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Abstract
Subcarrier multiplexed (SCM) systems are an attractive alternative to the evolving digital
technology for transmitting broadband services, at an affordable price. However, the
majority of existing systems are based on analogue signal transmission and therefore, the
strict noise and nonlinear requirements undermine the system performance. The work
carried out in this thesis presents the feasibility of pulse time modulation (PTM), as a
second stage modulator, in SCM systems.
PTM techniques offer simplicity and low cost, and with the additional bandwidth
available on optical fibres can trade bandwidth to significantly higher signal-to-noise ratio
(SNR) levels, compared to analogue systems. Three different PTM techniques, square
wave frequency modulation (SWFM), pulse frequency modulation (PFM) and pulse
position modulation (PPM) has been investigated. A prototype system capable of
transmitting a video channel, two audio channels and a data channel is implemented for
each technique in order to evaluate the performance potential of PTM as a second stage
modulator in SCM systems.
The SNR expressions for all three schemes are derived from the first principles and the
obtained results were verified experimentally. The optimum SNR performance is
delivered by a raised cosine shaped pulse and the PPM technique delivers 5 dB SNR
improvement over PFM. For SWFM systems a 3 dB SNR advantage is gained over
single-edge detection technique and PFM systems by employing double-edge detection at
the receiver.
PPM spectrum contains a clock component which could be employed at the receiver for
signal recovery. Demodulation technique, based on clock recovery using a phase locked
loop (PLL) is proposed and implemented. This technique is cost effective and less
complex compared to the existing demodulation schemes.
The PFM implementation shows a 6 dB improvement in the receiver sensitivity
compared to conventional SCM systems, while the PPM system offers an extra 2.5 dB
improvement. The improved receiver sensitivity of the SCM-PTM technique, results in
an increased optical power budget, where the transmission distance, number of
subscribers and the number of channels in a network can be optimized. The nonlinear
performance of the overall system is also shown to be within the specified performance
levels.
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Chapter

1

Introduction

1.1

Historical Background

The invention of the transistor and the integrated circuit (IQs have revolutionised the
electronics industry since the early 1960s. Even today, progress in the micro-electronics
industry continues to be the driving force behind the information technology revolution
that has emerged within the last decade. Since the early days of ICs, processing
capability and the amount of semi-conductor memory on a chip has doubled
approximately every 19 months. The increased processing powers and larger memories
of computers have been complemented by the continuous ability of the software industry
to release more comprehensive and user friendly products to the market [1].

The advances made in computer technology have made it possible to gather mass
amounts of data, text, still images, moving images, sound etc. and as a result has seen the
emergence of multi-media systems [2-3]. With the increased amount of information at
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our disposal, the need for sharing this information has greatly increased. Hence, within
the last decade the communications industry has experienced a remarkable growth in
network traffic.

In the 1980s the capacity of existing transmission channels had reached their limit. A
good portion of the radio spectrum had already been allocated to various governmental
and commercial organisations and the coaxial cable networks were carrying traffic at a
maximum capacity. Therefore, the emergence of optical fibres as a practical transmission
medium was critical.

Optical fibres posses two unique characteristics compared to existing transmission
channels: one is the enormous transmission channel bandwidth and the other is the
extremely low loss of the optical fibres. In communication systems, a rule of thumb is to
assume the transmission capacity is approximately 10% of the carrier signal. Since the
optical frequencies extend well into the THz region, the transmission capacity of optical
fibre communication systems is a few orders of magnitude greater than the existing
transmission channels. Therefore, optical fibres provided a means of carrying the ever
increasing volume of network traffic and opened up the possibility of providing
broadband services.

Today, optical fibre cables with attenuations as low as 0.2 dB/km are available and allow
for a greater distance between repeater stations. The emergence of erbium doped fibre
amplifier and soliton transmission has helped to increase the transmission distances of
optical communication, even further [4]. In addition, optical communication systems are
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free from electromagnetic interference and are more secure and reliable compared to
conventional transmission mediums [5].

As the demand for broadband services increases, the telecommunication and cable
television providers are looking at various options for delivering new services to the
home and business environments. The narrowband Integrated Services Digital Network
(ISDN) already provides data services in addition to the plain old telephone services
(POTS). Although initially restricted to the business environment, home users are
increasingly finding ISDN services to be attractive as the prices become affordable [6].

However, the narrowband ISDN network is only capable of providing bandwidth limited
applications and in order to deliver high bandwidth services such as real-time video,
images, animation, graphics etc. a broadband network is required. To upgrade the
existing public switched telephone network (PSTN) into a fully integrated broadband
network massive infrastructure investments are required. Network operators, service
providers and electronic consumer companies are forging new partnerships to stay ahead
of competitors in order to grab a slice of the future broadband market.

The ultimate broadband network will be implemented in digital technology incorporating
asynchronous transfer mode (ATM) [7] and synchronous digital hierarchy (SDH) [8].
The emerging compression techniques such as moving pictures experts group (MPEG)
[9] will also be critical to the delivery of broadband digital information. However, the
digital technology is still evolving and the high cost of digital equipment prohibit their
wide spread deployment at present.

3

Meanwhile in the interim, subcarrier multiplexed (SCM) systems offer an attractive
alternative for transmitting broadband services at an affordable price. SCM systems offer
simplicity and low cost and has the ability to access the high bandwidth available on
optical fibres to deliver broadband applications.

The SCM concept was first used in microwave communication systems where a number
of subcarriers were used to transmit baseband channels over a wireless or coaxial link.
With the advent of optical fibres in the 1980s, SCM concept was implemented in optical
communication systems. The mature GHz technology gave access to the high channel
bandwidth of optical fibres and also resulted in the cost effectiveness of SCM systems
[10].

Initially they replaced the existing coaxial and microwave long-haul links, but later they
were extended into point to multi-point applications. Currently SCM is being used in
local area network (LAN) applications and in the cable television industry to deliver
analogue video channels[ll].

1.2

Objective of the Research

The majority of existing SCM systems are based on analogue signal transmission. For all
its positive attributes, the low cost of SCM networks is realised by compromising the
level of performance. Analogue modulation techniques, such as frequency modulation
(FM) and amplitude modulation (AM), employed in SCM are simple and bandwidth
efficient and modulate the optical source in a continuous manner. However, due to the
analogue nature of the signal, the noise and nonlinearity requirements imposed upon the
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system are very stringent. The main noise and nonlinearity contributors in a SCM system
are the optical source and the optical receiver. The drawback of stringent noise and
nonlinear requirements, from a network design standpoint, is the constraints imposed
upon the optical power budget of the system. The limited input dynamic range of the
optical source undermine the number of transmission channels, while the restricted
power budget results in reduced transmission distance and number of subscribers.

In order to improve the performance of analogue optical link, work has been carried out
on linearisation of optical sources, reduction of laser intensity noise, optimisation of
optical receivers etc. An alternative approach to enhance the performance of a SCM
system is to introduce a second stage modulator to improve the input dynamic range and
the receiver sensitivity. The second stage modulation systems differ from the
conventional SCM systems as the SCM signal is modulated onto a secondary
RF/microwave carrier prior to optical modulation. The choice of a second stage
modulator is determined by its suitability for optical modulation and transmission,
bandwidth efficiency, overall cost and the required level of performance of the signal
channels. At the receiver, the optical signal is converted to an electrical signal and fed to
the corresponding demodulator in order to recover the original SCM signal. Information
is recovered from the SCM signal by employing standard signal recovery techniques used
in SCM systems.

Several second stage modulation techniques have been published by leading research
centres world-wide, since the early 1990s. Grace at United Telecommunications Inc.,
Kansas, USA [12] has developed a prototype system employing a high speed analogueto-digital (A/D) converter to digitise the analogue SCM signal for optical transmission.
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Ohmoto [13] and Sato [14] from Nippon Telegrapgh & Telecommunication Inc., Japan
have used FM for transmission of SCM signals to take advantage of wideband FM gain.

Modulation techniques employed in communication systems can be broadly categorised
into three groups: analogue, digital and pulse modulation. Analogue modulation is simple
and cost effective, but is vulnerable to various noise sources and often fails to deliver the
required signal-to-noise ratio (SNR)s over moderate distances in optical fibre
communication systems. The nonlinearity of the optical source and optical channel can
also severely limit the quality of the received signal through intermodulation.

In contrast, digital modulation has proved to be substantially immune to channel noise
and nonlinearities and is capable of producing high SNRs at the receiver. However,
digital systems are more complex, largely due to their coding circuitry, and are
significantly higher in cost compared to analogue systems. They also carry an intrinsically
large bandwidth overhead, restricting the transmission capacity.

Pulse modulation occupies an intermediate position between analogue and digital
modulation techniques. In the most widely used pulse modulation scheme, referred to as
pulse time modulation (PTM), some time property of a constant amplitude pulse train is
modulated in sympathy with the information. The PTM concept was conceived around
50 years ago [15], but applications have been limited until its re-emergence as a preferred
modulation format for optical fibre communication systems.

The primary advantage of PTM is its ability to trade cost against system performance.
The technique is simple and inexpensive, requiring no complex digital coding and the
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pulse format of the carrier improves the noise immunity and nonlinear tolerance. The
ability to trade SNR performance against transmission bandwidth is an extremely
important property of any modulation technique. With the additional bandwidth available
on optical fibres, PTM is an ideal signal carrier which can trade bandwidth to increase
the SNR to significantly higher levels compared to analogue systems, and at a relatively
low cost compared to digital systems. In addition, PTM traffic can be routed through
logic circuits and the majority of PTM schemes do not require complex synchronisation
mechanisms at the receiver, reducing cost and complexity. Also narrow pulse PTM
formats can operate the optical source at low duty ratios to help maximise the device life
time and peak power level [16].

It was mentioned earlier that signal performance, bandwidth efficiency and overall cost
are key factors in determining the feasibility of a modulation scheme as a SCM second
stage modulator. From the above discussion, PTM proves to be a viable option due to its
high performance, low cost, simplicity and suitability for optical transmission.

There are a number of PTM techniques such as pulse position modulation (PPM), pulse
frequency modulation (PFM), pulse interval modulation (PIM) etc. which have been used
in various applications. They range from video distribution, inter-satellite communication
to power applications [16].

However, in terms of transmission capacity, applications employing PTM could be
restricted due to the limited number of PTM channels that can be multiplexed onto a
single transmission channel. Most PTM techniques possess variable time frames,
proportional to the information, making multiplexing in the time domain virtually

impossible. Frequency division multiplexing is a possibility, but due to the larger
frequency presence of PTM signals (in comparison to analogue modulation schemes), is
inefficient.

An alternative multiplexing approach called compound PTM (CPTM), which combines
various PTM formats together with a self synchronising mechanism, has also been
reported [17]. There are several types of CPTM techniques such as compound pulse
frequency and width modulation (CPFWM), compound pulse position and width
modulation (CPPWM) and compound pulse interval and width modulation (CPIWM).
However, the maximum number of channels that can be accommodated in most
compound techniques is two, at a cost of considerable increase in system complexity.
Therefore, due to limited multiplexing capability, PTM has been employed mainly in
single channel applications.

The objectives of the research can be broadly stated as twofold. Primarily, it is to
demonstrate the viability of PTM as a second stage modulator and to evaluate its
performance against conventional SCM systems. Secondly, as explained above, PTM
systems hitherto has been used mostly in single channel applications. Therefore, the
research should investigate the potential of the proposed technique for multi-channel,
broadband signal transmission, for PTM formats.

1.3

Organisation of the Thesis

In section 1.1a brief historical background into SCM systems was presented. Chapter 2
gives a detail account of the concept of SCM, with respect to optical communication
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systems, its advantages compared to evolving digital technology, evolution and
applications.

The design aspects of SCM systems are considered in Chapter 3. The SCM system is
divided into three distinct sections: transmitter, optical channel and receiver. In each
section key system parameters, noise and nonlinear sources are presented. For both the
transmitter and the receiver, performance critical optical stage is considered in detail. In
section 3.5, by combining parameters introduced in the previous sections, an expression
for the carrier-to-noise ratio (CNR) of an individual subcarrier channel is derived. The
chapter concludes with a discussion on optimisation of system parameters and the
penalties of conventional SCM systems.

The concept of second stage modulation is introduced at the beginning of Chapter 4.
Several second stage modulation systems and their performance are also considered. A
detailed description of PTM techniques is given in section 4.3, including their
classification, spectral characteristics and comparison of different PTM schemes in terms
of performance, cost and complexity. Section 4.4 introduces the concept of PTM, as a
second stage modulator in a SCM system, and the possible techniques which can be
incorporated.

Chapter 5 presents two popular PTM techniques: PFM and square wave frequency
modulation (SWFM). They are considered in one chapter as their characteristics are
closely related. Initial sections are an introduction to modulation and demodulation of
each technique. The SNR analysis is carried out in section 5.4, culminating in the
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derivation of SNR expressions. Optimisation of PFM and SWFM system parameters are
dealt with in section 5.5.

Chapter 6 deals exclusively with PPM systems. Section 6.2 details the characteristics and
generation of PPM signals. The PPM demodulation is dealt with in detail in the following
section, including a spectral investigation, the behaviour of the PPM clock component
and the possibility of employing a phase locked loop (PLL) to recover information. The
SNR derivations, using different pulse models, is carried out in section 6.4.

Details of the prototype implementation are listed in Chapter 7. The nature of the
subcarrier channels, and their modulation and demodulation formats are presented.
Various aspects of system and circuit design for each of the implemented PTM
techniques are also presented in detail. The design of the optical link and the associated
optical system parameters are presented in section 7.5. The bandpass filtering and the
appropriate demodulation techniques employed to recover each signal channel are
presented in the final section.

The results and analysis of the PTM signal spectra, SNR and bit error rate (BER)
performance and the nonlinear distortion performance are given in Chapter 8.

The concluding remarks and the contributions made to knowledge are presented in
Chapter 9.
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Chapter

2

Subcarrier Multiplexed System s

2.1

Introduction

Subcarrier multiplexed (SCM) systems were originally used in microwave
communication systems, where a number of baseband channels are frequency shifted
using subcarriers at different frequencies and the frequency division multiplexed
(FDM) signal is transmitted over free space [10]. With the emergence of low loss
optical fibres in the 1980s, optical communication began to revolutionise the
communication industry and became the preferred medium for high capacity, long
distance transmission applications. The SCM concept was incorporated into optical
communication systems, because of the ability of the microwave technology to utilise
the large channel bandwidth available on optical fibres. In optical SCM systems the
FDM signal is modulated on to an optical carrier, which is the primary information
carrier. From here on in the text, the SCM systems referred to are optical SCM
systems, unless otherwise specified.
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Channel 1

Optical fibre
Channel 2

Channel n

FDM

Optical receiver

Optical transmitter

f

Channel n i

n

Figure 2.1 A typical SCM system employing a heterodyne receiver.

A typical SCM system employing a heterodyne receiver is shown in Fig. 2.1. Radio
frequency (RF) or microwave frequency signals at different frequencies (con) are
modulated by analogue or digital baseband signals. The up converted signals are then
FDM and the composite signal is used to modulate an optical carrier [18]. The RF or
microwave carriers are secondary carriers as opposed to the primary optical carrier
and therefore, known as “subcarriers”.

The optical modulation can be either direct or external modulation. In direct modulation,
the light source is directly driven by the electrical signal and information is conveyed by
the optical intensity (intensity modulation). At the receiver, simple direct detection
technique, employing photodiodes is used to recover the electrical signal. This is known
as intensity modulation/direct detection (IM/DD) and is widely used because of its
simplicity and low cost [5].

External modulation is achieved by applying the optical carrier and the modulating signal
to an external modulator and demodulation is carried out by employing coherent optical
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detectors at the receiver. External optical modulation belong to the fourth generation
optical systems and is still evolving. Although it has advantages over direct modulation,
the high cost associated with it prohibit their large scale deployment at present [19-20].

At the receiving end, once the optical signal is converted into the electrical domain the
baseband channels can be recovered by employing a heterodyne receiver or bandpass
filtering. In heterodyne receivers the local oscillator locks onto the incoming subcarrier
of the desired channel and demodulation follows. In bandpass filtering, the desired
channel is filtered from the composite signal and appropriate demodulators are used to
recover the baseband information.

2.2

Motivation to use SCM

Although SCM is an analogue transmission technique it has a number of advantages over
digital multiplexing. Most of these advantages are due to the fact that SCM employs a
technology which has matured, compared to the evolving digital technology.

The microwave techniques employed in SCM systems have been around for a number of
years. Therefore they have been studied extensively and are optimised for different
system applications [21]. Currently available lasers, when operated as intensity
modulators can offer modulation bandwidths upto 20 GHz [11].This far exceeds the
speed of modem baseband digital circuitry. Such high bandwidths can only be accessed
by employing microwave technology which extend well into the GHz range. Most
critically, microwave techniques are cost effective compared to the evolving digital
technology and therefore SCM offers system economy [18].
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Time division multiplexed (TDM) systems can only transmit digital information. In
contrast, SCM systems have the ability to transmit analogue as well as digital channels
simultaneously. Baseband digital channels can be frequency shifted using appropriate
modulation techniques such as frequency shift keying (FSK), phase shift keying (PSK)
etc. and multiplex along with the frequency shifted analogue channels. At the receiver,
the information can be recovered by employing a suitable demodulator. This
transparency of SCM to digital and analogue traffic has been particularly attractive in the
emerging broadband application networks.

In applications where the receiver only needs to access part of the overall bandwidth,
SCM employs narrow band receivers with resulting improvements in noise performance.
This contrasts with wideband TDM systems where the entire multiplexed bandwidth is
usually required at the receiver [22].

In digital networks, sophisticated signalling mechanisms, frame and bit synchronisation,
line codes etc. increase system complexity and cost. Comparable SCM networks are
simpler and offers flexibility and upgradability. Additional service channels can be
introduced into the system by simply adding new subcarriers without altering the
performance of other channels. Therefore, SCM networks can offer a graceful evolution
to future high bandwidth applications such as digital television, high definition television
(HDTV), image and graphic applications [18].

The primary disadvantage of SCM systems is that they are less tolerant to noise and non
linearities, compared to digital systems, due to the analogue nature of the signal . Also
they are required to operate at high frequencies (GHz range) to access the large
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bandwidth available on optical fibres, making lower end of the modulation bandwidth
redundant. To transmit digital information using the SCM technique, more bandwidth
per channel is required compared to TDM systems since baseband digital information has
to be modulated on to a carrier [11].

2.3

Evolution and Applications

SCM systems have evolved with optical communication, which was first employed as a
commercial transmission medium in early 1980s. In its initial stages they replaced pointto-point transmission links [22], employed in long distance communication. The superior
performance of optical links were preferred to the existing coaxial and microwave links,
whose transmission capacities were reaching their limits. Pioneering the move towards
embracing SCM technology were telephony companies, and SCM was used in the trunk
lines of the public telephony network [23].

As the source power and linearity improved the point-to-point systems evolved into
point-to-multi-point systems. In multiple access networks employing time division
multiple access (TDMA) technology, the bit rate that each user must handle grows
linearly as the number of users increase. Hence the cost and complexity of each receiver
is a problem in large networks [22]. Since SCM enables the bandwidth per node to
remain constant as the number of nodes increase, it has found applications in local area
network (LAN)s [24-25], multi-channel video distribution networks and bi-directional
broadband networks [26-27].
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Two techniques have been widely deployed in LANs using SCM. In the first technique,
subcarriers are not part of the access method, but are simply carriers for conventional
multiple access procedure. Standard LAN traffic is used as a data source and modulated
on to a carrier to be transmitted along other services in a multi service environment [11].

The second technique is to use subcarrier frequencies for addressing in order to
implement a multiple access procedure [25]. In these type of networks each node
transmits on a given frequency and the receivers wishing to tune in select the appropriate
subcarrier frequency. Figure 2.2 illustrates a NxN star coupler interconnecting N users.
The user “J” transmits on a given frequency and the receiver can tune into any of the 1-N
users. The speed at which the receiver can tune to any given subcarrier is very important,
since it directly effect the access delay time of the implemented access procedure.

NxN
star coupler

in

out

Receiver

BPF

mod

user

demod

Figure 2.2 Interactive LAN using SCM to interconnect N users [25].
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Alternatively the receivers can be allocated a unique carrier frequency with transmitters
capable of transmitting at any of the receiver frequencies. In such a system the access
delay depends on the speed of tuning of the subcarriers of the transmitter [11].

One of the most important applications of SCM is the distribution of community antenna
television (CATV) channels. In the mid 1980s the feasibility of SCM for multi-channel
video distribution was evaluated [28-29] and in early 1990s SCM was adopted as the
industry standard to deliver analogue video channels [10, 30, 31]. Amplitude
modulation-vestigial sideband (AM-VSB) is used as the modulation format as it is
compatible with the current television receivers, but frequency modulation (FM) is also
employed, especially in super trunking applications.

SCM-CATV networks offer increased reliability, repeater distance and power budgets,
compared to the former coaxial networks. Additionally both CATV and telephone
industries seek to extend fibre closer to the home and SCM optical networks are a
platform to deliver future broadband services [22].

One of the drawbacks of the present network is the high signal to noise ratio (SNR)s
required by AM-VSB channels, which can limit the number of channels and subscribers.
NTT Transmission Systems Laboratories, Kanagawa, Japan, has developed a fully
engineered mutli-channel FM-SCM video distribution system (see Fig. 2.3) using FM
[31]. The system performance is enhanced, due to FM modulation and upto 50 video
channels can be distributed to more than 10,000 customers through three cascaded
erbium doped fibre amplifiers. Several tests have also been carried out on the feasibility
of SCM to deliver compressed and uncompressed video channels and future networks
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may use more complex modulation methods such as multilevel quadrature amplitude
modulation [32].
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Figure 2.3 System configuration of FM multi-channel video
distribution system [31].

As the demand for broadband services grew in the late 1980s, SCM was one of the first
techniques to be investigated to evaluate the possibility of broadband services delivery to
home and business users. The attraction of SCM in a broadband environment was due to
its low cost, high bandwidth, flexibility and upgradability.

The first field test experiment using optical fibres for the distribution of broadband
services was implemented by GTE laboratories in 1989 [33], employing binary phase
shift keying (BPSK) subcarriers. The system consists of 20 digitised video channels (16
broadcast, 4 switched) and one 4 Mbit/s data channel for downstream operation and a
video and data channel for upstream operation. Services are distributed to 5 homes and
the system is run for a trial period of 5 years to determine the public response to
broadband services. A simplified block diagram of the central office downstream
transmitter is illustrated in Fig. 2.4.
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Figure 2.4 Simplified block diagram of the central office transmitter in
BPSK subcarrier system [33].

Olshansky has also demonstrated a bi-directional hybrid fibre-coax network employing
SCM [34]. Downstream traffic consists of 64 FM video channels and 32 data channels,
each at a data rate of 1.5 Mbit/s. Thirty two customers are served from four optical
network unit (ONU)s, each serving 8 subscribers via coaxial drops. Each subscriber is
allocated a 1.5 Mbit/s upstream baseband digital channel which is modulated at the ONU
and transmitted upstream to the central office. The topology of the distribution network
is shown in Fig. 2.5.
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Figure 2.5 Bi-directional hybrid fibre coax network to deliver data and video services to
32 customers employing SCM technology [34].

An all fibre multi-service network using TDM and SCM techniques is also being field
tested by British Telecom in the UK to gain experience with fibre operation in the local
network [35]. The network is named broadband integrated distributed star (BIDS) and
integrates together the concepts of a switched CATV network and a remote telecom
multiplexer to provide telephony, video and digitised radio services.

