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Preface

The existing network infrastructure in a world-wide scale is at present largely based
on copper cable and optical fibre carrying a single wavelength. Single-wavelength
(or first generation) optical networking has allowed transmissions at higher bit
rates over longer distances in comparison to copper cable-based networking. Even
so, the existing infrastructure of today overall cannot satisfy the ever-increasing
demand for communication bandwidth and cannot support new Internet services
and applications with increased bandwidth requirements. This is because electronic
devices can only handle bit rates up to a few Gb/s and therefore exploit only a small
fraction of the available bandwidth in an optical fibre. On the other hand, laying
new fibre is generally not a practical solution.

Wavelength-Division Multiplexing (WDM ) is probably the most powerful tech-
nique to unlock the enormous bandwidth in optical fibre and thus overcome the
electronic bottleneck without laying new fibre. WDM implies dividing the entire
optical bandwidth of a fibre into multiple non-interfering wavelengths serving as
channels that can be independently and simultaneously accessed by electronic
devices at reasonable—for electronic circuitry—speeds. Accordingly, multiwave-
length optical networking is the most promising technology for meeting both our
present and future information networking needs; the corresponding WDM-based
networks belong to the so-called second generation of optical networks.

Multiwavelength Optical LANs, G.I. Papadimitriou, P.A. Tsimoulas, M.S. Obaidat and A.S. Pomportsis.
C© 2003 John Wiley & Sons, Ltd. ISBN 0-470-85108-2.
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After many years of research, conferences, workshops, a large amount of pub-
lished work in relevant journals and a number of experimental prototypes and
testbeds, we have recently reached a point where multiwavelength optical net-
works have eventually broken through (out of the laboratories) into commercial
reality. A constantly growing number of long-haul network operators have adopted
WDM solutions to their networks in an effort to increase their capacity and be able
to respond to the high demand for broadband services. It is noteworthy for exam-
ple that in the last couple of years the North American WDM transport market for
optical backbone networks has grown by at about 50% (in billion dollars).

This book, however, focuses on the application of multiwavelength optical net-
working in the local area. Even though most of the early research studies on optical
networks were centred on the local area too, it is a fact that the (hitherto) high cost
of applying optical WDM networking techniques in local area networks (LANs)
has been the greatest obstacle to their commercial viability. The necessary optical
components for such implementations account for a significantly higher cost as
compared to their electronic counterparts. Consequently, thus far, it is hard for
a corporation to justify the cost of using a multiwavelength optical LAN when it
can cover its needs quite well and much more economically with more established
options, like Gigabit Ethernet, for example. The problem of cost-effectiveness
remains to some extent for large lightwave networks as well.

On the other hand though, the underlying optical component technology is
still experiencing a phase of rapid progress with the objective of achieving both
further technical developments and cost levels comparable to traditional electronic
technology. It would not be an overstatement to say that we are still at the beginning
of the learning curve for much of the enabling optical technology, and many of the
limitations it imposes, both technical and economical, are expected to be overcome
in the near future. After all, as far as the main obstacle for multiwavelength optical
LANs is concerned, i.e. cost, and according to the observation made by Paul E.
Green, Jr. in reference [12] of Chapter 1, there is nothing in the law of physics that
says optical components such as lasers, multiplexers, switches and so forth, have
to be so expensive. Taking all these into account, it would be normally expected
that optical WDM will develop into a viable alternative for implementing high-
performance LANs sooner or later.

Thus, the main purpose of this book is to investigate the major architectural,
topological and protocol issues regarding multiwavelength optical LANs today.
Considering the previous discussion about constant advances on optical compo-
nent technology that make WDM optical LANs all the more feasible for wide
commercial deployment, the book investigates thoroughly the crucial latter topic,
i.e. the Media-Access Control (MAC) protocols that should be used. A noteworthy
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part of the vast literature on such protocols is overviewed after some general dis-
tinguishing key protocol characteristics are provided. Furthermore, a recent signif-
icant class of promising protocols whose operation is based on network feedback
information comprises a focal point; in this way, these adaptive protocols achieve
an overall higher performance in comparison to many other non-adaptive schemes.

The main idea, i.e. the essence of each protocol, is described neither too briefly
(making further study necessary as in most overviews found in other books and
journal articles) nor including all the details that may be tiresome for the reader.
Moreover, the survey of protocols provided in this book is more complete than
most other reports, since sample schemes that are representative of all the key
protocol classes are presented.

