

EXOR 
gate (2) Monostable

|  Logic 0

Fig. 2.22 Block diagram of the double edge SWFM detection.

In the single-edge pulse regeneration method, the spectrum of the reconstructed PFM 

pulses has sideband structures around every harmonic o f the carrier frequency along 

with the desired baseband component. In contrast, in double edge detection, only even 

harmonics o f the carrier frequency are present. This suggests that the double-edge 

detection has greater spectral efficiency via a lower bandwidth overhead penalty by 

lowering the minimum SWFM carrier frequency necessary for any particular maximum 

modulation frequency. In addition there is also a doubling in the modulation index o f 

the reconstructed PFM, which results in improved signal-to-noise ratio compared to 

single edge detection method, see Fig. 2.23 for waveforms [61].
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Fig. 2.23 Double edge SWFM detection waveforms.

2.5 .7  digital PTM schemes

Digital PTM schemes are relatively new techniques which generally show a high degree 

of efficiency in optical and deep space communications [56]. The PTM technique that 

has received most attention so far in this category is digital PPM. In this technique, the 

message signal is first digitally encoded as in a PCM system. The encoded signal is then 

further encoded by replacing packets o f typically up to 16 bits with a single PPM pulse 

whose position within the frame interval is determined uniquely by the code sequence 

of the associated packet, see Fig. 2. 24. Digital PPM has the advantages o f improved 

receiver sensitivity, lower transmission rate in the optical channel, when compared with 

digital modulation schemes, and the normal trade-off with bandwidth. This modulation 

scheme is suitable for deep space communications where economy of transmission over 

vast distance is vital [65]. However, digital PPM has poor clock recovery 

characteristics, unless a framing pulse is used to mark the beginning o f each encoded 

sequence; but this will increase the duty cycle and hence degrade the overall
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performance o f the system [66]. Digital PIM (a modified form o f PPM, Fig. 2.24), 

which offers solution to these problems. In digital PIM, the data sequence is coded 

such that it is represented by the time interval between the previous and the present 

pulses. Therefore, unlike PPM, where the frame width is constant, the PIM frame 

varies in width according to the data encoded. To date only limited work have been 

performed on digital PTMs [66],
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Fig. 2.24 Digital PTMs.

2.6 Noise perform ance of PTM system s

At the receiver all PTMs techniques employ pulse regeneration (or threshold 

detection) technique before signal detection. This is usually realised by a level detector, 

with threshold level set at half o f the pulse height. The basic demodulation techniques
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of a number o f PTM schemes are shown in Fig. 2.25. The PWM waveform is 

demodulated by extracting the message signal by simple low-pass filtering. However, 

PPM, PFM and SWFM waveforms are demodulated using a monostable to generate 

constant width pulses followed by low-pass filtering, whereas PIM and PIWM are 

detected by a time-to-voltage conversion (i.e. sample and hold a ramp signal as 

explained earlier) followed by low-pass filtering, see Fig. 2.25. As a result the noise 

analysis o f most o f the PTMs are very similar. The noise added to the signal affects the 

threshold crossing and displaces the pulses at the monostable output from their regular 

position or affects the pulse duration in the case of PWM, causing a noise voltage 

superimposed at the output signal [67-73].

A noise voltage n(i) added to v(t) displaces the threshold from t0 to t0 + x(i0), see Fig. 

2.26. If the noise level is low, then the displacement x(t0) can be approximated by;

*(Jo) =
" ( O

v(/„)
(2.14)

where v(t0 )is the gradient o f PTM pulses at tQ. When edge jitter is small (i.e. high 

input carrier-to-noise ratio) the edge jitter power can approximately be given as;

,  ,  w ( 0 2
cr2 = < x2( 0 > = - t ^ t  (2.15)

K O

where, < >  denotes time average of the enclosed quantity.

When a threshold crossing is displaced by x(ta) the effect on the pulses entering the 

low-pass filter can be represented as in Fig. 2.27. In this figure, PPM, PFM and PWM 

have been considered. SWFM can be looked at as a special case o f PFM, (i.e. a PFM

38



with pulse width equal to half o f the pulse period); however, PIWM and PIM will be 

considered later. It is indicated that the pulses affected by the noise can be considered 

as sum of the uncorrupted signal and a pulse with added edge noise ̂ (0-

The edge noise power spectral density N(f) can be determined by the Fourier 

transformation o f the autocorrelation function o f pulse train y(t). The noise power can 

then be evaluated as by integrating N(f) over the baseband bandwidth. Finally, the 

output signal-to- noise ratio (SNR) can then be calculated by dividing the signal power 

by the noise power. This leads to;

SNR = 7i—  ------ (2.16)

J  N (J )d f

The signal-to-noise ratio for all PTMs can be calculated using equation 2.16. However, 

in order to compare the noise performance o f different PTM schemes, let us consider 

the case when the transmission system has a low-pass characteristic o f first order, with 

bandwidth of B  Hz. The formulae for SNR in different PTM schemes are given in 

Table 2.1, and the detailed analysis is given in Ref. [60].

The above analysis is applicable for PFM, PPM and PWM receivers. However, in PIM 

and PIWM receiver the detection technique is different and therefore they will be 

treated separately. In basic PIM and PIWM receivers, a time-to-voltage conversion 

technique is used to extract the message, see Fig. 2.25. This means that the 

reconstructed pulses are used to sample a ramp waveform of constant slope. Due to 

the existence o f noise, the sample pulses will be time shifted by x(/0), see Fig. 2.28. 

Thus the noise at the low-pass filter input can be evaluated as [74, 75];
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Fig. 2.25 The basic PTM demodulation techniques.
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71(0 =
v(0

(2.17)

at t=tn

where k  is the time to voltage conversion factor o f the demodulator. Following the 

same technique explained above, i.e. evaluating the noise spectral density function then 

the noise power, the expressions for SNR o f PIM and PIWM systems can be evaluated.

Amp. (V)

Ramp

error voltage

Sample pulses

Timeto

Fig. 2.28. Time-to-voltage conversion technique.

Scheme SNR Scheme SNR

PWM (nMBf

8/„

SWFM 3 B2B2 
— rt -CNR

2f l

PPM
^ ? C N R

PIM (nM .B f

I f f  CNRJ mJ o

PFM 3/32B2 „  

«/.* C M

PIWM C N R

V J .

Table 2.1 Noise performance of some PTM schemes [1, 61, 72, 73].
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A summary of SNR expressions for PIM and PIWM systems is also given in Table 2.1. 

The carrier-to-noise ratio (CNR) is calculated as the ratio between the input pulse train 

power and the input noise power. It must be mentioned that all the above analysis is 

applicable only when the systems are working well above the threshold level. Finally, a 

comparative study for the noise performance o f the PTM schemes has been given in 

Fig. 2.29, for sampling frequency o f 2.5. As a benchmark the behaviour o f 8-bit PCM 

as well as pure analogue modulation system are also shown. SWFM demonstrates the 

best performance among all PTMs. It offers about 3 dB superiority over PFM, and 

better than PCM noise performance for CNR o f 37 dB and above. SWFM and PFM 

compare favourably with PCM performance except at low CNR and may be expected 

to find applications over longer distance than other PTMs.

PCM

50 SW FM
PFM

PPM PIWM

P-IM‘

30
Analogue 
(m = 100%)PWM

10
20 30 40 50

CNR (dB)

Fig. 2.29 Theoretical noise performance of different modulation schemes.
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PPM and PWM have both been widely used in optical fibre applications and are far 

easier to multiplex in time domain than anisochronous format. PPM is marginally 

superior to PWM but relatively more complex to implement due to the need for clock 

recovery and synchronisation. PIM and PIWM show performances between those o f 

PWM and SWFM. All PTMs show noise performance much better than analogue 

modulation.

2.7 Non-linear distortion of PTM system s

The suitability o f a particular modulation technique for transmission o f wideband 

signals can be evaluated by its ability to produce low distortion at low sampling ratio 

with a high signal-to-noise ratio. From the spectral overlapping between the 

modulating signal and the carrier fundamental lower sideband structure, it is possible to 

predict the minimum carrier frequency for each o f the PTM schemes [1].

All the PTM schemes have a very similar spectral modulation structure with sidetones 

appearing around the carrier frequency and its harmonics. However, there are a 

particular differences between techniques concerning the presence o f a baseband 

component and detailed behaviour of the carrier frequency lower sideband profile 

which will determine the minimum sampling ratio for a given distortion behaviour.

From the spectral equations o f the different PTMs techniques it is possible to calculate

the ratio o f the recovered signal modulation level Am to sidetone amplitude Afc

(Ajj/Afr). k  is the sidetone number which enters the baseband region. Table 2.2

summarises these ratios for different PTM schemes [1, 46]. Figures 2.30 and 2.31

show the non-linear distortion in a number o f PTM schemes, where the minimum

44



required sampling ratio is plotted for two values o f distortion performance levels as a 

function o f modulation index. Figure 2.30 illustrates that for sampling ratio o f 4, to 

achieve non-linear distortion of 1% (-40dB), the modulation index should not exceed 

15%. Increasing the sampling ratio to 6, the modulation index required for the same 

non-linear distortion performance (i.e. -40 dB) will increase to 70 %. This clearly 

indicates that, PWM and PPM should be operated with sampling ratio above 6 if low 

nonlinear distortion performance is required.

A comparison between PFM and SWFM is drawn in Fig. 2.31. SWFM is clearly 

markedly superior to PFM achieving theoretical distortion levels due to sidetone 

incursion o f better than -60 dB under modulation conditions where PFM can only 

achieve -30 dB. In turn PFM is superior to PWM under similar modulation conditions.

PTM  Scheme

PW M
Tim

2Jk(jM )

PPM
7m

2Jk(7MP)

PFM
nEsfr

sin M f 0 + kfm)\Jk(P)

SWFM
2nbfx

sm [;r(2/0 + kfm)J k(2fl)

Table 2.2 TheA„/Ak ratio for some PTMs [ 1, 46].
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To conclude, the potential o f the different PTM techniques may be explored by 

considering their spectral occupancy, distortion and signal-to-noise ratio. The choice of 

a suitable modulation technique for transmission o f a given signal depends on its ability 

to produce high signal-to-noise ratio and low distortion, at low sampling ratio. The 

minimum carrier frequency (sampling ratio) may be predicted from the spectral overlap 

between the modulating signal and the carrier fundamental lower sidetone structure. 

The ratio o f recovered signal level to sidetone amplitude gives a clear indication o f the 

non-linear distortion behaviour o f the PTM scheme. In general, these techniques have 

different characteristics and trade-off, but they have a very similar spectrum.

Another important factor which should be considered when selecting a suitable 

modulation scheme is the interaction between the noise performance and the received 

pulse edge rise time, as dictated by the transmission channel bandwidth. The 

unweighted improvement factor, given by signal to noise ratio minus carrier to noise 

ratio, expressed in dBs, varies above the threshold as the square o f the ratio o f 

transmission channel bandwidth to carrier frequency. The constant o f proportionality is 

slightly different for each o f the PTM techniques [1,9].

In this chapter, a brief discussion on the most o f the PTMs techniques has been 

presented. The pulse slope modulation technique will be covered extensively in the next 

chapter.
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Chapter  Three

The Pulse Slope Modulation Technique

3.1 Introduction

The development o f different types o f pulse modulation is based on the variation o f a 

particular characteristics o f a constant amplitude pulse train. For instance, PWM is 

generated by varying the width o f the carrier pulse, while the PFM is obtained by 

varying the frequency o f the pulses, and so on. However, it is also possible to modulate 

the rise or fall times (or both) thus producing pulse slope modulation (PSM) signals.

PSM was first introduced for line transmission of low frequency signals (audio 

frequency band) in 1950s, by Kruse [26], and Das [27]. Early work reported suggested 

that the technique has improved overall system performance such as; signal-to-noise 

ratio, bandwidth utility, and multiplexing capability compared with PAM, and has 

similar performance to PPM and PWM. Despite the proven experimental success, PSM 

has not been developed to the extent that other PTMs have. No further work was done 

until recently where PSM has been used for transmitting analogue signals using optical 

fibres over a moderate length link [30]. Probably the reason for not using PSM over this 

long period is because the other PTM techniques were well developed and applied in 

many systems at the time when was PSM invented.
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In this chapter, PSM modulation technique is studied in detail. The mathematical 

characterisation o f the different types o f the PSM waveforms is given and generation 

and detection techniques o f the PSM signals are investigated in detail. Furthermore, a 

new technique for the PSM demodulation is proposed, which has the advantages of 

simplicity, reduced hardware and improved noise performance over the traditional 

method o f PSM detection. The noise performance o f the proposed PSM receiver 

system is studied, and both results from theoretical and practical results are compared.

3.2 PSM generation

It is known that on integration o f a step function, the slope o f the resulting function is 

dependent on the amplitude o f the step function and the constant o f integration. 

Further, on differentiation o f a ramp function the magnitude o f the step function 

generated depends on the slope o f the original function.

In principle, PSM signals can be generated by using a rectangular pulse as a gating 

pulse for a constant current charging circuit, see Fig. 3.1. The modulating signal vm(t) 

varies the charging current (I) via a voltage controlled current source (VCCS) and 

hence the slope o f the output pulse. The output voltage across the capacitor is a ramp 

waveform with a slope determined by the current and the capacitor value. A voltage 

clipper can be added to remove the parasitic amplitude modulation that might be 

present in the waveform [27], and the resulting waveform generated is the trapezoidal 

shaped PSM signal, see Fig. 3.1.b and c. However, if the charging capacitor is 

discharged at the moment when the output ramp is equal to a threshold value (A) then 

a triangular wave form is generated. This can be realised by an extra switching circuit to 

control the discharge (see Fig. 3.1.d and e). In general, both types o f the PSM signal 

have very similar properties, but the trapezoidal PSM is easier to generate.
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The mathematical analyses o f both the trapezoidal PSM and the triangular PSM 

waveforms are very similar. The triangular PSM waveform can be treated as special 

case of the trapezoidal waveform as the later is more general waveform. Later both 

types of PSM waveform will be treated independently to show the differences between 

them, but, at this stage the analysis is true for both types o f PSM waveform.

When a modulating signal v j j )  exists, the charging current through the capacitor can be 

given as;

where, i(t) is the charging current, I0 is the output current when modulation is absent, k  

is a constant which represents the sensitivity o f VCCS, and vm(f) is the modulating 

signal. The voltage across the capacitor C is;

(3.1)

(3.2)

and the slope is given as;

(3.3)

However, the slope can also be given as, see Fig. 3.1;

(3.4)
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Fig. 3.1 (a) PSM modulator (for triangular PSM control circuit shown dotted is 

used), (b) trapezoidal PSM waveform in the absence of modulation (c) trapezoidal 

PSM waveform when modulation is exist (d) triangular PSM waveform in the 

absence of modulation and (e) triangular PSM when modulation is exist.
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where tT is a specific pulse rise time o f the output waveform, and A is the amplitude o f 

the output waveform. However, when the modulation is absent, the slope o f the 

capacitor voltage is simply given as;

= —  = —  (3.5)
C t„

where, tro is the value of tr for no modulation, (see Fig 3.1). From equation 3.3, the 

maximum and minimum slopes o f the output voltage can be given as;

A A
=   , and smm = ------  (3.6)

r min r  max

where, trmax and /min are the maximum and the minimum values o f tt, see Fig 3.1. 

Therefore, the modulation index can be defined as [27-30];

m = 'W  5mi° (3.7)
S + S  ■ max min

Substituting equation 3.6 into equation 3.7, the modulation index can be rewritten in 

terms of the rise times as;

m = h s s ^ J r m .  (3 8 )
t +t_r  max r  min

If we assume vm (/) is symmetrical and has zero average (i.e. no DC component), so 

that |vm(/)| < 1, in this case the maximum and minimum values o f vm (i) will be +1 and

-1, respectively. Therefore, the maximum and minimum values of the slope can be 

calculated from equation 3.6 as, respectively;

= ^ [ 1  + *] (3.9)
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and,

(31°)

Substituting equations 3.9 and 3.10 into equation 3.7 gives;

k - m  (3.11)

This leads to;

or simply,

/ = -------^ -------  (3.13)
[I + *v„(/)]

Substituting the minimum and the maximum values o f vm{t), i.e. -1 and +1, in equation 

3.13, the maximum and the minimum rise time can be evaluated, respectively, as;

(3 i4 )
1 - m

' rm” = 7 + w  ( 3 1 5 )

The values tmuu and t^m  are asymmetrical with respect to /ro, see Fig 3.2. This non­

symmetry can be seen when examining the values {tmax - tro) and (/ro - trmm)- Using 

equations 3.14 and 3.15 the following can be obtained;
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r  max - / ro (3.16)

and

m
(3.17)ro rm in T ~ ~ t ro1 + m

However, the average value 1rav, see Fig 3.2, can be evaluated as;

/ ,rm ax H~ t rm in
/,rav 2

(3.18)
1

Equations 3.16-3.18 have been plotted (Fig. 3.3) as normalised values with respect to 

/ro. When the modulation index is very small the values (trmax- tro) are comparable with 

(tro - trmm ), and trav is nearly equal to tro. Thus the variation in the rise time due to the 

existence o f modulation is almost symmetrical with respect to tro. As the value o f m 

increases, {trmax - tro ) increases much faster than (tm - /rmin), which means that the 

variation in the rise time due to the existence o f modulation is asymmetrical with 

respect to the unmodulated rise time tro, and trav is mainly determined by (trmax- tro ).

The above analysis is valid for both trapezoidal and the triangular PSM waveforms. 

However, the maximum modulation index (mc) that can be achieved without distorting 

the output waveform depends on the type o f PSM. In order to evaluate mc for both 

PSM waveforms, the two types o f PSM waveforms are treated separately;
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Fig. 3.2 PSM waveform: (a) trapezoidal PSM with high modulation depth, (b) 

trapezoidal PSM with low modulation depth, (c) triangular PSM with high 

modulation depth and (d) triangular PSM with low modulation depth.
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I. The trapezoidal PSM waveform: In this type o f PSM, the maximum modulation 

index that can be achieved without distorting the output waveform is when

= T where T is defined in Fig. 3.2, and trmD i.e when vmin = - 1 .
1 - m c

Substituting these values into equation 3.8, the maximum modulation index can be 

evaluated as;

mc = (3.19)

II. The triangular PSM waveform: The triangular PSM waveform can be treated as 

trapezoidal PSM with T = Ta (where T0 is the period). Therefore, from equation. 3.19
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the maximum modulation index which can be achieved for the triangular PSM without 

distorting the output waveform is;

o
(3.20)

Since T< T0, by comparing equations 3.19 and 3.20, it can be concluded that triangular 

PSM has a wider range o f modulation index without distortion than the trapezoidal 

PSM.

3.3 PSM demodulation

The basic principle o f PSM demodulation is to convert the PSM into PAM and extract 

the message using a low pass filter. There exists an alternative demodulation method 

which is based on a differentiator followed by a negative sheer, to eliminate any 

negative spikes. The output of the slicer is the required PAM signal from which the 

message can be extracted by using a low-pass filter, see Fig. 3.4 [28]. The amplitude o f 

the PAM signal can be determined by differentiating equation 3.2 and substituting 

equations 3.5 and 3.11 into the result. This leads to;

where, Fpam is the amplitude o f the PAM waveform. Further improvement in the noise 

performance can be achieved by incorporating a sample and hold circuit prior to low 

pass filtering, see Fig. 3.5.

F p a m ( 0  =  7 ^ [ 1 +  « ' ' „ ( / ) ]
* rnro

(3.21)
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Fig. 3.4 PSM demodulator: (a) block diagram  and (b) waveforms.
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Because of its transfer function, the differentiator has a negative contribution to the 

noise performance o f the receiver. As a result o f this project an alternative demodulator 

scheme has been suggested where the PSM signal is directly sampled at the rising edge 

to generate the PAM, see Fig. 3.6. This technique eliminates the use o f the 

differentiator and the negative slicer, and hence improves the noise performance o f the 

receiver as well as reducing cost and complexity. Furthermore, this technique can be 

applied for both types o f the PSM signals, the trapezoidal and the triangular. However, 

synchronisation o f the sampling pulses and the PSM is essential and this is achieved by 

generating the sampling pulses from the falling edge o f the PSM signal. In trapezoidal 

PSM, the sampling pulses can be generated by using monostables in order to produce a 

narrow pulse train which can be shifted in time, see Fig. 3.7. The time shift (Ts) is 

determine by the width of the first monostable output which can be made variable.

In general, in order to minimise the output signal distortion it is essential to chose T<  

Win- triangular PSM synchronisation may be achieved by using a phase-lock loop 

techniques.

OutputPSM

PAM

Low-pass

filter
S & H

Negative

slicer

Clock

regeneration

Fig. 3.5 PSM  dem odulator using sample and hold.
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Assuming that the sampling pulses have unity amplitude, then from Fig. 3.7 it can be 

shown that the slope o f the PSM signal can recalculated as;

(3.22)

where a(f) is the instantaneous amplitude o f the rising edge o f the PSM waveform. 

Substituting equation 3.12 into 3.22, the instantaneous amplitude a{t) can be found as;

As the sampling pulses have unity amplitude, the above value o f a(f) will represent the 

envelope o f the PAM signal at the sampler output, otherwise amplitude scaling must be 

introduced. It is clear that the envelope is linearly dependent on the message signal 

vm{t). Finally, the detected signal at the output o f the low pass filter can be shown to

where T is the period o f the PSM signal. The first term in equation 3.24 represents the 

detected signal and the second term represents the DC component which can be 

eliminated by capacitive coupling. Note that the strength o f the detected signal is 

proportional to the time shift (7*), the unmodulated slope (A/tro) and the width o f the 

sampling pulses.

ro

(3.23)

be;

z ^  = ~T~f~m v ^ )  +
■*crro

AxT
(3.24)
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3.4 Power relations of PSM pulses

Unlike rectangular pulses, the power relations in PSM are more complex due to the 

slope of the transmitted pulses. Here we will consider both trapezoidal and triangular 

PSM signals.