More recently, the Lawrence Livermore National Laboratory in California, USA [36]
has demonstrated the potential of SCM to transmit multiple, gigabit data channels over

20

hundreds o f kilometres of conventional optical fibre cables. High bit rate data channels
are modulated onto microwave subcarriers and the SCM signal is. fed to an external
optical modulator. At the receiver end the desired subcarrier channel is optically pre
selected using a narrowband optical filter and an optical detector is employed to recover
the electrical data stream. Figure 2.6 shows the conceptual block diagram and the
frequency spectrum at different stages of signal demodulation.

Bn: digital bit streams
On: microwave oscillators
Mn: microwave mixers
C: microwave combiner
An: microwave amplifiers
X* external optical modulator
L: CW laser

fo?)

\/r
El, ..nEn:
S:
FI, ..., Fn:
D1,..., Dn:

HE>-*

Bl

fiber

erbium-doped fiber amplifiers
optical splitter
tunable narrowband optical filters
optical detectors
—► Fn

D n ^ —► Bn

(a) conceptual block diagram
optical
carrier
filter

C

t
1550 nm

desired
subcarrier

A

baseband
1 signal

1550 nm

(b) frequency spectrums at the receiver
Figure 2.6 A SCM system to transmit multiple, gigabit data channels [36].

The primary limitation in baseband digital transmission of multi-gigabit data is, optical
fibre dispersion. In the above technique, the dispersion limitations are overcome by
carrying the baseband data on a subcarrier frequency and employing optical pre-filtering
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and optical detection at the receiver to recover the original bit stream. A prototype
system employing two 2.5 Gbit/s data channels and a transmission distance of 300 km
has been demonstrated.

Although the thrust is towards a broadband digital network (B-ISDN), experts predict
the initial delivery of multimedia services will employ analogue techniques and SCM is
expected to play major role [37].

2.4

Summary

In this chapter the basic concept of SCM with reference to optical fibre communication
systems was introduced. The advantages of SCM systems, their evolution and
applications were also discussed.

The primary advantage of SCM systems, compared to alternative TDM systems, is its
low cost. The microwave technology employed in SCM systems is simple and
inexpensive, and can access the large bandwidth available on optical fibres. The
compatibility of SCM with the existing RF and microwave systems makes it useful in
many applications from CATV to LANs. The flexibility of SCM networks provide a
platform to deliver the emerging broadband services, at a lower investment cost
compared to the evolving digital technology.
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Chapter

3

Design Aspects of SCM System s

3.1

Introduction

In order to implement SCM systems, an understanding of the fundamental system
parameters is required. In this chapter the parameters which affect the performance of
SCM systems and their limitations are presented. Noise and distortion are the major
design considerations of analogue systems and therefore, are discussed in detail.

The overall system has been divided into three distinct parts as shown in Fig. 3.1.
Section 3.2 presents some key parameters associated with the transmitter, and its noise
and distortion contributions. The attenuation and dispersion of the optical channel and
the noise introduced by the receiver are discussed in sections 3.3 and 3.4, respectively.
The carrier-to-noise ratio and the penalties associated with SCM systems are discussed
in section 3.5.
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Figure 3.1 SCM system considered in three sections: transmitter, channel and receiver.

3.2

Transmitter

The SCM transmitter consists of two stages. The primary stage implements the
subcarrier frequency generation, modulation and multiplexing to form the SCM signal
from the baseband channels. The secondary stage consists of an optical transmitter,
which converts the SCM signal into the optical domain for transmission via the optical
channel. The type of optical source can determine the transmission distance, number of
channels, noise and nonlinear contributions and therefore, is a major design
consideration. Since the primary stage employs standard RF and microwave techniques,
it is not discussed here.

The optical transmitter can either be a direct optical modulator or an external optical
modulator (Fig. 3.2). In direct modulation the composite signal is used to modulate the
injection current of a laser diode which in turn modulates the intensity and the frequency
of the optical carrier [38]. Normally, the receivers respond to the intensity variations of
the optical carrier and such systems are known as intensity modulation direct detection

24

(IM/DD) systems. The receivers which respond to the phase variations of the optical
carrier are known as coherent systems.

External optical modulators are employed in both intensity modulation (IM) systems as
well as coherent systems. In IM systems, a continuous wave laser source and the
modulating signal are fed to an external device such as a Mach-Zender or a Y fed
directional coupler which acts as the external modulator (see Fig. 3.2(b)) [39]. Solid
state laser sources such as Neodymium-Yttrium Aluminium Garnet (Nd:YAG),
employed in external modulators, offer extremely high optical power levels. However,
the main drawback of external modulators is the nonlinearity of the optical output power
and the voltage transfer characteristic of the interferometric device.

In coherent systems, a narrow line-width, continuous wave semiconductor laser and the
electrical signal are fed to an external modulator. The external modulator is usually a
waveguide device fabricated from a group III-V semiconductor compound, and provide
amplitude, frequency or phase modulation of the optical carrier [39].

The majority of SCM systems proposed to date employ IM/DD due to its low cost and
simplicity. Coherent optical techniques can be applied in SCM systems [19, 40]
providing increased receiver sensitivity, link lengths and a large number of users through
dense wavelength division multiplexing (WDM). Against these advantages must be
weighed the complexity and cost inherent in coherent systems. It is therefore, only in
specific situations where the overall advantages justify the cost, that coherent techniques
are employed. Therefore, an IM/DD system has been assumed throughout the analysis.
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Figure 3.2 Direct and external optical modulation.

In the following subsections, parameters of the transmitter which influence the system
performance are considered. Section 3.2.1 deals with the optical modulation index
(OMI), which represent the depth of modulation of the optical source. OMI can
determine the transmission capacity and the signal quality of individual channels, and is a
key system parameter. The main noise source at the transmitter is laser intensity noise
and is considered in section 3.2.2. Nonlinear distortion can be introduced during electro
optic conversion if the laser is driven beyond its linear region. Intrinsic and clipping
distortion of the laser are considered in sections 3.2.3 and 3.2.4 respectively.
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3.2.1 Optical modulation index
The input current /(/), for a //channel SCM signal can be represented as:

'(0=Z w
/=i

(3-i)

where Xj(t) is the signal current of the z^1 channel. The transmitted optical power output
P(t) is given by [41, 42] :
N

(3.2)

P(t)=Pb
i=l

where Pb is the biased optical power and nij is the optical modulation index (OMI) of the
/th channel.OMI is animportant
modulation of the optical

system parameter, whichrepresents thedepth of

source, and for a singlesubcarrier

channel, the OMI is

expressed as [42] :
I peak
i72.=-—
lb — 1th

/-> o
\
(3.3a)

where I kis the peak current of the / h signal channel, Ib is the laser bias current and Ifhis
the laser threshold current. Alternatively, the OMI can be expressed in terms of optical
power as shown in Eqn. (3.3b) [42]
/n, = ^ ~ Pb
Pb
where P

(3.3b)

th
is the peak optical power of the i channel (see Fig. 3.3)

Equations (3.3a) and (3.3b) are still valid for the overall OMI of the system provided that
/ peak, and Ppeak, are values of the composite
signal.
But in ageneral the overall OMI is
r
o
defined as either a linear or a rms quantity, depending on the number of channels. When
the number of channels are less than 10, signals add coherently and a linear OMI is
applicable [42].
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N
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=2i=1>.

(3.4a)

As the number of channels increase, the probability of all channels attaining a peak value
simultaneously, decreases. Since signals add incoherently it is more appropriate to define
a rms OMI [43]
N

mrms =

1/2

(3.4b)
1=1

Optical
power

Ppeak
Pb

Current (/)

Figure 3.3 The laser P-I characteristic for a modulating current of peak value, Ipeak-
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3.2.2 Laser intensity noise
The intensity of a semi-conductor laser fluctuates even when the bias current of the laser
is constant with negligible fluctuations. These power fluctuations results in intensity
noise, which is converted into current fluctuations at the optical receiver resulting in
signal-to-noise ratio (SNR) degradation [18]. Since analogue systems operate at high
optical power levels, the optical receiver is particularly sensitive to intensity variations of
the transmitter and intensity noise is a critical parameter in SCM systems [38].

Intensity noise is expressed as a normalised quantity: relative intensity noise (RIN) [21]
RIN = M
p2

(3.5)

where (SP) is the mean square intensity fluctuations and P is the average intensity of
laser light. The RIN value is sensitive to the laser bias level and is inversely proportional,
according to Sato [44]. Figure 3.4 shows the variation of RIN for a vapour phase
regrown buried heterostructure (VPR-BH) laser, at different bias levels, confirming the
inverse relationship. The peaks in the graph correspond to the laser relaxation oscillation
frequency.
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Figure 3.4 Laser RIN variation against modulating frequency [21].
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Modem lasers exhibit low intrinsic RIN values, typically in the region -130 to -160
dB/Hz. However, optical reflections due to fibre discontinuities increase the overall
intensity noise figure by around 10-20 dB. Optical isolators or low feedback connectors
should be employed in single mode laser operation to reduce the effect of external
reflections on intensity variations.

The rms noise power due to intensity noise is given by [21]:
n2mt (t)=RIN I„2Br

(3.6)

where IQ is the average detected photocurrent and Br is the effective receiver noise
bandwidth.

3.2.3 Intrinsic nonlinear distortion
Since SCM systems impose strict linearity requirements, nonlinearity is a critical design
parameter. Nonlinear distortion can either be harmonic distortion (HD), distortion due to
single tones, or inter modulation distortion (IMD), distortion in the presence of multiple
tones. In SCM systems signal channels are summed in the frequency domain and the
dominant form of non-linear distortion is IMD. The frequencies arising due to IMD are
called intermodulation product (IMP)s and they originate from two distinct nonlinear
effects: intrinsic nonlinearity and clipping. Intrinsic nonlinearity is considered in this
section while clipping distortion is considered in the following. Since IMD is dominant in
the presence of HD, only the former is considered further.

Figure 3.5 shows the laser clipping resulting in zero optical power when the drive current
falls below the threshold, and the saturation due to operation beyond the linear region.
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Figure 3.5 Intrinsic and clipping distortion of lasers.

The P-I characteristic of a laser operating above the threshold can be represented by a
polynomial of the following form [45]:
(3.7)
The second and third order terms of the polynomial are significant and give rise to
second and third order nonlinear distortion. This is called intrinsic nonlinearity and
originates from the nonlinear rate equations [41] and leakage current [21] of the laser.

When IMPs fall inside a channel bandwidth, distortion results, and the carrier-todistortion ratio (CDR) of an individual channel depends on the number of IMPs that
reside within the channel. The precise number of nonlinear terms for a given transmission
bandwidth is best assessed by computer combinatorial analysis based on the initial
frequency plan. Therefore, by evaluating the number of IMPs the scale of distortion can
be determined at a design stage. In the following sections the IMPs resulting from
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second and third order nonlinear distortion and their dependence on the subcarrier
frequencies are considered.

Second order IMPs are of the form f j ± f j , where f \ and f j are the subcarrier frequencies
[46]. If the subcarrier frequencies are limited to a single frequency octave, second order
distortion falls outside the pass band and therefore has no bearing on the system. But for
systems whose frequency band exceeds a single octave, second order terms are the
dominant form of distortion. The number of second order IMPs are dependent on the
frequency plan and can be determined using the tables given in [47] and [48].

The distribution of second order IMPs for 35 equally spaced CATV subcarrier channels,
passed through a nonlinear model, defined by Eqn. (3.7), is shown in Fig. 3.6 [18]. This
indicates that for a system operating beyond a frequency octave the number of inband
IMPs are greatest for signal channels at the end of SCM transmission band. The number
at the lower frequency end is twice the number at the higher frequency edge.
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Figure 3.6 Distribution of second and third order IMPs for a 35 channel CATV signal
passed through a nonlinear model [18].
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For systems operating below a frequency octave, third order IMPs are the dominant form
of nonlinear distortion. They can be subdivided into triple beat IMPs and two tone IMPs,
according to the number of frequencies making up a product [46]. Triple beat EMPs are a
combination of three subcarrier frequencies and are of the form:
fi± fj± fk
The number of triple beat IMPs are given by N(N-l)(N-2)/2, and the highest number falls
on the mid-band channel (Fig. 3.6). Two tone IMPs are of the form 2 / +fj, and their
number is given by N(N-l) [18]. Generally, triple beat IMPs are greater in number and
therefore, tend to dominate third order distortion contributions. Figure 3.6 also indicates
the distribution of third order IMPs for the 35 channel CATV system. The mid-band
channels contain the most number of third order IMPs, falling to low levels at either side
of the transmission band.

3.2.4 Clipping distortion
Intrinsic nonlinear analysis is only valid for a limited operating range and for systems
with a large number of channels the dominant form of distortion is clipping. Clipping
occurs when the modulating current falls below the threshold value I(P and the LD is
switched off resulting in zero optical power (see Fig. 3.5).

A number of models have been developed to calculate distortion power due to clipping.
The earlier models have calculated clipping distortion by evaluating the total mean
square power of the clipped portion, and distributing it uniformly among the signal
channels [49, 50]. But the later models [51, 52] have shown that not all the clipped
power fall within the transmission band (Fig. 3.7) and therefore, earlier calculations are
overvalued. A review of clipping distortion models can be found in [53].
33

0-8
transmission
bandwidth

0-6

0-2

00
0

5

10
f. GHz

15

20

Figure 3.7 Clipping distortion power distribution, indicating that a substantial part of
distortion noise spectrum falls outside the transmission bandwidth [51].

It is common to express the distortion for a specific channel by adding the power of
IMPs, that fall within the channel, and express it with respect to the carrier. Composite
second order (CSO) distortion defines the total power of second order IMPs that fall
within a channel, normalised to the carrier power of that channel. CSO is expressed in
dBc units where 'c' represents normalisation with respect to the carrier power. Third
order IMPs are also expressed in a composite form known as composite triple beat
(CTB) distortion, and as in the second order case is given in dBc units. Typically both
CSO and CTB distortion values should be below -60 dBc for adequate system
performance [9]. It should be pointed out that clipping distortion analysis is very
involved and is not generally carried out at a design stage. However, the determination
of IMPs, resulting from intrinsic nonlinearity, helps to allocate the subcarrier frequencies
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so that the distortion within individual channels could be minimised. Clipping distortion
can be kept to acceptable levels by restricting the rms OMI below unity.

3.3

Optical Channel

Optical fibres are the most widely used transmission medium for optical communication
systems. Although optical fibres are superior in performance compared to other
transmission mediums, signal impairments occur during transmission. Attenuation and
dispersion are the major degradations and are discussed below.

3.3.1 Attenuation
During optical transmission signal power attenuates, limiting the transmission distance.
Although modem optical technology offers attenuations less than 0.5 dB/km (in the 1300
nm and 1500 nm optical windows), repeaters or optical amplifiers are required for long
haul links. Repeaters convert the signal into the electrical domain for amplification and
therefore introduces noise and distortion in the process. The emergence of erbium doped
fibre amplifiers [54, 55] has made it possible to amplify optical signals without
conversion, thus offering low noise figure amplifiers.

In erbium doped fibre amplifier (EDFA)s, a section of the fibre is doped with erbium
atoms and an external laser source excites the electrons into a high energy state (see Fig.
3.8). At the incidence of the optical signal, the excited electrons emit photon energy by
stimulated emission, boosting the optical power level. Current amplifiers can offer gains
upto 20 dB at a theoretical minimum noise figure of 3 dB [38]. Although these amplifiers
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offer advantages compared to conventional repeaters, current technology allows their
operation only at 1550 nm wavelength.
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Figure 3.8 Erbium doped fibre amplifier.

3.3.2 Dispersion
Dispersion results due to different optical modes arriving at the receiver at different
times. In digital systems the effect of dispersion is to introduce pulse spreading resulting
in inter symbol interference (ISI). In intensity modulated subcarrier systems, dispersion
induces harmonic and intermodulation distortion and can set an upper transmission limit
[56].

The scale of dispersion induced distortion depends on the subcarrier frequencies, the
dispersion constant, length of the fibre and modulation indices. Therefore, the assignment
of channels and communication bands (i.e. a group of channels) is influenced. Ih and Gu
[57]

have shown that the magnitude of dispersion induced IMD sum terms are

comparable to those of HD of the same order, provided the frequencies considered are
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not far apart. The IMD difference terms are though, much smaller compared to HD of
the same order.

Multi-mode fibres suffer from intermodal dispersion (dispersion due to several optical
modes travelling within the fibre) and can severely limit the transmission bandwidthdistance product. However, single mode fibres only suffer chromatic dispersion
(dispersion due to different materials within the fibre) and the effects are not as limiting
as intermodal dispersion. Today single mode fibres operating at 1300 nm and dispersion
shifted fibres at 1500 nm optical windows can offer extremely low dispersion values.
Therefore, the dispersion induced distortion can be comparably much smaller to laser
induced distortion, discussed previously.

3.4

Receiver

The SCM receiver consists of an optical stage, where the optical signal is converted back
into an electrical signal, followed by further processing in order to recover the baseband
channels from the composite signal. The main requirements of the optical receiver are
that it should convert the optical signal into an electrical signal efficiently, be able to
operate with an appropriate bandwidth and add as little noise as possible [38]. As stated
in section 3.2, coherent optical techniques are not considered and the optical receiver is
assumed to employ direct detection. The baseband recovery from the composite signal
employs either heterodyning or bandpass filtering and will not be discussed due to their
common usage in communication systems [58].
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Direct detection optical receivers convert the optical intensity variations into an electric
current. These receivers exhibit good linearity and the distortion contribution is
insignificant. However, the noise performance is critical since the optical receivers must
be able to operate at low optical power levels. The main noise sources are shot noise
generated by the photodiode and thermal noise of the post amplifier.

In optical communication systems two types of receivers are employed: PIN-FETs and
avalanche photodiode (APD)s [39]. PIN-FET receivers show good noise performance at
low frequencies and therefore are used in narrowband applications. On the other hand,
APDs can offer additional signal gains at the expense of cost, complexity and higher
power consumption. However, APDs have superior sensitivities and better SNRs at
higher frequencies and therefore, are preferred to PIN-FETs for broadband applications.

The bandwidth of the receiver is also critical in SNR performance. In order to process
the entire signal, the receiver bandwidth must be at least as large as that of the
information. However, if the receiver bandwidth is too high additional noise is
introduced, resulting in poor SNRs. Low noise receivers have bandwidths that range
from little more than, to twice, the signal bandwidth [5].

Shot noise and thermal noise contributions of the receiver are discussed in the following
sub-sections.
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3.4.1 Shot noise
The optical power incident on photodetectors arrives in the form of energy packets,
known as photons. Each photon produces a discrete electric charge carrier called an
electron. The arrival of photons over a time period is not consistent and due to its
random nature, the produced current deviates from a mean value. These fluctuations of
the photocurrent constitute quantum or shot noise and set a lower limit on the minimum
noise level in optical communication systems.

In addition, even when no optical power is incident, the detector produces discrete
charge carriers due to spontaneous generation of electron-hole pairs. This electrical
current is known as dark current. Combining the noise currents due to the charge
quantum and the dark current, the mean square noise current induced is: [39]
^ i 0 = 2 q ( l d + I o)BrG!F(G)

(3.8)

where q is the electron charge, Id is the dark current, IQ is the average detected
photocurrent, Br is the effective receiver noise bandwidth, G is the mean avalanche gain
of the APD and F(G) is the excess avalanche noise factor. For a p-i-n receiver G and
F(G) are unity.

The above equation shows that shot noise is proportional to the received optical power.
In fact, when the optical receiver operates at high power levels, shot noise is the
dominant noise source and can set an upper limit on receiver sensitivity. Operation of
SCM systems in the shot noise dominant region is known as quantum limited operation.
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3.4.2 Thermal noise
Electric current is carried by discrete electric charges. The random fluctuations of the
charge carriers due to thermal energy produce a random noise current, known as thermal
noise. In optical receivers, thermal noise is generated in the front end load resistor. In
addition, thermal noise is also introduced by other electronic components in the receiver
(e.g. amplifiers), and can be accounted for by specifying a noise figure, F .
The thermal noise current contribution is given by the following equation [39]:
(3.9)

where K represents the Boltzman constant, Tabis the absolute temperature, RL is the front
end load resistance and Br is as defined before. At low optical power levels thermal noise
dominates system performance; this is known as thermal noise limited operation.

3.5

CNR and System Penalties

In analogue transmission systems the signal performance is measured by the ratio of
signal power to noise power at the receiver end. So far in this chapter, SCM system
parameters and noise and nonlinear sources have been identified. By combining these it is
possible to derive an expression for the signal-to-noise ratio (SNR) at the output of the
SCM receiver. As the noise and distortion due to electronic processing i.e. the subcarrier
stage, is assumed negligible, the SNR can be derived at the output of the optical receiver.
Since individual signal channels at the output of the optical receiver are present as
modulated subcarrier channels, the SNR is referred to as a carrier-to-noise ratio (CNR).
In section 3.5.1 the CNR expression for a subcarrier channel is derived followed by a
discussion on the performance limiting factors of SCM systems in section 3.5.2.
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3.5.1 CNR expression
Ignoring the nonlinear distortion due to optical conversion and transmission, the received
optical power Pr(i) is:
N

(3.10)

•Pr(0=-P<J 1+ Z mi*i(0]
1=1

where Pavis the average detected optical power and other symbols are as defined in
section 3.2.1.The resulting photocurrent ip(f), for anoptical

detectorof responsivity R0

and avalanche gain G is:
ip(J)~KGPr(t)

(3.11)

Therefore the recovered signal current of the 7th channel can be written as:
K ( 0 = RoGPavmixi (0

(3.12)

Hence the mean square signal current or the rms signal power into a 1 Q resistor is:
(3.13)

'r2(t)={RoGP^m, y x,2(t)

As we have shown earlier, SCM systems are affected by three main noise sources: laser
intensity noise of the transmitter, shot noise and thermal noise of the receiver. The rms
noise power rirms, can be expressed by combining Eqns. (3.6), (3.8) and (3.9), as shown
below.
RlN(R0GPmf +2 g(ld + R,GPm)G2F(G) +

(3.14)

Therefore, the rms carrier-to-rms noise power ratio CNR, for the 7th signal channel can be
expressed as:

CNR=-

(R0GP„mt y x,2(t)
RlN(RfiPmf +2q(ld +R0GPav)G2F(G) + [ ^
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(3.15)
j F,

Also, system nonlinearities introduce distortion in the recovered signal. As was shown in
sections 3.2.3 and 3.2.4, laser nonlinearity is the most significant nonlinear contributor in
SCM systems. As most systems operate below a frequency octave, the primary concern
is with third order products and, by defining a third order distortion co-efficient D3, the
carrier-to-intermodulation ratio CI3R, can be expressed as [25]:
ChR= n ‘ 4
D3N 2m;

(3.16)

The carrier-to-noise ratio for the overall system CNRsys, which takes into account
intermodulation distortion as well as rms noise, can be expressed by combining Eqns.
(3.15) and (3.16):
1
1
1
CNRsys CNR CI3R
(3.17)

CNRsys=R1N(RqGpJ

+2q(ld +RfiP„)G 'F(G )

+(^)^

B, + (R fiP „ y Xi(iyn, DjN

3.5.2 System penalties
To get information from one place to another various communication techniques are
employed. In all these techniques the prime requirement is that noise and distortion are
limited to such levels, that the recovered information is of a pre-determined quality. The
SNR required to deliver the quality of service defined by some standard, is known as
system fidelity [59]. For example, in video transmission the recovered weighted SNR
must be 56 dB to deliver studio quality video signals [60]. In the case of telephony
channels this figure is around 30 dB [58].
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So far SCM system parameters and its noise and nonlinear contributors have been
presented, with the derivation of CNR for an analogue SCM channel in section 3.5.1. As
can be seen from Eqn. (3.17) the signal power strongly depends on the OMI and the
fundamental noise level is set by the shot and thermal noise of the receiver. At higher
optical power levels nonlinear distortion and RIN can increase the noise contribution.
From a system point of view the optimisation of an optical network can be achieved in
two ways. The CNR can be maximised for a specified power level or alternatively, the
optical power level can be minimised to deliver a specified CNR. Once the system fidelity
is defined the latter approach helps to optimise the optical power budget, i.e. the optical
power available for transmission and distribution (see Eqn. (3.21)).