Hence, we hope the book serves as a valuable, up-to-date and concise reference
item for students, researchers, network designers and network operators, who are
interested in multiwavelength optical LANs. The book intends to shortly introduce
these people to the spirit of most protocols and sharpen their mind to easily un-
derstand others and possibly design new ones. An additional objective of the book
is to provide an aid-back, yet complete and comprehensive, introduction to more
general aspects of optical networking, including first generation optical networks,
other classes of second generation optical networks (besides multiwavelength op-
tical LANs) and the underlying enabling device technology. Thus, in addition to
introducing people who wish to become familiar with optical networks to the
field, this may also serve as an all-embracing overview helping people who al-
ready have some knowledge of optical networking to reorganize things in their
mind.

OVERVIEW OF THE BOOK

Chapter 1 provides a general introduction to optical networks. This comprises
solid background knowledge on optical networking in any case and also for the
rest of the book. Slightly more emphasis is placed on the local area, as this is the
main subject of the book. The main distinctive characteristics of multiwavelength
optical LANs are discussed (except for MAC protocols which are investigated
in-depth in the last two chapters). These include the physical topology, the logical
topology and the structure of network nodes. Despite the slight emphasis on LANs,
however, the introduction of Chapter 1 remains general and covers many topics
on optical networks, such as first generation optical networks and other significant
classes of second generation optical networks, as mentioned before.

The background is complemented well with a comprehensive description of
the enabling device technology in Chapter 2, since, unlike other technologies,
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optical networking is closely related to the physical layer. Thus, optical network
component technology should definitely be the focus of our attention as well.

The rest of the book focuses on the area of MAC protocols which is of major
importance for multiwavelength optical LANs. Chapter 3 discusses some general
distinguishing key protocol characteristics. After that, it presents a noteworthy part
of the vast literature on MAC protocols as described before.

Finally, Chapter 4 introduces a recent significant class of promising protocols for
multiwavelength optical LANs, whose operation is based on network feedback in-
formation. As mentioned before, these adaptive schemes achieve an overall higher
performance in comparison to many other non-adaptive protocols.

We really hope you will enjoy reading this book and find it helpful.
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Introduction

We live in a society that has already started to experience the daily effects of the
information revolution. The associated change in the way we communicate started
to escalate in the last decade of the twentieth century with the proliferation of
the Internet which, from a technical point of view, can be seen as a collection
of Local Area Networks (LANs) with often different architectures and protocol
stacks, glued together with a couple of simple yet highly flexible protocols: the con-
nectionless Internet Protocol (IP) and the connection-oriented Transport Control
Protocol (TCP) running on top of IP. As the human appetite for all kind of things
grows stronger, it was normally expected that the demand for network capacity
(or bandwidth) would follow the same rule. What was not expected, however, was
the intensity of this phenomenon which has been unprecedented indeed.

The explosive and continuous spread of the Internet, even when it is just seen as
an increase in the number of users, is one of the major causes of higher and higher
demand for network capacity. However, the bandwidth required by each individual
user has been increasing dramatically too. It is worth noting for example that in the
middle 1990s there was an annual factor of eight-fold growth in bit rate required
by each user, a really daunting growth rate for any kind of user demand [11]. Thus,
it seems that users are constantly growing more in number and, at the same time,
becoming more difficult to ‘satisfy’ in terms of provided capacity.

Multiwavelength Optical LANs, G.I. Papadimitriou, P.A. Tsimoulas, M.S. Obaidat and A.S. Pomportsis.
C© 2003 John Wiley & Sons, Ltd. ISBN 0-470-85108-2.



2 Introduction

In an effort to find the reasoning behind this persistent increase of network
capacity demand, we could examine the phenomenon from an economics perspec-
tive, i.e. considering the simple rule of the cost-demand relation that is valid for all
markets (including the networking one). The high demand imperatively calls for
ways of reducing the cost of bandwidth. The latter has been achieved throughout
the years, first of all, by means of various kinds of advances in technology. For
example considering the access part of the network, the more sophisticated way of
exploiting common copper wires introduced by the Digital Subscriber Line (DSL)
technology resulted in an overall reduced cost per unit of bandwidth provided to
the residential customer. Bandwidth of the order of 1 Mb/s became a reality for
such so-called ‘broadband’ access technologies; another example is cable access,
providing similar bandwidth capabilities in places where cable television (CATV)
infrastructure was already installed. Several other improvements in electronic tech-
nology have allowed in an analogous way business customers to start leasing faster
lines than the usual T1 (= 1.54 Mb/s) and this has been especially true for large
customers.