3.4.1 trapezoidal PSM

Figure 3. 8 shows a trapezoidal PSM pulse which can be represented as;

v(t) =

At_
tr 0 < t< tr
A tr < t < T  (3.25)
0 T <t < T

where tr is the rise time o f the PSM pulse, in the absence o f the slope modulation 

tr = tro. The total energy in a pulse can be obtained from equation 3.26;

E = A \ T - ^ t r) (3.26)

The instantaneous power delivered to 1 Q  resistor can be shown to be;

p = j - [ T ~ f'r] (3-27)

and the average transmitted power is;

^ o = | r ( 7 ’ - | < / r > )  (3 .2 8 )

62



Amp. (V)

A

Ttr Time
Amp. (V) (a)

A

Time0

Fig. 3.8 PSM pulses waveforms: (a) trapezoidal and (b) triangular.

where < > denotes time averaging for the enclosed quantity. Equation 3.28 is a general 

equation which is true both when slope modulation is present or absent, and is plotted

in Fig. 3.9 as a function o f the normalised average rise time ( <t,>/T0 ). It is clear that

the average power decreases when the average rise time increases. This is because the 

shape of the pulse becomes closer to a triangular. In the absence o f slope modulation, 

i.e. <tr> = tro, equation 3.28 is reduced to;

(3.29)
o ^

In the case o f pulse modulation, the value of tr , as given in equation 3.13, is 
t

tr = ------ ------ , but, tr will have discrete values depending on the phase relation
1+'”v»(0

between the sampling pulse and the modulating signal voltage. Therefore, equation 3.28 

can be rewritten as;
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Fig. 3.9 Normalised average power of trapezoidal PSM as a function of the 
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p °  t  r[1  37; (3'30)

where tm are the instantaneous discrete values o f tr and N  is an integer. Substituting 

equation 3.13 into 3.30 the average power can be written in terms o f the 

modulating signal values as;

p = — r n - — - Y — k — ] (3 3 i)
° T L 3T N ^ l  + m v J t V  K }
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where i„ is the sampling time at which the discrete values of the rise time exists. When 

N  is a large integer, which is true when the sampling ratio is relatively high, the 

summation in equation 3.31 can be approximated to;

+ A r-s.oo7’. J0 1+ «*’»,(/)
(3.32)

where AT  is the time interval (in case o f periodic signal AT  represents the period). For a 

unity amplitude sinusoidal signal it can be shown that [76, 77];

Finally, substituting equations 3.33 and 3.32 into 3.31 the average transmitted power 

can be given as;

Substituting equation 3.19 into 3.34, the average power at the maximum modulation 

index mc can be evaluated as

The above equation represents the upper limit beyond which the PSM waveform will be 

distorted. Equations 3.34 and 3.35 have been plotted against modulation index for 

different values o f T/T0 and tro/T0, see Figs. 3.10 and 3.11. It can be seen that the 

power decreases as the modulation index increases. This is because that as the 

modulation index increases, the average rise time increases, as explained in the last 

section, which leads to a decrease in the power.

(3.33)

(3.34)

p o c = 4 “7’n-fo-»»c)5(»»c)]
1o

(3.35)
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3.4.2 triangular PSM

This is illustrated in Fig. 3.8.b and may be expressed as;

A t!  tr

v(/) = « (3.36)

0 tr < t <Ta

Comparing equation 3.36 with equation 3.25, it is clear that triangular PSM pulses can 

be considered as trapezoidal PSM with T=  tr . Therefore, the average transmitted 

power can be obtained as;

Equation 3.37 shows the relation between the average rise time and the transmitted 

power. Unlike the trapezoidal PSM, the average power o f triangular PSM increases 

with increasing average rise time. Following the same procedure used in deriving the 

power relations of the trapezoidal PSM, the average power per second for the 

triangular waveform can be found as;

The average PSM waveform power when the modulation index is maximum can be 

obtained by substituting equation 3.20 into 3.38. this gives;

(3.37)

(3.38)

Poc= ^ - ( \ - m c)^ m c) (3.39)
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Equations 3.38 and 3.39 have been plotted as a function of the modulation index m for 

different values of tro/r o> and shown in Fig 3.12. Unlike the trapezoidal PSM, the 

average transmitted power o f the triangular PSM increases as the modulation index 

increases. This is because the average rise time increases as the modulation index 

increases, and consequently the average power increases, as it can seen from equation

A comparison between the power relations o f triangular PSM and trapezoidal PSM is 

shown in Fig. 3.13 which demonstrates results as expected. With small values o f tn, 

triangular PSM needs less power than trapezoidal for the same value o f modulation 

index. However, as T/T0 decreases, the trapezoidal PSM approaches the triangular 

behaviour. It can also be seen that the maximum modulation indices in both types o f 

PSM are different, triangular PSM shows wider range for less transmitted power.

3.5 Frequency spectrum  of the PSM signal

The frequency spectrum o f the PSM signal has been studied by several authors [29, 78- 

80]. Different analytical approaches have been tried for both trapezoidal and the 

triangular PSM waveforms. The method reported by Das [29] is based on expanding 

the unmodulated trapezoidal pulse in a Fourier series and the effect o f modulation on 

the rise time was introduced on the series in order to produce a more general Fourier 

series expression which is given by the following equation [29];

3.37.

>’(0  = A y  +
T  : At„
Ta 2T0[\ + msmcomt]

smnco0( T - t )

[cos n(0o {/

(3.40)
ro } -  cosna>J]

1 + msmcoJ

68



0.4

0.3 Distorted waveform< m = mO
Q .

<D
$
g. 0.2
■o<u
to
"ro

IT = 0 .5

Ek_
= 0.3o

2 0.1
=  0.2

0 0.2 0.4 0.6 0.8 1.0

Modulation index (m)

Fig. 3.12 Normalised average power for triangular PSM waveforms.

-e
0.8

<O
CL
t_
CD

i
Q .

.W _ .
15 0-4
E

0.6

o
2

0.2

■ □ ------O '"

0 0.2 0.4 0.6 0.8 1.0

Modulation index (m)

Fig. 3.13 Normalised transm itted power for both types of PSM  pulses (itJT0 = 0.1, 

□ triangular PSM, o Trapezoidal PSM).

69



where co0 is the carrier frequency and n is an integer index. Inspection o f equation 3.40 

shows the presence of a DC component (first term), as well as many different 

frequencies. These include the baseband component (second term), carrier components 

and a set o f sidetone set around the carrier components separated by the modulating 

frequency ((Dm) (last term), see Fig. 3.14. The amplitude o f these components is 

inversely proportional to square o f that o f the harmonics o f the carrier frequency and 

their order (ncoQ). The baseband component is inversely proportional to the message 

signal com. and simple low-pass filtering o f the PSM waveform at the receiver will not 

generate the required message signal. The modulation spectrum o f the triangular PSM 

waveform can be simplified when assuming small modulation index so that [79, 80];

* = 1 -  /wsin c o j  (3.41)
X +  m s m o o J

f i t

The Fourier series expansion for the trailing edge variable slope PSM wave is given as;

t t 1
v(0  = T S --T ?r '» s in < 2)mr+  > —— J—  {[H -  J 0 sin H + J,w cos//]sin«fflc;

2Jo 21 o a>„ t„T„
+ [+ 1 -  J 0 cosH -  J^msinH]cosncoJ

+ s m H - ^ ( J 2 - J 0)mcosH]s\n{n(o0 -(Dm)t

+ [+ Jj cosH  + -^-(J2 -  J a)m sin H]cos(nco0 -  G)m)t

+ [+—m - J l sinH  + -^(J2 -  J 0)mcosH]s\n(nco0 +com)t

+ [-Jx c o s#  + ̂ (^2  “  J0)ms\nH]cos(nco0 +com)t

+ [-J2 sinH  + ̂ ( J 2 -  J^)mcosH]s\n{nco0 - 2 com)t

+ [-J2 cosH  + -^(J3 -  J x)ms\nH]cos{nco0 - 2 com)t

+ [ -J 2 sin H  +—(J3 -  J l)mcosH]sin(nco0 + 2c0m)t

+ [-J2 cosH  + -^(J3 -  J x)ms\nH]cos{no)0

+......}

(3.43)
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where, H  = nco0tro, and J k = J k{Hm) , k  = 1, 2, ... are the Bessel functions of the 

first kind and order k. In the above equation the first and second terms represent the DC 

and baseband components respectively. The pulse repetition frequency co0 and its 

harmonics are represented by the third and the fourth terms, the remaining terms 

represent the sidetones around 0)o and its harmonics, see Fig. 3.14. All spectral analysis 

has been carried out for the case when m is small. However, the modulation spectrum 

of the triangular PSM waveform is very similar to that for trapezoidal PSM.

Amp. (V)

fo 2f0 Frequency0
(Hz)

Fig. 3.14 Single tone modulation spectrum of triangular PSM waveform.

3.6 Noise perform ance of the PSM signal

Unlike PTMs PSM demodulation does not employ threshold detection as the 

information is carried by the shape of the pulse. Therefore, in case o f optical 

transmission of PSM pulses, intensity modulation should be used where the PSM pulses 

directly modulate the intensity o f an optical source, see Fig 3.15. An optical fibre is then
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used as a transmission medium. At the receiving end, the optical signal is converted into 

an electrical signal by an optical receiver and then passed to a PSM demodulator. No 

pulse regeneration before demodulation will be employed as this process will distort the 

information contained by the slope o f the pulse and make the output signal 

undetectable. The noise jitter produced by the amplitude to phase conversion at 

threshold detector, which converts the amplitude noise into noise pulse jitter is not 

present in PSM systems. The main noise sources in optical PSM transmission are;

(i) intensity noise o f the optical source.

(ii) mode partition noise.

(iii) receiver noise caused by optical detection and pre-amplification.

PSM

Optical fibre
Modulating
signal PSM

Message
signal

PSM
modulator

Optical 
source & 
driver

Optical 
receiver & 
detector

PSM
demodulator

Fig 3.15 PSM  optical transmission.

Random fluctuations o f the optical source will result in intensity noise. It becomes more 

significant when a laser diode is used as the optical source. The intensity noise is 

usually smaller than that generated in other parts o f the system, particularly at the 

receiving end. However, it can increase significantly due to optical reflection back to 

the laser diode, especially with the longitudinal mode laser type.

72



Modal noise exists when multimode fibre is used. Each longitude mode o f the optical 

source will split into several waveguide modes when coupled into multimode fibre. At 

the receiving end, these modes will interfere and form speckle patterns. The pattern is 

always changing because o f the slight change in the fibre properties. Modal noise 

depends on the material dispersion o f the fibre and the optical source spectrum.

The most important amplitude noise in the optical receiver is that generated by shot and 

thermal noise. This includes photo-diode shot noise and the preamplifier noise with the 

later usually the dominating factor. The receiver noise is usually a function o f 

frequency, but it can be approximated as white noise.

In this section, the noise performance o f a PSM system will be studied. A full 

mathematical analysis o f signal-to-noise ratio o f the PSM system will be made. The 

system has been investigated when white noise is added to the signal. This method has 

the advantage o f simplicity and can be used for both the optical receiver, when optical 

receiver noise is the dominant factor, and non-optical system.

The main key to the noise reducing property of pulse modulation is the slicing process. 

Both theory and experiments show that the optimum value o f the slicing level is half the 

peak signal amplitude, taking all types o f noise and interference into consideration. 

Further, for maximum SNR in the output, the thickness o f the pulse slice should not 

exceed a few per cent o f the pulse height.

In case o f PSM, this cannot be reached, as an appreciable percentage o f the pulse height 

is required to obtain the information back, as the information is carried in the slope o f 

the pulse edge. Das [29] found that the thickness o f the slice should be about 20% o f 

the pulse height for efficient differentiation, Fig. 3.16, and with slicing level o f 40% of 

the pule height the allowable input signal-to-noise ratio is 8 dB for acceptable reception.
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All PTMs are expected to have a time shift problem due to the existence of noise. 

However in PSM it has been seen that the resultant noise due to this time shift is very 

small as the information is dependent not on the position o f the leading edge, as in 

PWM and PPM, but on the slope.

Amp. (V)

A

40%

20% Thickness of slice

40%

0
Time

Fig. 3.16 Slicing level of the PSM signal.

Das [29] also studied the case when the noise level is above the slicing level, and 

spurious pulses are generated. This problem has been overcome by using a narrow 

gating pulse after the differentiator, so that only the narrow information carrying 

differentiated pulses, corresponding to the leading edge o f the transmitted pulses, are 

selected and demodulated, see Fig. 3.17. This processes improves the performance o f 

the wide pulse system to the level of systems using narrow pulses.

However, in the receiver proposed earlier in this work, the process o f noise reduction 

by slicing and gating is not important, and therefore it can be eliminated. This is because 

the PSM pulses are sampled at the rising edge and therefore the regions outside the 

sampling pulses will not pass to the next stage (see Figs. 3.6 and 3.7). The sampling 

pulses can be made narrow enough to reject most of the noise in the waveform
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background. As a result, the same improvement in noise performance can be achieved 

without using extra processing on the received signal. This is another advantage o f the 

proposed technique o f the PSM demodulation.

Amp. (V)

Gating Pulse

Sliced Pulse

Time

PSM with 
noise

Sheer output

Fig. 3.17 Reduction of noise by slicing and gating.

Although some results have been reported on the noise performance o f the PSM in the 

early papers, no detailed analysis or theoretical analysis for the signal-to-noise ratio 

were given. As part o f this work, a full analysis o f the noise performance o f the PSM 

was reported. In this analysis, the proposed receiver shown in Fig. 3.6 has been 

considered. As mentioned the basic principles o f this receiver are based on sampling 

the PSM signal at the rising edges to generate PAM which then passed through a low 

pass filter to extract the message. This receiver does not require slicing as the sampling 

process has the same effect.

Noise analysis can be carried out by assuming that both a PSM signal and white

Gaussian noise are applied at the input filter o f  the receiver shown in Fig. 3.6. This
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makes the analysis suitable for both electrical and optical transmission. The output of 

the sampler due to the PSM and the noise may be expressed as [35];

y d )  = £ f [1 + m vjl)]h (l - T s - k T J  + £ « (  t)h(t kT J

(3.42)

where h(t) is the shape function o f the sampling pulses, and n(t) is the bandlimited input 

noise with a bandwidth B  equal to that o f the input filter.

The first term in equation 3.42 represents the amplitude of the modulated pulse train 

containing the message signal vm{t) and the second term represents the noise process.

The detected message power at the output filter in the absence o f noise can be obtained 

from equation 4.30 after eliminating the DC term which is usually done by capacitive 

coupling. The average signal power is then given as;

The bar sign denoting averaging.

When the modulating signal is absent, the pulses at the sampler output (see Fig. 3.18.a) 

can be mathematically represented by substituting m -  0 in equation 3.42. These pulses 

are very similar to those considered by Jelonek [25], see Fig. 3.18.b. In order to find 

the power spectral density o f the noisy pulses at the sampler output, it is more 

convenient to consider the pulses in Fig. 3.18-b rather than considering the actual pulse

The output o f the filter due to the signal is given in equation 3.24 which can be 

rewritten as

(3.43)

(  T T  V
(3.44)
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shape in Fig. 3.18.a. Such an approximation does not introduce significant error as the 

shape of the two pulses is very similar.

Amp. (V) noise noise
Amp. (V)

— ►

Time Time

(a) (b)

Fig. 3.18 (a) Pulses at the sampler output when modulation is absent and (b) 

pulses considered by Jelonek [25].

Following the same procedure used by Jelonek [25] the noise power spectral density at 

the input o f the output filter can be given as;

W )  =
2 n  (it )z

nBT
S i^ (y  + f ) r  + S u r(y  -  f ) r

4 x(^+f)T

(3.45)

w here /is  the frequency in Hz. The quantity between brackets (W) has been drawn as a 

function o f the normalised frequency (f/B) for different values of B r  and displayed in 

Fig. 3.19. It can be concluded that as B r  increases the noise spectral density tends to 

have a rectangular shape (i.e. tends to have the shape o f a bandlimited white noise). 

With B t decreasing the spectral density will be more flat and spread over wider
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frequency range. For the case when B z »  1 the noise spectral density can be assumed 

to be a rectangular with falling, and rising edges at / =  \B | , and an area equal to n . 

This means that the noise power at the input o f the output filter will be given as;

(3.46)

Bx = 10
0.8

0.6

0.4

0.2

0.20 0.4 0.6 0.8 1.0

f/B

Fig. 3.19 Normalised noise power spectral density of PSM system.

Note that the above equation is true for B r  »  1 which is the case for most practical 

systems, as the transmitted bandwidth usually chosen greater than (1/z). Nevertheless, 

when considering the worst case, when B = 1/x, the error in the above equation will be 

less than 25%. Therefore, without losing generality, we can assume that the above 

equation is valid for B r > \ . The noise power at the output can be given as;
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n2(t) 
N ° ~  B T BnT

(4.47)

The output signal-to-noise ratio (SNR) can then be obtained by dividing equation 3.44 

by 4.47, this leads to;

SNR
(

Am—
\  t r n J

B r  v . (I)
B„T0 n 2(t)

(3.48)

The above equation can be rewritten in terms o f the input carrier -to-noise ratio (CNR) 

where,

CNR = = S =  
n \ t )

(3.49)

So far the above analysis is general and can be applied to both trapezoidal or triangular 

PSM. However, when considering the trapezoidal PSM, a formula for the output SNR 

in terms o f the CNR can be driven if equations 3.34 and 3.49 are substituted into 3.48. 

This leads to:

SNR =
r T\2 
m —

B r CNR

r o '  n oB T 2 Kit) (3.50)

If triangular PSM is assumed, a similar formula can be driven when substituting 

equations 3.38 and 3.49 into 3.48, which gives;

SNR=  3
B r CNR 

B j r o  £0») Kit) (3.51)

The above equations show that the relation between the input CNR and the output SNR 

is linear for both the trapezoidal and the triangular PSMs. They also show that the
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output SNR is proportional to the square o f the modulation index and to the square o f 

the ratio between the time shift and unmodulated rise time. Both have a value less than 

unity.

3.7 System im plem entation and results

A practical verification for the PSM system has been undertaken using a purpose built 

low frequency hardware model o f both the receiver and transmitter. The transmitter has 

been constructed according to the principles discussed earlier in this chapter, whereas 

the receiver has been constructed according to the proposal in Fig. 3.6. Throughout the 

development o f this work, only trapezoidal PSM has been considered as it is easier to 

generate and is the more general waveform. The triangular PSM can be driven from the 

trapezoidal PSM as special case when T  = 0. Furthermore, the proposed receiver 

design is applicable for both types o f PSM signal, and shows the same performance. A 

detailed circuit description is given in the next section.

3.7.1 PSM transmitter

The circuit diagram of the PSM modulator is shown in Fig. 3.20. A simple operational 

amplifier based VCCS is used to provide a charging current o f about 2 mA. The DC 

voltage at VI (see Fig. 3.20) controls the bias o f transistor Q1 and Q2, and the current 

through Q2 is used as a current source. Any fluctuation in VI will modulate the current 

through Q2.

The charging current is passed through a capacitor C, which has been chosen to provide 

a PSM with slope of 1.33V/ps. The FET transistor Q3 is used as a switch to discharge



the capacitor C. The voltage across the capacitor is the required PSM, which is passed 

through a buffer, and voltage clipped by the diode D l. An external pulse generator 

(frequency = 45 kHz) is used as a switching signal, as shown in Fig. 3.20. The 

transmitting media is modelled by a simple RC  circuit o f bandwidth B = 870 kHz. The 

PSM system is designed to operate with the following specifications; carrier frequency 

= 45 kHz, tro = 6.5 jisec, Ta= 14.6 msec, Ts= 3.1 msec, Bn = 2.4 kHz, and A = 9 Volts.

3.7.2 PSM receiver

The PSM receiver is based around the diagram shown in Fig. 3 . 6 .  The circuit diagram 

of the PSM receiver is shown in Fig 3.21, in which a simple RC circuit followed by an 

operational amplifier based adder circuit is used to enable the introduction o f noise to 

the PSM pulses. This will simulate the electrical transmission o f the PSM signal. The 

sampling pulses are generated from the unmodulated edge o f the PSM waveform using 

two monostables. A dual monostable TTL integrated circuit (IC1) is used as a clock 

pulses recoverer to provide the sampling pulses, and a simple FET (Q4) circuit is used 

as a sampler. The sampler output is then connected to an operational amplifier based 

low pass filter, see Fig. 3.21.

3.7.3 experimental results

During the experimental investigation, a number o f tests were carried out to determine 

the system performance and verify the theory derived early in this chapter. As indicated, 

the PSM system were designed with the following specification; carrier frequency 45 

kHz, tro = 6.5 psec, Ta = 14.6 msec, Ts = 3.1 msec, Bn = 2.4 kHz, and A —9 Volts. A 

number o f photographs of the waveforms at different points on both the receiver and 

transmitter has been taken and are displayed in Figs.3.22 and 3.23. Figure 3.22 

compares the unmodulated and modulated PSM waveforms and show the modulated
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PSM waveform at almost maximum possible modulation index. Figure 3.23 shows the 

waveforms at the receiver side; the received PSM, PAM and the detected signal.