The improvement factor of a modulation technique defines the SNR improvements that
can be delivered as a result of modulation. Hence, it is defined as the ratio of the
recovered SNR to the CNR of the modulated signal. In SCM systems signals are
modulated at the subcarrier stage and the SNR improvements are delivered by the
modulation techniques employed. For AM subcarrier systems the improvement factor is
unity and therefore the SNR is equivalent to the CNR. FM systems can deliver a higher
SNR for the same CNR, due to the FM improvement factor. This implies that SCM
receivers require high CNRs to deliver adequate signal performance.

As stated earlier, the receiver thermal and shot noise can set a fundamental limit to the
achievable CNR. The signal power is strongly influenced by the OMI allocated for each
channel and increases as iW/2, as indicated by Eqn. (3.13). However, this increase is not
without penalties as the intermodulation distortion will also increase at higher values of
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7W/. In fact, from Eqn. (3.17), the intermodulation distortion can be represented as a noise
current im2 [61]:
(3.18)
Therefore, the signal power gains due to larger m values can be offset by increased
nonlinear distortion. This implies an optimum modulation index for which CNR can be
maximised. The optimum per-channel modulation index, mopt, can be represented by the
simple relationship shown below [61]:
1

(3.19)

The above equation indicates that the optimum modulation index can be determined
independent of thermal, shot and intensity noise. Walker etal. [23] has shown an
experimental verification of the existence of an optimum modulation index: the two tone
third order IMP of a 1300 nm Fabry-Perot laser, modulated by 2.0 and 2.1 GHz
frequencies has been measured. Figure 3.9 shows the relationship between CNR
(measured in a 1 MHz bandwidth) and the total modulation index for two different bias
levels.
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Figure 3.9 Carrier-to-noise ratio vs. total OMI [23].
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m

In standard optical fibre communication systems employing LED transmitters, intensity
noise is not accounted for, owing to the high optical power levels required for it to
become significant [62]. However, in the case of laser diodes RIN can be a limiting
factor, especially for high frequency and high optical power operation. The RIN limited
CNR can be expressed as:
CNR=

tn 2

1----2RINBr

(3.20)
v
J

where the symbols are as defined in section 3.2

The RIN limited operation for a broadcast AM and FM system is calculated in Fig. 3.10.
As the OMI value allocated for each channel increases so does the RIN value hence, no
change in SNR. To achieve the same SNR values, RIN has to be limited to lower levels
for AM, compared to FM systems.

Another limitation of increased OMI, not taken into account in Eqn. (3.19), is laser
clipping. Statistical analyses have shown that limiting the optical source strictly to the
linear region is too conservative, and a degree of over modulation can be beneficial
without causing significant increase in distortion [50]. However, clipping effects
determine a fundamental limit to total laser modulation index and the limited input
dynamic range of the laser sources has been one of the major limitations of SCM systems
todate. In particular, if the system requirements dictate that high CNRs are required,
signal channels must be operated at high OMIs and therefore, the system capacity is
undermined.
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Figure 3.10 RIN vs. OMI/channel for broadcast AM and FM systems [16].

In summary the above discussion has shown that SCM systems require high CNRs at the
receiver, and the strict noise and linearity requirements can further undermine the
achievable CNRs. As a consequence SCM systems have poor receiver sensitivities,
requiring high optical power levels at the receiver.

In optical communication systems an optical power budget is defined to ensure that
enough optical power reaches the receiver for reliable operation during system lifetime,
and is expressed as [59]:
Pt =Pr + C L + M s

(3.21)

where Pt is the transmitted optical power, Pr is the received optical power, Cl is the total
channel losses due to fibre, connectors, splices etc. and Ms is the system margin, allowed
for unforeseen losses. As Pr needs to be high, SCM systems have to be operated with
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restricted power budgets. A restricted power budget limits the transmission distance and
also the number of subscribers in a network.

A comparison between optical power budgets for AM and FM systems has been made in
[18] and is shown in Fig. 3.11. This shows the increase in power budget with OMI for
AM and FM systems. Due to the improved receiver sensitivity, to deliver similar SNR
levels, FM systems have a much larger optical power budget available compared to AM
systems.
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OM» CHANNEL

Figure 3.11 OMI/channel vs. power budget for AM and FM [18].
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3.5

Summary

In this chapter the design parameters of SCM systems were considered in detail. The key
parameters of the transmitter were identified as the optical modulation index, and
intensity noise and nonlinear distortion of the laser diode. In order to limit intensity noise
a laser diode which has a low intrinsic RIN value and techniques to limit back reflection
must be employed. Clipping distortion was identified as the dominant form of nonlinear
distortion for systems operating a large number of channels. Techniques to evaluate the
amount of nonlinear distortion at a preliminary design stage were also introduced.

The attenuation and dispersion of the optical channel and its impact on the SCM signal
was presented in section 3.3. Shot noise and thermal noise were identified as the
dominant noise sources of a SCM receiver and can set a fundamental limit to the
achievable CNR. The stringent requirements imposed on laser RIN and nonlinear
distortion, to achieve the high levels of CNR levels required in SCM systems, restrict the
optical power budget limiting the transmission distance, number of channels and the
subscribers in a network.
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Chapter

4

Second Stage Modulators and Pulse
time Modulation

4.1

Introduction

Around 1870, John Tyndall, a British physicist, demonstrated to the Royal Society that
light can be guided along a curved stream of water. Some 100 years later the same
phenomenon was used to guide light over the first truly low loss glass fibre, making
optical fibre communication a practical proposition [5]. Since then optical fibre
technology has developed very rapidly and operational fibre systems are now common
place. The potentially infinite information capacity of optical fibre channels promises to
take global communications to new heights.

With the emergence of broadband communications, optical fibre networks are being used
to distribute video, data and voice services. The choice of modulation format on the
optical carrier is a principal factor in realising a high performance, bandwidth efficient
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system at an acceptable cost. Analogue modulation schemes such as FM and AM are
simple and bandwidth efficient and modulate the optical source in a continuous manner.
A number of such analogue channels can be combined as in SCM systems, described in
chapters 2 and 3, to distribute various services to subscribers at a low cost.

However, the low cost of SCM systems is realised by compromising the level of
performance. As outlined in section 3.5.2, the poor receiver sensitivity of SCM receivers
and the strict noise and nonlinearity requirements imposed upon the optical source
undermine the network capacity, transmission distance and the number of subscribers.

4.2

Second Stage Modulators

In order to improve the performance of analogue optical links, work has been carried out
on linearisation of optical sources, reduction of laser intensity noise, optimum optical
receivers etc.

[63-65]. An alternative technique employed to enhance system

performance of a SCM optical link is to introduce a second stage modulator to improve
the input dynamic range and the receiver sensitivity. In such systems, the frequency
division multiplexed signal channels, i.e. the SCM signal, is modulated onto a secondary
carrier prior to optical transmission. Therefore the SCM signal acts as the baseband
signal of the second stage modulator. The modulation format of the second stage
modulator is determined by its suitability for optical transmission, the required level of
performance, bandwidth efficiency and overall cost. At the receiver, the optical signal is
converted into an electrical signal and fed to the corresponding demodulator, in order to
recover the SCM signal. Information can be recovered from the SCM signal by
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employing standard signal recovery techniques used in SCM systems. Figure 4.1 shows
the concept of second stage modulation in SCM systems.

Channel 1

Channel 2

Channel n

Sw ond-stiige

Secojjd+slage

Modutntm

De+modrilatar

Channel n

First stage
modulation

Figure 4.1 A SCM system employing a second stage modulator.

Work on second stage modulators in SCM systems has been reported by several leading
research centres across the world and in the ensuing subsections two different system
implementations are presented. Pros-and-cons of each technique are weighed in section
4.2.3.

4.2.1 Digital modulator for video, voice and data transmission
Grace at United Telecommunications Inc., Kansas, USA [12] has developed a prototype
system employing a high speed analogue-to-digital (A/D) converter to digitise an
analogue SCM signal for optical transmission. Figure 4.2 illustrates the concept o f a
SCM quantiser/transmitter subsystem and the receiver/demultiplexer subsystem.
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Figure 4.2 Block diagram of a quantising SCM transmitter-receiver subsystem [12].

In the transmitter, the N channel SCM signal is fed to a n bit A/D converter. The parallel
data stream of the A/D converter is serialised and transmitted via an optical fibre link.
The composite signal resulting from the application of conventional SCM techniques, is
acceptable for digitisation, provided the following conditions are satisfied.
(a) the composite signal never exceeds the dynamic range of the A/D converter.
(b) bandwidth information of the composite signal does not violate the Nyquist
criteria.
(c) bit resolution of the A/D is adequate to limit the quantisation noise.

Additional control bits are inserted into the data stream, prior to optical transmission, to
convey frame and clock information to the receiver.

The process of information recovery is a simple reversal of the multiplexing process. The
bit stream is digital-to-analogue (D/A) converted, yielding the composite signal from
which each channel is then recovered.

The prototype system was configured to multiplex two NTSC video signals and a single
192 kbit/s bipolar bit stream to represent voice and data information. An 8 bit A/D
converter, operating at a sampling rate of 28 MHz, was employed to digitise the SCM
signal. A laser diode operating at 1300 nm, 12 km of single mode fibre and a p-i-n
photodetector was employed in the optical link.

Figure 4.3 shows the spectrum of the recovered composite signal at the output of the
D/A converter. The information from dc to 5 MHz represent the baseband video channel,
the data channel is centred at 7 MHz and the second video channel is modulated to a
subcarrier at 14 MHz. The weighted SNR of the baseband video channel exceeded 52
dB, while for the highband video channel the SNR exceeded 50 dB. Performance of the
data channel is indicated by the eye pattern shown in Fig. 4.4, and the measured BERs
ranged from 10'7 to 10'11. The response of the prototype system to a 310 kHz test tone is
compared with a directly modulated laser, as shown in Fig. 4.5. It can be seen that the
quantiser produces low level, higher order spectra, compared to pre-dominantly second
and third order harmonics of the directly modulated laser.
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4.2.2 FM modulator in a micro-cell environment
In a micro-cell radio environment, the number of base station (BS)s required are greater
than in conventional cellular systems. Therefore, due to its low cost and simplicity, SCM
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is a feasible method of connecting each BS to the central station (CS). However, the
input dynamic range of the link is limited due to laser RIN and nonlinearity constraints.
NTT Radio Communication Systems Laboratories, Yokosuka-shi, Japan, [13] have
reported a FM second stage modulator to improve the dynamic range of the SCM optical
link. The SCM signal is fed to a FM modulator, prior to optical transmission, and at the
receiver, the optically converted signal is fed to the FM demodulator in order to recover
the original SCM signal. The required input dynamic range of the optical source is fixed
because the FM signal is a constant amplitude signal and the CNR performance is
improved due to wideband FM gain.

fLN ;DC~-J7MHr ^ : 140MHz
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Figure 4.6 Block diagram of the FM second stage prototype system [13].

The concept of FM second stage modulation was tested for a QPSK modulated
subcarrier system. The employed FM modulator has a centre frequency of 140 MHz and
a baseband frequency response of upto 17 MHz. A single QPSK subcarrier, modulated
by a data rate of 300 kbit/s, was used to test the BER performance of the system. The
block diagram of the system setup is illustrated in Fig. 4.6 and system parameters are
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summarised in table 1. System configuration shows that the QPSK signal is down
converted prior to FM modulation and at the receiver upconverted following the FM
demodulator, prior to QPSK demodulation.

QPSK modulator

FM modulator

Optical link

Modulation format

ti/4

QPSK

Demodulation

differential detection

Roll-off-factor

0.5

Signal bandwidth

300 kHz

Baseband frequency

DC to 17 MHz

Centre frequency

140 MHz

Modulation index

0.15

Optical output power

3.6 mW

Photodiode responsivity

0.6 A/W

Fibre

1.3 pm, single mode

Table 1 Experimental specification of the prototype system.

The measured and calculated BER performance as a function of the input power, defined
at the optical source for the conventional method and at the FM modulator for the
proposed method, is shown in Fig. 4.7. The second stage FM modulator technique
improved the input power sensitivity by 23 dB compared to the conventional system,
when the delivered bit error rate (BER) was 10'3.

The technical feasibility of FM second stage modulation technique was first
demonstrated by Sato etal at NTT Electrical Communications Laboratoiy, Yokusaka,
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Japan [14] in 1985. They have implemented a prototype system to distribute audio, video
and data services, operating at an optical wavelength of 1300 nm, using 9 km of multimode fibre.

A novel analogue-digital hybrid technique has been adopted by Andrawis and Jacobs at
South Dakota State University, Brookings, USA [66] to overcome noise and nonlinear
limitations in analogue multi-channel video transmission systems. Each baseband video
channel is modulated onto a FM carrier and the modulated channels are sampled at the
Nyquist rate in order to be multiplexed in the time domain. The technique is illustrated by
the block diagram of Fig. 4.8. By means of simulation and system analysis, performance
of the proposed technique has been compared with existing modulation schemes.
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Figure 4.7 Measured and calculated BER performance as a function of the input power
[13]
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Figure 4.8 Transmitter and receiver block diagram of FM-TDM technique [66].

4.2.3 Pros-and cons of implemented techniques
In sections 4.2.1 and 4.2.2, two second stage modulation techniques, incorporating
digital modulation and analogue FM modulation respectively, have been described. The
quantised SCM approach can deliver SNRs comparable to pulse code modulation
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(PCM), since a digitised signal is employed for optical transmission. However,
applications of this technique can be limited due to the following:
(a) speed of the A/D converter:
currently available digital encoders, at most, can sample upto frequencies of 100
MHz. Therefore, the modulation bandwidth of the digital modulator is severely
restricted, limiting the number of subcarrier channels.
(b) digital encoding is a complex and expensive process.
(c) digital signals carry an intrinsically large bandwidth overhead and therefore,
require extremely high channel bandwidths.

On the other hand FM modulation is simple and cost-effective. FM modulator can have a
significantly higher input dynamic range compared to digital modulators, allowing for
greater number of subcarrier channels to be transmitted. The constant amplitude of the
FM signal allow for the optical source to be operated without stringent nonlinear
restrictions. The SNR performance is improved considerably compared to AM systems,
due to wideband FM gain, but is lower compared to PCM systems.

The analogue-digital hybrid technique introduced in [66] can also offer sensitivity to
nonlinearities comparable to digital systems. As this method employs time multiplexing,
intermodulation and cross modulation associated with FDM systems is eliminated. The
reported results indicate an optical power budget improvement of approximately 8.5 dB
compared to conventional FDM systems. However, bandwidth requirements are higher
compared to FDM systems and timing recovery at the receiver increases the cost and
complexity of the system.
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4.3

Pulse Time Modulation

As we have already discussed in this chapter analogue modulation schemes are
vulnerable to various noise sources and often fail to deliver the required SNRs over
moderate distances in optical fibre communication systems. The nonlinearity of the
optical source, optical channel and associated circuitry can also severely limit the quality
of the received signal through intermodulation and crosstalk.

In contrast, digital schemes such as PCM have been demonstrated to be substantially
immune to channel noise and nonlinearities, and are capable of producing high SNRs at
the receiver. However, digital systems are significantly more complex, largely due to
their coding circuitry, and therefore, costly compared to simple analogue systems. Digital
systems also carry an intrinsically large bandwidth overhead, restricting the transmission
capacity. The emerging compression techniques such as moving pictures experts group
(MPEG) [9] and joint photographic experts group (JPEG) [67] address the bandwidth
overhead of digital systems and will play a crucial role in future broadband digital
services distribution.

For example, current compression technology is capable of transmitting upto 10
compressed digital video channels within a single analogue video channel [68]. However,
the complexity of compression techniques and the need to have a decompression unit in
each receiver significantly increases the cost, and therefore is not financially viable at
present.
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4.3.1 Classification of modulation techniques
The classification of modulation techniques employed in communication systems is
shown in Fig. 4.9. The modulation occupying an intermediary position to analogue (AM,
FM etc.) and digital (PCM) techniques is known as pulse modulation. Although at
present there is no general method of classifying pulse modulation techniques, two broad
categories, according to the nature of the modulating signal, can be identified [69].

Modulation
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Analogue

“ }
Discrete

Continuous

Pulse Shape

Pulse Time

PAM
PSM

Isochronous
PWM
PPM

Isochronous

Anisochronous

DPWM
DPPM

PIM
PIWM
PFM
SWFM

Anisochronous
PIWCM
PICM
DPIM

Figure 4.9 Classification of modulation techniques

One category is continuous pulse modulation, where a continuous signal vary a time
property or alternatively, the physical appearance, of the pulse train. According to the
form of modulation it can be subdivided into two categories: pulse time modulation
(PTM) and pulse shape modulation (PSM). PTM is the variation of some time property,
such as pulse width, frequency, position etc. of a constant amplitude pulse train.
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The PTM concept was conceived around 50 years ago and was first reported in the
1940s [15, 70], but its applications were limited in the early years. However, with the
advent of optical fibre communication, PTM has re-emerged as a preferred modulation
format for the optical carrier and is the most widely used pulse modulation technique.

In contrast, PSM is the modulation of the physical appearance of a pulse, such as pulse
slope or pulse amplitude [71], and is limited in its applications. Different PTM techniques
will be considered in the following sub-sections, but PSM systems will not be considered
as they are not employed in this work.

The second category is discrete pulse modulation [72], where the modulating signal is
discrete, such as binary PCM. The primary discrete pulse modulation technique is digital
pulse position modulation (DPPM) [73], where the position of a pulse within a time
frame is determined by the value of the corresponding PCM word. This technique has
shown substantial improvements in receiver sensitivity over equivalent binary PCM,
when the fibre bandwidth is several times that required by PCM. Discrete pulse
modulation has found applications in deep space communication but, is not considered
here as it is as complex and costly as PCM systems.

4.3.2 PTM techniques
The primary advantage of PTM is its ability to trade cost against system performance.
Modulation is simple and inexpensive, requiring no complex digital coding, and the pulse
format of the modulated carrier improves the noise immunity and tolerance to
nonlinearities. Moreover, PTM is unique in its ability to trade performance with
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bandwidth overhead, which is a particularly exploitable feature in optical fibre systems.
For example, certain short distance applications such as local area networks (LANs),
may use multi-mode or singlemode fibre with a dispersive optical carrier, which imposes
a significant bandwidth limitation in the optical channel. In these applications low speed
optical sources such as light emitting diodes (LEDs) can be used, while still achieving the
required SNR. In contrast, the available bandwidth on long distance terrestrial and
undersea routes may be many orders of magnitude broader where optical amplification
and soliton techniques are employed. This additional bandwidth can be readily exploited,
at a low cost, by PTM to improve SNR performance. Therefore, PTM has the ability to
trade bandwidth against SNR, to significantly high levels compared to analogue systems,
and at a relatively low cost compared to digital systems [16].

Additional advantages of PTM include its ability to be routed through logic circuits and
switching nodes in networks, and the lack of synchronisation requirements at the
receiver, offering circuit simplicity and low cost.

The adoption of PTM techniques has certain beneficial consequences from the standpoint
of opto-electronic subsystem specifications as well. Since PTM deals exclusively with a
pulse format, there are no concerns over LED or laser diode linearity, as would be the
case with direct intensity modulation or subcarrier multiplexing techniques (sections
3.2.3 and 3.2.4). In addition, for narrow pulse PTM formats the peak optical output may
be maintained at a high level to ensure good noise performance at the receiver without
compromising device lifetime through elevated mean power levels at the transmitter. An
optical transmitter for a PTM system may therefore be chosen primarily for its maximum
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peak power level, with little regard to device linearity, in order to maximise transmission
distance [74].
In all PTM methods, one of a range of time dependent features of a pulse carrier is
varied to convey information. Table 4.2 lists the different PTM techniques and the pulse
variables associated with each technique.

PTM technique

Variable

PPM

position

PWM

width (duration)

PIM

interval (space)

PIWM

interval and width

PFM

frequency

SWFM

frequency

Table 4.2 Different PTM techniques and associated pulse variables

According to the structure of the time frame, PTM can be sub-divided into isochronous
and anisochronous techniques [75]. In isochronous systems, there exists a fixed time
frame equivalent to the pulse period of the carrier at all times, and information is
conveyed by modulating some pulse property within that fixed time frame. Pulse position
modulation (PPM) and pulse width modulation (PWM) belongs to the isochronous PTM
category. In PPM information is carried by virtue of a continuously variable position of a
narrow pulse within the fixed time frame. In PWM, the width of the pulse within a pre
determined time frame is modulated to carry the signal. Time domain representation of
isochronous PTM techniques are illustrated in Fig. 4.10.
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Figure 4.10 Isochronous PTM techniques in the time domain.

Anisochronous systems do not have a fixed time frame and the period between
consecutive pulses is determined by the modulating signal amplitude. Pulse frequency
modulation (PFM), square wave frequency modulation (SWFM), pulse interval
modulation (PIM) and pulse interval width modulation (PIWM) are classified as
anisochronous PTM techniques and are illustrated in Fig. 4.11.

In PFM, the instantaneous frequency of a train of narrow pulses is determined by the
modulating signal amplitude. SWFM is closely related to both PFM and analogue FM,
consisting essentially of a series of square wave edge transitions occurring at the zero
crossing points of FM.

As its name suggests, in PIM the variable intervals between adjacent narrow pulses are
determined by the modulating signal. PIWM is derived directly from PIM to produce a
waveform in which both mark and space convey information in alternating sequence.
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Figure 4.11 Anisochronous PTM techniques

4.3.3 PTM spectrum
All PTM techniques produce a modulation spectra which shares a common set of
features and therefore the general profile of PTM spectrum is considered in this section.
In each PTM technique, modulation gives rise to a diminishing set of sidetones centred
around the carrier frequency and its harmonics, separated in frequency by an integer
multiple of the signal frequency, as shown in Fig. 4.12. The number and strength of the
sidetones is a function of the modulation index and in most cases can be predicted by
Bessel functions of the first kind. Generally the number of sidetones around the nih
harmonic is n times the number around the fundamental. Thus the frequency deviation
around the nth harmonic is n times greater compared to the deviation about the
fundamental. A baseband component is also present for some PTM methods, along with
harmonics, depending on the form of sampling employed in the modulator.
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Either natural or uniform sampling of the input signal may be adopted for PTM.
Naturally sampled modulators operate directly on the input signal, and the precise
sampling instants are variable, determined by the location of the modulated pulse edges.
For uniform sampling, the input signal is routed via a sample-and-hold circuit which
produces flat topped amplitude modulated pulses, so that the PTM modulator operates
on uniformly spaced and stored input samples.

Demodulation in naturally sampled systems is carried out by converting the PTM signal
into a form with a baseband component and recovering it with a lowpass filter. When
uniform sampling is employed, a sample-and-hold circuit is included to recreate an
amplitude modulated pulse form, followed by a lowpass filter. Uniform sampling is
capable of complete signal recovery without distortion, at the expense of system cost and
complexity [74].