What has also been driving the cost of bandwidth to lower and lower levels, apart
from the progress in technology, is the high competition that is present in such
profitable markets such as the telecommunications services one. This competition
has been particularly noticeable after the deregulation of the telecommunications
market, which has become a reality in many places all over the world for quite
some time now.

This reduction in the cost of bandwidth in turn encourages the development
of new more demanding applications that not only take advantage of the offered
bandwidth but often ask for even more. Since applications are the easy part (com-
pared e.g. to achieving advances in technology), a state where the applications
are one step ahead of the network capabilities in terms of capacity has been a
commonplace throughout all the stages of networks evolution. Consequently, it
could be said that the situation forms a kind of a vicious circle; high demand calls
for ways of reducing bandwidth cost; if and when reduction in cost is achieved,
new applications, and thus higher network capacity demand, come in. Although
according to this discussion the demand for more capacity may seem interminable
and uniformly high across all stages of networks evolution, practically the pressure
for more capacity tends to get higher during certain periods and lower in others.
For example, right after some major technological breakthrough fundamentally
changes things on a wide scale, it is normal to expect that demand will be satisfied
and thus significantly subdued at least for a while.

It could be observed that currently we find ourselves in a period where such a
technological breakthrough along with its global scale effects is almost desperately
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expected. Indeed, many new applications that require high bandwidths have re-
cently emerged and the classical implementations of our global mesh of commu-
nication networks, e.g. today’s Internet and Asynchronous Transfer Mode (ATM)
networks, do not have the potential (in capacity) to support them satisfactorily. A
few samples just from the predictable part of a future set of applications requiring
overall network capacities of the order of Tb/s are the following:

� telemedicine applications, such as high-resolution medical image archiving and
retrieval;

� video on demand;
� video phone;
� video teleconferencing;
� Internet browsing (offering enhanced capabilities to the user as compared to

now);
� multimedia document distribution;
� remote supercomputer visualization, i.e. connections of workstations to super-

computers giving users ability to manipulate full-motion colour graphics;
� interconnection of mainframe computers along with their peripherals.

Of course, various applications which cannot be predicted right now, as has
happened many times in the history of data and computer communications, and
which will have at least proportionate bandwidth demands, are very likely to turn
up in the near future as well.

There has been strong evidence during the past 30 years or so, and especially over
the last decade, that the classical electronic time-division multiplexing1 (TDM)
approaches realized in electronic circuitry of constantly more speed and complexity
are not a long-term-solution; in fact, sometimes they are not much of a solution
at all, e.g. for some of the forenamed applications that entail masses of visual
information and very fast response time requirements. It is obvious for instance
that the 1.5 per year increase of available electronic TDM technology in the mid-
1990s could not manage to handle well the corresponding eight-fold annual growth
in bit rate required by each user, that was mentioned before [11].

On top of all these, there are two other important subjects that have come up
quite recently and have to be considered carefully by carriers in the way they build
their networks. First, a significant change in the type of traffic that dominates the
networks has been observed lately. The growth of data and voice traffic throughout
the years is illustrated in Figure 1.1. Voice traffic does not dominate the networks
any more though still growing each year, while data, on the other hand, has been
growing at impressive rates especially during the past three to four years, overtaking
voice by far. For example [24] states that two large carriers, AT&T and MCI
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Figure 1.1 Growth of data and voice traffic throughout the years.

Worldcom, are experiencing annual data traffic growths up to 70% (in some of
their markets), while their voice traffic is growing at around 15% each year. A
straightforward implication of the described change in the traffic mix is the reduced
efficiency of current networks, since these were initially designed to carry voice
traffic. Therefore it is natural to expect that carriers will seek new ways of building
their networks.

In addition, we could observe a recent significant change in the nature of ser-
vices demanded by customers, which was further encouraged by the increased
competition of the last years. To be exact, customers (including big ones that lease
high-capacity lines) have recently started demanding connections that can be de-
livered very quickly, in hours or even minutes. The duration of these connections
is sometimes required to be much shorter than usual, a couple of days for instance.
Furthermore, these connections must be able to carry traffic in various formats,
i.e. be as transparent as possible, and may originate in various different locations
that can hardly be predicted by the carrier. All in all, it seems that we have moved
to a point where networks must be able to provide us with the ability to access
information where we need it, when we need it, and in whatever format we need
it [24].