A linearity test has been performed by measuring the characteristics o f the modulator, 

i.e. the relation between the pulse slope (in Volt/jisec) and the level o f the modulating 

signal (Volts). The practical results together with the results o f linear curve fitting of 

the practical results are displayed in Fig. 3.24 The curve fitting results have been 

included to highlight the degree o f linearity the modulator achieved over a very wide 

range o f input signal levels. These results have been used to choose the best free 

running operating point (the DC voltage that should be added to the modulating signal) 

of the PSM modulator, which is normally in the middle o f the linear dynamic range. The 

dynamic range of the receiver has been measured and is displayed in Fig. 3.25. This 

figure shows the relationship between the modulation index and the detected signal 

level.

The noise performance o f the PSM was measured using a 1 kHz single tone modulating 

signal. The measurement has been carried out using true RMS voltmeters in measuring 

both the noise and the signal level. The noise power was measured when the 

modulation was absent, and the signal power was measured when the noise was off. 

The measured results obtained for the output SNR against the CNR for two values o f 

B t (Bt = 1 and 2), and at different modulation indices (m = 0.1, 0.35 and 0.5). The 

measured results, together with the predicted results obtained using equation 3.50, are 

displayed in Fig. 3.26 - 3.28. The noise performance o f the AM system is included in 

theses figures in order to compare the noise performance of the PSM system with other 

standard systems. It can be seen that output SNR increases with the modulation index 

and B t; when is B r  doubled the SNR improves by 3 dB. Figures 3 .26 -3 .27  also show 

that for the same modulation conditions, PSM is clearly superior to the AM modulation 

scheme. However comparison assessment has been shown for the noise performance o f 

the PSM system under different values of 2?r and m in Fig. 3.29. When the modulation
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index increases the SNR increases, as expected. Furthermore, the improvement factor 

IF, given by SNR minus CNR, expressed in dB for both PSM and AM as a function o f 

the modulation index m, is shown in Fig. 3.30. At 50% modulation index PSM is 

superior to AM by 8dB. When m increases to 80%, PSM shows 12 dB superiority over 

AM.

From the above results, it can be concluded that a novel PSM receiver design has been 

reported and constructed using low frequency hardware. The practical results show that 

PSM detection by sampling the input signal at the rising edge is a successful method o f 

demodulation which eliminates the differentiator circuit at the input stages o f the 

receiver. It has also been shown that it is possible to eliminate the need for waveform 

slicing which is usually applied to improve the noise performance. The novel detection 

technique offers simplicity and improved performance compared to classical receiver 

design.

Further, a new SNR formula for PSM has been presented for the first time enabling 

users to predict the system noise performance. Experimental confirmation for the 

theoretical noise investigation has been shown at different values o f modulation indices 

and transmission bandwidths.
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(b)

Fig. 3.22 PSM waveforms: (a) unmodulated and (b) PSM waveform (scale, 

2V/div., 5 msec/div.)
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Chapter  Four

Multiplexing and Compound Modulation  

Techniques

4.1 Introduction

The benefits of using PTM techniques in optical transmission are that their 

performance is less affected by the non-linearity associated with the light source, they 

require less bandwidth, and their hardware implementation is simple and low cost [1]. 

PTM modulation schemes are attractive for many applications where transmission of 

wideband signals such as video, audio and high speed data is essential. In order to 

achieve the required performance a compromise between different factors governing 

the system implementation and performance is inevitable. Up to now most o f the PTM 

schemes reported are not multiplexed and are based on a single channel or used for 

transmitting signals already multiplexed.

PTM techniques have the disadvantage that multiplexing is not easy [31, 32], although, 

basically, both time division multiplexing (TDM) and frequency division multiplexing 

(FDM) can be implemented within the framework o f PTM modulated optical 

communication systems. TDM is a more suitable multiplexing technique for PTMs 

because of their digital nature. Other multiplexing techniques such as wavelength 

division multiplexing and subcarrier multiplexing are also possible [31]. However, there
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exists an alternative multiplexing approach based on combining different PTM schemes 

which overcomes some o f the problems in multiplexing PTMs [31, 32]. The scheme is 

known as hybrid (or compound) PTM and is accomplished by a sequence o f cascaded 

PTM modules, where the modulated PTM of the first module is used as a reference 

signal for the second modulator. Very little work has been undertaken on pulse time 

multiplexing, especially on CPTM techniques. In this chapter, different multiplexing 

techniques for PTMs are considered, with special emphasis on the CPTM techniques.

4.2 M ultiplexing techniques for optical fibre system s

Multichannel wideband signal transmission is essential in to day’s broadband services 

over optical fibres systems. It is possible to convey these multichannel signals by 

multiplexing in the time or frequency domain prior to intensity modulation o f the 

optical source. Hence PTM schemes may be extended to multichannel operation by 

TDM, FDM, WDM, and compound modulation techniques. In this section some o f the 

possible multiplexing techniques are discussed.

4.2.1 time division multiplexing

PTM techniques may be extended to multichannel systems by TDM using narrow 

pulses from multiple modulators under the control of a common clock as shown in Fig. 

4.1. Pulses from individual channels are interleaved and transmitted sequentially, thus 

enhancing the bandwidth utilisation o f a single fibre link [81, 82]. Channel assignment 

in this method is rigid, and it seems that it is more suitable method for PTMs, because 

o f their digital nature. The major problem with this technique is the difficulty to 

accommodate channels of different clock rates, and channels with variable clock 

frequency. Therefore, SWFM, PFM, PIM, and PIWM can not be implemented in
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TDM, because they do not have a fixed clock rate. However, when other PTM 

schemes such as PPM or PWM are implemented, transmission o f the clock is essential 

to maintain synchronisation at the demultiplexing end which complicates the system 

and requires the implementation o f clock recovery techniques. This may be the reason 

why no work has been done on PPM and PWM.

Modulator

Multiplexed
Modulator

Synch.
Clock

Amp. (V)

Synch.

(b)
Time

Fig. 4.1 Synchronous TDM: (a) possible block diagram and (b) timing diagram.

4.2.2 frequency division multiplexing

In this technique, different PTM channels are modulated at different subcarrier 

frequencies, as shown in Fig. 4.2. In theory, FDM is suitable for wideband or



narrowband signals, however, in practice there are a number o f limitations to this 

technique. It is necessary to achieve a high degree o f system linearity over a very wide 

bandwidth in order to reduce cross-talk between channels. In addition, it is necessary 

to leave adequate frequency separation gaps between channels to avoid spectrum 

overlapping, and hence non-linear distortion. Consequently, the overall possible 

number of multiplexed channels will be limited.

Amp. (V)

Baseband
signal

Baseband 
signal

FDM

(a)

Channel 2 Channel n
Channel 1

h f  Frequencyf

(b)
(H z)

Fig. 4.2 Frequency division multiplexing: (a) block diagram and (b) frequency 

spectrum.
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At the receiving end, channel demultiplexing could be achieved by linear wideband 

band-pass filters, with a sharp cut off. If coherent demultiplexing is employed, it is 

essential to employ carrier synchronisation to eliminate frequency and phase errors that 

occur during transmission and regeneration o f the carrier and sub-carrier. Therefore, it 

could be more useful to multiplex the baseband channels using FDM technique first, 

afterwards a PTM scheme could be employed to intensity modulate an optical source. 

This technique has the advantage o f multichannel services, and the features o f the 

PTMs [83].

4.2.3 wavelength division multiplexing

In this technique, it is possible to utilise a number o f optical sources, each operating at 

a different wavelength on a single fibre link. Although in spectral terms optical wave 

division multiplexing (WDM) is analogous to electrical FDM, it has the distinction that 

each channel effectively has access to the intensity modulated fibre bandwidth. In 

WDM, the separation and extraction o f the multiplexed signal is performed with optical 

filters [84].

Wavelength division multiplexing technique can be accomplished by using wavelength 

filtering technique, where, identical LEDs are followed by a number o f filters centred at 

different wavelengths which are used to slice the spectrum for different channels before 

they are combined together to be transmitted in a single fibre. At the receiving end 

filters centred at different wavelength are used to recover different channels, as shown 

in Fig 4.3. The restriction of this method is the power budget for each channel. This is 

because o f the slicing o f the LED spectrum which means that the available power o f 

each channel is only a fraction o f total LED power [85]. Consequently, it is necessary
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to use very sensitive receiver in order to have good signal performance. This restricts 

the use o f this method to low bandwidth systems only.

This technique overcomes certain power budgeting restrictions associated with TDM. 

When the transmission rate over a particular optical link is doubled using TDM a 

further 3 to 6 dB o f optical power is generally needed at the receiver. However, in the 

case o f WDM, additional losses are incurred by the incorporation o f multiplexers and 

demultiplexers.

LED

LED

Demultiplexed
signalscombiner -) Splitter

Fibre

LED

T

(b)

Fig. 4.3 W DM using filtering devices: (a) system block diagram  and (b) LED 

spectrum.

100



4.2.4 subcarrier multiplexing

This method has been widely used for multichannel wideband signal transmission for 

video signals. In this technique, each channel is modulated onto a different subcarrier 

using frequency or amplitude modulation (FM or AM). The combined signal is then 

used to intensity modulate an optical source [86]. At the receiving side, the optical 

signal is first converted to an electrical signal using an optical receiver. The electrical 

signal is then demultiplexed by down conversion and filtering, Fig. 4.4.

f\

CHI

FibreCH2

CHn

LBF

BPF

BPF

BPF

Laser &

driver
Wideband

receiver

Local oscillator

Fig. 4.4 Subcarrier multiplexing.

There are two important factors which should be considered when designing a 

subcarrier system the system linearity and noise performance. The noise performance of
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the system determines the number of channels that can be multiplexed as well as the 

overall performance o f the system. However the system non-linearity is determined by 

the optical source, and will introduce inter modulation distortion, which will affect the 

carrier to noise ratio. In general, FM systems are less affected by the non-linearity than 

AM, and FM systems show better noise performance than AM based systems.

In the above sections three general multiplexing techniques have been discussed. These 

techniques can be applied to PTM signals. However, despite the digital nature o f the 

PTMs, TDM is the only appropriate method for multiplexing isochronous PTMs , such 

as PWM and PPM, as they have a fixed frame timing interval. Clock synchronisation, 

at the receiving and transmitting ends, is essential for both signal generation and 

detection. Anisochronous PTMs such as PIM, PFM SWFM are problematic to 

multiplex in the time domain because o f their variable timing interval. In this case, 

FDM may be employed when signals are band pass filtered before multiplexing, but 

FDM can place several demands on the linearity o f the optical transmission system if 

cross-talk between the channels is to be avoided. When PTM techniques are used, the 

problem of achieving adequate linearity rests principally with the modulator and 

demodulator [86]. As a resu lt, the usual method which used to transmit several signals 

by PTMs is that the frequency multiplexing signals are converted into a PTM.

An alternative approach which solves the problem associated with PTMs multiplexing 

is recently developed. This method is called compound (some times hybrid) pulse time 

modulation (CPTM) techniques, which is discussed in more detail in the following 

sections.
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4.2.5 multiplexed isochronous PTM

Multiplexed isochronous pulse time modulation (MIPTM) is different from the systems 

mentioned above as it is based on multiplexing two PPMs without the need for 

synchronisation. This system has been recently developed to transmit two multiplexed 

video signals on optical fibre [87]. The modulator block diagram is shown in Fig. 4.5, 

in which the rising edge and the falling edge o f the clock are used to initiate two ramp 

generators. Each ramp is compared with one level shifted modulating signal (channel) 

using two independent voltages. The output o f each comparator is a PPM signal which 

will be used to reset the corresponding ramp generator. These two PPMs are time 

synchronised as they are driven from the same clock. The two PPMs are used to set 

and reset a multivibrator which produces the MIPTM signal (Fig. 4.6).

Time division multiplexing for the two PPM signals can also be achieved by passing the 

PPMs through an OR gate (Fig. 4.5, the dotted lines). Although this kind o f 

multiplexing uses narrow pulse width which makes it very suitable when a laser is used 

as a light source, it has the drawback o f poor channel identification. This means that 

either reference pulses should be transmitted with the multiplexed signal, or the pulse 

width o f one channel should be made different from that for the second channel.

At the receiver side, (see Figs. 4.7 and 4.8 for waveforms) the two messages are 

separated by an edge separation technique. Each edge is used to initiate a ramp 

generator and due to position modulation the ramp output will be amplitude 

modulated. The envelope o f the ramp is the derivative o f the message signal and the 

message signal can then be extracted from the ramp using the sample and hold
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technique. This method requires synchronisation o f the sample and hold pulses with the 

incoming signal, followed by low pass filtering. Clock recovery and synchronisation 

circuits are also necessary for proper detection. Alternatively, the messages might be 

extracted from the envelope o f the ramp generators by low pass filtering followed by 

integration. Since the integration of wideband signals is usually difficult, more signal 

distortion at the output is expected with this demodulation technique rather than the 

sample and hold method.
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Fig. 4.5 Block diagram of M IPTM  system.
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Fig. 4. 6 M IPTM  multiplexing waveforms.

The modulation index of each channel can be calculated as the ratio o f the pulse 

deviation of the modulated edge to the maximum available time interval (which is half 

the period o f the clock). Therefore, the modulation index can be given as;

2 A rn
mn -  ——  , n  = 1,2 (the channel number) (4.1)
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Fig. 4.7 Block diagram  of M IPTM  receiver.

This system has been used experimentally to transmit two video signal through optical 

fibre. The results show that this system can provide reasonable cross-talk performance 

which is in order o f -30 dB over a wide range o f modulation indices. The non-linear 

harmonic distortion has also been measured for this system and was in the order o f -40 

dB over a reasonable range o f modulation indices. Very few investigation or 

measurements have been done on this system. Full characterisation is not available.

However, all the available results indicate that the system can be used to multiplexed 

wideband signals such as video with reasonable hardware and performance. The main 

drawback of this system is the requirement of the clock regeneration and 

synchronisation at the receiving end.
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Fig. 4.8 Waveforms of the MIPTM receiver.
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4.3 Compound pulse time modulation

Compound pulse time modulation (CPTM) is an alternative approach to TDM and 

FDM multiplexing schemes. It is based on combining different PTM schemes on the 

same carrier pulses. CPTM is accomplished by a sequence o f cascaded PTM modules, 

where the modulated PTM signal of the first module is used as a reference signal for 

the second modulator [31, 32]. Fig. 4.9 lists a number o f possible CPTM techniques, 

not all o f these possible schemes have been studied or even tried.

PPM PIWM

PIM

SWFM

PWM

PWM

PFM

PWM

PWM

PWM

Fig. 4.9 Possible CPTM schemes.

In most CPTM systems, channel synchronisation is not usually necessary making them 

more attractive than TDM, and also, very effective in utilising transmission bandwidth, 

as the bandwidth in these systems is approximately equal to the bandwidth o f a single 

channel PTM. Further, using the CPTM technique each channel can be multiplexed and 

demultiplexed without the need for modulating or demodulating the other channel. This 

results in very little cross-talk when compared with TDM or FDM, and means that the 

cross-talk in CPTMs is very low compared with TDM or FDM [31, 32]. Recently,
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several successful attempts have been made to develop CPTM schemes for 

transmission o f video and data signals; such as the compound pulse interval and width 

modulation (CPIWM) [88], compound pulse frequency and width modulation 

(CPFWM) [32]. However, despite the fact that these CPTM schemes have been 

developed and implemented, very little work has been reported on the theory o f these 

techniques. In this section we will be looking at CPTM from the point o f view of 

modulation, demodulation, spectral characterisation and system performance. The 

more detailed analysis o f the compound pulse frequency and width modulation 

technique will be considered later in next chapters.

4.3.1 compound pulse interval and width modulation

In this scheme the PIM signal is generated first and is then used as a reference signal 

for a pulse width modulator. Figure 4.10.a shows a block diagram o f the naturally 

sampled CPIWM transmitter. A comparator and ramp generator are connected as a 

feedback loop to reset the ramp when equivalence is detected between the DC shifted 

modulating signal vi(f), and the ramp. When the modulating signal is absent, the 

comparator output is a series of uniformly spaced short-duration pulses at a free 

running frequency determined by both the unmodulated DC level and the ramp slope, 

Fig. 4.10-b. A pulse generator is used to stretch the PIM pulse train before being input 

to the ramp generator. The addition of a DC level to the modulating signal is necessary 

so that there is always headroom for the ramp to sample the most negative input 

swings. If  a sample and hold unit is incorporated and triggered from the comparator 

output, uniformly sampled PIM generation is possible [88].
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Fig 4.10 CPIWM transmitter: (a) block diagram and (b) waveforms.
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The second modulating signal, v2 (/), is level shifted before being compared to the 

modulated ramp. The output o f this comparator is the desired CPIWM waveform in 

which both the rising and falling edges convey modulating signals vj(f) and v2(0 

respectively, see Fig. 4.10-b. The second input channel could be a data signal provided 

it is first frequency/phase shift modulated before being compared to the modulated 

ramp signal. CPIWM can be changed to naturally sampled PWM by turning off either 

o f the modulating signals.

CPIWM is anisochronous in nature because the modulated ramp is reset at a point 

determined by the instantaneous value of the modulating signal and not by the choice 

o f the carrier frequency. The sampling frequency component amplitude is a function of 

the modulation index and vanishes at a certain values o f the modulation index. The 

minimum permitted ratio o f sampling to modulating frequency is 2:1 which is the same 

as that for PIM [88].

The spectrum of the CPIWM is composed o f baseband components and sideband 

components centred around the sampling signal fundamental and its harmonics. The 

minimum pulse frequency must be chosen so that the sideband components do not 

interfere with the baseband component to reduce the non-linear distortion.

The modulation index for the first channel ml may be defined as the peak-to-peak 

modulating signal swing divided by twice the DC level. PIM channel is best operated at 

modulation index less than 50%, thus giving sufficient headroom for the modulated 

ramp to sample the second channel, see Fig. 4.11. The minimum required amplitude of 

the ramp can be determined from the following relation [88];



where s  is the slope o f the ramp and Ta is the period o f the unmodulated carrier. The 

modulation index o f the width modulation channel is [88];

A r
»h = v - 2 X v ; ( / ) (4.3)

H=0

where A r is the maximum pulse width deviation. Note that when the first modulating 

signal is absent, the modulation index m2 becomes;

7W-, =
A r

(4.4)

A channel may be operated at a modulation index as high as 70%. however, operating 

at m2 ^ 50% will result in reduced harmonic distortion and interchannel cross-talk [88].

Amp. (V)

DC 2

CPIWM

Time

Ar

Fig. 4.11 Modulated ramp waveform and CPIWM signal.
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At the receiver (see Fig. 4.12), after threshold detection, demultiplexing is carried out 

by an edge separation technique which converts the CPIWM waveform to a series o f 

short duration pulses by employing differentiators. The pulses are reset and initiate a 

ramp generator o f constant slope, whereas the falling edge pulses are employed to 

control a sample and hold operation. The modulated ramp signal is then passed through 

a high order low pass filter in order to recover the first message signal. The output of 

the sample and hold unit is a pulse amplitude modulated waveform, which is then 

passed through a low pass filter in order to extract the second message signal.

However, the PAM signal at the output o f the sample and hold is affected by the 

interval modulation o f the first channel, thus resulting in cross-talk from the PIM to the 

PWM channel. This cross-talk may increase with increasing modulation index m\. On 

the other hand, in an ideal system there is no cross-talk on the PIM due to width 

modulation. However, in practice, due to pulse width being modulated by the v2(0, the 

rising edge of the next CPIWM pulse is affected by the falling edge o f the preceding 

pulse due to the waveform distortion, and limited transmission bandwidth. This results 

in PIM pulses being phase modulated by the second channel, and hence cross-talk from 

the PWM signal to the PIM channel. In general, the cross-talk in the PWM channel due 

to PIM signal is lower than that in the PIM channel due to PWM signal [88].

The CPIWM spectral profile is slightly asymmetrical. As the case with PIM and 

PIWM, shown in Fig. 4.13, it contains baseband components and their harmonics 

together with a series o f diminishing sidetones spaced co\ (lowest information 

frequency) apart around the second input signal frequency oh- Also, present are 

spectral components generated around the modulated sampling frequency co0 and its 

harmonics, surrounded by a diminishing series of sidetones separated from each other 

by a frequency equal to the modulating frequencies co\ and a>i- The sidetone 

corresponding to the sum and the difference between the modulating frequencies have
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also developed a diminishing series o f sub-sidetones spaced a>i apart. The sampling 

frequency component and its harmonics are not constant, but increase from their free- 

running (unmodulated) values o f coQ, 20)o, as a function o f the modulation index. For 

CPIWM the minimum sampling frequency to modulating frequency ratio is still 2:1 as 

in PIM and PWM.

For high signal-to-noise ratio (i.e. low edge jitter) the transmission channel must be 

capable o f carrying CPIM with very little distortion. However, for moderate signal-to- 

noise ratio, it is possible to reduce the channel bandwidth up to a point where only the 

low level components and fundamental sampling components are transmitted. The 

bandwidth saved may be used for transmission o f other services.

Like all PTM transmission techniques, the signal performance o f the CPIWM is mainly 

determined by the pulse jitter to amplitude conversion at the threshold detector and the 

optical receiver. Fig. 4.14 shows that the performance of both channels (the PIM and 

the PWM) are comparable. Finally, CPIWM also display a noise threshold below which 

the system noise performance rapidly deteriorates, see Fig. 4.14.