Amplitude

fc
Frequency

Figure 4.12 A typical PTM spectrum.
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4.3.4 Comparison of PTM techniques
The performance of a modulation technique is measured by its ability to deliver high
SNRs and low distortion values. Bandwidth efficiency, complexity and cost are also
important system parameters in selecting a modulation format and a trade-off has to be
made for conflicting requirements in order to achieve an optimised system [59].

As has already been shown, the spectrum of different PTM techniques share
commonalties, resulting in similar bandwidth requirements. The cost of PTM is also low
compared to digital systems requiring elaborate coding techniques. PFM and SWFM are
relatively less complex to other PTM techniques, as they can be operated with
commercially available VCOs. All the other PTM schemes require a high speed linear
ramp generator at the transmitter and sometimes at the receiver too, depending on the
demodulation technique adopted. A common approach is used for signal demodulation in
all PTM systems: regenerating a PTM signal with a baseband component at the receiver
and employing a lowpass filter.

However, the distortion and SNR performance of different PTM techniques are variable
and are considered here. Hitherto, relatively little work has been published on PIM [7677] and PIWM [78] systems, for two reasons. Primarily, they have shown no
performance advantage over PPM systems, but are more complex in their circuit
implementation. Secondly, the input dynamic range of PIM and PIWM modulators are
limited since the most negative transitions of the modulating signal could produce pulses
at very short intervals, increasing the instantaneous frequency of the signal [79].
Therefore, only PFM, SWFM, PPM and PWM are considered further.
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PTM techniques rely on a baseband component, regenerated at the receiver to recover
information. Depending upon the sampling ratio, side tones around the carrier
fundamental can enter the baseband region, introducing baseband distortion (BD). The
distortion levels in the recovered signal can be determined by the spectral profile of the
PTM signal employed in signal demodulation. For PFM the BD level, defined as the ratio
between the peak sidetone in the baseband region and the recovered baseband signal
amplitude, when modulated by a single tone of frequencyf m, can be given as [75]:
2 J t ( M ) s in [ < /; + / „ H
D U PFM -

r

, r

v + - L)

?fmMT

where M is the modulation index, f c is the carrier frequency and r is the pulse width and
Jk{ ) is the Bessel function of the first kind, order k.

Similarly, for a double edge regenerated SWFM signal the BD is given as [75]:
_ Jt (2M) sin[tf(2/: + / m) r]
r Xr

D U S\VFM —

V * ’Z )

Repeating the analysis for PWM and narrow pulse PPM, the BD can be expressed as
[16]:

PWM I PPM

,,

tM

Figure 4.13 shows the sampling ratio requirements for different PTM techniques,
calculated using Eqns. (4.1) to (4.3). Each curve is defined for a BD level of -40 dB, and
can be used to allocate the modulation index and sampling ratio for the various
modulation techniques. It can be seen that the lowest sampling ratio requirements are for
SWFM, followed by PFM. Both PWM and PPM require comparably higher sampling
ratios to achieve the same level of distortion.
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Figure 4.13 Sampling ratio vs. modulation index for a BD level of -40 dB.

The improvement factor (IF) of a modulation technique is the difference between the
recovered SNR and the carrier-to-noise ratio (CNR) at the input of the demodulator,
expressed in dB units. In communication systems, an optimum modulation technique is
one which delivers a high SNR for a low CNR, without compromising other system
parameters. As all PTM techniques rely on a time-amplitude conversion to recover
information, jitter noise determines system performance. However, if the CNR at the
demodulator is lowered too much, impulse noise begins to dominate system
performance. The CNR, below which impulse noise begins to dominate, represents a
threshold value in PTM SNR performance and is around 20 dB for most PTM systems
[80].

For PTM systems operating above the noise threshold value, the IF factor is proportional
to the square of the ratio of channel bandwidth to carrier frequency, when peak signal
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power is considered in the SNR expressions. The constant of proportionality is slightly
different for each of the PTM techniques and is listed below for pulses of raised cosine
shape [16]:
2 r MB,
IF=—

PWM

(4.4)

fc

4.4

PPM

2 ( MB.'2
IF=—
4

(4.5)

PFM

if J s

(4.6)

SWFM

r MBt'
IF=—

m ‘

4V f c

2

(4.7)

SCM-PTM Concept

In section 4.2 some of the characteristics desired of a second stage modulator were
outlined. The ability to deliver high SNRs, bandwidth efficiency, low overall cost and
immunity to laser nonlinearities were identified as some of these characteristics. Second
stage modulators employing digital PCM and analogue FM modulation, and their
performance potential were investigated in sections 4.2.1 and 4.2.2, respectively. The
PCM system can deliver high SNRs, but is limited in applications due to complexity and
cost. On the other hand FM technique is simple and low cost but, its noise and nonlinear
performance is limited.

In section 4.3.1 the concept of PTM was introduced and its advantages over other
modulation techniques were listed. The simplicity, low cost and its ability to trade-off
system performance against transmission bandwidth makes PTM an ideal candidate for a
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second stage modulator in SCM systems. The pulse format of the PTM signals also has a
number of beneficial consequences from the stand-point of opto-electronic subsystem
specification.

A PTM modulator incorporated as a second stage modulator in a SCM system is
illustrated in Fig. 4.14. The performance potential of different PTM techniques were
considered in section 4.3.4. It was shown that PIM and PIWM techniques are
considerably more complex compared to other PTM techniques, without any added
performance gain. It will also be shown in Chapter 6 that PWM is an inefficient
technique as it carries a considerable amount of power which conveys no information.
Therefore, the above techniques are not considered further in this work. The following
two chapters deal with PFM, SWFM and PPM techniques, in the context of a second
stage SCM system.

Channel 1

an
Channel n

Channel 2

Channel n

Optical link

SCM
signal

First stage
modulation

Figure 4.14 PTM as a second stage modulator in a SCM system.
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LO

4.5

Summary

In this chapter the concept of a second stage modulator, to improve the performance of a
SCM system, was introduced. Implementation and performance of several second stage
modulator systems, incorporating digital PCM and analogue FM modulation, were
presented. The concept of PTM, an intermediary modulation technique, was introduced.
Different PTM techniques, their spectral characteristics and performance were also
presented. The low cost, simplicity, bandwidth to signal performance trade-off and its
ability to exploit the high bandwidth available on optical fibres makes PTM an ideal
candidate for a second stage modulator in SCM systems.
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Chapter

■

Pulse Frequency Modulation and
Square Wave Frequency Modulation
System s

5.1

Introduction

Pulse frequency modulation (PFM) and square wave frequency modulation (SWFM) are
anisochronous PTM techniques which can deliver adequate signal performance for
transmission over small and moderate distances [80], Both modulation schemes are
closely related to each other as well as to conventional FM systems. PFM and SWFM
can be implemented using simple digital circuitry offering low cost and simplicity. The
signal to noise ratio (SNR) performance can be traded-off for transmission bandwidth
and therefore are particularly suited for wideband channels such as optical fibres.

Since PFM and SWFM have similar characteristics they are considered together in this
chapter. Modulation and demodulation techniques and the characteristic of the frequency
spectra are considered in sections 5.2 and 5.3 respectively.
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SNR is a primary performance indicator of any communication system. Therefore, in
section 5.4, the SNR of PFM and SWFM are derived from the first principles and
expressed for different pulse models. The threshold effect of frequency modulated
systems is also discussed.

In order to optimise system performance the parameters upon which the SNR is
dependent must be optimised. In the final section of this chapter the parameters and their
optimisation, in the context of a SCM system, is presented.

5.2

PFM and SWFM Modulation

In PFM, the instantaneous frequency of a constant amplitude pulse train, having a fixed
pulse width, is varied according to the modulating signal. In SWFM the carrier signal is a
square wave of fixed duty cycle (approximately 50%) and the modulated signal is
essentially a series of square wave edge transitions occurring at the zero crossing points
of a sine wave FM signal [81].

SWFM can be conveniently and simply generated by driving the input of a square wave
output VCO with the modulating signal. Alternatively a sine wave FM signal can be
generated first and then passed through a voltage comparator to convert it into a SWFM
signal. A PFM signal can be generated by feeding the SWFM signal into a pulse
generating circuit such as a monostable. Below carrier frequencies of 30 MHz, standard
VCOs from the TTL logic family are suitable for signal generation, but above this
frequency emitter coupled logic (ECL) devices become increasingly necessary [16]. PFM
and SWFM signal generation and the time domain waveforms are illustrated in Fig. 5.1.
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(a) block diagram
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Figure 5.1 PFM and SWFM modulation.

By representing the change in repetition of the pulses through the phase change at pulse
edges, PFM and SWFM signals can be represented in the time domain by Eqns. (5.1) and
(5.2), respectively [82].

77

exp jn

+ 2 M / j x(y)dy\

,

\-|fexpO”G,cO

(51)

00

/ (t) = AD ^ Sinc{nnD) exp jn coct + 2 nhf Jx{y)dy

(5.2)

J

Here jc(y) is the normalised modulating signal, A is the carrier amplitude, coc is the carrier
frequency, Af represent the maximum frequency deviation, r is the pulse width and D is
the square wave duty cycle.

The depth of modulation is indicated by the parameter, modulation index. Assuming the
modulating signal is band limited to f mthe modulation index for both PFM and SWFM is
expressed as [82]:
(5.3)

5.3

PFM and SWFM Demodulation

In order to gain a better understanding of PFM and SWFM, their spectral characteristics
must be studied. Since the derivation for a generalised modulating signal would be
extremely difficult, it is prudent to derive the spectral characteristics for a single tone
modulating signal and generalise the results.

The PFM spectrum for a series of pulses of width r and carrier frequency coc , when
modulated by a sine wave of frequency com, may be represented by [83]:
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[(ncoc +k a)m) t - k t o mT / 2 ]

(5.4)

Similarly, the expression for SWFM is [84]
00

f i t ) = A D j^ Sine(imD)

00

J|t| {np)txp{j(ncoc + kcon)i\

(5.5)

The spectra are plotted in Fig. 5.2 and the general characteristics attributed to PTM
spectrums (section 4.3.3) can be identified. The presence of the baseband component in
PFM signal indicate that information can be recovered directly from the PFM signal. The
strength of the baseband presence is determined by the modulation index, carrier
frequency, pulse width and the modulating frequency.

For a multi-tone modulating signal, the baseband frequency response depends on the
relationship between the pulse width and the modulating signal. Provided that

the original baseband signal will be present in the PFM signal without any amplitude
distortion [82]. The sideband structure of the PFM signal is slightly asymmetric
compared to conventional FM spectrum. However, Carson’s rule [85] can still be used
to give an upper limit of spectrum spreading.
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The baseband component and the even carrier harmonics are not present in a SWFM
signal, provided the square wave duty cycle is 50%. However, in practice the duty cycle
tends to deviate slightly from the 50% value resulting in a small baseband and even
harmonic presence [82].

Amp.

fc
<

►

2(3 Af+fm)

2 (Af+fm)

(a) SWFM

Amp.
Baseband

fm

fc
4 ---------- ►

2(4/¥m)

2(3 Af+fm)

2(24/%)
(b) PFM

Figure 5.2 SWFM and PFM spectrum distribution.

The demodulation techniques of PFM and SWFM can be deduced from their spectral
characteristics. Ordinary FM demodulation techniques may be adopted, locked on to the
carrier or its harmonics using a phase locked loop (PLL). However, this approach usually
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results in limited linearity and noise performance as a consequence of selecting only a
restricted spectral slice. The presence of a distortionless baseband component indicate
that information can be recovered directly from the PFM signal and baseband recovery is
indeed the technique widely employed in PFM and SWFM demodulation [70].

The simplest form of demodulation would be to recover the baseband component
directly from the incoming PFM signal. However, this technique generates poor SNR
performance as both leading and trailing edges of the PFM signal are affected by noise.
Therefore, in PTM systems, the incoming signal is regenerated at the receiver before
employing baseband recovery [81].

The PFM regenerator consists of a threshold detector and a constant width pulse
generator. The incoming PFM or SWFM signal is passed through a threshold detector
with a threshold crossing set at half the pulse amplitude for optimum pulse detection, as
will be explained in section 5.4.2. The output of the threshold detector is fed to a
monostable in order to trigger constant width pulses at the leading or lagging edge. The
baseband component of the regenerated PFM signal can be recovered by employing a
low pass filter (see Fig. 5.3).

incoming

SWFM/PFM
signal

Threshold
detector

Pulse
generator

recovered
baseband

Figure 5.3 PFM and SWFM demodulation by baseband recovery.
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The transmitted PFM pulse width is determined by the required level of signal
performance and the available channel resources, as will be shown later in the chapter. It
was stated earlier that one of the parameters which influence the strength of the baseband
component present in a PFM signal, is the pulse width. Therefore, when employing
baseband recovery technique, the width of the regenerated PFM pulse influences the
recovered signal power level.

The baseband signal power at the output of the PFM regenerator can be optimised by
choosing an optimum width for the regenerated pulse train. The relationship between
baseband signal power and the regenerated pulse width can be determined by further
examining the PFM spectral expression (Eqn. 5.4). Hence, the baseband signal power Sb,
can be expressed as:
(5.6)
where d is the duty cycle of the regenerated signal, R is the sampling ratio and other
symbols are as defined before.

The above equation is plotted against d, for a range of R values, in Fig. 5.4. Here the
baseband signal power is normalised to the amplitude of the carrier frequency and a /?
value of 1 is assumed. A parabolic increase can be identified for the baseband signal
power as d increases. The baseband distortion level dictates the R value in PTM systems
(see section 5.5) and therefore, for a chosen R, the baseband signal power is maximised
by optimising the duty cycle of the regenerated PFM pulses.
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Figure 5.4 Baseband signal power variation in regenerated PFM signals.

In SWFM systems, it is also possible to generate pulses at both the leading and lagging
edges of the SWFM signal, resulting in a 3 dB SNR improvement compared to single
edge detection technique [81]. The sampling ratio requirements are also lowered by
nearly half, as will be explained in section 5.5.2. Practical circuit implementation of the
double-edge demodulation is particularly simple using a number of EX-OR gates in a
logic rectification and delay circuit. The logic circuit diagram and the associated signal
waveforms are illustrated in Fig. 5.5, where pulses are generated at both the rising and
falling edges of the SWFM signal. The pulse width is determined by the number of gates,
and the propagation delay of each gate, included in the delay path [82].
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Figure 5.5 SWFM double-edge demodulation.
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5.4

Noise Analysis

The performance of analogue communication systems are determined in terms of their
ability to deliver adequate SNRs. In this section the SNR for PFM and SWFM are
derived from the first principles. A number of pulse models, applicable to communication
channels are employed in the derivation.

Figure 5.6 shows the effect of noise on the received PFM pulse train (the PFM receiver
is repeated here, for clarity). As can be seen from this figure, there are two forms of
noise which effect the performance of PFM systems. One is the noise imposed on the
pulse edges which causes the signal to cross the threshold at the wrong time instant,
causing time displacements in the recovered pulse signal. This is known as jitter noise or
edge noise. The other noise source is the occasional noise impulses which cause the
signal to cross the threshold erroneously, introducing pulse errors [80].

Hence, the SNR of a PTM system can be expressed as follows,
SNR=

--------

(5.7)

n j{rm s) + t 1 i(nns)

where S is signal power and

and n^rms) represent the rms noise power due to jitter

noise and impulse noise, respectively. Typically the input SNR and the detection
threshold of a PFM system are such that jitter noise determines the overall noise
performance of the system. The situation when impulse noise power become close to
jitter noise represents the SNR threshold and is discussed in section 5.4.4. The SNR
expressions of section 5.4.2 are derived by assuming the signal operation is above the
threshold level and therefore the noise performance is determined by jitter noise alone.
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Figure 5.6 Noise effect on PFM signal [80].
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5.4.1 Jitter noise
When the SNR at the input of the PFM/SWFM demodulator is above a threshold value
the output SNR performance is determined by the random jitter present in the PFM and
SWFM pulses. The sources of random jitter can be identified as follows [82]:
(a) jitter produced at the modulator, owing mainly to VCO frequency noise.
(b) optical pulse jitter due to optical source response time variation.
(c)

jitter produced at the receiver during amplitude phase conversion.

In most systems, the jitter produced by (a) and (b) is insignificant, thus only source (c) is
taken into account in the analysis. The random noise referred to throughout the analysis
is assumed to be white Guassian in nature.

. p(t)+n(t)
Pit)

threshold
level

* t

nfa)

ts + x(ts)

Figure 5.7 Time displacement due to jitter noise.

Figure 5.7 shows the effect of jitter noise on threshold crossings. The time displacement
x(tt) due to the noise n(t) can be expressed as

where p (ts ) represents the pulse slope at time ts. For an unmodulated pulse train, the
leading edge crosses the threshold periodically at
t = ts + mT
where m is an integer and T is the pulse period. The pulse displacement at the leading
edges can be represented by a train of impulses xn(i), where each impulse is co-incident
with a threshold crossing and weighted by its displacement (see Fig. 5.8).
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Figure 5.8 The error pulse train xn(t).
00

xn(t)= ^?x(ts +mTT)S ( t - t s -m T )
m=-oo

(5.9)

Combining Eqns. (5.8) and (5.9)
1
-F v S )

00

J ^ n (t)5 (t-ts -m T )

(5.10)

—co

Equation (5.10) shows that x„{t) is a sampled version of the input noise, weighted by the
inverse of the pulse slopep (ts), and its double sided noise power spectral density is
given as [86]:
2

* (/)=

” fc
Pits)
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oo

Y ,Ni ( f - V c )
£ =-00

(5.11)

where f c is the carrier frequency and Nt{f) is the double sided input noise power spectral
density.

The displacement of the PFM pulses due to jitter noise can be represented as a noise
pulse y(t), being added to the uncorrupted PFM pulse, to produce the displaced pulse as
shown in Fig. 5.9. For PFM systems XO is defined as:
'-A

0 < t < x ( t s)

A
Displaced pulse

0

x(ts)

T

T < t < T

(5.12)

+ x(ts)

Uncorrupted pulse

XO

0

r+x(ts)

Figure 5.9 Pulse displacement due to noise pulse, XO

Assuming x(ts) is small for practical systems, the Fourier transform ofXO is
Y (f) = A x (t.\e -» * - 1]

(5.13)

XO represents the noise added to the monostable output for a single pulse. Since the
noise output is approximately independent of the modulating signal XO [87], and only
frequencies passed by the lowpass filter are of interest, assuming

XO = 0
f «

y

the power spectral density of the noise added to the monostable output due to the
impulse train xn(f), can be expressed a s :
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N . ( f ) = A 2(2nfr)2 X { f )

(5.14)

Substituting for X{f), the single sided noise power spectral density at the demodulator
output can be expressed as [86]

where N'fj) is the single sided noise power spectral density at the input of the threshold
detector, and for a uniform response optical channel can be expressed as below [10]:
AkT

N, <J) = RIN(R„GPp)2 +2q(R0Pp + Id)G2F(G)+— ±

(5.16)

where the symbols are as defined in Eqn. (3.14).

5.4.2 SNR expressions
The peak signal level vp is produced by the maximum deviation A / and the rms signal
power Srms, at the output of the PFM demodulator is equivalent to:

As the PFM noise power is dependent on pulse slope, the shape of incoming pulses
influence the SNR. The PFM pulses can be approximated by different pulse models,
according to the applications. Three pulse models, which are good approximations to
real world situations, have been employed in the derivation. The derived expressions are
used to evaluate the optimum pulse model which can deliver a maximum SNR.

In digital systems, the bit errors due to false alarm and erasure errors are minimised by a
threshold set at half the bit amplitude. Similarly in PTM systems, pulse errors due to the
signal crossing the threshold erroneously, can be minimised by a threshold level set at
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half the pulse amplitude. Therefore an optimum threshold level of Al2 is assumed
throughout the analysis.

5.4.2.1 Raised cosine model

A

A/2

0

t

Figure 5.10 Time domain representation of a raised cosine pulse.

Raised cosine pulses, illustrated in Fig. 5.10, are widely deployed in communication
systems and therefore, is appropriate to represent the PFM pulses. A raised cosine pulse
in the time domain can be expressed as:
p(t)=A cos

2\ 7lt

(5.18)

TJ

where A is the pulse height and ris the end-end pulse width. The pulse slope p ( ts) at the
threshold crossing is:

P(ts) =

An

(5.19)

By substituting for p (ts) in Eqn. (5.15), the rms noise power at the demodulator output
N0(rms), can be expressed as

N o(rm s)

2

2nfcr
\

n

J

f 2N.l {rms)

J m
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(5.20)

Using Eqns. (5.17) and (5.20) the rms signal to rms noise power ratio can be expressed
in terms of the peak received optical power Pp, as:

p V (r0gpp):
.fj

(5.21)

N}i(jrms)

where the product R0GPPrepresent the pulse height, A.

An expression interms of the average received optical power Pav, can prove useful as
sometimes the opticalpower measurements are given as an averagequantity. For a pulse
train of width rand period T, the pulse height can be expressed as [88]:
a

= R°9P™2T
r

(5.22)

where rest of the symbols are as defined previously. Combining the above equation and
Eqns. (5.17) and (5.20), the PFM SNR expression can be re-written in terms of average
received optical power as:

S W ^ = |/? 2[ - U
2 \ f ct )

NKrms)

(5.23)

5.4.2.2 Gaussian / exponential model
The pulse nature of PFM makes it particularly attractive for optical communication.
During optical transmission pulses are dispersed, and for most practical systems can be
approximated by either a Gaussian or an exponential pulse model.
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Figure 5.11 Pulse models in optical fibre transmission.

A Gaussian and an exponential pulse are shown in Fig. 5.11(a) and 5.11(b), respectively.
A Gaussian pulse o f pulse width cr, defined to the half amplitude point, can be expressed
in the time domain as:
(5.24)

p{t) = A exp
2<j 2J

Similarly, for an exponential pulse:
(5.25)

/7(0= exp (~ )
For both models p(ts) at the half amplitude point can be represented as:

P {< s) =

6A
5cr

(5.26)

As before, substituting for p(t5) in Eqn. (5.15), the expression for N0(ms) is:

N.o(rms)

1
3

J

f „ 2N, (rms)

(5.27)

Combining Eqns. (5.17) and (5.27), the rms signal to rms noise power ratio when the
PFM pulses are assumed to be Gaussian or exponential Shaped, is derived to be:

2 15nfca )
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N ,^

(5.28)

where the symbols are as defined previously. Following the procedure in the previous
section, the SNR in terms of average received optical power Pav, is:
1
Je*)

(5.29)

N,i(rms)

5.4.2.3 Trapezoidal model
Amp.
100%
90%

10%

t

<■
tr

Figure 5.12 A trapezoidal pulse representation in the time domain.

A trapezoidal pulse model is shown in Fig. 5.12. It is a piece-wise linear approximation
to PFM pulses and represents a simple mathematical model for the derivation of SNR.
Defining the rise time, tr, of the pulse as the time taken for the signal to rise from 10-90%
of the peak amplitude, the pulse slope p{ts) is
4A
P(ts) = 5t.

(5.30)

Substituting for the pulse slope in Eqn. (5.15), the rms noise power at the output of the
demodulator is

N.o(rms)

_ 1 f 5irfcrt, \ 2
^ ^

2

/J m
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j (rms)

(5.31)

The rms signal to rms noise power ratio for a trapezoidal model, where peak optical
power is considered, can be derived by combining Eqns. (5.17) and (5.31), yielding,

(5.32)

The electrical 3 dB bandwidth and system rise time are inversely related. For linear
systems, the relationship can be approximated by Eqn. (5.33) and can be used as a
conservative guideline in optical systems [10].