The majority of researchers and network engineers believe that optical network-
ing is the most promising technology for coping with the aforementioned problems
and meeting both our present and future information networking needs, mainly on
account of the potentially limitless capabilities of optical fibres.
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1.1 ADVANTAGES OF OPTICAL FIBRE AS A TRANSMISSION
MEDIUM

Optical networks utilize optical signal transmissions for information exchange.
Like all communication systems, an optical communication system comprises a
source, a destination and a communications medium. According to the selection
of the optical communications medium, optical networks can generally be divided
in two categories, guided and unguided systems [27]. In unguided systems the
optical beam that is transmitted from the source widens as it propagates into space
resembling microwave transmission. The use of free space as the communica-
tions medium introduces interference problems in transmissions inside the Earth’s
atmosphere.2 Guided systems use optical fibre as the communications medium
and are thus also known as fibre optics communication systems. Since the majority
of today’s optical communication systems are fibre-based, the term ‘optical net-
works’ (or ‘systems’) will be used as a synonym of guided systems throughout
this book, the same as it is almost always considered in the literature.

We have already stated that optical fibre is probably the key transmission medium
in the direction of coping with the current high demands for capacity and deploy-
ment of new services, because it has several exceptional capabilities. Here we
will review the main advantages of optical fibre (implying guided systems) over
other media, when used as a transmission medium. (Advantages of optical fibre
are also presented in detail in Chapter 2, since fibre is the basic element of enabling
technologies discussed there). In particular, optical fibres offer the following:

� Huge bandwidth. Optical fibres offer radically higher bandwidths than alterna-
tive transmission media. The available bandwidth of a single optical fibre is up
to several tens of THz (around 50 THz theoretically) and it is exploited by using
mainly its two low-attenuation areas of about 200 nm centred at 1310 nm and
1550 nm respectively. These areas are illustrated in Figure 1.2. To gain an un-
derstanding of the potential of fibres for offering bandwidth, recall that in just
the 1.5 micron (1 µm is equal to 10−6 m) band of each single-mode fibre, the
available bandwidth is three orders of magnitude more than the entire usable
radio-frequency (RF) bandwidth on Earth, which is about 25 GHz! It is also
quite staggering to note that the channel capacity of a single fibre is more than
the typical aggregate telephone traffic during a peak period in the United States
[32]! A measure of the enormous offered bandwidth can also be realized if we
consider the achievable bit rates over a single optical fibre. There is the potential
of several tens of Tb/s while, for example, optical transmission systems com-
bining WDM3 and TDM techniques and arriving at aggregate bit rates of 1 Tb/s
were commercially available a couple of years ago.
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Figure 1.2 The two basic low-attenuation regions of an optical fibre.

� Better signal qualities. Since optical transmission is not affected by electro-
magnetic fields, optical fibres exhibit superior performance to other alternatives,
such as copper wires for example. At a given distance the Bit Error Rate (BER)
of a fibre-based transmission is significantly better than the BER of a copper
or wireless-based transmission. Specifically, for optical telecommunication and
computer data links the BER can typically be about 10−9 and 10−15 respectively,
while copper-based links would not achieve bit error rates better than around 10−5

only. In other words, the noise immunity offered by optical fibre is better than
the other transmission media, which suffer from considerable electromagnetic
interference.

� Low signal attenuation (and thus power requirements). When optical signals are
transmitted through optical fibres, their attenuation can be as low as 0.25 dB/km.
This is also illustrated in Figure 1.2 where we can see that the loss (or attenuation),
which is depicted on the vertical axis and measured in dB/km, can drop down
to 0.25 dB/km for the 1550 nm wavelength band. Practically, such levels of loss
would imply that an optical signal in this wavelength band could travel a distance
of about 120 km before it needs amplification or regeneration. A total of 30 dB
loss would correspond to this distance (since 120 km × 0.25 dB/km = 30 dB) or,
in simpler terms, the signal would suffer a loss by a factor of 1000. In the same
figure the 1310 nm wavelength band with typical loss around 0.4 dB/km can also
be distinguished; this has also been used in optical communications systems. The
third low-loss band at 800 nm is not shown in the figure; this exhibits higher
losses than the previously mentioned two (around 2.5 dB/km) and was used
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especially in the first optical systems. Note that Figure 1.2 and the points made
in this paragraph hold for conventional silica-based fibre. There are other types
of optical fibres like the new allwave fibre [24] for example; this provides a more
usable optical spectrum by eliminating the ‘water-peak window’ of conventional
fibre located in the neighbourhood of 1385 nm (the region where loss becomes
higher for a while, see Figure 1.2).