4.3.2 pulsed frequency and width modulation

In this type o f multiple modulation technique, a frequency modulated signal is first 

generated and then used as a reference for the width modulation stage. In effect, a 

signal which carries two independent channels, one in its frequency and the other in its 

width, will be generated. There are two possible types o f compound frequency and 

width modulation, namely; pulsed frequency and width modulation and compound 

pulse frequency and width modulation (CPFWM). The later will be discussed in more 

detail in the next chapter.
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Fig. 4.12 CPIWM receiver: (a) block diagram and (b) waveforms.
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Fig. 4.14 Noise performance of CPIWM system [88].

As mentioned above, the pulsed FWM is a multiple modulation system, where separate 

information is carried by the frequency and the pulse width. Pulsed FWM was first 

reported by Tanaka and Okamura [31], where they applied this technique to the optical 

transmission o f video signal and digital audio signal. A block diagram o f a pulsed FWM
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transmitter is shown in Fig. 4.15. A conventional frequency modulation (FM) signal is 

first generated which carries the first modulating signal, V j( f ) .  This FM signal is then 

compared to the second modulating signal, v2(7), or to the PSK signal. The output of 

the comparator is the desired pulsed FWM signal, Fig. 4.15-b shows the signal 

waveforms. The pulsed FWM has the feature that even if both modulating signals have 

the same bandwidth, they can be multiplexed or demultiplexed, thus, making it possible 

to utilise effectively the available transmission channel bandwidth effectively [31].

Another feature is that the second channel can be multiplexed and separated without 

demodulating the FM signal, this makes the scheme attractive for video distribution 

systems, providing services independently for video and data or audio.

The frequency spectrum o f pulsed FWM is shown in Fig. 4.16. It can be noticed from 

examining the low frequency components o f the pulsed FWM, that the frequency 

modulation components and the second modulating signal (or PSK signal) are located 

separately on the frequency axis. Therefore, they can be separated by two band pass 

filters. The rest o f the spectrum is just like that for ordinary PFM.

At the receiving end, the FM and the PWM signals are separated by band pass filters 

after threshold detection, see Fig. 4.17. The FM signal is first converted into an SWFM 

signal, and then into PFM pulses o f fixed duration. Since the spectrum of the PFM 

signal contains the baseband component, the information carried in the PFM is 

extracted by a low pass filter. Finally the second channel (or PSK signal) is passed 

through a band pass filter (followed by PSK demodulator in case o f using PSK signal) 

in order to recover the information vi(/).
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The cross-talk performance o f the pulsed FWM system is studied by Tanaka and 

Okamura [31]. Like the FDM systems, the main causes o f the cross-talk are possible 

spectrum overlapping between the second modulating signal and the FM signal side 

bands, and the separation band pass filters’ characteristics that passes some 

components from the other channel. Brief cross-talk analysis is given in this section, 

however, the detailed mathematical analysis is given in Ref. [31].

The cross-talk analysis is based on finding the frequency components that pass through 

the stop band of the separation filters in each channel. In order to find that, time 

domain Fourier series representation o f the pulsed FWM signal should be found first. 

This is given as [31];
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/ ( 0 =  f j m - T , , n) - U ( t - T 2„)
n~-co

(4.4)
00

= Z  K  cos(2^f„0 + *„ sin(2^„/)}
rt=-oo

where £/(/) is unit step function, Ti,n and T2,n are time sequences where the FM signal 

and the second channel signal intersect, f c is the free-running frequency, a„ and bn are 

the Fourier coefficients. The channel separation (demultiplexing) is achieved by 

filtering. I f  the filter used to separate the FM signal has a characteristic H (fl, then the 

signal at the filter output can be written as;

/ R( 0 =  Z  K  C0S(2rifol) + hn sin(2«/'„/)}|//(/)| (4.5)
n=-N

where N  is an integer representing the order of the frequency component to be 

considered, usually N  is taken to be 3 or 4, as the higher frequency components will be 

significantly attenuated by the filter.

The regenerated PFM pulses are obtained by passing the signal from the band pass 

filter through a zero crossing detector, producing a pulse of constant width whenever 

/ r (t) = 0. The solutions o f / r (/) = 0 is usually very complicated and needs numerical 

analysis, however, this solution will give the regenerated PFM at the receiver. Passing 

the regenerated pulses through the low pass filter, the interference component from the 

second modulating signal (or PSK) can be obtained. The cross-talk is evaluated by 

dividing the interference component by the demodulated FM signal level.
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Figure 4.18 shows the cross-talk from the width modulation (second modulating 

signal) to the FM signal when the mixing ratio (v2/vi)is varied. The results shown in 

this figure were obtained numerically by applying the procedure mentioned above. It 

can be noticed that when the carrier frequency o f the second modulating signal (or 

PSK signal) increases the cross-talk increases [31].

The cross-talk from FM signal to the second modulating signal (or PSK signal) can be 

calculated using similar technique. The main cause o f the cross-talk from the FM signal 

are spectrum overlapping and the characteristics o f the band pass filter used to separate 

the second modulating signal (or PSK signal). The components from the FM signal that 

mix with the second modulating signal can be evaluated from the FM spectrum near 

the carrier frequency f Q which can be given as;

g(t) = A sm[27if0t + /?sin(2 7rfxt)]
(4.6)

ao

= ^  (np) cos[2 n ( f 0 + nfx )t + n?r/ 2]
n=-oo

where f$ is the modulation index of the FM signal. The order o f the components that 

give rise to the interference depend on the ratios f 0f f \  and / 0/ / 2. In practice, however, 

the fourth and the following sidebands could be considered as the component that give 

rise to the interference. This can be evaluated from equation 4.6 by substituting n = 4. 

In this case a cross-talk of -24 dB is obtained, however, if a different order is 

considered then a different value of cross-talk may be obtained. As a conclusion the 

sampling ratio should be chosen in order to minimise the cross-talk, although cross-talk 

between channels are inevitable as is the case in all FDM systems.
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Fig. 4.18 Cross-talk in pulsed FWM system (from second channel to FM (fQ = 21 

MHz, A f= S  MHz, third order Bessel band pass filter is assumed) [31].

On the other hand the cross-talk between the frequency modulated channel and the 

width modulated channel has been calculated for video signals only when filtering 

technique is used to separate the two multiplexed channels. Tanaka and Okamura have 

considered the fourth sideband component o f the frequency modulated spectrum as the 

most dominant component which produces cross-talk in the system. It has been 

concluded that with proper choice of the frequencies and modulation indices a cross­

talk o f order -40 dB between any channels is possible. Furthermore, when the carrier 

frequency exceeds the video signal bandwidth the cross-talk component on the FM 

channel due to the PWM channel can be eliminated by the video filter.

As to the noise analysis, the SNR for the pulsed FWM system is given in this section. 

For comparison the SNR is also given for the case when the video signal and the PSK

f =3 MHz

f =2 MHz
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modulated digital voice are multiplexed in the frequency domain then modulated using 

PFM. In the later case the SNR o f the demodulated video and the carrier-to-noise 

(CNR) ratio o f the PSK signal are given as;

SNR = -------^ — -  (4.7)

CNR = (m>'V /2 /2 )  /2  (4 8)

where, Bv and Ba are the bandwidths o f the video and the audio signals respectively, o2 

is the noise jitter and mv is the mixing ratio o f the video signal (i.e. video signal level 

divided by the audio signal level). When the video signal is pulsed FM modulated and 

then PWM modulated by the voice carrier, the demodulated SNR o f the video is the 

same as given in equation 4.7. The demodulated CNR of the voice carrier is given by;

_ [sin ~1(n7a /7r)]2
CNR =  ----- „  * 2 (4.10)

where, ma is mixing ratio o f the PWM signal. Comparing equations 4.10 and 4.9, it can 

be concluded that both methods will give the same noise performance if;

(4.11)

However, if we chose A f= f2, and ma = mv, the pulsed FWM will be better by 6 dB, 

indicating that transmission by multiplexing the voice signal on pulse width is better.
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4.3.3 compound pulse frequency and width modulation

This technique has been used by Tanaka and Okamura [31], to transmit a video signal 

and audio message carried on a phase shift modulated carrier. The generation method 

of the compound pulse frequency and width modulation (CPWFM) is shown in Fig. 

4.19, in which a video signal is used to modulate the frequency o f a pulse train which is 

used to initiate a sawtooth generator. On the other channel a digital audio signal is used 

to modulate the phase o f an audio sub-carrier. The phase shifted signal and the 

sawtooth waveform are applied to a voltage comparator. The comparator output and 

the frequency modulated pulse due to the first channel are used to set and reset a flip 

flop which produces the CPFWM signal, see Fig. 419- b.

At the receiver side, see Fig. 4.20, the two channels are demultiplexed by using edge 

separation techniques. The set pulse (PFM pulse) is generated from the rising edge o f 

the received pulses, while the hold pulse is generated from the falling edge. The video 

message is then extracted from the set pulses by low-pass filtering. The set pulses 

(PFM pulses) are also used to initiate a sawtooth generator. The sawtooth output is 

sampled at the falling edge of the CPFWM signal position. The output o f the sample 

and hold circuit is the PSK audio message which can then be extracted by PSK 

detector.

To conclude, PTM techniques have the disadvantage that both TDM and FDM 

multiplexing are not easy. TDM is difficult because the information is carried on one of 

the pulse characteristics, while the nature o f PTM waveforms spectrum makes FDM 

not easy. CPTM techniques are alternative approaches to TDM and FDM multiplexing
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schemes, and have the advantages o f simplicity and good noise and cross-talk 

performance. Although, in theory, a number o f possible CPTM techniques are 

available, only limited attempts have been made to develop them. Research showed 

that CPIWM scheme offers good cross-talk and noise performance with considerable 

low bandwidth. This makes it an attractive technique for wideband signal transmission. 

On the other hand, CPFWM is another alternative scheme which shows similar 

performance to that o f CPIWM, but it is not characterised yet. Further study and 

investigation on the CPFWM scheme is therefore needed.

In the next chapter a detailed analysis of the performance o f the CPFWM system will 

be given. This includes the modulation spectrum, noise, and cross-talk analysis.
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Fig. 4.19 CPFW M  modulator: (a) Block diagram  and (b) waveforms.
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Chapter  Five

Compound Pulse Frequency and 

Width Modulation

5.1 Introduction

Compound pulse frequency and width modulation (CPFWM), also known as the hybrid 

pulse frequency and width modulation, is an attractive alternative technique for 

multiplexing pulse time modulation signals. Like other combined pulse time modulation 

schemes, it is based on a combination o f two PTM schemes; the PFM and the PWM. 

The main features o f this technique may be summarised as; i) effective bandwidth 

utilisation, ii) channel separation without the need for demultiplexing and iii) channel 

synchronisation is not required for the demultiplexing process. These features make the 

CPFWM technique very attractive in a number o f applications such as video 

distribution, where data and video signals can be provided independently.

Despite the fact that the principles o f CPFWM were reported several years ago, most 

of the work carried out is based on experimental investigations, and very little work has 

been reported on theoretical analysis. In this chapter, the CPFWM technique is studied 

in detail. Mathematical characterisation, computer simulation, and experimental 

verification o f the CPFWM generation and demodulation are presented.
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5.2 CPFW M modulation and demodulation

The approach used here in CPFWM generation is different from that reported by 

Tanaka et al [31] and discussed in the previous chapter. In this section, a theoretical 

analysis o f the CPFWM modulator and demodulator is presented.

5.2.1 CPFWM Modulator

Figure 5.1 shows a block diagram of the CPFWM transmitter. A voltage controlled 

multivibrator (VCM) is used to generate SWFM. This anisochronous PTM method is 

closely related to both analogue FM and PFM systems and consists o f a series of 

squarewave edges transitions occurring at the zero crossing points o f the FM, see Fig. 

5.1-b. The PFM waveform is derived directly from SWFM by passing it through a 

differentiator to generate low duty cycle pulses, see Fig. 5.2-b. The modulated pulses 

reset and initiate a constant slope ramp generator. The output o f the ramp signal has 

variable amplitude and period which are proportional to the amplitude and frequency o f 

the first input signal v;(/). After level shifting, the second modulating signal, v2(t) is 

compared with the ramp using a comparator. The output o f the comparator is the 

desired CPFWM waveform which contains both o f the input signals in the form of 

modulated period and duration, see Fig .5.1-b.

It is also possible to generate CPFWM by differentiating both edges o f the SWFM, to 

produce a double edge PFM waveform. The PFM waveform is used to initiate a ramp 

generator, the amplitude o f which is compared with the second modulating signal, see 

Fig. 5.2. It is clear that this technique will lead to doubling the frequency o f the ramp 

generator. Consequently, the operating frequency of the CPFWM will be doubled also.
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This technique has the advantage of reducing the filter order required in demodulating 

the PFM signal, and improving the noise performance since the sampling ratio for both 

channels are doubled. However, such advantages could also be achieved using the 

previous technique by doubling the free running frequency o f the system.

CPFWMPFM
SWFM

Comparator

VCM
Ramp

generator

DC level

shifter

generator

Pulse

Amp. (V)

SWFM

PFM

DC

CPFWM

Time
(b)

Fig. 5.1 CPFWM modulator: (a) block diagram and (b) waveforms.
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SWFM
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CPFWM

Time

Fig. 5.2 CPFW waveforms when using double edge differentiation.

The second modulating signal could either be used as a baseband waveform, or 

modulated by a sub-carrier, such as PSK or FSK. The principle o f the modulator is the 

same, however, on the receiver side a proper demodulating technique should be applied 

after extracting the second modulating signal.

Removing the input signal from the PFM modulator results in removing the amplitude 

variation of the ramp signal. The output waveform becomes a leading edge PWM 

waveform, see Fig. 5.3.a. If the input signal to the comparator is removed, the ramp 

signal level will be compared with a constant DC level and the output signal will be an 

increased width PFM waveform, see Fig. 5.3.b.
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Fig. 5.3 Waveforms of the CPFWM modulator: (a) when the first input is 

removed and (b) when the second input is removed.
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Fig. 5.4 Waveforms at the comparator inputs.

The principle o f the modulation when both inputs are present is best explained using 

Fig. 5.4. If the slope o f the ramp signal is sr , the maximum and the minimum voltage 

levels o f the ramp signal can be calculated as, respectively;

Vrmin= s T .  (5.1)r  mm r im in  \  /

and

(5-2)

where, Trmm and Tm^  are the minimum and the maximum period o f the ramp signal, 

respectively. Subtracting equation 5.1 from 5.2, gives;

AV
s' = a T  ( 5 3 )
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where, AV Vrmax “ r̂minj &nd At 7̂  max_ 5̂min-

For optimum performance, the second modulating signal should be shifted by half of 

the minimum ramp voltage, i.e. V d c =  V m u n / 2 .  The modulation index o f the pulse width 

modulation channel (M) can be defined as the ratio between the second modulating 

signal level and the minimum ramp voltage, which can be written as;

Substituting equation 5.1 into 5.4, the following relation can be obtained;

w here,/0 and f \  are the carrier and the first modulating signal (to the PFM modulator) 

frequency, respectively, and ft  is the modulation index of the PFM waveform which is 

proportional to first input signal level.

Using k as the sensitivity of the VCM in (Hz/V), then the modulation index of the 

frequency modulation channel p  may be calculated as;

M  =
r  rm in

(5.5)

s.

(5.6)
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The amplitude relationship between the two input signals is obtained by substituting 

equation 5.6 into 5.5. This results in;

(5.7)

In order to combine PFM and PWM waveforms without introducing any non-linear 

distortion equation 5.7 should be satisfied.

However, the case when Vmzx = 2Vmm , which represents the optimum mixing 

condition, gives the widest range o f mixing ratio (V2/Vi) between the two signals. 

From equation 5.1 and 5.2 it can be shown that;

where PP is the optimum value for modulation index of the first channel (i.e. PFM), 

which is the value o f p  when equation 5.8 is satisfied. From equation 5.9, pp can be 

given as;

By substituting equation 5.10 into 5.5, the optimum modulation index for the second 

channel Mp can be obtained as;

2T . = Trm in nmax (5.8)

or

2 Vo - P, f x )  = f o + W (5.9)

(5.10)
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Both equations 5.10 and 5.11 should be satisfied for optimum mixing between the two 

signals.

There are two special cases worth considering;

(a) when the first modulating signal is removed (i.e. Vi = 0). This results in a PWM at 

the output o f the CPFWM modulator and the value o f /? will be zero. In this case, 

equation 5.5 reduced to;

(b)

and the analysis for the optimum values o f the modulation indices is not applicable.

(ii) When the second modulating signal is off (i.e. v2 = 0 ) the modulation index will not 

be affected as it is always equal to Af/fu also the analysis for optimum modulation 

index is not necessary.

On the other hand in order to minimise the interchannel cross-talk between channels it 

is essential to design the ramp generator so that the fall time is much smaller than the 

rise time of the ramp waveform. Otherwise, the variation in frequency o f the ramp will 

cause changes in the pulse width of the CPFWM waveform. This will produce an 

interference component from the PFM channel to the PWM channel. Fig. 5.5 shows



the effect o f the fall time on the pulse width o f the waveform at the comparator output. 

For simplicity, let us assume that the PWM channel is off, while the frequency 

modulation is present, the change in the pulse width due to a non zero fall time can be 

given as;

V r DC
A t  = — —  (5.13)

sf

where Vr is the instantaneous amplitude of the ramp, and Sf is the slope o f the falling 

edge, (see Fig. 5.5). The amplitude o f the ramp can be evaluated as;

K = J  (5.14)

where /  is the instantaneous frequency o f the ramp waveform. If  a single tone 

frequency modulation is assum ed,/can be written as;

/  = / „ + 4 / 's i n 2 ; / 1/ (5.15)

where A f  is the maximum frequency deviation. Substituting equation 5.15 into 5.14 the 

Vr can be written as;

+ ;<)
Jo  (5.16)

s A f
- r ( 1 - — sin2^f,0
Jo Jo
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Fig. 5.5 Comparator output and ramp waveforms.

Finally, substituting equation 5.16 into 5.13 the change in the pulse width due to the 

existence o f the frequency modulation can be obtained as;

sr srA f .
ST = - J— -  —  - - JL̂ s m 2 n f lt (5.17)

Sf fo Sf  Sf fo

The first and the second terms o f equation 5.17 are constants which means they will 

introduce a constant shift in the pulse width. The last term represents the interference 

component which will cause cross-talk from the PFM channel into the PWM channel. 

The magnitude of this component depends on the ratio sjst which should be minimised.
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5.2.2 CPFWM demodulator

At the receiver, after passing through a slicer the CPFWM signal is first demultiplexed 

by means of an edge separation technique using two differentiators, (see Fig. 5.6). The 

output from the first differentiator representing the rising edge, is a series o f pulses 

corresponding to the PFM waveform, this is then passed to a monostable to produce a 

constant width PFM which passed through a low-pass filter to reconstruct the first 

modulating signal V\ (t). The output from the second differentiator, representing the 

falling edge, is a pulse train which is used to control the sample and hold amplifier. The 

regenerated PFM pulses reset and initialise a ramp generator before being feed into the 

sample and hold amplifier for conversion into a PAM waveform, see Fig. 5.7. In order 

to minimise non-linear distortion it is important that both ramps at the receiver and 

transmitter should have the same shape and characteristics. Finally to recover the 

second modulating signal V2(t), the PAM waveform is passed through a low pass filter.

PFM Output 1

CPFWM

Output 2

Mono-

stable

Ramp

generator

Sample & 

hold

Low-pass

filter

generator

Pulse

Low-pass

filter

Edge

separation

Fig. 5.6 Block diagram of the CPFWM receiver.
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The pulse width of the CPFWM waveform is proportional to the amplitude o f the 

second modulating signal, and has discrete values. The pulse width o f the nth pulse 

may be given as;

r„ = r„[l + Mv2„] (5.18)

where, r0 is the pulse width o f the CPFWM waveform with the width modulation 

removed, and v2n is the amplitude o f the nth sample o f the second modulating signal.

Amp. (V)

CPFWM

PFM

Detected signal 
vi(t>

Ramp & S/H 
signal

Hold
pulses

Detected 
signal v2(/)

Time

Fig. 5.7 Waveforms of the CPFWM demodulator.
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Fig. 5.8 CPFWM, ramp and S/H waveforms.

Figure 5.8 shows how the second channel is separated. The sample and hold amplifier 

stores discreet values and represents the reconstructed second channel. If  the slope o f 

the ramp waveform is the same as that at the transmitter, then the nth stored value 

from the sample and hold amplifier (i.e. the amplitude o f the output o f the sample and 

hold amplifier) can be calculated as;

V oZ n  =  S r T n  = ^ [ l  + ^ 2„ ] (5.19)

To recover both channels faithfully with minimum interchannel cross-talk, it is essential 

for the PFM pulse train to have a low duty cycle, see Fig. 5.9. If we assume that the 

maximum swing of v2(/) is unity, i.e. |v2(/)| < 1, the maximum and the minimum pulse 

width of the CPFWM waveform can be determined from equation 5.18 as r c( 1 ± M ) .

Thus, the pulse width o f the reconstructed PFM waveform (rPnvl) should satisfy the 

following relationship;

T P F K f < T o O ~ M )  (5.20)
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Fig. 5.9 Waveforms at the PFM pulse separation.

If the above condition is maintained, the PFM channel should be successfully separated 

from the PWM channel without any cross-talk. It is important to notice that lower duty 

cycle o f PFM also means a higher modulation index and consequently higher signal-to- 

noise ratio for PWM channel. Since this takes place at the receiver, there is no 

bandwidth overhead penalty.