Therefore, rms SNR can be re-written in terms of transmission bandwidth as:
(5.34)

As in PFM systems, the amplitude noise of SWFM pulses at the threshold crossing is
converted into time jitter of the constant width pulses produced at the demodulator.
When amplitude noise added to the SWFM signal is white Gaussian, and the rate of
change of the signal at threshold crossing can be represented by the derivatives of the
pulse models employed above, the output noise power spectral density is equivalent to
PFM systems. Since SWFM demodulation is achieved by generating a PFM signal and
recovering the baseband, the rms signal power at the output of the SWFM demodulator
is also equivalent to Eqn. (5.17). Hence the SNR expressions derived for PFM is also
valid for SWFM systems, provided the above conditions are satisfied.

The SNR of SWFM systems employing double-edge detection, differs from PFM and
single-edge SWFM systems due to increased signal power. Assuming the slope of the
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SWFM signal for both rising and falling edges is the same, the rms noise power increases
by twofold, compared to PFM and single-edge systems. However, this is offset by a
fourfold increase in signal power, resulting in an overall 3 dB improvement in SNR,
compared to PFM and single-edge detection systems.

5.4.3 Performance comparison of the SNR expressions
The energy distribution of PFM signals indicate that approximately 98% of the signal
energy is contained within a bandwidth corresponding to the inverse of the PFM pulse
width r, see section 5.5.3. Therefore, assuming the transmission bandwidth Bt , is limited
to 1I t in the raised cosine and Guassian models, and representing the carrier-to-noise
ratio term in each equation by the symbol CNR, the SNR expressions derived in terms of
peak optical power Pp, are summarised below.

Raised cosine

SNRrn
ls = g3- ( p B t V CNR
rms

(5.35)

fa)

Gaussian/Exponential

Trapezoidal

SNRrm=— T
25n

SN R =

(5.36)

CNR

(5.37)

fcJ

192
49n*

CNR

fc)

As described before, the performance potential of a modulation technique is evaluated in
terms of the SNR that can be delivered for a given CNR. To provide an illustrative
comparison, the SNR versus CNR relationship for the three pulse models are shown in
Fig. 5.13. A p value of 1 and a B T/fc ratio of 10, which provides a baseband distortion
level of better than -45 dB, are assumed in the calculations [89]. The performance of
ordinary FM is also shown for reference.
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Figure 5.13 SNR vs. CNR for different pulse shapes in PFM systems [89].

The above figure illustrates that for Gaussian, exponential and trapezoidal pulses the
SNR is almost equal for a given CNR, while raised cosine pulses offer approximately 3
dB improvement. The pulses in optical transmission systems are best approximated by a
Gaussian or an exponential model. Therefore, a raised cosine filter must be employed
after the optical receiver in order to achieve an optimum SNR level.

It can be recalled that the above noise analysis was carried out for additive white
Guassian noise, and signal dependent noise in fibre optic systems is not Guassian.
However, it has been demonstrated that Guassian approximation gives a reasonably good
estimate of a receiver performance. The optimum detection point for signal dependent
noise systems could also differ from Xh&AH position [80].
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5.4.4 Threshold analysis
As described at the beginning of section 5.4, the occasional noise impulses can cause the
PFM signal to cross the threshold erroneously, introducing pulse errors in the
regenerated signal. Impulse noise becomes significant when the SNR at the input of the
PFM demodulator falls below a threshold value, resulting in a rapid deterioration of the
SNR at the system output. The analysis in section 5.4.1 was carried out assuming the
input SNR is above the threshold value, so that the noise performance is determined by
jitter noise alone. Although this corresponds to typical operating conditions found in
PFM systems, knowledge of the threshold is important for evaluation of the operating
range of a system. In this section the behaviour of the SNR threshold is investigated.

According to Durakev [80], the power spectral density of an impulse noise waveform,
represented by a train of pulses of amplitude A, average pulse width w2 and an average
time interval T{ , can be written as follows.
A^
Nm( f ) = - ^ = -

(5-38)

i

Assuming signal independent white Gaussian noise and a trapezoidal pulse model, the
SNR performance due to the presence of impulse noise alone, can be characterised by
the following equation,
s m im=------ ^ ^ - v
„ 1 , ----------------- —
w
Bt
1+^
CNR exp(-CM?/8)
4ft
yfcfm2* 2)

(5.39)

where the detection threshold is assumed to be at Al2, CNR is the carrier signal to rms
noise power ratio at the input of the demodulator, and the other symbols are as defined
before.
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Assuming aworst

case impulse noise of

w2 = t2 and

a rise time tobandwidth

relationship of Bt = 0.35//r , Eqn. (5.39) can be re-writtenin thefollowing form.
-----------------------------

-

SNR,„ = j =

(5.40)

1+ ——r
i
CNR exp(-CiVK/8)
4;r2 (035) f cf m
n
[
The above equation can be combined with Eqn. (5.37) in order to determine the
behaviour of the SNR threshold of PFM. The combined equation is shown below, where
r is the ratio of BJfc and R is the sampling ratio.
W
A p rfcm
— j= —
-------------1+ , r , R2 CNRexp(-CNR/S)
4;r2 (0.35)
n
' ’

(5-41>

The SNR at the demodulator output and the input CNR is plotted, using Eqn. (5.41), in
Figure 5.14. A threshold value can be identified for the input CNR, below which the
signal output starts to deteriorate very rapidly. The threshold value is close to 20 dB and
is almost independent of different PFM system parameters, as shown for a range of r
values.

5.5

System Optimisation

The system design is based upon the trade-offs between the performance and cost, where
performance is measured in terms of noise, distortion and available bandwidth. The SNR
expressions derived in section 5.4 show that the SNR is primarily determined by
modulation index, transmission bandwidth and sampling ratio. Therefore, in order to
maximise SNR, the above parameters must be optimised. Sections 5.5.1 to 5.5.3 deal
with optimisation of these parameters.
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Figure 5.14 Input SNR threshold for PFM systems.

5.5.1 Non-linear distortion
The pulse format o f PTM signals render them immune to optical source and channel
nonlinearities. Thus, system linearity in PTM schemes is determined by the electronic
circuitry associated with signal modulation and demodulation. In PFM and SWFM
systems, two factors contribute towards nonlinear distortion. One is the nonlinear
voltage-to-frequency conversion characteristic of the VCO and the second is the duty
cycle variation o f the carrier waveform at different frequencies, resulting in a degree o f
phase modulation [82].

Typically the nonlinear characteristic of the VCO dominates distortion performance. A
typical voltage-to-frequency conversion characteristic for a commercially available VCO
is shown in Fig. 5.15.
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Figure 5.15 Typical voltage-to-frequency conversion characteristic of a commercially
available VCO [90].

The transfer characteristic of the VCO can be modelled by a polynomial similar to the
one used to model the intrinsic nonlinearity of a laser diode, Eqn. (3.7). When operated
beyond the linear region, harmonic distortion (HD) and intermodulation distortion (IMD)
results, but the latter is dominant since the input parameter is a frequency combined
signal. The spectrum allocation, IMD categories and intermodulation product (IMP)
estimations presented in section 3.2.3 are also equally applicable here.

When the number o f subcarrier channels are small, the overall modulation index can be
expressed as a linear quantity, as explained in section 3.2.1. In conventional SCM
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systems operating with a large number of channels, laser clipping can severely limit the
input dynamic range, restricting the transmission capacity (see section 3.2.4) A major
advantage of the VCO, compared to the laser diode, is the absence of clipping. The
overall modulation index for a SCM-PTM system operating more than 10 subcarrier
channels, can be defined as a rms quantity, firms'(5.42)

rms

where fit is the modulation index per channel and V is the number of channels.

The transmission capacity of the system is determined by the input dynamic range of the
modulator, in this case the VCO, and the fi value allocated to each channel. Obviously,
the highest SNRs for each channel are obtained by allocating a high fit value. However,
the signal power gains due to larger /?, values can be offset by increased nonlinear
distortion, as explained in section 3.5.2. An optimum /?, value can be allocated for each
channel according to the input dynamic range of the VCO and the required system
capacity. Assuming a fi value of unity for each channel and an incoherent signal addition,
the VCO in Fig. 5.15 has the capacity to transmit 6944 AM-VSB television channels.

5.5.2 Sampling ratio
Minimisation of the carrier frequency leads to an optimum SNR value as indicated by the
SNR expressions for PFM and SWFM. However, as indicated in Chapter 4, for a given
value of fi there is a lower limit for the sampling ratio (defined as the carrier frequency to
modulating signal bandwidth ratio) below which, distortion due to the incursion o f the
lower sidetone components around the carrier fundamental into the baseband region,
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becomes significant. Therefore, there exists a trade-off between the minimum sampling
ratio and distortion within the baseband.

For PFM, the ratio of recovered signal component amplitude Am, to the amplitude of the
carrier sidetone Ak, for single tone modulation may be expressed as [74]:
A m /A k

=^A/r/sin\n{fc +kfm)T \jk(0)

(5.43)

where k = R -l, R being the sampling ratio, and the rest of the symbols are as defined
before.

In double-edge regeneration of SWFM, the sidetones are generated around the carrier
second harmonic 2fc, with complete suppression of the spectral structure around the
carrier fundamental, for a unity mark-to-space ratio carrier wave. All the odd harmonics
are also suppressed due to the doubling of frequency, as shown in Fig. 5.16. Hence, the
ratio of the recovered signal-to-sidetone level for SWFM, with double-edge pulse
generation, may be written as [74]:
Am/Ak =2^A/r/sin[^(2/c + kfm) r ] jk(2fi)

Amp.

fm
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Figure 5.16 Spectrum produced by double-edge SWFM demodulator.
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(5.44)

Wilson and Ghassemlooy [16] have evaluated the baseband distortion as a ratio of the
peak recovered signal level to the peak sidetone level, inside the baseband, for different
modulation indices and sampling ratios. The minimum required sampling for both PFM
and SWFM is plotted for a range of distortion levels as function of modulation index in
Fig. 5.17. It can be seen that for a modulation index of 1, PFM requires a sampling ratio
in excess of 5 to achieve a baseband distortion level of -40 dB, while under the same
conditions the sampling ratio requirement of SWFM is below 4. The superior
performance of SWFM is due to the suppression of sidetones around the carrier
fundamental and increase in the baseband signal level, due to double edge regeneration at
the receiver.
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Figure 5.17 Sampling ratios for single tone modulated PFM and SWFM systems [84].

Since single-tone modulation is assumed in these calculations, if they are to be used in a
SCM-PTM system, the following factors must be taken into account.
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a) the highest frequency

component of the SCM signal,andthemodulation index

induced by that frequency component can be used toallocate the sampling ratio.
b) identify any significant frequency components within the SCM signal and
modulation index produced by such components. If the sampling ratio predicted
for such frequencies is greater than the value predicted by (a), the former should
be allocated as the sampling ratio.

It has also been shown that a minimum carrier frequency f cmin, can be predicted by
allowing for a guard band f g, between the baseband component and the sidetones around
the carrier fundamental [91]. As the sidebands around the carrier frequency is equivalent
to a FM sideband structure, defining a deviation ratio D, as the ratio of overall frequency
deviation to signal bandwidthf mfcmin can be deduced to be (see Fig. 5.18):
/* „ « .= /„+ /*+ (£> + !)/„

(5-45)

Hence, the minimum sampling ratio Rmin is:
flmin= ( 2 + /s //„)+Z>

Amp.
Baseband

Figure 5.18 Minimum carrier frequency for PFM/SWFM systems.
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(5.46)

For a given value of D, the baseband distortion increases, as the modulation bandwidth
becomes greater and the guard band remains constant. Therefore, as indicated by Eqn.
(5.46) the guard band should be allocated according to the f m value. System
measurements on Rmin have shown that adequate system margin can be allowed for by
choosing the guard band to be 50% of the modulating signal bandwidth.

5.5.3 Transmission bandwidth
PFM and SWFM have the ability to trade-off SNR performance against transmission
bandwidth, provided the system is operated above the CNR threshold level (section
5.4.4). In deriving the SNR expressions in section 5.4.2, one of the assumptions made
was that the transmission bandwidth Bt, was limited to Hz, r being the PFM pulse width.
In this section that assumption is justified by considering the energy distribution of PFM
signal.

Figure 5.19 shows the distribution of the PFM signal energy against the transmission
bandwidth to carrier frequency ratio r, at different duty cycles. When the transmission
bandwidth is limited to l/r, the duty cycle d, defined as the ratio of z overf c, is inversely
related to r. The corresponding values of r, for different values of d used in the graph,
are also indicated.
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Figure 5.19 Energy distribution of PFM signals.

In sine wave FM, according to Carson’s rule [58] the minimum transmission bandwidth
is defined as the bandwidth which contains 98% of the signal energy. Choosing a similar
criterion for PFM, Fig. 5.19 shows that when the duty cycle is below 10%, 98% of the
signal energy is confined within the r value, corresponding to a transmission bandwidth
of 1/r. For duty ratios beyond 10%, band limiting the signal to 1/r violates the Carson’s
rule as less than 98% o f signal energy is confined within the defined bandwidth.
However, the increase in signal energy beyond 1/r is only minimal provided the duty
cycle is kept below 25%. Therefore, in conclusion it can be stated that adequate signal
performance can be delivered by limiting the transmission bandwidth to 1/r, when the
duty cycle of the PFM signal is kept below 25%.
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5.6

Summary

In this chapter modulation and demodulation techniques, SNR performance and
optimisation of PFM and SWFM systems were presented. The simplicity, spectral
characteristics and the similarities of the two modulation techniques were illustrated. It
was also shown, the double-edge detection SWFM technique has lower sampling ratio
requirements and a 3 dB SNR advantage over single-edge SWFM and PFM systems.

Jitter noise is the primary noise source in PTM systems operating above the CNR
threshold. Performance comparison of the derived PFM SNR expressions has shown that
the raised cosine pulses deliver the optimum SNR level. The CNR, below which the SNR
starts to deteriorate significantly, was shown to be close to 20 dB. In section 5.5,
optimisation of PFM and SWFM systems in the context of a SCM-PTM sub-system, was
presented. The VCO voltage-to-frequency transfer characteristic is critical to nonlinear
distortion performance and commercially available devices are capable of transmitting a
large number of subcarrier channels. A transmission bandwidth, which corresponds to
the inverse of the pulse width, was shown to be adequate for PFM signal transmission.
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Chapter

6

Pulse Position Modulation System s

6.1

Introduction

Pulse position modulation (PPM) is an isochronous PTM technique, which carries
information by virtue of a continuously variable position of a narrow pulse within a fixed
time frame. This modulation scheme is closely related to pulse width modulation (PWM),
where information is conveyed by the variable width of a pulse within a pre-determined
time frame. However, a fundamental advantage of PPM over PWM is that a significant
portion of the transmitted power which conveys no information in PWM is eliminated,
resulting in a more efficient modulation technique [74]. PPM also has better SNR
performance compared to other PTM techniques. The complexity of PPM is marginally
higher than PFM and SWFM systems dealt with in the last chapter, but considerably
lower compared to PCM systems.
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This chapter exclusively deals with PPM systems. Section 6.2 introduces PPM
modulation and is followed by a spectral characterisation and various options available
for signal demodulation, in section 6.3. The SNR expression for a PPM system is derived
in section 6.4.

6.2

PPM Modulation

In PPM, the position of a narrow pulse within a fixed time frame is varied in proportion
to the amplitude of the modulating signal. It is known as an isochronous PTM technique,
as there exists a fixed time frame at all times. Typically, PPM pulses are generated by
differentiating the trailing edge of a PWM signal [92], and various aspects of PPM
generation are discussed in this section.

Figure 6.1 shows the block diagram of a PPM modulator and the associated waveforms.
Fundamental to the PPM generation is a high speed, linear ramp generator, which
determines key parameters such as the modulation sensitivity, input dynamic range and
the amount of nonlinear distortion. The PWM signal is generated by comparing the ramp
signal with the modulating signal and driving the comparator to a low state at the
detection of equivalence. The PPM signal may be derived by differentiating the trailing
edge of the PWM signal and a constant width pulse generator is generally used for this
purpose [16].

PPM may be divided into two categories, according on how the incoming information is
processed. When the modulating signal is directly compared with the linear ramp,
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naturally sampled PPM signals are generated. Consequently, the sampling instants are
not equally spaced but depend upon the amplitude of the input signal. The other
technique, known as uniformly sampled PPM, a sample-and-hold circuit is included in
the signal path and therefore, the PPM modulator operates on uniformly spaced, stored
input samples.
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PWM
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pulse generator
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(b) signal waveforms
Figure 6.1 PPM modulation.
Ill

When natural sampling is employed, information can be recovered directly from the
recreated PTM format containing the baseband component. However, in a system
employing uniform sampling, a sample-and-hold unit needs to be included to recreate an
amplitude modulated pulse form, prior to lowpass filtering. The choice between natural
sampling and uniform sampling is essentially one of performance-cost trade-off. Uniform
sampling, in principle, is capable of complete signal recovery without distortion, but at
the additional expense of a premium specification of a sample-and-hold unit [75].

It was stated in the last chapter that raised cosine pulses are used commonly in
communication system applications. Therefore, in order to mathematically model the
PPM signal, a raised cosine pulse train of amplitude A, pulse period T and pulse width t,
defined to the full width half maximum (FWHM) point, can be written as [93]:
n(t - n f )
p(t)= £ 4L i +cos
H = - 00

( 6 . 1)

where at all times, z <

The modulated PPM signal f(t), where the time deviation of the nih pulse is Atn can be
represented by:

/w = Z

T 1 1 + cos

m— rr\ ^

Figure 6.2 illustrate^the deviation of a PPM pulse within the time frame T. For a
modulation sensitivity of k (expressed in units sec/V), the peak pulse deviation At, is:

At = kAm
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(6.3)

where Amis the peak amplitude of the modulating signal. The equality defining the peak
deviation can be expressed as:
T

~-

At < T
-

T
-

2

(6.4)

2

In practical systems this could be a too conservative estimate for the modulation range,
as two PPM pulses could only overlap if the modulating signal makes an instantaneous
transition from the most positive excursion to the most negative.

Maximum -ve
deviation

Unmodulated
position

Maximum +ve
deviation

T/2

Figure 6.2 Pulse deviation within a PPM time frame.

Using the time relationship for the PPM frame, the modulation index M , can be defined
as:
M=

2A t
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(6.5)

As stated earlier the main feature of PPM is its power efficiency. Therefore, no additional
pulses are transmitted for frame alignment, these being reconstructed within the
demodulator, as will be shown in section 6.3. Provided that channel bandwidth is large
enough, PPM pulses can be made very narrow and therefore, is well suited for optical
communication employing injection laser diodes.

6.3

PPM Demodulation

In Chapter 4 the general characteristics of the PTM spectrum were presented. It was also
stated that all PTM techniques rely on a baseband signal component to recover
information and therefore in order to determine the demodulation technique, an
investigation of the PPM and PWM spectrums is called for.

6.3.1 Spectral characteristics
There are two approaches to developing a mathematical expression for naturally sampled
PPM systems. The first approach is based on the assumption that the PPM waveform is a
series of impulses modulated in phase. Under this assumption Stuart [94] has
summarised the Fourier series for PPM as:

/« = •

Aco,
2n

Jn(ktj)) cos(kco c + ncom)t

(6.6)

n--(ak=\

where coc is the carrier frequency, comis the modulating frequency, A is the pulse height
and J„() is the Bessel function of the first kind. The expression indicates that there is no
baseband spectral term, hence the PPM signal cannot be directly employed to recover
information.
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The other approach is to assume that PPM pulses are of finite width, as is the case in
practical systems, and to compose the pulses from negative and positive step functions.
Employing this approach, the expression for constant width PPM is derived to be [94]:

f(t)=

2 7t

+ a m sin(fi?mr / 2) coscoj

J ^ s in f (/»©„+ t o „ ) r / 2 |
f
— --------------l c o s[(n o c + kmm

+ — Zj
ft

n=1 k--o o

W

where r is the PPM pulse width and rest of the notation is as defined before. The third
term of the equation represents the carrier fundamental and the harmonics, and the
sidetones generated around them. The second term indicates the presence of a baseband
component, which is a differentiated version of the modulating signal. Therefore, an
option for signal demodulation in PPM systems, is to extract the baseband component
from the regenerated PPM signal and to pass it through an integrator to recover the
information. A typical PPM spectrum is plotted in Fig. 6.3, using Eqn. (6.7).

Baseband comp,
(differentiated

Amp.

version o f fm)

/
2fc

3fc

Frequency

Figure 6.3 A typical PPM spectrum.

At this stage it is appropriate to investigate the spectral characteristics of the PWM
signal. A comprehensive Fourier analysis on single tone modulated PWM has been
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carried out by several authors [94, 95-96-97], A naturally sampled, trailing-edge
modulated PWM waveform, with a unity unmodulated mark-to-space ratio can be
expressed as [16]:
1
1 M .
4 ™sm{no)ct) ™J0(nnM)
.
w ( t ) = - - — smcQmt + Y J v
-sm{n coj-n n )
2 2
M
=1 nn
tt
nn
/
\
* *2, Jk{nnM) . u
v
" Z Z “ ^ ^ sin\{ncoc + k(Dm)t - nn\
nn
1
J
W=1 Jt=±l

( 6 .8)

and all the symbols are as defined before. Equation (6.8) shows the presence of a
baseband component, which is an inverted version of the modulating signal. This
suggests that PPM demodulation can be carried out by reconstructing the PWM signal
from the incoming PPM signal, and employing a lowpass filter to recover the baseband
component.

6.3.2 The clock component
The timing diagram in Fig. 6.4 illustrates how a PWM signal can be generated by
combining the PPM pulses and a clock signal derived from the incoming signal. Here, it
is assumed, that the transmitted PPM signal is generated by differentiating the trailing
edge o f a PWM signal. Therefore, the reference pulses are generated at the rising edges
of the recovered clock signal (also refer to Fig. 6.1).

Since PPM is categorised as an isochronous technique, a distinct clock frequency
component should be present under all modulation conditions. In order to verify this,
Eqn. (6.7) should be investigated further.
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Figure 6.4 Generation of PWM using PPM pulses and a clock reference signal.

The amplitude Ac, of the carrier frequency in PPM is: [98]
9A

Ac = — J^nM) sm(rfcr)
n

(6.9)

Equation (6.9) indicates that the value of Ac is strongly dependent on the modulation
index, M. The normalised value of Ac with respect to the unmodulated carrier is plotted
against M in Fig. 6.5. This shows a strong presence of the carrier frequency at low
modulation indices, rapidly decreasing to lower levels under higher modulation, sinking
to its lowest value at approximately 80% modulation.

A device known as a phase locked loop (PLL) can be employed in communication
systems to extract distinct frequency components from an incoming signal. The above
behaviour of the PPM clock component suggests the possibility of employing a PLL to
extract the clock signal from the incoming PPM signal.
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The access to a clock signal at the receiver imply that the technique illustrated by signal
waveforms in Fig. 6.4 can be used for PPM demodulation. A block diagram of the
demodulator, employing this technique, is shown in Fig. 6.6. Here, the PLL recovered
clock component is multiplexed with incoming PPM signal and is used to trigger a bi
stable in order to generate the PWM signal, containing the baseband component.

The critical part of the PPM demodulator is the PLL and therefore, its operation and
design parameters are discussed in the following section.

Output

PWM

PPM

Optical
Rx.