5.3 Com puter sim ulation of the CPFW M  system

Designing communication systems is often time consuming and expensive. 

Mathematical modelling and computer simulation are modem tools to speed up the 

design process and to provide the designer with an initial assessment of the system 

behaviour so that improvement or modification can be introduced before physically 

building the system. There are a number o f general purpose simulation packages
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available which are capable o f simulating most electronic systems at different levels. 

One group o f simulation packages, such as SPICE, is capable o f simulating the 

electronic systems at the circuit element level. However, such packages are not suitable 

for communication systems simulation because such usually a very large number of 

circuit element are required to represent the system. This means the computer 

simulation will be very complicated and the amount o f data needed for system 

simulation is very large, as well as the computational time being very long.

There exists a high level simulation that is used to simulate the circuits at conceptual 

level rather than circuit element level. As a result, systems can be created using block 

diagrams, which represent typical circuits such as VCOs, filters, amplifiers and so on.

Throughout the development o f this work, a general purpose high level system 

simulation package, called TESLA, was used to simulate the CPFWM system. TESLA 

does not have any restriction on the topology o f the circuit, and it is capable o f dealing 

with analogue and digital circuits. The system block definitions can be entered either 

with a text editor or schematic editor. The CPFWM modulator and demodulator are 

simulated by a number of blocks, each block is defined by its transfer function, while 

outputs are always calculated and displayed in the time domain, as shown in the next 

sections.

5.3.1 simulation of the CPFWM modulator

The CPFWM modulator block diagram, shown in Fig. 5.1, has been simulated using

TESLA assuming a single tone modulation in both channels. The schematic diagram of

the simulated CPFWM system is shown in Fig. 5.10 together with the values o f
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frequencies and voltages used. The first modulating signal is represented by a 

sinusoidal waveform followed by a voltage control oscillator to produce the FM signal 

as a VCM is not available in the TESLA library. The FM signal is then passed through 

a zero crossing detector to produce a SWFM waveform at node 3, see Fig. 5.10. The 

SWFM is then differentiated and then passed through a rectifier to produce PFM 

pulses at the rising edges only (node 4). A voltage clipper is then used to ensure that all 

pulses are at TTL level at node 6. As TESLA does not provide a triggered ramp 

generator, an integrator with a DC input voltage is used to provide the ramp. The 

integrator is reset by an inverted PFM pulse train (nodes 6 and 7). The second 

modulating signal is simulated by a sinusoidal oscillator (node 10) to which a DC 

voltage is added by a summer (node 12). Finally, the ramp signal (node 9) and the level 

shifted second modulating signal (node 12) are compared to produce the required 

CPFWM waveform (node 13).

Time domain simulation is carried out using a carrier frequency o f 2 MHz. The first 

modulating signal frequency chosen was 170 kHz, while the second modulating 

frequency was 70 kHz, as these values are harmonically independent. Time domain 

results o f the simulation as shown in Fig. 5.11 clearly show the CPFWM, ramp and the 

second modulating signal waveform.

5.3.2 simulation of the CPFWM receiver

The simulation o f the CPFWM receiver is based on the block diagram shown in Fig.

5.6, while the schematic diagram of the TESLA simulation is shown in Fig. 5.12. The

CPFWM pulses from the modulator output are first differentiated (node 14) and passed

through a voltage clipper to ensure TTL level for all pulses. The positive pulses
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(representing the PFM) are separated by a rectifier (node 16) and then used to initiate a 

ramp generator which is constructed from an integrator as in the previous section. The 

first modulating signal is then recovered from the ramp envelope using a low-pass filter 

as it is not possible to recover it from the PFM pulses directly. This is because the 

pulse width o f the PFM impulses is almost zero, which makes the extraction o f the 

message signal impossible (i.e. causes errors in running the program). On the other 

hand, the hold pulses are generated from the negative impulses o f the incoming 

CPFWM waveform. As TESLA does not provide negative rectification, the impulses at 

node 15 are first shifted by 5 Volt, then passed through voltage clipper at 5 Volt to 

remove all positive spikes and to obtain the hold pulses (node 20). Finally the second 

modulating signal is reconstructed by sampling the ramp waveform (node 19) at the 

trailing edge pulses (node 20) and passing the samples through a low-pass filter as 

shown in Fig. 5.12.

The ramp waveform, hold pulses and the generated waveform at the output o f the 

sample and hold amplifier are shown in Fig. 5.13. Figure 5.14 illustrates the recovered 

modulating signals, clearly showing that the system is capable o f faithfully recovering 

the input information
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Fig. 5.10 CPFWM modulator block diagram.
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Fig. 5.11 Waveforms of the simulated CPFW M  modulator.
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5.4 E xperim ental investigation  of the CPFW M  system

5.4.1 CPFWM modulator

A low frequency experimental set-up for the CPFWM system has been built and tested. 

The CPFWM modulator is based on the block diagram given in Fig. 5.1 In this section 

the different elements o f the modulator will be considered separately.

l.SWFM generation: The circuit diagram o f the SWFM generator is shown in Fig. 

5.15. An integrated circuit VCM is used to generate the SWFM waveform. The free 

running frequency of the VCM is given as 500/Cx:, where Cx is the external capacitance 

[68], see Fig. 5.15. The frequency can also be tuned by controlling the voltage at pin 

14. However, the waveform generated is not a perfect squarewave, therefore a divide 

by two circuit is employed to resolve the problem. Thus the free running frequency of 

the VCM is 4 MHz, see Fig. 5.15-b for waveforms.

2. PFM pulses generation: PFM pulses are obtained by differentiating the SWFM. A 

simple RC differentiator is used followed by two NOT gates to re-shape the pulses. 

The circuit diagram and the waveforms of the differentiator are shown in Fig. 5.16. The 

values o f the resistor and the capacitor are calculated for the free running frequency o f 

the SWFM ( i.e. 2 MHz). The pulse width o f the output waveform of the differentiator 

will be the same as the fall time o f the ramp. It must therefore kept as short as possible, 

the resistor R is chosen to be variable in order to minimise the pulse width o f the PFM 

pulses.
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Fig. 5.15 SWFM generator: (a) circuit diagram and (b) waveforms.

3. The ramp generator: The PFM pulses are used to initiate a ramp generator which 

consists of a constant current source to charge a capacitor. The capacitor is discharged 

through a transistor switch, see Fig. 5.17. The current mirror combination o f Q1 and 

Q2 is used to construct a current source that provides a current o f Vz/R, (where Vz is 

the zener diode voltage) which has been chosen to be 1 mA. The switching transistor 

Q3 is used to discharge the capacitor C. Finally, common collector transistor Q3 is 

used as a buffer.
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Fig. 5.16 SWFM pulses differentiation: (a) circuit diagram and (b) waveforms.

4. Voltage comparator : An integrated circuit analogue voltage comparator is used to 

compare the ramp voltage with the second modulating signal after DC shifting the 

latter. A simple passive adder circuit is used to shift the second modulating signal., see 

Fig. 5.18 for the circuit diagram. It should be noticed that the DC shifting in the second 

modulating signal is chosen to be half the minimum value o f the ramp voltage when the 

frequency modulation index is a maximum. The output o f the comparator is the 

required CPFWM waveform.

152



Current
source

Switch

Switching PFM 
pulses

+15V
Ramp GND

GND +15V

To the comparator

Fig. 5.17 Ram p generator.

+15V
GND |-----1|----

+15V
LM361N

CPFWM
pulses

6 -6V
GND

Second 
modulating 
signal v2

Amp. (V)
Ramp

rmin
DC

CPFWM

Time

(b)

Fig. 5.18 Comparator: (a) circuit diagram and (b) waveforms.
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5.4.2 CPFWM demodulator

The receiver has been built according to the principle explained in Fig. 5.6. The 

different sections o f the receiver are explained individually as follows;

1. Edge separation and PFM demodulation: The received CPFWM pulses are first 

passed through an edge separation stage where the falling and the rising edges are 

completely separated. The rising edge contains the information carried by the first 

modulating signal, while the falling edge together with the rising edge are used to 

extract the information o f the second modulating signal.

The circuit diagram of the edge separation technique used in this work is shown in Fig. 

5.19. In this circuit, the resistor R is chosen to be variable to allow changing the pulse 

width of the regenerated PFM pulses. The regenerated PFM pulses are passed through 

a passive low pass filter, which has a bandwidth o f 200 kHz, to extract the first 

message signal, see Fig. 5.19-b.

2. Ramp and sample and hold amplifier: The regenerated PFM pulses are used to 

initiate a ramp generator. The ramp used in the receiver is identical to that used in the 

transmitter side, see Fig. 5.17, to ensure using the same slope. On the other hand, the 

ramp is passed through a sample and hold amplifier, as shown in Fig. 5.20. The output 

of the sample and hold amplifier is passed through a passive fourth order low pass filter 

with a cut off frequency o f 50 kHz to extract the second message.
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5.4.3 Results

The circuit diagram of the CPFWM transmitter and receiver are shown in Figs. 5.21 

and 5.22, respectively. The characteristics o f the frequency modulator have been 

measured when the width modulation channel is off. The frequency at the comparator 

output (i.e. modulator output) is measured as a function o f the first modulating signal 

level; for this purpose the capacitive coupling at the input o f the VCM is removed then 

restored after the end o f the test. The results are displayed in Fig. 5.23 together with 

the best linear curve fitting. This graph gives the linear dynamic range o f the 

modulator, and the slope o f the curve represents the sensitivity o f the pulse frequency 

modulator (k). The modulation index o f the pulse frequency modulation channel can 

then be evaluated from equation 5.6.

Similarly, the characteristics o f the pulse width modulator are measured when the 

frequency modulation is off. The results are displayed in Fig. 5.24 together with the 

best linear curve fitting. The linear region o f operation can be seen from Fig. 5.15, 

while the slope o f the curve gives the sensitivity o f the pulse width modulator (kw). the 

modulation index of the width modulation channel can then be obtained as;

M  = (5 21)

Waveforms at different nodes of the modulator circuit have been recorded in 

conditions when both modulating signals are present, when only the first modulating 

signal present, when only the second modulating signal is present and when both
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modulating signals are absent. The wave forms are displayed in Figs. 5.25-5.28. It is 

clear that all the waveforms are in good agreement with the predicted waveforms and 

those obtained from computer simulation. Also, it can be seen that when the second 

modulating signal is absent, the modulator output represents a PFM waveform. 

However, when the first modulating signal is absent the output o f the modulator is a 

PWM waveform, while when both modulating signals are present, the modulator 

output is a CPFWM waveform.

The waveforms at different points at the demodulator circuit have been recorded under 

different conditions; when both modulating signals are present, only the first 

modulating signal is present, only the second modulating signal is present and when 

both modulating signals are absent. The waveforms are displayed in Figs. 5.29-5.35. 

This shows that all the waveforms are in good agreement with the predicted waveforms 

and those obtained from computer simulation. Also, it can be seen that the two 

modulating signals are independently separated and detected.

A number o f measurements has been taken to characterise the system distortion 

performance. The first measurements are displayed in Fig. 5.36 and show the 

relationship between the second harmonic distortion o f the PWM channel with the 

variation of the CPFWM unmodulated duty cycle. The duty cycle has been changed by 

varying the DC level shift o f the second modulating signal. Only the second harmonic 

of the PWM channel is considered as it is the most important harmonic component. 

The distortion at the PFM channel has not been shown as it was constant at about -45
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dB. It can be noticed from this figure that the PWM channel shows flat distortion 

performance over the range of duty cycle between 0.4 to 0.55 of about - 40 dB.

Another set of measurements are shown in Figs. 5.37 and 5.38. these figures show the 

distortion characteristics o f both channels as a function o f the modulation index. It is 

clear that the PFM channel shows better distortion characteristics than the PWM. It 

should be mentioned that linearity of the current source is the most important factor in 

controlling the distortion at both channels. The second factor is the DC shift level o f 

the second channel.

When comparing the resulting waveforms from the theoretical investigation which are 

shown in Figs. 5.2, 5.3, and 5.5 with those obtained from both the computer simulation 

as shown in Figs. 5.11 and 4.13- 5.14, and the recorded waveforms from the practical 

system which are shown in Figs. 5.25-5.36, it can be concluded that all the results from 

the theoretical analysis, practical implementation and computer simulation are in good 

agreement to each other. This confirms that the combination o f the PFM and PWM 

schemes can be realised with simple circuitry. However, the separation o f the 

compound scheme into its original components could also be carried out without 

synchronisation and using simple circuitry. The system performance is good and the 

system could be further improved if the ramp generators in both the receiver and the 

transmitter were designed to be identical and linear over the frequency o f operation.
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Fig. 5.24 Characteristics of the pulse width modulator (free running frequency = 
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Fig. 5. 27 Recorded waveforms at the CPFWM, when M =  15% and f 2 = 50 kHz, 

and frequency modulation is absent ( 0 ) .
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Fig. 5. 28 Recorded waveforms at the CPFWM, when both modulating signals 

are exist (J3 = 1, M =  5%, f i  = 130 kHz, f 2 = 60 kHz).
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absent (J3 = 0), and, M =  15%, f 2 -  50 kHz.
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Fig 5. 32 Recorded waveforms at the receiver when both width frequency 

modulation and are exist, (/?= 1, A/= 15%, f \  = 130 kHz, and f 2 = 60 kHz).
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Fig. 5. 33 Recorded waveforms of the second detected message (M = 15%, p  =1, 

/ ,  = 130 kHz, / 2= 50kHz).
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Fig. 5. 34 Recorded waveforms of the second channel demodulation (both 

modulation are exist, M = 15%, p  = 1, f \  -  130 kHz, f 2= 50kHz).
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Fig. 5. 35 Recorded waveforms of the first channel demodulation (both 

modulation are exist, M =  15%, /?= 1, f \  = 130 kHz, f 2 = 50kHz).
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Chapter  Six

Frequency spectrum of the 

CPFWM waveform

6.1 Introduction

The main advantages o f using CPFWM techniques in wideband signal transmission are 

their effective bandwidth utilisation, and the ease o f multiplexing and demultiplexing 

with very little cross-talk. These features make the CPFWM scheme attractive for 

many applications where transmission of wideband signals such as video, audio and 

high speed data are essential. However, to achieve the required performance, 

compromise between different factors governing the system implementation and 

performance is inevitable. One important factor is the transmission bandwidth, which 

should be minimised for the highest number o f transmitted channels. Investigation of 

the efficiency o f the bandwidth utility in CPFWM scheme is very important for future 

implementation, and for this reason, spectral investigation was carried out. So far only 

limited references have been made to the CPFWM modulation spectrum and were 

based on practical measurements only. In this chapter, a detailed theoretical analysis of 

the CPFWM modulation spectrum is reported. Computer simulation results together 

with experimental measurements are also presented and compared with the results 

obtained from newly derived mathematical expressions.
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6.2 Theoretical analysis of CPFW M  modulation spectrum

The modulation spectrum of CPFWM can be analysed by employing the same general 

approach introduced by Stuart [43]. According to this method, the CPFWM waveform 

can be considered as resulting from the integration of two modulated train o f impulses 

o f exactly the same repetition frequencies. The first train o f impulses (5i(/)), represents 

the rising edges o f the CPFWM pulses, and is assumed to be frequency modulated by 

the first modulating signal. The second train o f impulses, (62(0 ), represents the trailing 

edges o f CPFWM pulses, and is assumed to be; i) phase shifted by a constant value 

equal to the pulse width o f CPFWM pulses when both modulating signals are off, ii) 

frequency modulated by the first modulating signal (like the first train o f impulses) and 

iii) position modulated (phase modulated) by the second modulating signal, see Fig. 

6.1. Throughout this analysis the amplitude o f CPFWM is assumed equal to unity, also 

the modulating signals vj(*) and v2(0  are assumed to have unity amplitude 

(i.e. |vj (t)\ < 1 and \v2 (/)| < 1). However, gain factor could be introduced if needed.

Therefore, the CPFWM can be written as;

The first train of impulses is frequency modulated by the first modulating signal, thus it 

can be written as;

(6 .1)
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(0o + A a>vx(t) 
2 k

« p M ^  + A®Jv,(Odr]> (6.2)

where, 0)o is the free running carrier frequency, and Aco is the frequency deviation, 

while the second train of impulses may be written as;

co

m = X 2 K

t - T

exp{jn[co0t -  (0oxo -  Apv2 (t) + Aty J v, (/)£*]}

where

A 6 ,r = r 0 +— v2(0  
0)„

(6.3)

(6.3.a)

Amp. (V)

« ►

Amp. (V)

0

A<j>

Amp. (V)

1 _

CPFWM

6/(0

6 / 0

Time

Fig. 6.1 CPFWM and impulse waveform.
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T0 is the pulse width when both modulating signals are off, A<j> is the maximum

deviation in phase (position) and v2(/) represents the time derivative o f v2(t). 

Substituting equations 6.2 and 6.3 into equation 6.1, the CPFWM pulses can be written

as:

v(0 =
n=-oo J

t - T

-  exp{M<0ct -  co0x0 -  A<j>v2(t) + Aeo\ vx(t)dt]}

(6.4)

The above expression is a general exponential Fourier series representation o f the 

CPFWM pulse train, which is applicable for any type o f modulating signals.

Let us consider the following special cases;

a) When Vi(t) is on and Vi(t) is off: As shown in chapter five this is the case when the 

CPFWM waveform is reduced to a PFM pulse train. Substituting v2(0 = 0 into 

equation 6.4 results in an expression for the given CPFWM waveform as;

oo t t To

HO = exP{-M<V + A® | vx(t)dl} -  exp {jn[mj + A® |  v, (/)<*]}

(6.5)

Equation 6.5 is identical to an expression for PFM pulses given in the literature [61].

b) When \h(t) is on and v\(f) is off: This case represents pulse width modulation, as 

shown in chapter five. Substituting vi(/) =0 into equation 6.4, results in an expression 

for the PWM waveform similar to those reported in the literature [61];
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03 J
v(0  = 2 ] — {expU w ffl^B-cxpfM ® ^ -  A ^v2(0} (6.6)

The modulation spectrum of CPFWM signal can be predicted from equation 6.4. It is 

far more complex to predict the modulation spectrum of the CPFWM waveform when 

employing a general modulating signal, and for this reason we have considered the case 

when both modulating signals are single tone sinusoidal modulation given as;

Vj(/) = cos*y,/

and ' (6.7)

v2(/) = sin<y2/

where coi and oh are the frequencies o f the first and the second modulating signals, 

respectively. Substituting equation 6.7 into equation 6.4, the CPFWM waveform can 

be rewritten as;

^  e inm°x 
v(0  = 2 ^ - — :{exp|>/?sin<sV]

n ~ -  00 J

2tM  1
-  exp{-jri[ce)0T0 + 27iMsinco2t -  >9sincox{t - t0 ---------- sine*,*)]} \

*0 J

(6.8)

where P  is the frequency modulation index, p=Aco/(D\ and M  is the pulse width 

modulation index, where, M  = A(j>/In. Equation 6.8 gives the modulation spectrum of
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the CPFWM waveform in exponential series representation which can be further 

simplified by using the following series expansion;

j a  s i n x

CO

(6.9)
it =-00

where, •/*(*) is the Bessel function o f order k  and first kind. Substituting equation 6.9 

into equation 6.8 yields in;

v(0=Z Z
n - - c o k - - « i

l - e
- j [ ( n a ) 0  + k o ) x 'y n ^  s in  co2 t + ( n e o 0  + k a l ) t 0 ]

(6.10)

The trigonometric term in equation 6.10 can also be converted into exponential form 

using equation 6.9. This leads to;

00 ® T ( n R \ p j ( nmo +ka>i)t
v ( 0 = S Z   x

n = -< o k = -< o

1 -  Z  {-V)p Jpi^ruM  + 2k?M— ) exp{-y[(/?<a0 + kcox)r0 + jpco2t]}
co„p = -a

(6.11)

Using equation 6.8 (or 6.10 or 6.11) the low frequency components o f the CPFWM 

waveform are evaluated when n —>0, A full derivation is presented in Appendix I, as;
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Baseband Frequency Components = lim v(/)
n—>0

co t B x° * co= ——  + Msmco2t + —  {sinfi),/ -  }  Jm(27iM—  )sin[(<y, -mco2)t -*y,r0]} 
2n; I n  “

(6.12)

Therefore, equation 6.11 can be rewritten as;

CO T P  ^  C01
v(t) = —z —  + M sin(02t + - —{sin®,/ -  2 ^ J m{2nM— J s i n ^  - moo2)t -  coxr0]} 

2n In  coQ

+  L, la ~
n=-cok=-oo 2njq
n* 0

I OO

, 1 - 2 ]  ( - l ) p J p(2niM  + 2 k M —-)&q>{-j[(nco0 + foa, )r0 + 7><a2̂ ]}I p = - c o  C0o j

(6.13)

The last term in equation 6.13 can be further simplified, see Appendix II, by using the 

properties o f Bessel functions and exponential series and applying other mathematical 

manipulation the result is given in equation 11.20. The time domain representation of 

the CPFWM waveform is then obtained by substituting equation 11.20 into 6.13 as;

, . co0r0 . p  . p  ^  co,
v(/)=  ——  + M sin  co2t + — sin coxt J , J m(27iM— )sin[(tf). -mco2)t -  coxtq ]

2 n  2 k  2 k  m =-co coo

“ •  J k(nP)( o), }
+ 2^, 2 j  —  —i sin(ncoQ + koox)t -  J Q[2nM(n + k  — )] sin{nco0 + kcox )(t - T 0)r  

„=i k--(o nn  I coa J

“ * * J k{nP) cox
-la  la la  J  [2nM(ti + k — )] sin [(nco0 +kcox -  pco2)t -  (ncoD + kcox)r0]

n = 1 k--oo p = -oo C0ok*0 p*0

(6.14)
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In the above equation, the carrier frequency component and its harmonics can be 

extracted by k=0, and p - 0 into the fourth and the fifth term of equation 6.14, this leads 

to;

'S T ' Jn(nP) f  1Components (at ncoQ) = >  i sinncojt - 2J0(27tnM— ) sm[n(D0(t - r 0)\r
n = l t  °  J

(6.15)

The other frequency components can be obtained by substituting the appropriate values 

of n, k, and p  into the last two terms o f equation 6.14. Therefore, equation 6.14 can be 

rewritten as;

v (t)= °}°T° + MsmG)2t +— s in o ? ^ -—  y , / m(2;zM—  )sin[(<y, -  Mco2)t -  coxt0 ] 
2n 2n 2n  FrL con

+ V  J sin nco0t -  2J Q(2imM  — ) sin[w<a0(t -  t 0 )]
nn  \ coQ J

+ V  V  sin(w<ac + kcox )t -  J 0[2nM(n + k — )]sm(na>0 + kcox )(t - r 0)
t !  k t i  nn  0)o

CO I
-  y \ J p \2iM (n  + k  — )]sin[(wo0 + kcox -  pco2 )t -  (nco0 + kcox )z0 ]

p t t  G)0

(6.16)

Equation 6.16 gives a simplified Fourier series representation o f a single tone CPFWM 

modulation waveform. The first term represents the DC component; the second and 

third terms are the baseband signal components, and the fourth term represents a series 

of diminishing sidetones spaced <ui apart around the highest baseband frequency 

component ah. The fifth term represents a spectral components at the carrier
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frequency co0 and all its harmonics, diminishing in amplitude with harmonic number n. 

Finally the last term produces two frequency components: a diminishing series of 

sidetones separated by an amount equal to the baseband signal components co\ and Oh 

set around the clock frequency and its harmonics, along with a series o f diminishing 

sub-sidetones spaced <x>\ apart around the sidetones corresponding to the highest input 

frequency oh. The profile o f these components changes as a function o f sampling ratio 

(ojcoi and modulation indices M  and p. In this respect, the sub-sidetone structure of 

CPFWM resembles that o f the multitone PWM.

It is clear from the last two terms of equation 6.16 that the frequency spectrum profile 

of the CPFWM waveform is asymmetrical. Furthermore, CPFWM may be classified as 

an anisochronous PTM technique because the sampling frequency component in the 

modulation spectrum vanishes when the modulation indices M  and P  take on certain 

values. These values o f the modulation indices can be evaluated from equation 6.15 as 

those values which set the magnitude of the fundamental component o f the clock 

frequency to zero. This leads to the following condition;

v
(6.17)

Equation 6.17 is a non-linear equation which has more than one root, one possible 

solution o f equation 6.17 is when; J a(p)=  0 , this leads to P=  2.404. Another possible 

solution is when the square root term in equation 6.17 is equal to zero which leads to;
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1 + 4Jl(2nM — ) -  A JA InM — ) = 0
<o„ G)n

(6.18)

OX 1
The solution o f the above equation is given as J 0(27iM— ) = — which leads to

o)„ 2

O)
M —L = 0.242. This condition gives the relationship between the sampling ratio and 

the modulation index at which the carrier frequency component will vanish.

Now let us consider what happens to the modulation spectrum in the two special cases 

when modulating signals are on or off.

a) When vi(t) is on and v4i) is off: In this case, the width modulation is absent and the 

CPFWM waveform can be represented as a PFM. Thus substituting M  = 0 into 

equation 6.16 the following relationship will be obtained;

v(* )=  —^ -  +  — s in f ij j / - — s in [6 ? /-6 j ,r 0] 
2 7T ILtz 2 71

y *  {s in n a j -  2 sin\na>0(t -  r0)]}
“  nn

-  sin[{nox0 + kcox)t -  (no)0 +

(6.19)
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The above equation represents the frequency spectrum of PFM waveform, which is in 

agreement with those given in the literature[61]. Note that the phase disagreement 

between equation 6.19 and those given in the literature is due to the different initial 

assumptions made in the two cases.

b) When v M  is on and vAt) is off: In this case the CPFWM waveform is the same as 

a PWM pulse train, and by substituting /? = 0 in equation 6.16, the following equation 

can be derived;

v(/) = -- -°-r g- + M  sin co21 + V — J sin ncoj -  2 J Q (2twM — ) sin\nco0 (t -  r0 )]
2n t i n x  I coa

+ Z  S  — {sin(» ® .0  -  J„ [2otW«] sin[(w®„)(/ -  xQ)]n n K

-  J t [2nMri\sm[{na}0 -  pa>2)t - n a 0T0]}

(6.20)

Equation 6.19 is also in agreement with those given in literature [1].

6.3 Experim ental and computer sim ulation results

To verify the theory a practical system has been designed and built and results 

obtained are compared with predicted values. Furthermore, results from computer 

simulation are also compared with practical and theoretical data.
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For experimental measurements using the CPFWM system as explained in chapter five, 

the running frequency of the system was at 2.04 MHz and the two non-harmonically 

related input modulating frequencies were //=170 kHz and /^=70kHz. Measurements 

have been taken for a range o f modulation indices o f M — 0.08, 0.15, 0.25, and p  = 

0.09, 0.19, 0.38, 0.70, 1.00. Measurements at higher modulation indices was avoided 

due to the presence o f non-linear distortion resulting from the saturation o f the active 

components in the circuit, and consequently the production o f intermodulation 

harmonics. Since the sidetones and sub-sidetones around the carrier frequency are the 

spectrum components o f most importance, the repeating pattern around the harmonics 

of the carrier frequency has been neglected. Tables 6.1 - 6.3 illustrate the experimental 

and theoretical results of the spectral components obtained at different modulation 

indices. The carrier frequency component has been taken as a reference component 

(OdB) in all measurements and calculations.

To facilitate comparison between the theoretical predictions and practical results, the 

differences in each table has been calculated together with the maximum, minimum and 

average differences for each component, see Table 6.3. These results reveal that the 

largest differences are less than 2 dB, while the majority o f the differences are within 

ldB.

In addition to the above results, Figures 6.2-6.6.10 show the captured spectrum o f the 

CPFWM waveform for different modulation indices. As predicted, the amplitude o f all 

the components and the number of side tones are functions o f both the modulation 

indices and sampling ratio.
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Results from computer simulation have been obtained using the TESLA, as explained 

in the previous chapter package (see Figs. 6.11 and 6.12). TESLA uses a fast Fourier 

transform (FFT) algorithm to predict the frequency spectrum of a time dependent 

signal. Accordingly, the choice o f the resolution is an important factor as it will 

determine the number o f data points and the sampling interval for the calculation. 

Obviously, using a veiy large number o f data points over a long sampling intervals will 

produce more accurate results, and good resolution. However, if the number o f data 

points is relatively low and the sampling interval is short, then a significant noise 

component will appear due to the inaccurate simulation. This noise components can be 

reduced by averaging the results (estimates) o f several simulations.

Throughout this simulation resolution bandwidth was chosen to be 8kHz, and the 

final results was obtained by averaging 16 different estimates for each case. It was 

noticed that with these settings the resulting spectrum was reasonably clear as most o f 

the components were distinguishable. Figures 6.11 and 6.12 show the simulated 

spectrum of CPFWM with exactly the same specifications as that for the experimental 

set up. For comparison the experimental and calculated results are also included. It can 

be seen that the experimental, calculated and simulated results are very close to each 

other within ± 1 dB range. These confirming the validity of the spectral equation.
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Fig. 6.11 Simulated frequency spectrum of the CPFW M  waveform, / 0= 2 MHz, 
f i  = 170 k H z ,/2 = 70 kHz, M =  9% , fl=  0.38.
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Fig. 6. 12 Simulated frequency spectrum of the CPFW M  waveform, f 0= 2 MHz, 
f  = 170 k H z ,/2 = 70 kHz, M =  9%, 0=  0.78.
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Chapter  Seven

Cross-talk and Noise Performance  

Analysis

7.1 Introduction

The most important characteristics o f PTM systems are their noise reducing properties 

and the cross-talk performance. Noise has the effect o f displacing the pulse edges from 

the values corresponding to the modulating signal. Noise impulses may also modulate 

other characteristics such as; amplitude, width, and slope o f the pulse edges, but these 

are ultimately translated into pulse time displacement. This causes a random parasitic 

voltage fluctuation on the detected message, hence reducing the quality o f the signal 

reception. The optimum noise performance of all PTM systems is realised when all 

effects of noise other than time displacement are eliminated or minimised.

On the other hand, another significant problem present in the development o f pulse- 

multiplex communication systems is interchannel cross-talk. This problem has been 

studied in different multiplexed PTM systems such as PAM and PPM [90-92]. The key 

aspects of the investigations were to determine the factors that will minimise the usage 

of bandwidth and maximise the cross-talk ratio.
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In multiplexed PTM systems, the most common form of cross-talk is caused by 

carryover o f energy from one pulse to the next pulse. Thus, cross-talk may occur from 

one channel to the following channel, decreasing rapidly as the pulses are further 

separated in time. Cross-talk may be expressed as the ratio o f the signal output o f a 

given channel under normal modulation to the signal output of the same channel 

resulting from the modulation of some other channel. This ratio is customarily 

expressed in decibels. In CPTM systems, also similar phenomenon occurs, where 

energy from one modulated pulse edge (say the rising edge) is carried over to the 

following edge (the falling edge). Thus resulting in interchannel cross-talk.

This chapter investigates the interchannel cross-talk and noise performance in a 

CPFWM system. Theoretical analysis and experimental investigations o f both problems 

are presented together with measured and predicted results. Throughout this chapter, 

the cross-talk performance is considered first followed by the noise analysis.

7,2 C ross-talk  perform ance in CPFW M system s

In CPFWM system, see Fig. 7.1, cross-talk occurring in the PFM channel is due to 

width modulation by the second channel, and similarly the cross-talk in the PWM 

channel is due to the frequency modulation by the first channel. Although there are 

several causes of the cross-talk in both channels, however, there is a common cause 

which is called waveform interference [31, 90-92]. Waveform interference is the result 

o f carryover o f energy from one edge to the next edge.
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CPFWM

Comparator

DC level 
shifter

Ramp
gen.VCM Pulse gen.

Fig. 7.1 Simplified block diagram of CPFWM transmitter.

In order to understand this phenomenon, let us consider a simplified received CPFWM 

waveform, as shown in Fig. 7.2. The shape o f the received pulses is determined by the 

transfer function of the transmission medium, its bandwidth, and the time response 

characteristics of the input stages o f the receiver. A typical waveform of the received 

CPFWM pulses (when both frequency and width modulations are absent) is shown in 

Fig. 7.2 together with their slope (i.e. the differential pulses). The slope is included in 

the diagram to show the effect of band limitation on the rise time o f the edges. It is 

clear from Fig. 7.2 that the slope of the second pulse is affected by the first pulse. Since 

channel demultiplexing is carried out by separating the edges o f the received CPFWM 

pulse train (i.e. differentiating the received pulses), the change in the slope o f the rising 

edge o f the received pulses will cause a phase shift (time jitter ST) in the separated 

edges. This phase shift depends on the following factors: the time interval from the fall 

to the rise o f the pulse, and the shape of the received pulses (i.e. the transmission 

bandwidth and linearity of the transmission media). The amplitude of the received pulse 

is greatly affected by the interference between pulses, while the differential pulse is 

affected by the jitter.

198



Received
waveform

0.5

>
a)O)CO
I

0.6 0.80.2 0.4
Time (s)

-0.5

Differential
pulses

Fig. 7.2 Received CPFWM waveform of dual pulses and its slope.

Since time jitter depends on the time interval from the fall to the rise o f the pulses, 

therefore, when width modulation exists the time jitter due to the waveform 

interference will vary according to the width modulation and thus cause cross-talk from 

the width modulation channel to the frequency modulation channel. However, when the 

pulse frequency is varied, the time interval from the fall o f the pulse to the rise o f the 

next pulse changes. Due to the limitation of the transmission bandwidth, the rising edge 

of the next pulse is modulated by the effect o f the falling edge o f the preceding pulses, 

which results in a cross-talk from the PFM signal to PWM signal. Furthermore, there 

are other causes for the cross-talk that will be considered later in this section. Next, the 

cross-talk in each channel will be considered individually, and both theoretical and 

experimental analysis will be given.
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7.2.7 cross-talk from PWM signal to PFM signal

It was discussed in the previous chapters that the message carried by the frequency 

modulation channel is extracted by separating the frequency modulated edges o f the 

carrier pulse train and then passing the resulting PFM pulses through a low pass filter. 

A block diagram of the PFM channel detector is shown in Fig. 7.3 together with its 

waveform diagram. In an ideal situation, there should be no cross-talk from the PWM 

signal to the PFM signal. However, in practice the received pulses are non ideal due to 

effects of the transmission channel bandwidth, thus resulting in cross-talk interference.

In order to analyse this situation, let us assume that a single tone modulating signal is 

used for both channels. Due to variation of the pulse width , the fall o f the preceding 

pulse affects the rise time o f the next pulse. Consequently, the PFM pulse train is phase 

modulated by the PWM modulating signal. As shown in Fig. 7.3.c, assume that the 

PFM pulse width T0 is modulated by 7pwm sina^t, where Oh is the frequency o f the 

second modulating signal. Assume also that the jitter of ST is produced in the rise time 

o f the pulse train, see Fig. 7.3.c. Then the pulse train regenerated by the pulse generator 

with repetition frequency o f f 0= \IT0 is phase modulated by [31];

n S T
0(t) = — — sin(2^/*20  (7.1)

o

Passing the regenerated PFM pulse train through a low pass filter, the cross-talk from 

the PWM signal to the PFM signal is obtained as;

2 0 0



Detected
CPFWM

■ ■ k
Pulse

generator
PFM Low pass 

filter
message 

------ ►------------)

To PWM 
channel
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Width
modulation
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h -
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Time

Time
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Fig. 7.3 Separation of the frequency modulated edges: (a) block diagram, (b) 

timing diagram and (c) received pulse.

201



„ \de«)/d t\
lVF 2 n h f  / -Jl

(7.2)

substituting Af=  p / i ,  then equation 7.2 becomes;

c t ^  = & * M £ J M  (7.3)
o r

where, P  is the modulation index for the PFM channel. Equation 7.3 gives the cross-talk 

from the PWM signal to the PFM signal which depends on the modulating frequency of 

PWM signal as well as ST which in turn, depends on many factors such as; pulse width, 

pulse repetition frequency, channel bandwidth and p.

The theoretical evaluation o f ST is not easy, as one needs to determine the shape o f the 

received pulses. This requires determination o f the transfer function o f the transmission 

medium, input stages o f the receiver and the time response o f the transmitting elements. 

This is in addition to the stray capacitance and stray inductance in the receiver circuit. 

The time jitter ST can then be obtained as the change in the rise time o f one edge due 

to the change in pulse width and/or the frequency of the received pulse. Usually 

complicated numerical analysis and /or computer simulation are required to determine 

the exact values of the time jitter.

Throughout this project, the variation o f ST with TPwm is measured for different values

of received pulse rise time when the frequency modulation is turned off, and the results

are shown in Fig. 7. 4. It can be seen that ST increases with the rise time (i.e. the

decrease of the transmitting bandwidth) and its rate o f increase is much higher at longer
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rise time. This suggests that the cross-talk performance deteriorates significantly when 

the transmitting bandwidth is reduced.

Equation 7.3 is used to calculate cross-talk by keeping the pulse width deviation 

constant and using the measured values o f ST. The predicted and measured data are 

plotted in Fig. 7.5 for different values of pulse rise time, showing good agreement to 

within ± 2 dB. This difference is due to the assumption made in obtaining the values of 

ST from practical measurement, that is at low p  there is no PFM modulation on the rise 

edge. As expected, see equation 7.3, when p  increases the signal power at the PFM 

channel demodulator increases while the level o f the interference component from the 

PWM signal remains constant, therefore cross-talk decreases with p  and increases with 

the pulse rise time.

In order to characterise the cross-talk performance from width modulation to frequency 

modulation channel a number o f measurements was taken and results are displayed in 

Figs. 7.6 - 7.8 together with the calculated data. It can be seen from these figures that 

the calculated data show a good agreement (within ± 2 dB) with the measured results. 

It can be seen that cross-talk increases with the rise time, because the pulse distortion 

increases, and modulation index o f the PWZM channel.

Table 7.1 shows cross-talk data extracted from Figs. 7.6 - 7.8 which could be used to 

investigate the effect o f the rise time and the modulation index p  on the cross-talk. It 

can be seen that cross-talk is dramatically increasing when the rise time o f the received 

CPFWM pulse is increasing. To illustrate this, when the pulse rise time is changed from 

45 nsec to 100 nsec (i.e. almost doubled) the cross-talk deteriorated by about 23 dB.
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However, for small values of rise time, a reduction of about 30% in the pulse rise time 

gives improvement o f 10 dB in the cross-talk performance. The case is different when 

the rise time is high, an improvement o f about 30% in the rise time gives only 6 dB 

improvement in the cross-talk performance. This is because ST  increases with the pulse 

rise time, see Fig. 7.4. The effect o f the modulation index /? oh the cross-talk can also 

be seen from Table 7.1. As predicted in equation 7.3, when /?is doubled the cross-talk 

is improved by 6 dB.

B
Cross-ta k (dB)

tR = 1 0 0 tR = l l tR - 5 8 II -u

Calculated Measured Calculated Measured Calculated Measured Calculate - Measured

0.3 -9.3 -8.5 -15.4 -14.5 -22.5 -20.5 -31.0 -30.0

0.6 -14.0 -21.4 -21.3 -28.0 -27.0 -38.0 -36.5

0.9 -19.0 -18.5 -25.0 -24.0 -32.0 -30.5 -42.0 -40.0

Table 7.1 Cross-talk from PWM channel to PFM signal when 2%M = 0.5, f \  = 400 
kHz, / 2 = 300 k H z ,/0 = 2.04 MHz.

The cross-talk performance is also affected by the frequency o f the second modulating 

signal applied to the PWM channel. This effect was studied and the measured results 

are displayed in Fig. 7.9. As the bandwidth o f the second modulating signal is doubled 

the cross-talk increases by about 6 dB, as predicted by equation 7.3. A set o f results 

displayed in Fig. 7.10 shows the relations between the modulation indices M  and ft 

necessary to produce -25 dB cross-talk on the PFM channel, for different values o f the 

ratio (/2/ /1). The area under these curves represents the region where the cross-talk from 

PWM on PFM is worst than -25 dB (i.e. greater than -25 dB). It also can be seen by 

reducing/2//i, the frequency modulation index required to keep the same cross-talk at 

the same width modulation index is reduced. For example, for -25 dB cross-talk and



width modulation o f 2tiM  = 0 .5  and fz/fi = 0.25, the frequency modulation index 

should be kept at fi  = 0 .1 2 . However, keeping the same width modulation, and 

increasing the frequency ratio f-Jf\ to 0.75 will require an increase in p to 0.4 to result in 

-25.4 dB cross-talk. This set o f results will be used later to predict the optimum 

operating modulation indices for the system.

Another factor which also affects the cross-talk performance of the PFM channel is the 

pulse width of the regenerated PFM pulses. This can be studied by considering Fig.

7.11 which shows the timing diagram of the pulse separation stage at the PFM signal 

demodulator. It can be seen that the pulse width o f the regenerated PFM pulses (rg ) is 

controlled by changing the RC time constant. When the time constant o f the circuit is 

very short, the position modulation of the negative pulse at the differentiator output 

will not affect the falling edge o f the regenerated PFM pulses. However, when the time 

constant o f the circuit increases (i.e. zg increases), the falling edge o f the PFM pulses 

will be phase modulated due to the modulation o f the negative pulses. Obviously, this 

will introduce extra cross-talk. This cross-talk can be minimised, in an ideal case, by 

proper choice of rg such that; zg < zmin. Since z mi„ = zQ - T PWm  , T0= 2z0 and M -  

2Tpwm!T0 , therefore, the pulse width of the regenerated PFM pulses should be chosen 

so that r g < t 0( 1 -  M )  in order to minimise cross-talk on PFM channel.

This phenomenon has been studied, and the cross-talk from width modulation channel 

to frequency modulation channel has been measured and the results are displayed in Fig.

7.12 for different values of the modulation index M. As expected, when the pulse width 

rg increases cross-talk increases, and when M  increases the cross-talk performance 

deteriorates rapidly. Therefore, pulses with narrow width ( zg) are needed to keep the
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performance to its best possible values. For example, if we allow 3dB deterioration in 

cross-talk, as a result o f increasing rB, then when 2%M= 1 the value of tb /  x0 should not 

exceed 0.5. However if the modulation index increases to 2%M = 2 the value o f tb/ t0 

will be reduced to 0.45.

/ t =100 nsec

20
t =77

o<DWC

t =58

t =45

0 25 50 75 100 125 150

2TPWM(nsec)

Fig. 7.4 Variation of time jitte r  with maximum pulse width deviation ( r o=500 
nsec).
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Fig. 7.6 
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Fig. 7.7 
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Fig. 7.8 
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Fig. 7.9 
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Fig. 7.11 Edge separation at the CPFWM receiver: (a) circuit diagram and (b)

waveforms.
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Fig. 7.12 
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7,2,2 Cross-talk from the PFM signal to the PWM signal

Figure 7.13 illustrates the block diagram and waveforms for demodulation of the PWM 

channel. The scheme is based on conversion o f the received CPFWM pulse train into a 

PAM waveform, followed by low-pass filtering in order to recover the second 

modulating signal. Assuming that there is no distortion in the received CPFWM 

waveform, the demodulated PWM signal is represented as a PAM waveform with 

frequency modulated sampling pulses. It is this frequency modulation which results in a 

cross-talk from PFM signal to the PWM signal. In the absence o f frequency modulation 

(i.e. no cross-talk), the frequency response o f the PAM waveform may be given as;

w here,/, is the sampling frequency.