Bi-stable

Multiplexer

Lowpass
filter

Clock
Clock
recovery unit
(PLL)

Figure 6. 6 PPM demodulator employing a clock signal recovery.

6.3.3 Phase locked loop (PLL)
A phase locked loop (PLL) is a device which enables the phase of a feedback control
VCO to follow that of the input signal. It consists of three components, as shown in Fig.
6.7 : phase detector, VCO and lowpass filter. The error voltage produced by the phase
detector is proportional to the phase difference between the input signal and the output
of the VCO, and is given as:
ve = k d sin(<9, - 9 0)

(6.10)

where kd is the gain of the phase detector, 0, is the phase of the input signal and 0o is the
phase of the VCO output signal. The error voltage, which is lowpass filtered to eliminate
higher order harmonics and to provide a stable loop with a controlled response, is fed to
the VCO in order to align its output phase with the incoming signal.

The VCO is initially set to a free running frequency, a frequency close to the incoming
signal. When the VCO phase is in a fixed phase relationship to the incoming signal, the
PLL is said to have acquired lock. The closed loop phase transfer function of the PLL
can be written as [99]:
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h (s)

= ^ M = W fr )
<?,(» s+ k„kdF(s)

(6.11)

where kQis the gain factor of the VCO, F(s) is the transfer function of the loop filter and
the product kakdF(s) is the forward loop gain.

Incoming
signal

Error
signal
J Phase
\ detector

Loop
filter

Reference
signal

VCO

Figure 6.7 PLL block diagram.

Some important system parameters of a PLL are defined below [58].
Lock acquisition time : the time required by the PLL to acquire lock.
Capture range

: the frequency range centred about the free running frequency of
the VCO over which the loop can acquire lock with the input
signal. Also known as lock-in-range.

Hold-in-range

: the frequency range over which the loop maintains lock once
initial lock is acquired.

Loop bandwidth

: set by the bandwidth of the lowpass filter.

The transfer function of the loop filter has considerable influence on the PLL parameters
listed above. The desired level of PLL performance can be achieved by a judicious choice
of the loop bandwidth. For instance, when the difference between the free running
frequency and the average incoming signal frequency is less than the loop bandwidth, the
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PLL will acquire lock almost immediately. This is achieved with a wide loop bandwidth,
which also allows for an extended lock-in-range as its value is equivalent to the loop
bandwidth. The drawback of a wide loop bandwidth is that it admits more noise making
the hold-in-range smaller [99].

On the other hand a narrow loop bandwidth ensures good noise performance and will
tolerate a larger amount of frequency change without loosing lock i.e. an extended holdin-range. However, acquiring lock is difficult, making the lock acquisition time longer
and resulting in a narrower lock-in-range.

6.3.4 Alternative demodulation techniques
An alternative PPM demodulation technique has been demonstrated by Holden [100],
where a ramp generator and sample-and-hold circuits are employed in conjunction with a
lowpass filter at the receiver. The block diagram of the demodulator circuit and the
associated signal waveforms are illustrated in Fig 6.8.

As shown in Fig. 6.8(a), the demodulator consists of two sample-and-hold circuits, the
first of which is triggered by the PPM pulses and samples the ramp signal. The output
signal is a staircase waveform, where the amplitude and width of each step varies as a
function of the position of received pulse in the time slot. In order to generate a constant
width step, the signal is fed to a second sample-and-hold unit, which is triggered by a
sync pulse. Filtering this constant width step waveform removes the high frequency
components introduced by sampling circuits and yields the original information.
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The cost and complexity of this technique is higher due to two reasons. One is the
additional circuitry required at the receiver due to the inclusion of a ramp generator and
two sample-and-hold circuits. The other is the lack of synchronisation between the
transmitter and the receiver. The ramp generator at the receiver is allowed to free run at
approximately the same frequency as the transmitter, but in order to align the two signals
in phase a reference signal is transmitted via separate link.
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Figure 6.8 PPM demodulator nominated by Holden [100]
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Output

6.4

SNR Analysis

A comprehensive noise analysis on PFM and SWFM systems was carried out in section
5.4. The concept of jitter noise, its sources and its effect on the recovered pulses were
presented. All PTM techniques rely on a phase-to-amplitude conversion to recover
information and therefore, a substantial part of the jitter noise analysis in section 5.4.1 is
also applicable for PPM systems. As previously, throughout the following analysis a half
amplitude threshold detection level, white Guassian noise and signal operation above the
CNR threshold level is assumed.

6.4.1 Noise analysis
As explained in section 5.4.1, the jitter noise in PTM systems can be expressed as a pulse
train, weighted by the displacement at each threshold crossing. The double sided noise
power spectral density at the output of the threshold detector was given by Eqn. (5.11)
and is repeated here:
2 oo
fc

* ( /) =

P its)

where f c is the carrier frequency,

p ( t s)

TJNi<J-kfc)
k = -oo

is the pulse slope at threshold detection and N i( j)

is the double sided input noise power spectral density.

It was shown in the previous section that the desired technique for PPM demodulation is
to generate a PWM signal which contains the baseband information. The impact of jitter
noise on the regenerated PWM signal is shown in Fig. 6.9. Due to the noise, represented
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as an error pulse XO of width x(ts), added to the signal, the modulated edge of the PWM
signal is displaced from its original position.

Displaced pulse

Uncorrupted pulse

yif)

A

ts

ts + x ( t s )

ts

Figure 6.9 Pulse displacement due to noise pulse, y{t)

For small values of x(ts), as the case for practical systems, the Fourier transform of y(t)
is:
(6.12)

n f ) = A x ( t s)e

y{t) represents the noise added to the bi-stable output for a single pulse. Since the noise
output is approximately independent of the modulating signal x(t) [87], and only
frequencies passed by the lowpass filter are of interest, assuming
x(t) = 0
f «

h

the power spectral density of the noise added to the monostable output due to the
impulse train xn( t\ can be expressed as [88]:
# 0( / ) = ^ 2X ( / )

(6.13)

Using Eqn. (5.11) to substitute for X(f), the single sided noise power spectral density at
the demodulator output can be expressed as:
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ts + x ( t s )

Afc
P(ts)

N \ ( /) + 2{JV',. (kfc - f ) + N \ (kf„ + /) }
Jt=l

(6.14)

where N)(f) is the single sided noise power spectral density at the input of the threshold
detector and for a uniform response optical channel is expressed by Eqn. (5.16).

6.4.2 SNR expressions
The peak signal level vp is produced by the maximum pulse deviation At, and the rms
signal power Smv , at the output of the PPM demodulator is equivalent to
2

(61=)
where k is the modulation sensitivity. Using the modulation index M, and assuming the
ramp height is equivalent to the pulse height A, the rms signal power can be expressed
as:

Srms .

144g

(6.16)
^
/

Assuming an optimum threshold level set at half the pulse amplitude and a PPM pulse
modelled by a raised cosine, the rms signal-to-noise power ratio can be expressed as:

(617)

where Bt is the transmission bandwidth assumed to be 1/ras in the case of PFM and Pp is
the peak received optical power. As previously, an expression in terms of average
received optical power Pav, is useful and is shown below.
{M nf ( b X {R0GPmf
SNRn«=i(rms)
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(6.18)

It was stated in Chapter 5 that pulses in optical communication systems are best
approximated by Guassian or exponential pulses. Using the equations in section 5.4.2.2,
the rms SNR for a PPM system, modelled by a Guassian or an exponential pulse, and
expressed in terms of peak received optical power is:

—

25V f c )

Nl{ms}

( 6 -i 9 )

Similarly, the SNRrms in terms of average received optical power is:
( b , Y ( r . gp J
SNR_.
ms =— M 2
L!
N,i(rms)

(6 .20)

As in the case of PFM, it is useful to examine the relationship between the output SNR
and input CNR. Using Eqns. (6.17) and (6.19), and the system parameters in section
5.4.3, the relationship between SNR and CNR for PPM systems is shown in Fig. 6.10.
Once again the raised cosine pulse model delivers an optimum level of performance,
exceeding the SNR of the Guassian model by approximately 3 dB. The performance of
PFM is also shown for comparison, and falls behind PPM performance by around 5 dB.
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6.5. Summary
In this chapter the modulation and demodulation techniques and SNR performance of
PPM systems were considered. PPM was shown to be an efficient derivative of PWM,
well suited for optical channel applications. A study of the PPM spectrum has shown that
under moderate modulation conditions a clock signal can be extracted from incoming
PPM signal. Hence, a novel detection technique, where a PWM signal containing the
baseband information is reconstructed at the receiver by virtue of the recovered clock
signal, was demonstrated. Alternative demodulation techniques and their disadvantages
were also considered. Using the jitter noise analysis of Chapter 5, the SNR expression
for a PPM system was derived. Optimum performance is delivered by raised cosine
pulses, and PPM has an approximately 5 dB SNR advantage over PFM systems.
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Chapter

System Implementation

7.1

Introduction

In order to evaluate the performance of SCM-PTM technique a prototype system to
transmit a broadband SCM signal was designed and built. The PTM schemes
incorporated into the system are PFM, SWFM and PPM. Video, audio and data signal
channels were employed in the subcarrier stage to demonstrate the broadband
transmission capability of the SCM-PTM technique. The overall system block diagram is
shown in Fig. 7.1.

The prototype system was built on colander ground plane vero boards, using high
frequency circuit techniques, and the emphasis was to use commercially available custom
and semi-custom built IC devices. Each PTM technique was implemented using emitter
coupled logic (ECL), due to its superior performance at high speeds over other logic
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families. A semi-conductor laser diode and a p-i-n photodiode-transimpedance optical
receiver, operating at 1300 nm were employed for the optical link. After PTM
demodulation bandpass filtering technique was favoured to recover each subcarrier
channel, mainly due to the fact that the required filters were readily available in the
market.

In the following sections each stage of hardware implementation of the prototype system
is presented. Section 7.2 presents the implementation of the subcarrier stage while
sections 7.3 and 7.4 deals with the PFM/SWFM transmitter and PPM transmitter,
respectively. In section 7.5 details the optical link and its power budget and rise time
budget calculations are given. Sections 7.6 and 7.7 presents the implementation of each
PTM receiver, and the baseband signal recovery is dealt with in section 7.8.

7.2 SCM Signal
The SCM signal consists of a baseband video channel, two audio channels and a data
channel. In the following sub-sections the implementation of each signal channel is
presented.

7.2.1 Video channel
A PAL 625-line colour signal, employed within the UK for television transmission, was
used for the video channel. The signal employs 625 lines of interlaced scanning per frame
at a rate of 25 frames/second. The total video bandwidth extends to 5.5 MHz and the
colour subcarrier is placed at a frequency of 4.43 MHz. The frequency distribution of the
signal is shown in Fig. 7.2 [60].

131

C^rc>mm«fnc«
sobcarciti

V i* lon c a t r i a i

So u/ J fl c n f t i t *
c e r m e fiequoricy

O
3

20

Figure 7.2 The frequency distribution of a PAL 625-line colour video signal [60].

The noise power spectral density of PFM and SWFM has a parabolic relationship against
the modulating frequency. Therefore, the noise power at higher frequency components of
the modulating signal is greater than the noise level at lower frequencies, degrading the
SNR at higher frequencies. To improve the SNR in FM systems, signal level at the top
end of the spectrum is boosted to a higher level, prior to modulation. This is known as
pre-emphasis and is employed in audio broadcasting and FM transmission of satellite
video channels [85].

The video pre-emphasis characteristic, which conforms to CCIR-405 standard, was
adopted for PFM and SWFM transmission of the video signal. The pre-emphasis
network and its frequency response are shown in Fig. 7.3(a) and 7.3(b), respectively.
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7.2.2 Audio channel
Two audio channels, conforming to the TV sound broadcasting standards, are
implemented. The first audio channel is modulated onto the TV audio subcarrier at 6.0
MHz and the second channel is allocated a subcarrier frequency of 7.2 MHz. The
characteristics common to the audio channels are tabulated below.

Audio bandwidth / kHz

15

Modulation

FM

Max. deviation / kHz

50

Pre-emphasis / ps

50

Table 7.1 Characteristics of the audio channels

Since FM is used to frequency shift the baseband audio channels, pre-emphasis can be
employed to improve the SNR performance. Both channels were pre-emphasised using
the 50 ps TV sound broadcasting pre-emphasis standard, which defines a first corner
frequency of 3.18 kHz. The pre-emphasised FM signal is actually a combination of FM
and phase modulation (PM) and combines the advantages of both modulation techniques
with respect to noise performance. The audio pre-emphasis network and its frequency
characteristic is shown in Fig. 7.4(a) and 7.4(b), respectively.

MC 1376 [101] is a monolithic IC, custom built for television sound broadcasting, and
was used to implement the two audio channels. The device can be used as a FM
modulator in the frequency range 1.4-14 MHz, with the centre frequency set by the
resonance of the
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Figure 7.4 Audio pre-emphasis.
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100

inductor (L) between pin 6 and 7, and the capacitance (C) from pin 7 to ground. The
modulation sensitivity of the device varies with the centre frequency and is equivalent to
approximately 0.3 MHz/V at a carrier frequency of 6 MHz. The best linear
characteristics of the device can be realised by biasing the input signal between 2.6-2.7
V. The circuit diagram of the FM modulator for the 6.0 MHz audio channel is shown in
Fig. 7.5. Also shown in the figure is the spectrum of the FM audio channel, modulated by
a 10 kHz sine wave, at a maximum deviation of 50 kHz.

7.2.3 Data channel
A data channel capable of carrying a maximum non-return to zero (NRZ) data rate of
500 kbit/s was implemented using frequency shift keying (FSK). A channel bandwidth of
780 kHz was allocated at a carrier frequency of 6.552 MHz. The pseudo random bit
stream used to simulate the data, is shown in Fig. 7.6.

FSK modulation was implemented using a dual voltage control oscillator [102]. The two
VCOs can be operated independently upto a frequency of 85 MHz. The centre frequency
is set by a combination of external capacitance (between pin 4 and 5) and the dc voltage
on pin 2 (Frequency Control). The deviation range is set by the dc bias on pin 3 (Range
input). The circuit diagram of the FSK modulator is shown in Fig. 7.7. Since the output
of the VCO is a square wave a bandpass filter is used to reduce the harmonics.
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7.2.4 Frequency division multiplexer
The signal channels presented so far, are summarised in Table 7.2. Also shown in the
table is the output SNR values required to deliver the expected level of performance for
signal each channel.

Channel

Video

Signal type

PAL 625-line colour
bandwidth

Subcarrier and
modulation format

Channel
fidelity

Baseband

40 dB

49 dB

5.5 MHz

pre-emphasis CCIR-405

Audio

bandwidth

15 kHz

6.0 and 7.20 MHz

peak dev.

50 kHz

FM

pre-emphasis 50 ps

Data

bit rate

500 kbit/s

code

NRZ

6.552 MHz

10-9 (BER)

FSK

Table 7.2 Subcarrier channel specification.

The SCM signal is formed by adding each signal channel in the frequency domain. A
differential video amplifier [103], operating in a summing amplifier configuration, was
used to add the subcarrier channels. The frequency spectrum of the SCM signal,
consisting of a baseband video channel, two FM audio channels and a data channel is
shown in Fig. 7.8, as is the circuit diagram.
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7.3

SWFM and PFM Transmitters

The PTM modules of the prototype system operate at high frequencies and therefore, a
high speed logic is required to deliver adequate system performance. Emitter coupled
logic (ECL) is one of the fastest forms of digital logic available today and is used to
implement each PTM technique employed in the SCM-PTM system.

The monolithic emitter coupled logic (MECL) family was first introduced by Motorola in
1962. Presently there are three MECL families which are commonly used in commercial
applications: MECL III, MECL 10K and MECL 10H. Table 7.3 shows some general
characteristics of the MECL logic families [104].

MECL 10 K
MECL in

MECL 10H

10,100 series

10,200 series

Gate propagation delay ns

1.0

2.0

1.5

1.0

Rise/fall time

ns

1.0

3.5

2.5

1.0

Gate power

mW

25

25

60

DC noise margin

V

0.27

0.21

0.20

Power supply

V

Feature

Vcc

at ground potential and V Ee at

-5 .2

results in maximum noise

immunity. 10 nF low inductance, decoupling capacitors
should be present every 4 to 6 packages.
Output termination

a

50-150 resistors to -2.0 V dc.
270-2k resistors to V Ee

Output impedance

Q

approximately 7

Table 7.3 General characteristics of the MECL family.
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ECL devices are operated from a single voltage power supply of -5.2 V and have
propagation delays in the order of 1 ns. The fast rise and fall times of ECL technology is
illustrated in Fig. 7.9, by a narrow pulse generated using ECL devices.

T e k H H W 5.00G S /S

20 Acqs

M 3 Fall
1 .1 2 1 n s

M3 + W id th
2 .2 7 8 n s

M 5 .0 0 n s
250mV

Chi j

-1 2 m V

6 s e p 1996
15:3 0 :0 0

5 .0 0 n s

Figure 7.9 A pulse generated using MECL 10H devices, with rise and fall times in the
order of 1 ns.

A block diagram of the SWFM and PFM transmitters was given in Fig. 5.1. Fundamental
to the PFM and SWFM generation is the VCO, and its implementation is presented in the
following section. Additional circuitry of the PFM technique is considered in section
7.3.2.
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7.3.1 VCO and SWFM generation
SP 1658 [105] is a VCO, with a maximum output frequency of 190 MHz, which
generates complementary ECL outputs. Frequency control of the square wave VCO
output is accomplished through using a voltage controlled current source, which controls
the slew rate of a single external capacitor. An input filter is available to decouple noise
from the modulating signal and a bias filter eliminates ripple from the output signal at
high frequencies.

The voltage-to-frequency conversion characteristic of the VCO determine the amount of
non-linear distortion generated at the SWFM/PFM transmitter (refer to section 5.5.1).
The linearity test of the SP 1658 device, carried out for the intended frequency range of
operation for this application, is given in Chapter 8.

It was shown in section 5.5.2 that in double-edge regeneration of SWFM, the spectral
profile of PFM is translated on to the even harmonics, with the complete suppression of
the sidetone structures around the carrier fundamental and odd harmonics, provided the
duty cycle is 50%. Any deviations of the duty cycle would result in partial generation of
the fundamental and odd harmonics, increasing the baseband distortion.

The time domain and frequency domain signals of the VCO output are shown in Fig.
7.10, indicating a strong presence of a second harmonic. In order to achieve a duty cycle
closer to 50% and improve the even harmonic suppression, the VCO outputs were fed
through an inverter.
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7.3.2 Pulse generator
The PFM signal is generated by triggering pulses on the leading edge of a SWFM signal
(refer to section 5.2). The lack of commercially available monostables at high frequencies
prompted the design of a pulse generator circuit. The gate delay technique, described in
section 5.4, has been employed in several PFM implementations to generate constant
width pulses from a SWFM signal [82]. Both PFM and SWFM demodulation rely on the
regeneration of a PFM signal at the receiver. The circuit technique implemented at the
transmitter would therefore, be also used at the receiver in order to regenerate the PFM
signal.

The signal waveforms associated with a pulse generator employing a gate delay
technique was shown in Fig. 5.4(b). In this technique, the width of the generated pulses
is determined by a combination of the propagation delay of the logic elements and the
threshold crossing of the incoming signal. The effect of jitter noise on threshold crossing
of PTM signals was graphically illustrated in Fig. 5.7. Due to the random nature of jitter
noise, the threshold crossing of consecutive edges of the delayed signal, with respect to
the undelayed signal, is variable. This introduces a degree of width modulation to the
generated PFM signal, resulting in spectral distortion.

As a result, an alternative approach for pulse generation was called for. Figure 7.11
illustrates a pulse generation technique, employing a differentiator circuit. The width of
the generated pulses is determined by the time constant RC, of the variable capacitor and
the resistor. As the pulse generating edge transitions are determined by the external
circuit components, rather than the threshold crossings of the incoming signal, this
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technique has the ability to generate constant width pulses. The pulses generated by the
technique are also shown.
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Figure 7.11 Constant width pulse generator.
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7.4

PPM Transmitter

PPM modulation was dealt with in section 6.2. The process of PPM signal generation, by
triggering pulses on the modulated edge of a PWM signal, was illustrated in Fig. 6.1. A
critical part of the PPM modulator is the high frequency ramp generator used to generate
the PWM signal, and is discussed in the following section. The PPM signal generation
using the ramp signal is presented in section 7.4.2.

7.4.1 Ramp generator
PPM modulation requires a linear, high frequency ramp signal in order to implement
voltage-to-pulse position conversion. There are various techniques of generating a ramp
signal, but some of these are only suitable for low frequency applications.

An appropriate high frequency ramp generation technique is to charge a capacitor with a
constant current source and to discharge through a high frequency switch. During the
charging of the capacitor the ramp voltage rises to its maximum value, and discharging
of the capacitor resets the ramp to its initial value. The linear characteristic of the ramp is
governed by the following equation,

w here/is the value of the constant current source and C is the capacitance. For example
to generate a ramp of height 2 V in a duration of 25 ns, using a constant current source
of 5 mA, the required value of capacitance is 62.5 pF.
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Figure 7.12 shows the circuit diagram for a highly stable constant current source using
general purpose pnp transistors. The voltage between T2 base and the positive supply line
is held constant by the voltage reference source, usually a temperature compensated
zener diode, forcing T2 to act as a constant current source. Thermal variations in VW are
compensated by the use of an identical transistor Ti, connected in a base-collector diode
arrangement. Assuming that T2 has a sensibly high current gain, the output current Ic2
will be given simply by Vr/Ri. A very low overall temperature co-efficient of less than 50
ppm can be achieved by using a glazed ceramic resistor formulation for R.
+ 15v

Figure 7.12 The constant current source.

Very short reset times are desired for the ramp signal, in order to improve the input
dynamic range of the PPM modulator. BFR 183 [106] is a npn, RF transistor with a gain
bandwidth upto 8 GHz, which can be switched at extremely high frequencies. This
device was used as a switch to discharge the capacitor, resulting in reset times in the
order of 2 ns.
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At high frequencies the charge storage in the base-emitter capacitance can be significant
under saturated switching conditions, allowing the current flow to continue briefly, even
after the switching pulses have been removed. A speed up capacitor is required in the
base drive circuit for rapid removal of this excess base charge. The length of the lead
from the capacitor to the collector of the switching transistor must also be kept to a
minimum in order to limit unwanted inductances. HP 8081A rate generator from Hewlett
Packard was used to generate the narrow width pulses required to reset the ramp.

Figure 7.13(a) shows the complete circuit diagram for the ramp generator, with an
additional output transistor used as an output buffer. The oscilloscope traces of the clock
pulses and the generated ramp output are also shown.

7.4.2 PPM modulator
The timing and circuit block diagram for PPM generation, employing a ramp signal, was
illustrated in Fig. 6.1. A PWM signal is first generated by comparing the ramp signal with
the modulating signal, using an ultra fast ECL comparator [107]. The PPM signal is
generated by triggering pulses on the modulated edge of the PWM signal. The circuit
diagram of the PPM modulator and the associated signal waveforms are shown in Fig.
7.14.

In section 6.3.2 it was shown that a clock component can be extracted at the receiver,
from the incoming PPM signal. The extracted clock signal and the PPM pulse stream is
used in signal demodulation. Therefore, no reference signal is required to be transmitted
with the PPM signal.
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It was stated in section 6.2, that key parameters of the PPM modulator, including the
amount of non-linear distortion, are primarily determined by the ramp generator.
Therefore, in order to minimise the non-linear contribution a highly linear ramp signal is
desired. The linearity of the PPM modulator was determined by accounting for the
variation of the pulse width at the output of the comparator, for different values of offset
voltages. The results are presented and analysed in Chapter 8.