However, in the presence o f frequency modulation f Q changes to {fD ± Af) and 

equation 7.4 is rewritten as;

where, A f  is the maximum frequency deviation. Equations 7.4 and 7.5 are plotted in Fig. 

7.14, where the difference between the two responses correspond to the cross-talk 

given as;

n f
ei ( / )  = sm c(— ) (7.4)

o

e, ( / )  = sine ( (7.5)

sine ( (7.6)
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Fig. 7.13 Demodulation of the PW M  channel: (a) block diagram  and (b) 

waveforms.
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sinc(7i/>//o), frequency 
modulation is OFF.

Cross-talk 
(CTpwi), see 
eqn. 7.7

sinc(nf2/f0-AJ), frequency 
modulation is ON.

0.8

<D■a3»
0.6Q .

E<

0.4

3.2

0.2 0.4 0.6 0.8 1.0 1.20

Normalised Frequency (f/r)

Fig. 7.14 Frequency response of PAM with frequency modulated sampling 
frequency.

Normalising it to f Q, equation 7.6 can be rewritten as;

CT^ 1 fm
71 j 2 /  / .

smc ( f  , f  ) ~ sine (
Jo ' J 1

J L h U i- \  
f J A ± P

(7.7)

However, the modulation index p  can be written in terms o f the sampling ratio o f the 

frequency modulation channel as;

= (7.8)
J 1 Jo J 1
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Substituting equation 7.8 into 7.7, the cross-talk on PWM channel can be written in 

terms of the frequency modulation index as;

sine ( ) -  sine (
o

x h l f o  ■

1
(7.9)

In order to show the effect o f both the modulation index p  and the sampling ratio f\ l f0 

on cross-talk, equation 7.8 and 7.7 are plotted in Fig. 7.15 for different values o f the 

sampling ratios f\!f0 and f 2lf0- From equation 7.9 the sampling ratio f\ l fQ represents a 

scaling factor to the x-axis of Fig. 7.15. The graph o f cross-talk versus p  will have the 

same profile as that of cross-talk versus Aflf>. However, the only difference is in the x- 

axis which need scaling. This is simply done by incorporating a second set o f graphs 

(dotted lines, see Fig. 7.15). To illustrate this let us look at an example: for cross-talk of 

-40 dB and f 2/f0 = 0.25, the required Af/f0 is 0.05 for a given set-up. This can also be 

reflected on /?by simply intersecting the dotted lines as shown, i.e. for the same cross­

talk a n d /2//0, P  could be either 0.25 at f\ l f0 = 0.2 or 0.1 at f\! f0 = 0.5. This graph 

gives an ability to select various parameters of the system if one or two of them are 

already given.

The dynamic range of the system may be obtained by operating at Nyquist sampling 

rate for both channels. This rate (i.e ./i# , orf 2/f0) represents the maximum sampling rate 

in many applications, above which the non-linear distortion will increase. Figure 7.15 

can also be used to define the dynamic region o f the system as identified by the area 

between the curve for fi l f0= 0.5 and the dotted line forfi(f0 = 0.5.
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Fig 7.15 Cross-talk from PFM signal to PWM signal in an ideal transmission, the 
dotted lines represents the critical cases where the sampling ratio is 1:2.

Figures 7.14 and 7.15 also show that the cross-talk increases with the frequency 

deviation Af. The increase in cross-talk is mainly due to the second term o f equation 7.7 

which increases with Af. At sampling ratio f^fo  = 0.1, cross-talk is -53 dB when Af!f0 

is 0.05. Doubling the frequency deviation the cross-talk will increase by 5 dB. The 

cross-talk also increases with the frequency o f the second modulating signal. This is 

because of the nature o f the frequency response of the PAM waveform, see Fig. 7.13. 

At frequency deviation o f 0.1 and sampling ratio (fitfo) o f 0.1, the cross-talk is -48 dB. 

However cross-talk will be -33 dB (i.e. increased by 15 dB) when the sampling ratio 

increases to 0.25.
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In the above cross-talk analysis, it was assumed that the system is ideal with no 

waveform distortion present. However, in non-ideal case, where signal distortion plays 

an important role, it is vital to take distortion into account. When the pulse frequency 

changes, the time interval from the fall o f the pulse to the rise o f the next pulse (Tw) also 

changed, see Fig. 7.16. The rise of the next pulse is modulated by the preceding pulse, 

see Fig. 7.1. This produces a cross-talk from the PFM signal to the PWM signal which 

depends on the time jitters ST produced by the frequency modulation, as illustrated in 

Fig. 7.16. The cross-talk due to the non-linear distortion can be given as;

crF„.2 = (7.io)
PWM

where, T PWm  is the maximum pulse width deviation o f the width modulated channel. The 

overall system cross-talk may be evaluated by adding both components given in 

equations 7.10 and 7.7. This leads to;

CTm  = VCT™ + C ^ r2 (7.11)

Amp. (V)
i I

T1 w

Time

T1 o

4--------

8 T

Fig. 7.16 CPFWM waveform.
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When the signal distortion is low and the rise time of the received pulses is very small 

(i.e. pulses almost ideal) the overall cross-talk is mainly due to the first term o f equation 

7.11. However, in the case o f high distortion and longer rise tim e, the total cross-talk is 

dominated by the second term of equation 7.11, and this is the case in most practical 

systems.

In order to characterise the cross-talk performance from frequency modulation to width 

modulation channel, a number o f measurements were taken and the results are shown in 

this section. The first measurement set is shown in Fig. 7.17, in which the time jitter is 

measured as a function o f the change in the channel frequency. The same method used 

in the previous section; the width modulation index is kept constant, and the carrier 

frequency is now changed and the change in ST is measured as a function of the change 

in the carrier frequency. It is clear from Fig. 7.17 that the time jitter is increasing with 

the rise time o f the pulse and the change in the frequency. Consequently the cross-talk 

is deteriorating with the rise time and the frequency modulation index.

Another set of results displayed in Figs. 7.18-7.20 shows both the measured and 

calculated cross-talk from PFM channel to PWM channel as a function o f the 

modulation index I'nM  for different values o f frequency modulation index p  and pulse 

rise time fo. Cross-talk increases with p  due to an increase in time jitter as one would 

have expected. On the other hand cross-talk can be reduced by increasing the width 

modulation (i.e. increasing the signal strength). Doubling the modulation index (M ) 

results in about 6 dB improvement in the cross-talk. As outlined earlier cross-talk can 

also be reduced by reducing the rise time o f the waveform (or by increasing the 

transmission bandwidth). Shorter rise time means more time for modulation and less
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time for edge-to-edge energy overlap. A summary of the effect o f the rise time o f the 

received waveform is given in Table 7.2. This table shows that the difference between 

the measured and the calculated results is within ±1 dB. Figure 7.21 shows the 

variation o f cross-talk with modulation index p. It is clear that when ft  increases, the 

time jitter increases and consequently the cross-talk performance will deteriorate.

'InM
Cross-ta k (dB)

tR =100 tn =77 tn  — 58 tR = 45
Calculated Measured Calculated Measured Calculate Measured Calculate. Measured

0.4 i i i i i ! -9.0 l i i l l l l f -12.7 i g i « i -16.0 -18.9 -18.0
0.6 -13.0 -12.0 -17.6 -17.0 111111® -20.0 i i l i i t -22.0
0.8 g a l ® - -20.1 - -22.6 - i B H I i l -24.0

Table 7.2 Summary of cross-talk from the PFM channel to the PWM channel for 

different rise time values.

Another set o f results displayed in Fig. 7.22 shows the relationship between the 

modulation indices, P  and M  when cross-talk is kept at a constant value (i.e. for 

example -25 dB) and for different rise time o f the received pulse. The areas under these 

curves represent the region where the cross-talk from PFM channel on PWM channel 

is better than -25 dB (i.e. smaller than -25 dB). Also evident is that as the rise time 

increases the frequency modulation index needs to be reduced to result in the same 

cross-talk at the same width modulation. To illustrate, for /R = 45 nsec and cross-talk = 

-25 dB, the maximum frequency modulation index is 1.0. However, if /R increases to 77 

nsec, then the maximum value o f p  required to keep the same cross-talk drops to 0.65. 

This means in order to keep the same cross-talk performance with less transmission 

bandwidth the noise performance must be degraded.



The relationships between modulation indices in both channels can be obtained by 

combining Fig.7.10 and Fig. 7.22. A typical case has been displayed in Fig. 7.23 when 

fi!f\ -  0.5, and rise time of 58 nsec. In this figure, four different regions can be 

distinguished;

• region A; where cross-talk in both channels is better than -25 dB,

• region B; where cross-talk in both channel is worse than -25 dB,

• region C; where cross-talk in PFM channel is better than that at PWM channel

• region D; where cross-talk in PWM channel is worst than that at PFM channel.

The optimum region to operate would be region A, where both channels will have 

cross-talk less than -25 dB.

To compare cross-talk performance in both channels, as well as with other systems, a 

set o f results is displayed in Fig. 7.24. In this figure, the cross-talk in both channels is 

measured as a function o f modulation index /?, and keeping the width modulation 2nM  

at a fixed value. It can be observed that the cross-talk from PWM channel to PFM 

channel decreases with the increase o f the modulation index p. This is because when p  

increases the level o f the detected signal at the frequency modulation channel increases, 

and since the width modulation is fixed at certain value, then the only parameter which 

effect the cross-talk is the time jitter ST. ST also increases with /?, but the rate o f the 

increase is much smaller than that of the recovered signal (at the PFM channel). The 

case is different when we consider the cross-talk from PFM to PWM; for a fixed value 

o f 2nM  the level o f the detected signal at the PWM channel is also fixed. When P  

increases, ST increases, which leads to an increase in the waveform interference. 

Therefore, the cross-talk will increase with the increase of the modulation index p. Thus 

the optimum value of/?is 0.6 resulting in -30 dB cross-talk at 2tcM=1.
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For comparison, cross-talk of the CPFWM system and a typical two channel PPM time 

division multiplexed (TDM-PPM) system are also shown in Fig. 7.24. The detailed 

mathematical analysis o f cross-talk performance of the TDM-PPM is given in 

Appendix-III. The CPFWM system shows a comparable performance with the TDM- 

PPM system, provided that the TDM-PPM duty cycle is high. At low p  cross-talk on 

the PWM channel is better than that for TDM-PPM system with low duty cycle. 

CPFWM system will give better performance than TDM-PPM, provided the channel 

bandwidth is limited. On the other hand, TDM-PPM with low duty cycle will out 

perform CPFWM by about 10 dB, but the system is more complex and will require very 

large bandwidth and time synchronisation at the receiving end.

Figure 7.25 shows cross-talk in the CPFWM system as a function of the unmodulated 

pulse duty cycle together with cross-talk performance of the CPFWM and TDM-PPM 

systems. As can be seen when the pulse duty cycle increases cross-talk on the PWM 

channel decreases. At duty cycle of 0.5 and beyond the fall in cross-talk is significant. 

This is because of the edge-to-edge overlapping being highest when operating at a low 

duty cycle. On the other hand, as the duty cycle increases the maximum PWM 

modulation index decreases by the same amount thus resulting in increased non-linear 

distortion and reduced signal-to-noise ratio performance in PWM channel (see 

Fig. 7.25). Therefore, just like a PTM system, there exist cross-talk, non-linear 

distortion and SNR trade-off, and one might have one or two improved for a certain set­

up but not all. The improvement in the cross-talk is due to the increase in the spacing 

between the rising and the falling edge o f the received pulse. This results in less energy 

overlap from the rise edge (PFM channel) and the falling edge (PWM channel). The
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signal-to-noise ratio deterioration results from the reduction in the maximum 

modulation index and the increase in the system non-linearity.

The effect o f increasing duty cycle on cross-talk from PWM to PFM is different from 

the previous case. Here, the cross-talk increases with duty cycle. This is due to the 

narrower separation between the falling edge and the rising edge of the received pulse. 

It can be seen from Fig. 7.25 that the system (i.e. both channels o f CPFWM) shows best 

balance between the non-linear distortion, and cross-talk performance when the duty 

cycle is around 0.5.

The TDM-PPM system behaviour with the duty cycle is completely different. Figure 

7.25 shows the cross-talk in one channel o f TDM-PPM system when the maximum 

modulation index o f the first channel used is (M2 = 0.5) and the second channel (the 

interfering channel) is kept at reasonably low modulation index (M\ = 0.16). Cross-talk 

performance significantly deteriorates when duty cycle increases. Unless duty cycle is 

kept small (i.e. very short pulse width), the cross-talk between TDM-PPM channels will 

be serious.

Finally, CPFWM shows reasonable balance between the cross-talk performance, non­

linear distortion and signal-to-noise ratio at 50% duty cycle. Comparing it with a low 

duty cycle TDM-PPM system shows that the CPFWM system offers comparable cross­

talk performance, and in some cases, it shows an improved performance. However, the 

main advantage o f using a CPFWM system over a TDM-PPM system is its simplicity 

and self synchronisation characteristics.
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Fig. 7.18 
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Fig. 7.19 
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Fig. 7.21 
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7.3 Noise performance of the CPFWM system

A typical PTM receiver block diagram is shown in Fig. 7.26, where signal plus noise is 

passed through the slicer before being demodulated. The signal-to-noise ratio analysis is 

based on the following assumptions;

•  the received CPFWM pulses are trapezoidal with equal fall and rise times.

• the noise displaces both edges.

• the input noise is white Gaussian with a constant power spectral density.

• the slicer is set at half the amplitude o f the received pulse.

The instantaneous amplitude o f the received pulse v(7) will be displaced by nt the 

instantaneous value o f the noise, see Fig. 7.27-b. The effect o f the noise is to offset the 

actual edge displacement, due to modulation, by nt. nt > 0 will cause longer pulses, 

while nt < 0 will result in shorter pulses. The slicer eliminates the amplitude variation 

and then the displacement is given as[93, 94];

A t = tR^  (7.12)

The random noise is proportionally converted into random jitter, which can be replaced 

by a narrow pulse train shown in Fig. 7.25 - C. Noise power spectral density can then 

be obtained by Fourier transformation o f the autocorrelation function o f the equivalent 

pulse train [94-96], The output noise power and the SNR can then be obtained as 

explained earlier in chapter 2.

235



Demodulator

C/N
signal
v(0

Pulse
regeneration

Low-pass
filter

output

S/N
noise

f

Amp. (V)
v(t) +n(t)

v(t)

- Threshold

Time

(b)

Amp. (V)

Regenerated
pulses

Equivalent noise 
pulses

— ►

Time

(c)
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7.3.1 noise performance of the PFM channel

A simplified diagram for the PFM demodulation is given in Fig. 7.27. The received 

CPFWM is passed through a pulse edge separation stage to generate a stream of pulses 

of constant width equal to rg. When noise is added to the CPFWM, the regenerated 

pulses are displaced by x(ta). This is equivalent to adding the pulse pair y(t) to the 

undisplaced pulses, see Fig. 7.27.

C/N
PFMCPFWM 

v(0 -

Detected
signalCPFWMnoise

Low-pass
filter

Pulse edges 
separation

Amp. (V)

ToPWM
demodulator

(a)

Noise free

Pulse + Noise

PFM pulse

Undisturbed 
PFM pulse

XO

Time

CPFWM
pulse

Fig. 7. 27 PFM demodulator with noise: (a) block diagram and (b) waveforms.
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The analysis adopted here is the same as the one used for PFM system [94-96]. 

Drukarev [96] has treated the PFM system when the noise level is above and below the 

threshold level. However, ignoring the impulsive noise, and following the derivation 

given by Drukarev [96], the signal-to-noise ratio (S/N) can be obtained [31, 94-96];

Xy)1
s ' N - ^ Z J y  <T13)

where cr2 is the edge jitter power which can be given as;

.2  .  «2(0^  (7.14)
MO]2

where n (i) is the noise power at the detection threshold. Using equation 7.14 into 

7.13 and substitute for v(t) = A /  tR, the following formula can be obtained;

3 p 2
S / N =  H

f o t t n  n 2(l)

W
(7.15)

t CNR
4

A 2
where /? is the frequency modulation index. Note that the term represents the

n (0
carrier-to-noise ratio (CNR) or the input signal-to-noise ratio. Equation 7.15 is valid 

only when operating above the threshold.
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The measured signal-to-noise ratio versus CNR for different values of rise time is shown 

in Figs. 7.28 and 7.29, agreeing well the predicted results (within ± 2dB). As is the case 

with all PTM scheme, the SNR shows a threshold effect at about 22 dB, below which 

the SNR deteriorates rapidly.

t =58 nsecR

60

P=1

p=0.75

p=0.5m~o

z
CO

20 25 30 4035

CNR (dB)

Fig. 7.28 Noise perform ance of the PFM  channel, f \  = 200 kHz, f 0 = 2.04 MHz, 

(solid line represents theoretical values).
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7.3.2 noise performance of the PWM channel

The block diagram of the PWM demodulator is shown in Fig 7.30 (a), where both the 

leading and trailing edges o f the CPFWM waveform are used to extract the information 

carried by the pulse width. The effect o f noise is to displace both the leading and trailing 

edge by x(/0) and x(/i) respectively, with leading edge driving the ramp generator, the 

ramp waveform will also be displaced by x(t0). Consequently, the sampled waveform at 

the output of the sample-and-hold amplifier will be affected by both displacements x(i0) 

and x(7i). The noise voltage level at the sample and hold output can be evaluated as;

no(t) = k[x(lo) - x ( t ])] (7.16)

where k  is the time to voltage conversion factor o f the sample and hold amplifier (i.e. 

the slope o f the ramp).

Effectively, the above noise voltage is equivalent to the case where a pulse pair y(t), see 

Fig. 7.31, is added to the undisplaced PWM pulse and the resultant pulse is passed 

through a low pass filter. If  we assume that x(/0) and x(/i) are statistically independent, 

then the PWM signal-to-noise ratio can be obtained as [31];

(7 17 )
% f j y -
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where 7pwm is the maximum pulse width deviation, T0 is the unmodulated period,

(7 ;= l//0). With v(t) = A / t R, substituting equation 7.14 into 7.17, and the SNR 

presented as;

S / N = g f n ¥ ~ ^ k  ( 7 1 8 )f i f o r  n (t)

With modulation index M=2TpWMfT0, equation 7.18 can be written as;

S , N = v * f f t 2 CNR (7.19)
o l R

A 2
where CNR =

n if)

Experimental confirmation of the SNR performance for different values o f pulse rise 

time is given in Figs. 7.32 and 7.33, showing good agreement with predicted results 

obtained from equation 7.19. Doubling the rise time reduces the SNR by about 5 dB. 

These figures show a CNR threshold point at almost CNR = 23 dB, where the SNR 

deteriorates rapidly just like PFM system.

Table 7.3 shows comparison between theoretical and measured results for both PFM 

and PWM channels. It can be seen that in both channels the theoretical results agree 

with those measured to within 2 dB.
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CNR
(dB)

PW M (M =30% ) PFM 09=1)
SNR

(Measured)
SNR

(Theoretical)
SNR

(Measured)
SNR

(Theoretical)
25.0 34.0 34.7 41.0 42.5
30.0 38.0 39.0 46.5 47.5
35.0 44.0 45.0 51.0 52.5

Table 7.3 M easured and calculated SNR  for PFM  and PW M  channels.

For both channels to have the same SNR, the following condition may be applied by 

equating equation 7.15 with 7.19, this leads to;

■—  = 0.64 (7.20)
V j 2

Let the slope o f the pulse width modulator and the slope o f the VCO be £/(Hz/V) and 

kw (s/V), respectively. Thus equation 7.20 can be rewritten in terms o f the mixing ratio 

as;

'-ft. ( 7 - 2 1 )

Equations 7.20 and 7.21 are valid for any transmission bandwidth. Equation 7.20 could 

be combined with the results obtained from the cross-talk performance to show how the 

modulation indices can be chosen to obtain an optimum performance from the system. 

Two values of / 1//2 have been considered to show the effect o f the sampling rate on the 

system behaviour and the results are displayed in Fig. 7.34. There are in total six
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identifiable regions; four for cross-talk (see also Fig. 7. 23) and two for SNR, as shown 

in Figs. 7.34.b and 7.34.a, respectively. The above figures are best described by 

referring to table 7.4 which summarises the cross-talk and SNR characteristics o f the 

system. At /?=  1, 2 tzM  = 1.65 and f i / f z  = 2, cross-talk at both channels will be -25 dB 

and SNR o f PFM channel will be 12 dB higher than that for PWM channel. Keeping the 

same modulation indices, but doubling f \ / f 2 results in improvement in cross-talk 

performance for both channels and deterioration o f PFM SNR by 3 dB.

Region SNR  perform ance Cross-talk perform ance

A SNRpwm < SNRpfu Optimum for both channels (CT < - 25 dB)

B SNRpwm < SNRppm Worst case for both channels (CT>  - 25 dB).