7.5

Optical Link

The PTM signals are transmitted via an optical link, which consists of an optical
transmitter, optical fibre and an optical receiver. The choice of optical components is
determined by a number of parameters such as system fidelity, cost, reliability,
transmission capacity and transmission distance [59]. Details of the optical transmitter
and optical receiver are presented in sections 7.5.1 and 7.5.2, respectively.

The performance potential of an optical link is characterised by two system parameters:
optical power budget and rise time budget. These two parameters are evaluated in
section 7.5.3.

7.5.1 Optical transmitter
Optical transmitter converts the electrical signal into an optical format for transmission
via optical fibre. PTM signals are ideal for optical fibre transmission as they can operate
lasers at low duty ratios, increasing the device lifetime. Hence a laser source was
employed as the optical source for PFM and PPM transmission. However, SWFM
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operates with a 50% duty cycle, and due to its reduced bandwidth requirements a LED
was adequate for optical transmission.

LSC 2100 [108], a coolerless laser module operating at 1300 nm, was employed as the
optical source for PFM and PPM transmission. The device is well suited for low power
applications and can be modulated upto a data rate of 1 Gbit/s. The internal
semiconductor laser is based upon InGaAsP buried heterostructure (BH) technology and
has a maximum power output of 4 dBm and a typical spectral width (FWHM)of 3 nm.
Threshold current of the laser is approximately 20 mA with a temperature co-efficient of
2.5% per °C. The LSC 2100 package also include a photodiode for monitoring the laser
output power and a longhorn type heat sink mounting flange.

The laser source, when operated as an optical transmitter, employs a bias circuit to
compensate for temperature fluctuations of the device and a drive circuit to modulate the
laser current, as illustrated in Fig. 7.15.
Drive
circuit

Bias
circuit
Photodiode

:

Laser
diode

Figure 7.15 Laser source operated as an optical transmitter.
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For digital transmission the laser is biased near, but below the threshold current [39]. The
laser threshold current is strongly temperature dependent and therefore, a feedback
technique is required to compensate for variations of the optical power output against
threshold current variations. A simple bias circuit employing monitor photodiode current
as the feedback parameter is shown in Fig. 7.16. Here, the monitor photodiode current
account for any optical power fluctuations, due to the laser threshold current variations,
by changing the bias voltage accordingly. A complete circuit analysis can be found in
Appendix 1.
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47k
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10k
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-5 .2 V

Figure 7.16 Laser bias circuit diagram.

The laser dynamic impedance in the forward current direction is very low and therefore
driving the laser source with a low impedance voltage source should be avoided. In order
to intensity modulate the ECL pulses, a differential drive circuit [109], which switches
the main current from one transistor to the other, was employed. BFR 93A high
bandwidth, npn RF transistors were used in the drive circuit, illustrated in Fig. 7.17.
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Figure 7.17 Laser drive circuit diagram.

DL 1040-ST [110] is a hybrid, optical transmitter-receiver pair. The DLT 1040-ST
transmitter is a 16 pin dual in line package which employs an advanced edge emitting
LED (ELED) as the optical source. The transmitter inputs are pseudo ECL (PECL)
compatible i.e. ECL logic operated from a positive supply, and the optical power can be
coupled to a 50 pm or 62.5 pm core multi-mode fibre, incorporating ST connectors. The
LED operates at 1300 nm and has a maximum power output of -14 dBm and an optical
rise time of 3.5 ns. DLT 1040-ST was employed to transmit SWFM signal and the
circuit diagram is shown in Fig. 7.18.
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Figure 7.18 Optical transmitter module, employing an ELED.

7.5.2 Optical receiver
DLR 1040-ST receiver [110], containing an InGaAs/InP photodetector, Si bipolar IC
pre-amplifier and a hybrid post-amplifier/decision circuit, was employed as the optical
receiver. The photodetector has a maximum input power capability of -14 dBm and a
minimum receiver sensitivity of -33 dBm. The optical rise and fall times are typically
around 1.5 ns. The data outputs are PECL compatible, when terminated by 510 Q
resistors to ground. The complementary outputs should be terminated with identical load
circuits to avoid unnecessarily large ac currents in the supply lines. A filter network is
also present in DLR 1040-ST, which bandlimits the preamplifier output noise and thus
improve the receiver sensitivity. Circuit diagram of the optical receiver is shown in Fig.
7.19.
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Figure 7.19 Optical receiver circuit diagram.

7.5.3 Optical power budget and rise time budget
The concept of an optical power budget was introduced in section 3.5.2. The equation
governing the power budget was given by Eqn. (3.21) and is repeated here:
Pt = Pr + C L + M s

where P, is the transmitted optical power, Pr is the received optical power, CL is the total
channel loss and Ms is the system margin. Assuming a maximum optical power output for
the laser diode operation, a minimum receiver sensitivity for the photodiode and a typical
system margin of 7 dB [10], the net optical power available for channel transmission is
32.5 dB ( see Table 7.4).
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The channel losses are incurred due to fibre attenuation af, connector losses at the
transmitter and receiver acon and splice losses Gv,-Ce. Therefore, the total channel loss CL
can be expressed as:
CL= a f + a ct,„ + a spllce

(7.2)

Allowing a typical 2 dB value for connector losses [10], 0.1 dB loss for each splice
connection placed 1 km apart [5] and a characteristic 0.4 dB/km fibre loss for the 1300
nm wavelength of operation, the optical power restricted, maximum transmission
distance L, of the optical link is 60 km.

In optical communication systems, the purpose of a rise time budget is to ensure that
adequate bandwidth is available among optical components for an intended application.
The concept of rise time is used to allocate bandwidth since, they are inversely related
(refer to section 5.4.2.3 and Eqn. (5.31)).The rise time budget of an optical link is
expressed as [10]:
T ^ ^ tS + T Z + t;

(7.3)

where Tt is the transmitter rise time, Tr is the receiver rise time and 7} is the fibre rise
time. Generally the values of T, and Tr are available from the vendors but 7} is dependent
on fibre dispersion and can be defined as [10]:
Tf =^TmJ + T mJ

(7.4)

where Tnat andTm0d are thedispersion contributions due to fibrematerialdispersion and
modal dispersion, respectively. Agrawal [10] has definedtheseparameters
following equations.
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by the

T ^ D ^ IA X

(7.5a)

c

(7.5b)

Here, D f represent the fibre dispersion parameter, AX is the FWHM spectral width of the
optical source, ii\ is the refractive index of the fibre core, c is the speed of light and A is
parameter defined in terms of nxand the refractive index of the fibre cladding [111].

In this application a 50/125 pm graded index multi-mode fibre has been used. Since the
wavelength of operation is at 1300 nm, the material dispersion is insignificant. Therefore,
fibre rise time is solely determined by Tm0dai, and for the power restricted transmission
distance was calculated to be 1.46 ns. This results in an overall rise time budget of 2.32
ns.

When the optical link is operated at the power restricted, maximum transmission distance
of 60 km, the rise time budget allows for a system bandwidth of 150 MHz. The
parameters used in optical power budget and rise time budget calculations are
summarised in Table 7.4.
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Parameter

Value

Pt (maximum)

4 dBm

Pr (minimum)

-35.5 dBm
39.5 dB

PcPr
Ms

Optical Power

7d B

LcCf + (L-l)c^, '.ice

Budget

CC~on

32.5 dB

0.4 dB/km

Of

2d B

&con

0.1 dB

&splice

L

60.8 km

Tt

1.0 ns

Tr

1.5 ns

T mod

Rise Time

n,

1.46

Budget

A

0.2

c

3 x l0 8 ms'1

1.5 ns

Tsys

2.3 ns
150.8 MHz

Table 7.4 Summary of system parameters used in optical power budget
and rise time budget calculations.
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7.6 PFM and SWFM Receiver
A block diagram of the PFM/SWFM demodulator was shown in Fig. 5.3, where the
information is recovered by lowpass filtering the baseband component of a regenerated
PFM signal, constructed from the incoming PFM or SWFM signal. The post decision
circuit of the DLR1040-ST [110] optical receiver generates PECL outputs, which can be
converted back into ECL level by applying a dc bias. This signal can then be applied to
the constant width pulse generator, discussed in section 7.3.2, in order to produce the
regenerated PFM signal. The parabolic relationship identified in section 5.3, for the
baseband signal power and the duty ratio of the regenerated PFM signal, will be
confirmed by experimental data in Chapter 8.

Double-edge regeneration of SWFM, employing the gate delay technique for pulse
generation, was illustrated by Fig. 5.5. The width modulation produced by this technique
has already been mentioned in section 7.3.2. In double-edge detection systems, this effect
is even more pronounced as the rise and fall times of the SWFM signal are not identical.

Therefore, in order to generate pulses on both edges of a SWFM signal, the approach
shown in Fig. 7.20 was used. Here, two constant width pulse generators, described in
section 7.3.2, are used to produce pulses at the rising and falling edges of the SWFM
signal. The two pulse streams are combined resulting in a double-edge signal.
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Figure 7.20 Double-edge SWFM regenerator.
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7.7

PPM Receiver

The demodulation process of PPM was outlined in section 6.3. The recovery of a clock
reference signal from the incoming PPM pulse stream allows for a PWM signal to be
regenerated at the receiver. Information is recovered by lowpass filtering the baseband
component of the PWM signal. Therefore, the key components of the demodulator are
the PLL and the PWM generator. The theory behind PLL operation was presented in
section 6.3.3, and its circuit implementation is dealt with in section 7.7.1. The sub
section which follows, presents the PWM generator.

7.7.1 Phase locked loop (PLL)
The PPM spectral investigation in section 6.3 had shown the strong presence of a clock
reference signal at low modulation indices, decaying to its lowest value at a modulation
index close to 80%. Figure 7.21 shows the lowest clock component detected for a PPM
signal, when modulated at an index of 78%. This illustrates that the clock component is
approximately 25 dB above the signal noise floor, allowing adequate margin for a PLL to
lock on to it.

NE 564 [112] is a monolithic PLL with TTL compatible inputs and outputs, which can
be operated upto a frequency of 50 MHz. The device consists of a limiter, VCO, phase
detector and a post detection processor for demodulation applications. The phase
detector consists of a double balanced modulator with a limiter amplifier to improve AM
rejection.
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Figure 7.21 PPM spectrum at a modulation index of 78%.

It was stated in section 6.3.3 that the loop filter of a PLL has considerable influence on
its operation. In NE 564 the loop filter is a simple first order RC network, and the loop
transfer function is given by,

/(s)= i r f e

(7 1 )

where R is internal and C is an external capacitor. The spectral investigation of PPM
shows a clock component which has sidebands on either side, at close proximity.
Therefore, in order to prevent the PLL from locking onto the sidebands a narrow lockin-range is desired. This is achieved by making the loop bandwidth as narrow as possible.
A narrow loop bandwidth has the added advantages of better noise performance and an
extended hold-in-range. A loop filter with a 3 dB cut-off frequency of approximately 6
Hz was used in this application.

164
:

To design a small loop bandwidth PLL and to ensure good locking, a crystal controlled
VCO is highly desirable. The VCO frequency drift should be controlled to be less than
the lock-in range in order to prevent the PLL going out of lock. A crystal controlled
VCO, operating at 20.5 MHz was used at the receiver. The frequency offset between the
transmitter and the receiver must also be kept to a minimum, so that the VCO frequency
drift can be made to be within the lock-in range of the PLL. The carrier frequency of the
PPM transmitter was set by the clock signal from a stable function generator (HP
8081A).

The circuit diagram of the PLL is shown in Fig. 7.22 (a). The received PPM pulse stream
and the recovered clock signal is shown in Fig. 7.22 (b).

7.7.2 PWM generator
The signal waveforms associated with the PPM demodulator and its circuit block
diagram were shown in Figs. 6.4 and 6.6, respectively. The recovered clock signal and
the PPM pulses can be combined to trigger a latch in order to generate the PWM signal.
The TTL compatible clock output of the PLL was converted to ECL levels using an
ECL comparator and pulses were triggered at the falling edge of the inverted clock
signal. These clock pulses were combined with the PPM signal and fed to a dual D-latch,
which performs a divide by two operation to generate the PWM signal. The circuit
diagram of the PWM generator is shown in Fig. 7.23.
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7.8

Demultiplexing and Signal Demodulation

In each PTM technique, baseband regeneration was employed at the receiver. In order to
recover the information, subcarrier channels must be isolated and appropriate
demodulation techniques should be employed. The implementation o f a baseband channel
and the commercial availability of filters at the subcarrier frequencies chosen for the
prototype, meant filtering was a favourable technique to recover information. In the
following sub-sections, the filters used to recover the subcarrier channels from the SCM
signal, and demodulation techniques employed to recover signals, are presented.

7.8.1 Video signal recovery
Lowpass filters for PAL/SECAM receiver applications are widely available and a 5.5
MHz, lowpass filter from Toko [113] was employed to recover the video channel. A
differential video amplifier [103], which provides the required gain and bandwidth, was
used to amplify the video signal. The circuit diagram for video signal recovery is shown
in Fig. 7.24.
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Figure 7.24 Video signal recovery by employing a low pass filter.
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Since, pre-emphasis was employed at the transmitter to boost the high frequency signal
components, a de-emphasis network is required at the receiver to restore the original
signal levels. The video de-emphasis network conforming to CCIR-405 standard and its
frequency response are shown in Fig 7.25. An emitter-follower stage was cascaded after
the video amplifier to provide the necessary gain adjustment and the required output
impedance.

7.8.2 Audio signal recovery
Audio signals were recovered by using bandpass filters to filter the FM modulated
channels and employing FM demodulators to recover the baseband audio signals. A
ceramic filter, custom built for PAL television sound applications [114] was used for the
6.0 MHz channel and a bandpass filter operating at a centre frequency of 7.2 MHz [115]
was used for the second audio channel.

The TBA120C [116] monolithic IC, specifically designed for use in the sound section of
TV receivers and the FM/IF portion of radio receivers, was used to demodulate the
audio channels. The carrier frequency to which the demodulator locks on is determined
by an external capacitor and an inductor. The device has a built-in limiter and an IF
amplifier, and can operate upto a frequency of 12 MHz. The audio de-emphasis network
consists o f an external 22 nF capacitor between pin 8 and 11 and a 2.6 kH internal
resistor. An audio amplifier[l 17], designed to deliver 2 W/channel continuos power into
a 8 Q load, was used for signal amplification. The circuit diagram for the 6.0 MHz audio
channel recovery is illustrated in Fig. 7.26.

169

+5v

Output buffer
33u
300

5k 1

A/W
BFW17A

AAV

AAV

220u

75

Video

=P 5.6n
10n

(a) circuit diagram

rfflMKR* —2 . 822M H z
RLi - 2 0 - OdBm

10d B /

3 . lO dB
ATlO dB

ST 2 e

W»
D*PK

t* V T e-emphisiseff
j
outpijt

CNF* 2 . 1MH:

SPF» 4 . 2MHz

R B 3kH z

(b) frequency response
Figure 7.25 The de-emphasis network for PAL-625 video signal.

170

V B lO k H z

o

-I- °

C
T)

in

■A/W

-F °

GND

Figure 7.26 Filter and demodulator circuit diagram for the 6.0 MHz audio channel.

171

7.8.3 Data signal recovery
The data channel was allocated the frequency band used for NICAM stereo transmission
in a PAL television signal. Therefore, a commercially available NICAM stereo filter
[118] was used to filter the FSK signal. The NE564 phase locked loop, described in
section 7.7.1, is capable of demodulating FSK signals at data rates in excess of 1 M
baud. The centre frequency of the demodulator was selected by a combination of
external capacitors. The post detection processor present within the IC convert the mark
and space frequencies into DC levels compatible with TTL logic. The circuit diagram for
FSK demodulation is shown in Fig. 7.27.
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Figure 7.27 Circuit diagram for data channel signal recovery.

172

7.9

Summary

In this chapter the hardware system implementation o f the prototype, to demonstrate the
technical feasibility of the SCM-PTM concept, was presented. The SCM signal was
formed by a video channel, two audio channels and a data channel. The pre-emphasis and
de-emphasis networks for the video and audio channels, conforming to the industry
standards, were presented. Each PTM technique was implemented using the high speed
ECL logic family, and its properties were listed. A RC differentiator circuit was
nominated as an alternative constant width pulse generator to the gate delay technique.
The design o f a highly linear ramp generator, critical to PPM operation, was also given.

Details of the bias circuit and the driver circuit for the laser diode operation was given in
section 7.5. The optical power budget and the rise time budget calculations have shown a
maximum, power restricted transmission distance of 60 km and a system bandwidth of
150 MHz for the optical link. The technique nominated for PPM demodulation in
Chapter 6 was implemented by employing a PLL with a narrow loop bandwidth. The
commercially available filters at the nominated subcarrier frequencies, and the
appropriate demodulation techniques allowed for signal channel recovery.
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Chapter

8

R esults and Analysis

The operational details and theroretical predictions for PFM, SWFM and PPM systems
were presented in Chapters 5 and 6. This was followed by details of the prototype
system implementation, incoporating each of the above PTM techniques, to transmit a
broadband SCM signal. In this chapter, various theoretical predictions made earlier is
verified, and the system prototype is used as a test bed to evaluate the performance
potential of the SCM-PTM concept.

In the following section the spectral characteristics, baseband signal power variations,
the clock componenet behaviour etc. for PFM, SWFM and PPM systems are shown to
be in agreement with the theoretical predictions. The implications of baseband distortion
for practical SCM-PTM system implementation is discussed in section 8.2. The SNR
performance of video and audio channels and the BER performance of the data channel
for the implemented PTM techniques are presented in section 8.3. The performance
potential of each PTM technique is evaluated and weighed against conventional analogue
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techniques. In section 8.4 the linearity of the PTM sub-system, critical to the harmonic
performance of the system, is presented. The overall harmonic performance of the
system is also presented, by measuring the second and third harmonic performance for
each signal channel.

8.1

Verification of Spectral Predictions

The general characteristics attributed to PTM spectrums were identified in section 4.3.3.
These include the prsence of a carrier frequency and its harmonics and a set of
diminishing sidetones centered around each of these frequency componenets. The
sidetones are seperated in frequency by an integer multiple of the modulating signal
frequency and can be predicted by the Bessel function of the first kind.

In order to verify the theoretically predicted spectrums, frequency domain measurements
were carried out on the prototype. The measurement setup is shown in Fig. 8.1, and
single tone modulation has been employed in order to simplify the spectral analysis
process.

Stanford RS

Tektronix

DS345
signal generator

TDS 684A
oscilloscope

Anritsu
MS2601B
spectrum analyzer

Figure 8.1 Test setup for frequency domain measurements.
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8.1.1 PFM and SWFM systems
The spectral characteristics of SWFM and PFM systems were identified in section 5.3. A
verification of these theoretically predicted spectrums is given in this section. Figure 8.2
shows the spectrum of a SWFM signal, modulated by a 1 MHz sine wave. The presence
of a carrier fundamental and odd harmonics, with sidetones around them seperated by
the modulating signal frequency, can be identified. As predicted, the deviation around the
harmonics is greater , compared to the deviation about the fundamental. The even
harmonic presence is due to the deviation of the square wave duty cycle from an ideal
value of 50%.

The sidetone structure around the carrier fundamental and the harmonics are predicted
by Bessel functions of the first kind. The first carrier null detected for the SWFM signal
is shown in Fig. 8.3. Theoretically, this corresponds to a p value of 2.408, and this
predicts a modulation sensitivity of 20.24 MHz/V for the VCO. This value is in close
agreement (within experimental errors) with the experimental data (see Fig. 8.6),
conforming the Bessel function behaviour of the sidetones.

The PFM spectrum, when modulated by a 1 MHz sine wave, is shown in Fig. 8.4. Here,
the significance is the presence of the modulating signal as a distortionless baseband
componenet, which allow for signal recovery at the receiver. In addition to the carrier
fundamental and odd order harmonics side tone stuructre, as in the case of SWFM, the
even order harmonics are also present in PFM systems.
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Figure 8.3 SWFM spectrum, indicating a carrier null.
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Figure 8.4 PFM spectrum, containing the baseband.

The transmitted PFM pulse width is determined by the required signal-to-noise ratio
performance and the available channel bandwidth. A narrow width pulse is desired at the
transmitter, as the detected pulse width and the PFM noise power spectral density are
inversely related (see section 5.4). However, the achievable SNR performance is
constrained by the available channel bandwidth, since shorter pulses require a greater
transmission bandwidth (refer to section 5.5.3).

At the PFM receiver, the information is recovered by lowpass filtering the baseband
component of the regenerated PFM signal (section 5.3). The relationship between the
PFM baseband signal power and the regenerated duty ratio was plotted in Fig. 5.4. Using
equivalent system parameters and a sampling ratio, R = 28, the measured power of the
baseband component, for different values of the regenerated PFM duty ratio, is
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illustrated in Fig. 8.5. The measured values were fitted to the theoretical curve by
applying an appropriate uniform gain factor, confirming the parabolic relationship
indicated in Chapter 5. Therefore, as opposed to the transmitter, a wider pulse is
advantageous at the output of the PFM regenerator in order to maximise the signal
power. Figure 8.5 indicates that when the duty ratio is raised from 20% to 40 %, the
baseband signal power increases by a factor of 4, a 6 dB improvement.
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Figure 8.5 PFM baseband signal power variation for different duty ratios.

8.1.2 PPM system
The spectral characterisation carried out in section 6.3 revealed the presence of a strong
clock frequency component for the PPM spectrum, and a baseband component for the
PWM signal. Based on these findings a novel detection technique, based on recovery of
the clock component from the incoming PPM pulse train, was introduced. The details of
its implementation were presented in section 7.7.
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The amplitude of the PPM carrier, normalised to the value of the unmodulated carrier,
was plotted for different modulation indices, see Fig. 6.5, using Eqn. (6.9). It showed a
strong carrier frequency component at low modulation indices, rapidly decreasing to
lower levels at higher modulation. For the same system parameters, the measured
amplitude of the PPM carrier (clock) component, normalised to the amplitude of the
unmodulated carrier component, for different modulation indices, is indicated in Fig. 8.6,
showing excellent agreement with the predicted results.
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Figure 8.6 Normalised clock component against modulation index for a PPM system.

In order to gain a quantitative understanding, the PPM spectrum containing the lowest
clock component, for the modulation range indicated in the graph, was shown in Fig.
7.21. This indicated a frequency component which is approximately 20 dB above the
signal noise floor, allowing adequate margin for a PLL to lock and recover the clock
component. In fact, the measured lowest clock component corresponded to a modulation
index of 78%, in close agreement with the predicted value.
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In section 7.7.1 the need for a PLL with a narrow lock-in-range was emphasised because
of the presence of sideband components at close proximity, on either side of the PPM
carrier. Figure 8.7 shows the measured relative amplitude of the clock (carrier)
component to the first sideband pair for different modulation indices. As it can be seen at
low modulation indices the sidebands levels are sufficiently below the clock component.
However, beyond a modulation index of 60% the sidebands dwarf the clock component,
approximately 6 dB higher at 80% modulation. Therefore, at high modulation indices the
PLL should be carefully designed in order to prevent it from locking onto the sideband
frequencies.
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Figure 8.7 Relative amplitude of the PPM clock component to the first sideband pair,
under different modulation conditions.
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The spectral expression for a naturally sampled, trailing edge modulated PWM signal
was given by Eqn. (6.8). The spectral plot of a PWM signal, modulated by a 1 MHz sine
wave, is shown in Fig. 8.8. As predicted, a baseband component and sidetones around
the carrier frequency and its harmonics can be identified.
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Figure 8.8 PWM signal containing a baseband component.
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8.2 SNR and BER Performance
The SNR and nonlinear distortion performance are two system parameters which
indicate the performance potential of a modulation technique (section 4.3.4). Nonlinear
distortion performance of the PTM sub-system and the overall prototype system will be
presented in section 8.3. In this section the SNR performance of each PTM technique is
presented and analysed. The performance of the video and audio channels are measured
in terms of the rms signal power-to-rms noise power ratio. The bit error rate (BER),
which defines the ratio of the number of received erroneous bits, to the number of
transmitted bits, within a given time period, is used to evaluate the performance of the
data channel.