C SNRpwm < SNRppu CT\vp< C7fw

D SNRpwm < SNRppm CTpw< C7wf

E SNRpwm > SNRppm CTp\u< C7wf

Table 7.4 Summary of SNR  and cross-talk characteristics of the PFW M  system 

(also see Fig. 7.34).

The difference (in dB) between the SNR o f the PFM and PWM channel can be 

evaluated by dividing equation 7.19 by 7.15, then converting the results into decibels. 

This leads to;

246



0 2 f
SNRpm -  SNRPim = 6.87 + lO lo g C ^ ^ - ) (7.22)

When both channels are identical in bandwidth and modulation indices, the last term in 

equation 7.22 is zero. This means that the PFM channel has an advantage o f ~ 7 over 

the PWM channel. Equation 7.22 is plotted in Fig. 7.36 for different values o f b/M and 

f2 /fl. As expected PFM channel shows better SNR performance compared to PWM for 

wide range o f modulation indices ratio 0/M.

The results obtained clearly indicate the potential o f PFM for applications which require 

good SNR performance such as video and other wideband signals. Applications 

requiring less SNR performance can be carried in the PWM channel. The optimum 

performance of the overall system is best determined by properly choosing the 

modulation indices, sampling ratios and channel bandwidth so that a good balance 

between the cross-talk and SNR performance can be achieved.

Finally, the noise performance o f CPFWM system is compared with digital modulation 

scheme (PCM with 8-bit) and an analogue modulation scheme (AM with 100% 

modulation). See Fig. 7.37. It is clear that the CPFWM system shows noise 

performance between the two systems. Taking into consideration that the transmission 

bandwidth o f the CPFWM system is much less than any digital system, it can be 

concluded that the CPFWM represents a good balance between bandwidth and noise 

performance requirements. At low SNR (say 25 dB), CPFWM is superior to AM but is 

not as good as PCM. However, this can be improved provided the CNR and channel 

bandwidth are increased.
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Fig. 7. 34 
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C h a p t e r  E i g h t

Conclusions

As a part o f this project, trapezoidal and triangular PSM waveforms have been 

analysed. These types are very similar in nature, and triangular PSM can be considered 

as a special case from trapezoidal PSM waveform. Mathematical analysis shows that 

triangular PSM has wider dynamic range than trapezoidal. Triangular PSM requires 

less power to carry the same modulation index than trapezoidal PSM, and consequently 

shows better noise performance.

The frequency spectrums o f both trapezoidal and triangular PSM are very similar. In 

both types of the PSM waveforms, the amplitude o f the baseband frequency 

components is inversely proportional to the modulating signal. Therefore, it is not 

possible to recover the message signal by passing the regenerated pulses through a 

low-pass filter. Traditionally, demodulation o f PSM waveform is carried out by using a 

differentiator followed by low-pass filter. This technique has the disadvantage o f poor 

noise performance. This is because of the high-pass frequency characteristics o f the 

differentiator. Slicing and gating has been applied to reduce he amount o f noise 

entering the receiver and thus to improve the noise performance o f the PSM system.
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A novel receiver design for the PSM system has been developed. This receiver offers 

simplicity and improved performance compared to classical receivers, and eliminates 

the use of the differentiator and the need for voltage slicing or gating. The novel 

receiver design can be used with any type o f the PSM waveforms. The disadvantage of 

this receiver design is the requirement o f synchronisation which can be achieve using 

the falling edge o f the PSM waveform as a reference.

A new SNR formula has been presented for the first time enabling prediction o f the 

system noise performance o f the PSM system. Close experimental confirmation has 

been obtained between the formula’s prediction and practical measurements taken at a 

variety o f system parameters. As expected, the SNR o f the PSM system increases with 

the transmission bandwidth and the modulation index. Unlike an AM system, the PSM 

system has inherent noise suppression, and can produce a positive improvement factor 

over a wide range o f modulation indices when the transmission bandwidth is limited.

The compound PTM technique has also been investigated, as a solution to the problem 

of multiplexing PTM waveforms. The CPFWM system has been theoretically and 

experimentally investigated. Mathematical characterisation o f the CPFWM waveform 

has been developed enabling calculation o f the modulation conditions required for 

optimum performance. Computer simulation shows that the CPFWM waveform can be 

successfully generated and demultiplexed using simple circuits. Good agreement has 

been obtained between simulation, practical and theoretical results.
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When designing CPFWM systems, the ramp generators (both in the transmitter and 

receiver) should be chosen to be identical, and with a high degree o f linearity. The free 

running frequency o f the ramp generators should be twice that of the carrier. Ramp 

generators with poor linearity can cause significant reduction in the system linearity. 

Therefore, at a high frequency operation, more attention should be given to the ramp 

generators to minimise non-linear distortion problem. Further, a non-zero fall time of 

the ramp will cause a cross-talk component from PFM channel to appear. The 

amplitude o f this cross-talk component is proportional to the ratio between the rise and 

the fall time o f the ramp, and the frequency modulation condition.

Increasing the pulse width o f the regenerated PFM pulses causes deterioration in cross­

talk performance o f the PFM channel, and reduces the maximum allowable modulation 

index at the width modulation channel for optimum cross-talk performance. 

Consequently, this also degrades the overall SNR performance o f the PWM channel.

At the receiving end, the pulse width o f the regenerated PFM must very short. 

Increasing the pulse width o f the regenerated PFM pulses reduces the cross-talk 

performance of the PFM channel, and reduces the maximum allowable modulation 

index at the width modulation channel for optimum cross-talk performance. 

Consequently, this degrades the overall SNR performance of the PWM channel.

A newly derived spectral modulation formula for CPFWM waveform is presented in 

this work. Tests on an experimental CPFWM system and computer simulation have 

shown that excellent agreement to within ± 1 dB is obtained with theoretical prediction
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from the new modulation formula. The characteristics of CPFWM render it suitable for 

bandwidth efficient and low-cost analogue transmission.

Frequency spectrum investigation showed that CPFWM can be classified as 

anisochronous PTM technique because the sampling frequency component in the 

modulation spectrum vanishes when modulation indices M  and p  taken certain values. 

Removing either o f the two input signals results in a modulation spectrum similar to 

PWM or PFM alone. The baseband components show overlapping between 

components from the first and the second modulating signals. This means that it is not 

possible to separate the modulating signals using only filters.

In an ideal situation, there should be no cross-talk from the PWM channel to the PFM 

channel. However, cross-talk occurs in PFM channel due to width modulation by the 

second channel, and similarly cross-talk in PWM channel is due to the frequency 

modulation by the first channel. Although there are many causes o f cross-talk in both 

channels, the main cause is waveform interference which is a result o f carryover o f 

energy from one edge to the other. This results in phase modulation (time jitter) in the 

separated edges. The time jitter mainly depends on the linearity and the bandwidth o f 

the transmission medium, and increases with the increase in the waveform distortion..

Cross-talk in PFM channel dramatically deteriorates when the rise time o f the received 

pulse increases (i.e. less transmission bandwidth), and it is proportional to the 

modulating signal frequency ratio (fiffi). Cross-talk performance in PFM can be 

improved by choosing the message signal with wide bandwidth to be carried on the
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PFM channel, while the message with narrow bandwidth to be carried on the width 

modulation channel. This choice also has the advantage o f improving the SNR 

performance o f the system and the difference between the SNR in the PFM channel and 

the PWM channel will be reduced.

In CPFWM system, when the duty cycle increases the maximum PWM modulation 

index decreases by the same amount. This also causes deterioration in the non-linear 

distortion o f PWM channel. The effect o f this will be; an improvement in cross-talk in 

PWM channel, deterioration in SNR and increase in non-linear distortion. However, 

when duty cycle increases, cross-talk in PFM channel will improve. The best balance 

between the non-linear distortion, cross-talk and SNR is obtained when duty cycle is 

50%.

Unlike cross-talk in the PFM channel, cross-talk in the PWM channel is present even in 

an ideal situation. There are many causes for cross-talk in the PWM channel, each 

cause produces a cross-talk component. The overall cross-talk results from the 

summation of all individual components. One component o f this cross-talk is due to 

the nature o f the PWM demodulator, which is based on conversion to PAM signal 

followed by low-pass filtering . The strength o f this component can be minimised by 

reducing the frequency modulation index and increasing the sampling ratio. The second 

component of cross-talk in the PWM channel is due to the non-zero fall time o f the 

ramp waveform, which can be minimised by minimising the fall time. This component is 

usually very small and has a negligible effect as the fall time o f the ramp is usually very 

small. The third and main component o f the cross-talk is due to waveform
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interference, which increases with the rise time of the received pulses and frequency 

modulation index.

Unlike CPFWM, TDM-PPM cross-talk performance is very sensitive to unmodulated 

pulse duty cycle. Increasing the duty cycle can cause serious deterioration in the cross­

talk performance of the TDM-PPM. The CPFWM system shows comparable cross-talk 

performance with the TDM-PPM system and in some cases it shows an improved 

performance. Taking into consideration that TDM-PPM with narrow pulse width 

requires wide transmission bandwidth, it can be concluded that CPFWM shows a good 

balance between bandwidth and cross-talk performance.

An optimum region of cross-talk performance in both channels can be determined by 

proper choice o f the modulation indices and the ratio f i / f z .  Increasing the ratio f i / f i  

results in an increase in optimum cross-talk region for both channels but deterioration 

o f SNR performance of the PFM channel.

When both channels are identical in bandwidth and modulation indices, the SNR o f the 

PFM channel has an advantage o f about 7 dB over the PWM channel. Unless the 

frequency modulation index is very small, the SNR o f the PFM channel is always 

superior to that o f PWM. At the optimum cross-talk region o f operation, the SNR o f 

the PFM channel is superior to PWM channel. When the CPFWM system is used to 

the best o f its performance, the PFM channel will have better signal quality than the 

PWM channel. Therefore, the PFM channel should be used for those signals which 

require quality transmission; such as video or other wideband signals. However, the
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PWM channel is more suitable for applications which are less restricted on SNR 

performance.

CPFWM system shows noise performance between the digital and analogue systems. 

Taking into consideration that the transmission bandwidth o f the CPFWM system is 

much less than any digital system, it can be concluded that the CPFWM represents a 

good balance between bandwidth and noise performance requirements.

As a suggestion for future work, CPFWM transmission can be improved if only the 

edges o f the CPFWM waveform are transmitted. This can be realised by differentiating 

the CPFWM waveform before transmission, which has the advantage o f power saving 

during the transmission and therefore improves SNR. It is also expected that cross-talk 

performance will be improved as a very narrow pulse width (very low duty cycle) will 

be used for transmission. Another advantage o f this technique is that the possibility o f 

employing a laser source in an optical transmission. However, synchronisation is 

necessary in order to separate and discriminate the two distinct channels. A solution for 

this problem could be by transmitting synchronisation pulses which would be used at 

the receiving end as a reference to discriminate between the two channels, but this has 

the disadvantage of reducing the maximum transmission rate. Another solution would 

be to use different pulse width for each channel, however this technique looses the 

merit o f power saving and increases the receiver complexity.
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Appendix - 1

Derivation of the baseband components of the CPFWM waveform

The baseband components o f the CPFWM waveform can be derived from equation 6.8 

as the value of v(t) when n->0. Therefore,

Baseband Components = lim^v(/)

Substituting the above power series expansion (equation 1.2) into equation 1.1, all the 

terms will vanish except the first order terms which can be written as;

o

(i.i)

The power series expansion o f exponential function is given as;

(1.2)

sin a>xt + (QcT0 +2tM  smco2t -  psmcoxx

(1.3)

where,

JjM

a.
sin<y0/ (1 .4)

o

The last term in equation 1.3 can be simplified as follows;
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sinc^x = sin
to, .

co,(1 - x n)~  I tjM — sm<u2f

cot r
-  sincox { t - r 0) cosj^2;zft/— sinco2tj  -  cos#, ( t - r 0) sin

6>l .
\

2ttM — sin coJ V co, y
(1.5)

The above equation can be further simplified by expanding the trigonometric terms in 

terms of Bessel functions, this leads to;

sin cox x  = sin cox (t -  r0 )< 

-c o s  (t - r 0y

co, co,
J 0(2nM — ) + 2 ^ 2 J hQ tM — )cos nco2t

c  n e v e n

00

E CO,
2Jn(27iM— ) smnco2t

n o d d n

(1.6)

The above equation can be further simplified by using the following identity;

sin a  cosp  = — [sin(a + p) + sin(a -  /?)] (1.7)

Substituting equation 1.7 into 1.6 the following can be obtained;

co, oo,
s in ^ x  = J 0{2 tM — )sin(/ -  t 0) + > J n(27iM— ) 

coc ' coc
c n e v e n  c

x {sin[(w<y2 + cox )t -  cox zQ ] + sin[(<yj - nco2 )t -  cox r Q ]}
+ o , ) / - ( a , r J - s i n [ ( f f l ,  -  n a i2 ) t  ~  oj, to ]}

nodd

(1.8)
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But

• / - »  =  ( - ! ) " * / »  (1.9)

Therefore, equation 1.8 can then be written as;

oo

sincd .x  = /  J n(27iM—- ) sin{(<x>, - nco2)t -  coxt q } (110)4-U 6)„

Substituting equation 1.10 into 1.3, the baseband components can then be given as;

lim v(t) = a>cT° + -^-sin  cat + M sin coJ 
n->0 2 k  2 k

(1.11)

- 4 -  S  J £ 2 tM —  )sin{(m,-m co2) t - a xr0}
In  JrL <»c

The above equation represents the baseband components and has been used in chapter.
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Appendix-ll

Derivation of the carrier components and their harmonics

The carrier frequency components and their harmonics as well as the sidetones around 

them can be derived from the last term in equation 6.14, which can be written as;

-  -  J J n fi)e j(n^ +k6>l)t
C = L 2 .  --------------  x

n=-ook=- 00 Z H 7 g
n*0

I OG ^
] l  -  2  { - \ )p J p(2ri7iM + 2 k jM —  )exp{-y[(/?fi?c + kcox )r0 + jpco2t]

D=-00 Ct)r

(II. 1)
The above can be split into two terms as follows;

C = C ,+ C 2 (II.2)

where,

)j(ncoc+k(ol )tJ t (nS)eJ
—  <, u >/J = —OO k ——O0 u

nt- 0

and

co co 00 J  ( y. a \ p j(.na>c+ko>l )t

C j = Z Z E  ( -1 ) ' .-------- J p( 2 n M  + 2 k * M ^ )  x
n=-<x>k=-cop=-ao 2 n  JZJ coc / 'J J
n*0 V • /

exp {~j[(ncoc + kcox )t0 + jpco2t]}

The first term of equation II.3 can be simplified as follows; equation II.3 can be 

rewritten as;

27 8



1 '  1 '  2nnj - In jg

-j(ncoc+ ka{)t

n= 1 k= 1

-  2 njg Irurj

(II 5 )

Consider the following identities;

./-„(*) = (-1)" ■/„(*)

and

J - n ( ~ x )  =  J A x )

01 .6)

Using the above identities into equation II.5, the following can be obtained;

Q x =  }(,noiyko^)t  _  e-j(najc+fcta,)I |  +  (—I)* J j
n= 1 i t= l

(II 7)

However, the above exponential functions can be converted into trigonometric forms 

using the following identity;

h  - j xe - e  J
sinx = v (II 8)

therefore, equation II. 7 can be rewritten as;

Uj = ^  ̂  * ^ ^ [sin(neac + kcox )t + (-1)* sin(ncoc -  kcox)f]
«= 1  <r=l

(II 9)
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Using the same above approach, the second term C2 can also be simplified. C2 can

then be rewritten as;

oo oo oo

c 2 = X X X  i f ( ,,’k’P'>+ f ( - n - k’- p ) ) + ( f ( nik’P)+ f ( - , , - k -p))
n- 1 k=\ p - 1

+ ( / ( » .  k,p)  + /  ( - n - k - p ) )  + ( f (n ,  k ,p ) + f ( - n , - k - p j ) }

(11.10)
where;

J J n B )  co,
f ( n ,  k ,p )  = ( - l ) p -----------J  v{ l n j M  + 2 k j M — ) x

In ig  pK to /  (11.11)
exp {-j[(no)c + kwl )ra + j{nm c + kcox + pco2 )*}

For simplicity, the terms between brackets in equation 11.10 will be simplified 

separately. Therefore, using the identities in II.6 into the first two terms o f II. 10, the 

following can be driven;

f ( n , k , p )  + f ( - n - k - p ) = ( - l ) p Jk̂ n^  J  (2m M  + I k j M — ) x
coc

{exp [J[(neoc + km, + peo2 )t -  (nmc + ka>, ) r0]}

-  exp{-y[(«iBc + km, + p a 2 ) t  +km, ')T0} \ }

(11.12)
Equation II. 12 can be written as;

f ( n , k , p )  + f ( - n - k - p ) = ( - \ ) p (2writ/ + 2knM— ) x
nn p o)c

{sin[(w<yc + k(ox + pco2 )t -  (ncoc + kcox )r0 ])

(11.13)
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Similarly, the other terms of 11.10 can be simplified as follows;

J A n B )  ai
/(;? , k - p )  + / ( - / ? , - k, p )  =  -----------J  ( IutiM  + 2k?M  — ) x

nn co„
{sin[(w6>c + kcox -  pco2 )t -  (ncoc + kcox ) r j }

(11.14)

f ( n , - k , p )  + f ( - n , k - p ) = ( - 1)*+1 (2nnM  -  2 k j M — ) x
nn  y m

{sin[(/7tyc -  kcox + pco2 )t -  (ncoc -  kcox )r0]}

(11.15)
and

f { n - k - p )  + f ( - n , k , p )  = ( - \ ) k+l { In jM  -  2 k n M ^-)  x
nn  6)c

{sin [(ncoc -kcox - pco2)t ~(ncoc -  kcox)rJ }

(11.16)

Substitute equations II. 13- II. 16 into equation II. 10, the later can be rewritten as;

00 (30 oo

C2 . y y y  \ ( - \ ) ^ '  (2nnM  + 2 k n M x
n~\ Jfc=i p=i nn 0)c

{sin[(w<yc + kcox + pco2)t-{ncoc + kcox)ra]} -  J-k^ ^  J  {2nnM + 2 k n M ^ - ) x
nn a

{sin [(no)c +ko)x -  po)2) t - { n m c + kcox ) r J }  + (- l)* +1 x
nn

co
J p (2nnM  -  2knM  — ) {sin[(w*yc -  kcox + pco2 )t -  (ncoc -  kcox )t0 ]}

co„

+ (_1)*+1 ' h J p{ 2 m M -  2knM—  ){sin[(wftjc -kcox - pco2)t ~{ncoc -kcox)T0\} 
nn  coc

(11.17)
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Using the identity in II. 5 in II. 17 the latter may be written as;

C2 = X X  X  { ( - i r '  J  (2nnM  + 2kxM  ̂ ) x
nn  <oc

{sin[(wtye + kcox + poii )t-(n<oc + ka>t )r„ ]} (II. 18)

Using the identity in II. 6 in equation II. 18, then change the variables -p to p , equation

II. 18 can be rewritten as;

C2= - S X  X { ^ P - J p(2nnM + 2knM^)x
n=\ k=-co p = -  co nn  o)„

{ s i n i i n ^ + k ^ - p o ) 2)t- (ncoc +kcol)T0]} (11.19)

Substitute equations II. 19 and II.9 in II.2. The latter can be written as;

C = 2  2  ~ ~ ~ -^sin(/?fi)c + kcox )t + ( - I ) 1" sin{ncoc -  kcox )/J

oo oo co
J t(nP)  ,~ X X X  J,(2 n n M  + 2 k n M - k ) x  (n 2 0 )

«=1 k=-oo p~-a nn co.

{sin[(«<»^ + km, -  pa>2 )t -  (tm c + ka>, ) r J J
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Appendix -3

Cross-talk in the TDM-PPM System

Consider the case when two PPM channels with identical characteristics are 

multiplexed in the time domain. The timing diagram is shown in Fig. III. 1. Due to the 

limitation in the transmission bandwidth, the actual pulse shapes tend to overlap. This 

resulting in cross-talk between the two PPM channels. This cross-talk depends on the 

guard time Tg.

Amp. (V)

-2nBT,

Time

Fig. ffl.1 Time diagram  of TDM -PPM  waveform.

For a quantitative estimate o f cross-talk, it is known that the pulses decay exponentially 

with time constant of order \/2%B where B is the 3 dB bandwidth o f the channel. 

Therefore, the cross-talk factor can be given as;
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A. ' 2
k = 1 ^ 1  = e ^ ’BT' * -5 4 .5 5 7 ; (dB) (III.l)

The above factor represents the strength o f the cross-talk component at the signal 

channel. The maximum permitted displacement for each PM channel is given as;

( I I U )

Therefore the modulation index for either the first or the second channel can be 

determined as:

^i,2 ~ t  ~ 2  T T  (HI.3)

Substitute equation III1 into III3, the cross-talk factor from the first channel to the 

second channel can be calculated as;

k = -54.5Bt \ (in dB) (IIL4)

The signal power at the demodulator output can be given as;

S , = -  
1 2

l o\

k Tqj
(HI. 5)

Substituting equation III.3 into III.5, the later can be rewritten as;

S, = = 10\ogfrj-) ("> dB) (III.6)
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Therefore the cross-talk in the second channel due to the first can be given as;

Cross -  talk(dB) = -5A.5BT
1 T\

2 2 7 \
-1 0 1 o g (-^ -) (III. 6)

The above equation could rewritten in terms o f the pulse rise time by substituting for 

5=l/2fR, this leads to;

Cross -  talk(dB) = -
27.25 T f 1 T

M > -2  - T

M,2
-  101og(—̂ -L)
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