8.2.1 SNR measurement
The measurement setup for SNR evaluation is shown in Fig. 8.9. A sine wave at an
appropriate signal frequency is used in the SNR measurement of each channel. The
recovered signal at the channel output is fed to the spectrum analyser, which measures
the system noise floor in a 10 kHz bandwidth for the video channel and a 100 Hz
bandwidth for the audio channel. The difference between the signal level and the noise
floor is read as the SNR.

An appropriate weighting factor should be applied to the measured values, in order to
account for the noise power over the whole frequency range of each signal channel. The
weighting factor was calculated using the following equation.

^

W eighting Factor = 10 log

f

resolution bandwidth^

V system bandwidth )
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/t>

(8 • 1)

Here, the resolution bandwidth refers to the bandwidth in which the system noise floor is
measured in. The system bandwidth is the frequency range of each signal channel, 5.5
MHz and 15 kHz for the video and audio channels, respectively.

Prototype Transmitter
Stanford RS
DS345
signal generator
Optical fibre

(

Optical \
attenuator J

Tektronix
TDS 684A
oscilloscope

Anritsu
M S2601B
spectrum analyzer

Optical

power
meter

Prototype Receiver

Figure 8.9 Measurement setup for SNR evaluation.

The SNR expressions for PFM, SWFM and PFM systems were derived, employing
different pulse models, in Chapters 5 and 6. The conventional approach used to represent
SNR performance, in optical communication systems, is to characterise the SNR values
against the received optical power. Therefore, the SNR performance of the video and
audio channels, for the implemented PTM techniques, are presented using this approach.
The parameters used in SNR calculations for the PTM technique, as well as the
conventional SCM approach, are also listed. The presented results are analysed in
section 8.2.2.

184

&2.1.1 PF M and S WFM systems
The various parameters of the optical receiver, relevant for rms noise power calculation,
are listed in Table 8.1. The mean avalanche gain of the p-i-n receiver is unity and a room
temperature of 300 K is assumed for the thermal noise calculation.

System parameter

Symbol

Photodiode responsivity

R0

Mean avalanche gain

G

Photodiode dark current

h

Receiver equivalent noise current

Value
0.75 AAV
1
100 pA
2.5 pA/VHz

Front-end load resistance

Rl

14 kH

Absolute temperature

Tab

300 K

Boltzman constant

k

1.3 8x10'23 JK'1

Electron charge

<1

1.6x10'19 C

Table 8.1 Optical receiver parameters for noise power calculation.

The PFM and SWFM parameters of the prototype are listed in Table 8.2. The sampling
ratio was allocated according to Eqn. (5.46), allowing adequate frequency guard band in
order to limit the baseband distortion. The modulation index for each channel was
allocated taking into account the frequency presence and the SNR requirements of the
channel. Equivalent modulation indices, used to calculate the performance of
conventional SCM approach, are also listed. The ELED limited transmission bandwidth
of the SWFM system is approximately 100 MHz. The PFM carrier was operated at a
duty cycle of approximately 25%, which results in a similar transmission bandwidth
requirement.
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PFM/SWFM parameter
Sampling ratio

Symbol

Value

R

35

Modulation index

video

audio

- PFM/SWFM

p

1

0.1

- analogue equivalent

trii

1

0.1

Transmission bandwidth

B,

(Duty cycle

1001VTHz

d,: PFM=25%, SWFM -50% )

Table 8.2 PFM and SWFM system parameters.

The measured rms SNR versus the peak received optical power for the video channel,
operated at the PFM/SWFM system parameters listed in Table 8.2, is shown in Fig. 8.10.
The measured values of the SWFM double-edge detection technique is also shown. The
theoretical curve has been calculated using Eqn. (5.36) representing the Guassian model.
The performance of conventional SCM for equivalent system parameters, calculated
using Eqn. (3.15), is also indicated.

Unlike the baseband video channel, the audio signal is FM modulated onto a subcarrier,
prior to PTM modulation (section 7.2.2). Therefore, in order to calculate the final output
SNR, appropriate gain factors should be employed on the signal recovered at the PTM
demodulator. The parameters relevant for the SNR calculation of the FM audio channel
are listed in Table 8.3. The FM modulation index J3Fm, has been calculated for an audio
signal bandwidth of 15 kHz and a peak frequency deviation of 50 kHz (Table 7.2).
Subjective tests carried out on 50 ps pre-emphasis, by the British broadcasting
corporation (BBC), has shown a 4.5 dB improvement in the output SNR, compared
ordinary FM modulation, and is taken into account in the calculations [119].
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Channel parameter

Value
3.3

Modulation index (/?™)
FM gain factor [120]
Pre-emphasis gain

4.5 dB

Channel bandwidth

160 kHz

Table 8.3 Audio channel parameters for output SNR calculations.

The performance of the audio channel, for the PFM/SWFM system parameters listed in
Table 8.2, is shown in Fig. 8.11. The theoretical curves are produced by the same
equations used for the video channel, using the parameters listed in Table 8.3. As before,
the measured values for SWFM double-edge detection are also shown.

8.2.1.2 P P M system

The system parameters employed in PPM signal transmission are listed in Table 8.4. To
obtain a base band distortion of -40 dB or less a sampling ratio of 2.9 was adequate for
PPM compared to 3.5 for the PFM system. The video and audio channels were operated
at modulation indices of 40% and 10%, respectively.

PPM parameter
Sampling ratio

Symbol

Value

R

2.9

Modulation index

video

audio

- PPM

Mi

40%

10%

- analogue equivalent

nii

40%

10%

Transmission bandwidth

B,

100 MHz

Duty cycle

d

20.5%

Table 8.4 PPM system parameters.
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Figure 8.10 SNR performance of the video channel for PFM/SWFM system.
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Figure 8.11 SNR performance of the audio channel for PFM/SWFM system.
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The SNR performance of the video and audio channels for PPM transmission are
illustrated in Figs. 8.12 and 8.13, respectively. The measured values are complemented
by theoretical calculations. The PPM theoretical curve has been calculated using the
SNR expression given by Eqn. (6.19). For each signal channel the predicted SNR of the
conventional SCM approach, employing equivalent system parameters, is also indicated.

8.2.2 Performance analysis
In the previous section the SNR performance of the video and audio channels for
SWFM, PFM and PPM systems were illustrated. The system measurements were
complemented by theoretical predictions, for both SCM-PTM technique and the
conventional method, using the derived SNR expressions and parameters listed in tables
8.1 to 8.4. The SWFM transmission, employing single-edge detection at the receiver,
produced SNR values equivalent to the PFM system. By employing double edge
detection technique, the SNR performance is improved further by ~3 dB as reasoned in
Chapter 5, see Figs. 8.10 and 8.11.

The pulses at the optical receiver output are best approximated using a Guassian pulse,
and therefore the SNR expressions representing the Guassian model has been used in the
calculations. The theoretical values are in close agreement with the measured values at
higher optical power levels. At lower optical power levels the measured values deviate
significantly from the theoretical curve. A possible explanation for this could be the
threshold effect, discussed for PFM systems in section 5.4. However, according to the
calculations the threshold value correspond to a much lower received optical power
level, approximately -40 dBm for the PFM system. On the other hand the limited gain of
the optical receiver post- amplifier can limit the sensitivity of the output logic decision
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Figure 8.12 SNR performance of the video channel for PPM system.
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Figure 8.13 SNR performance for the audio channel in PPM system.
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circuit at lower optical power levels. Since, the roll-off effect is present in both PFM and
PPM systems, this is the most likely cause.

The SNR criterion laid down for each signal channel in Table 7.2 is easily met for both
PFM and PPM systems. The PFM system indicates an approximately 6 dB improvement
in the optical receiver sensitivity, compared to a conventional SCM system operated
using equivalent system parameters. The approximate receiver sensitivity improvement
for the PPM system is 8.5 dB. The 2.5 dB increase of the receiver sensitivity in PPM
system compared to PFM system, corresponds to the 5 dB SNR advantage predicted for
PPM over PFM, in Chapter 6.

The increased receiver sensitivity results in a higher optical power budget which can be
utilised to extend the transmission distance and the number of network nodes. For an
example, the 8.5 dB improvement in PPM systems results in an increased transmission
distance of 17.2 km for the 1300 nm optical window, or 28.6 km for the 1500 nm optical
window. An increased transmission bandwidth will further increase the receiver
sensitivity. However, this is a trade-off of a number of system parameters such as system
capacity, cost and the available channel resources. Similarly a higher modulation index
will improve the SNR, but the modulation index that each channel can be operated will
depend on the number of channels and the input dynamic range of the PTM modulators.

In order to further validate the above SNR measurements, attempts were made to relate
the obtained results with published material. However, due to different system
parameters used in other works no meaningful comparisons could be made.
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8.2.3 BER measurements
The details of the data channel implementation was given in Chapter 7 (sections 7.2.3
and 7.8.3). In order to determine the amount of jitter and the ISI present on a digital bit
stream an eye diagram may be displayed on an oscilloscope. The test setup to generate
an eye pattern is shown in Fig. 8.14 [121]. Here, the digital bit stream under test is
directed into the ‘A-input’ channel of an oscilloscope. A clock frequency which is either
derived from the same source as that which produces the digital signal, or in the absence
of this, derived from a clean local source of the same frequency, is used to trigger the
oscilloscope. Therefore, the oscilloscope sweep duration corresponds to the clock period
and the persistence of vision produces an eye pattern.

Clock
source

n

Received data
into
A-input channel

PRBS
generator

Tektronix
2465A oscilloscope

Trigger input

Figure 8.14 Eye diagram test setup

The eye diagram generated for data transmission of the prototype at higher optical
power levels is shown in Fig. 8.15. The degree to which the eye is ‘open’ indicates the
ISI degradation, defined in dB units as [121]:
ISI degradation = -20 log [percentage of eye open/100]
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(8.1)

The wide open eye comfortably exceeds the 0.9 dB ISI degradation specified as tolerable
for digital data transmission.

The amount of jitter in the system is indicated by the sharpness of the eye corners. In the
presence of jitter, the zero crossings of the consecutive bits are variable, resulting in
fuzziness at the edges of the eye. The width of the fuzziness is a measure of the peak-topeak jitter. The measured peak-to-peak jitter of the eye is in the order of ns, providing
adequate noise margin for the intended bit rate.

The horizontal crossings of the generated pattern have dropped towards the lower half of
the eye. This is due to the slight asymmetry in the mark to space ratio of the data
generated by the post detection processor of the FSK demodulator. No significant
deterioration in the eye was seen until the power level was dropped below -30 dBm.
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(a) 1 |j.s time base

(b) 500 ns time base
Figure 8.15 The generated eye pattern for data transmission.
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8.3

Nonlinear Distortion Performance

A nonlinear distortion analysis for conventional SCM systems was carried out in Chapter
3. The harmonic and intermodulation distortion resulting from the light-current
characteristic of the laser diode was discussed at length. In SCM-PTM technique the
overall system linearity is determined by the modulators and demodulators and the
associated electronic circuitry, since the constraints on the optical sub-system
specification is relaxed. In Chapters 5 and 6 , the VCO and the ramp generator were
identified as critical system components to deliver acceptable nonlinear distortion levels
in PTM systems.

8.3.1 PTM sub-system linearity
The amount of non-linear distortion introduced into the SWFM/PFM system is primarily
determined by the voltage-to-frequency conversion characteristic of the VCO. In order
to evaluate the linearity of the SP 1658 device, a test was carried out for the intended
frequency range of operation for this application. The experimental data, approximated
by a second order a polynomial, is shown in Fig. 8.16.

The second order polynomial can be represented by:
y = a0 + a ]x + a2x,2

(8.2)

where x and y are input and output respectively and a0 to a2 are coefficients. When the
input is a single tone of amplitude A and frequency co, the output signal is:
(8.3)

195

Using the above equation, the second order harmonic distortion HD2dB , relative to the
signal fundamental, can be expressed in dB units as:
™ 2dB=20Iog(^-yll

(8.4)

Applying the above equation to the second order polynomial curve-fit to the voltage-tofrequency conversion characteristic of the VCO, and assuming a modulating signal
amplitude of unity, the second order harmonic distortion is predicted to be -33.1 dB.
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Figure 8.16 Voltage-to-frequency conversion characteristic of the VCO for an external
capacitance of 29 pF
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It was stated in section 6.2, that key parameters of the PPM modulator, including the
amount of nonlinear distortion, is primarily determined by the ramp generator. Therefore,
in order to minimise the nonlinear contribution a highly linear ramp signal is desired. The
linearity of the PPM modulator was determined by accounting for the variation of the
pulse width at the output of the comparator, for different values of offset voltages.
Figure 8.17 shows the voltage-to-pulse conversion characteristic, and as before a second
order polynomial approximation was obtained for the experimental data. For a
modulating input signal of 1 V, the second harmonic distortion predicted by Eqn. (8.3)
is:
HD™ = -75.6 dB
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Figure 8.17 Voltage to pulse position conversion characteristic of the PPM modulator.
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A third order polynomial curve fit was also considered to characterise the linearity of the
VCO and the ramp generator. However, the third order harmonic distortion is
significantly lower compared to the second order distortion and therefore, its influence
on the overall system linearity is minimal.

8.3.2 Overall system linearity
In order to evaluate the overall system linearity, the harmonic distortion measurements
were carried at the system output. For analogue signals, harmonic distortion is measured
in terms of a second and third order nonlinear term with respect to the fundamental. The
results obtained for the video and audio channels, when the system was operated using
the PFM/SWFM technique, are shown in Fig. 8.18.

Linear distortion results when the frequency response deviates from a consistent level,
within the channel passband. The fundamental component for both the video and audio
channels are flat throughout their respective channel passbands, and therefore no linear
distortion is introduced. The lowpass filter specifically designed for PAL/SECAM
television receiver applications has a sharp roll-off of 190 dB/decade, implicating a filter
order of 9. The second and third order harmonics of the video channel are below -40 dB,
the value specified for adequate signal performance [12, 81]. The roll-off of the audio
signal is gradual due to the lower order filter employed. For the audio channel no third
order harmonic was detected and the second order harmonic was approximately 44 dB
below the fundamental.
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Figure 8.18 Harmonic distortion for SWFM/PFM system.
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Similar tests were carried out on the PPM system and the results obtained are presented
in Fig. 8.19. The second harmonic of the video channel is approximately -48 dB, relative
to the fundamental and no significant third order terms could be detected. The
performance of the audio channel is also marginally better than the results obtained for
the PFM system. The marginally lower harmonic performance of the PPM system
compared to the PFM system can be attributed to the excellent linearity of the PPM
modulator ( Fig. 8.15).
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Chapter

9

Conclusions

9.1

Conclusions

In conventional SCM systems, the poor receiver sensitivities impose strict noise and
nonlinear requirement on the optical link, restricting the power budget. The applications
of various second stage modulators, incorporated into SCM systems in order to enhance
system performance, have been restricted either due to the limited improvements in
receiver sensitivity or in the increased complexity and bandwidth overheads. PTM
systems have shown to achieve excellent signal performance to bandwidth trade-off,
without compromising system cost and complexity. The work presented in this thesis has
demonstrated the viability of PTM as a second stage modulator in SCM systems. The
broadband transmission capability of PFM, SWFM and PPM techniques has also been
demonstrated. The predicted performance of the PTM techniques has been verified by
the implemented prototype system, capable of transmitting a video channel, two audio
channels and a data channel.
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The simplicity and the similarities of two widely used PTM techniques, PFM and
SWFM, were illustrated. The spectral characterisation revealed the presence of a
baseband component in the PFM signal, which can be utilised for signal recovery. The
voltage-to-frequency conversion characteristic of the VCO determines the input dynamic
range of a PFM/SWFM modulator and the commercially available devices were shown
to have large transmission capabilities. An alternative pulse generation technique,
employing a RC differentiator circuit, was proposed to minimise the width modulation
resulting from the gate delay technique. Since, signal demodulation relies on generating a
distortion free baseband component, adequate frequency guard band is required to
prevent the sidetones around the carrier fundamental making their way into the baseband
region. System measurements have indicated adequate system margin can be allowed for
by choosing the frequency guard band to be 50% of the modulating signal bandwidth.

Jitter noise was shown to be the dominant noise source in PTM systems operating above
a SNR threshold, below which the signal performance deteriorates rapidly due to the
presence of impulse noise. The SNR expressions for PFM system were derived using
appropriate pulse models for optical communication systems. A raised cosine shaped
pulse at the threshold detector results in a 3 dB SNR advantage over a Guassian or an
exponential shaped pulse. The 3 dB SNR improvement, reasoned for double-edge
detection SWFM technique, was verified by the prototype system. A transmission
bandwidth of 1/r, r being the PFM pulse width, was shown to contain adequate signal
energy to recover information at the receiver.

PPM was shown to be an efficient derivative of the PWM technique. Critical to PPM
generation is a highly linear ramp generator with a short flyback interval. A ramp signal,
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indicating excellent linear characteristics, was generated by charging a capacitor from a
constant current source and discharging through an extremely fast transistor in order to
achieve short reset times.

An investigation of the PPM spectrum revealed the existence of a clock component,
which has a strong presence at low modulation indices, decaying to a minimum at
approximately 80% modulation. A quantitative appreciation of the clock component
shows adequate system margin for the operation of a PLL to recover the clock reference
signal at the receiver. The sidebands on either side of the clock signal are at close
proximity and dwarfs the clock component beyond a modulation index of 60%.
Therefore, a carefully designed PLL, with a narrow lock-in-range, is required to prevent
it from locking onto the sidebands.

Based on reliable clock recovery at the receiver, a novel detection technique was
implemented for the PPM technique. The recovered clock pulses are multiplexed with
incoming PPM signal to trigger a bi-stable, generating a PWM signal. The spectral
investigation of PWM has shown the presence of a baseband component, which is
utilised for information recovery. Due to the self-synchronising property of the proposed
demodulator no reference pulses are required to be transmitted, and the cost and
complexity are also reduced compared to the existing demodulation techniques.

In order to verify the predicted performance of the PTM techniques and their broadband
transmission capability, a prototype has been implemented. Video, audio and data signals
were employed at the subcarrier stage and the PTM systems have been implemented
using the high speed ECL logic. The need for a bias circuit to stabilise laser operation
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against optical power fluctuations, due to threshold variations resulting from temperature
fluctuations, and a driver circuit to account for the low output impedance of the ECL
outputs, were outlined. The optical link was shown to have a maximum, power restricted
transmission distance of 60 km, and a transmission bandwidth of 150 MHz for a graded
index multi-mode fibre, operating at the power restricted transmission distance. The
bandpass filtering technique was preferred to the heterodyne detection due to the
implementation of a baseband channel and the commercial availability of filters at the
chosen subcarrier frequencies.

The PFM system delivered a 6 dB improvement in receiver sensitivity compared to
conventional SCM systems. The PPM system offered an extra 2.5 dB improvement in
receiver sensitivity, confirming the 5 dB SNR advantage predicted for PPM over PFM.
The increased receiver sensitivity of SCM-PTM technique results in an improved optical
power budget allowing for longer transmission distances and a greater number of
subscribers in a network. The simplicity and the low cost of PTM techniques mean that
this performance enhancement is achieved without compromising other system
parameters. The overall harmonic performance of PFM and PPM systems were shown to
be within -40 dB, the value specified for video and audio signal transmission.

In summary, the prototype implementation has shown the feasibility of PTM techniques
to transmit multi-channel signals, in optical communication systems. The SCM-PTM
approach is a hybrid technique for multiplexing signal channels, where hitherto time
domain and frequency domain multiplexing of PTM channels have proved inefficient or
complex. The commercial availability of VCOs, with extended frequency range of
operation, provide for a large transmission capacity in PFM and SWFM systems. In PPM
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systems, excellent circuit design techniques are called for in order to produce high
frequency, linear ramp generators with short flyback intervals. System measurements
have confirmed the predicted SNR performance for the PFM and PPM systems. Novel
detection technique, which exploits the self-synchronising property of PPM, has been
proposed, reducing the cost and complexity of PPM demodulation. The low cost of
PTM implementation and the relaxed specifications on the opto-electronic sub-system
means, that the improvement in receiver sensitivity is achieved without compromising
other system parameters.

9.2

Contributions to Knowledge

The following is a list of the main contributions to knowledge resulting from the work
carried out in this thesis. These original contributions have been supported by the
publications listed at the end of the section.

1.

The SNR expressions derived for PFM system have been further developed by
using appropriate pulse models to represent the detected pulses in optical
communication systems. Raised cosine shaped pulses were shown to deliver a 3 dB
improvement in SNR over Guassian and exponential pulses, characteristic for
optical fibre transmission. The energy distribution of the PFM signal has shown
that approximately 98% of the signal energy is contained within a signal bandwidth
corresponding to the inverse of the PFM pulse width.
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2.

An alternative demodulation technique has been proposed and implemented for
PPM demodulation. The characterisation of the PPM carrier frequency and the
sideband components on either side, have revealed adequate system margin for
PLL operation in order to recover a clock component under variable modulation
conditions. The recovered clock pulses are combined with the PPM signal to
create a baseband containing PWM signal at the receiver. Due to the self
synchronising property of the proposed demodulator, no reference signal is
required to be transmitted and the cost and complexity is also reduced compared to
the existing demodulation techniques.

3.

The prototype implementation has shown the feasibility of the SCM-PTM
technique for multi-channel signal transmission over an optical fibre link. Hitherto,
time domain and frequency domain multiplexing of PTM channels have proved
inefficient and complex. Therefore, the proposed hybrid technique has the ability to
transmit multi-channel signals and still exploit the advantages of PTM for optical
fibre transmission.
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Pulse time modulation for subcarrier multiplexed systems
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A p p e n d ix A

: Analysis of the Laser Bias Circuit
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Figure Al: Laser bias circuit diagram

The laser optical power output P, is:
Pt =rjlb

(A l)

where 77 is the laser slope efficiency and l b is the laser diode bias current.
The monitor photodiode current Ip, for a photodiode responsivity of Ra is:
i P=R„nh

(A2)

The voltages V, and V2 can be expressed as:
y,=VEE+{R0?ih)^

(A3)

V2 =3V,-2Vt

(A4)

assuming the ratio ofi^and 7?3 is 2.The laser diode current can be expressed interms of
the emitter voltage VE,of theQ2 transistor, and the negative supply voltage VEE, as:
V -V

h = ^ E1r ME
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(A5)

But VEcan be expressed in terms of the base-emitter voltage of Q2 ,
(A6)

Hence,
(A7)

The laser power fluctuations are detected by the monitor photodiode current, which
determines the V\ voltage. The V2 voltage is sensitive to the V\ voltage. The dependence
of Ib on V2 compensate for power fluctuations by changing the laser bias current
accordingly.

The following closed form expression is used to calculate the laser bias current, Ib
j J V s - ^ e e - 2 V Be

b

(2 R M i +R e )
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(A 8 )
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Prototype Receiver
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