� Easy deployment and maintenance. A good quality optical fibre is sometimes
less fragile than a copper-based link. Furthermore, optical fibres are not subject
to corrosion which makes them less vulnerable to various environmental hazards.
After all, optical fibres are very flexible, weigh less than copper wires and have
less space requirements, i.e. in the space required by a single copper wire we
can install more than just one fibre.

� Better security. Optical fibre provides a secure transmission medium since it
is not possible to read or change optical signals without physical disruption.
It is possible to break a fibre cable and insert a tap, but this would involve
a temporary disruption. For many critical applications including military and
e-commerce applications where security is of the utmost importance, optical
fibres are preferred over e.g. copper transmission media which can be tapped
from their electromagnetic fields.

1.2 BASIC MULTIPLEXING TECHNIQUES

We have already referred to two multiplexing techniques in previous sections,
namely Time-Division Multiplexing (TDM ) and Wavelength-Division Multiplexing
(WDM ). Here we will explain in some detail the notion and need of multiplexing.
We will also discuss the aforementioned multiplexing techniques that can be used
in optical networks and thus are of practical interest to us.

In order to understand the need for multiplexing, consider two communicating
stations and the necessary data link connecting them. It is quite typical for the
capacity of the link to be much higher than the one utilized by just the two stations.
Such an inefficient use of the link would definitely be undesirable. Consequently,
if we wanted to use the data link in a cost-effective way, it would be wise to
share all of its capacity among several communicating stations. A common term
for this sharing is multiplexing. Obviously, recalling the extraordinary bandwidth
capabilities of optical fibre, as well as the fact that installing more fibres is quite
costly, we can gain an understanding of how helpful multiplexing can be in the
case of optical networking, i.e. when the above mentioned ‘data link’ is physically
an optical fibre.
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n Outputsn Inputs
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Figure 1.3 Generic form of multiplexing and demultiplexing.

Multiplexing is depicted in a simple and generic form in Figure 1.3. There are n
inputs to the multiplexer (MUX) and, accordingly, n outputs from the demultiplexer
(DMUX). The MUX combines the n input data streams into a single signal that is
transmitted over the high-capacity data link. The single signal essentially ‘contains’
n separate channels, the exact form of which determines the specific type of
multiplexing used. The DMUX demultiplexes (extracts) the data streams out of
the signal and delivers them to the appropriate outputs.

Let us now examine two specific forms of multiplexing. These generally differ on
whether the frequency or time dimension is ‘sliced’ in separate channels carrying
the data from the various input streams.

In Frequency-Division Multiplexing (FDM ) each data stream is modulated onto
a different carrier frequency. The frequency spectrum is thus divided or ‘sliced’ in
channels, each one intended to serve an individual input station. The channels must
be appropriately separated by guard bands, i.e. unused portions of the spectrum, so
that interference between them is avoided during the simultaneous transmission of
their data over the single physical medium. FDM is shown in Figure 1.4 (a), where
C1, C2, etc. stand for channel 1, channel 2 and so on. Observe that transmissions in
channels are not interrupted in the time dimension, i.e. are simultaneous. FDM has
been widely used in radio systems for many years and also has other applications
such as in broadcast and cable television where the bandwidth of the coaxial cable
is shared among different customers.

Wavelength-Division Multiplexing (WDM ) is in essence exactly the same as
FDM, but the term WDM has prevailed in cases where we consider division of
the optical frequency spectrum in channels (or wavelengths). It could very well be
called Optical FDM. These wavelengths must be kept sufficiently apart from each
other to avoid interference in this case too. The great thing about WDM network-
ing which explains the huge research and commercial interest in this technology,
is its compliance with the limited (compared to the capabilities of a fibre) speed
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Figure 1.4 Generic illustration of (a) frequency-division multiplexing and (b) time-
division multiplexing. C1, C2, C3, etc. stand for channel 1, channel 2, channel 3, etc.
respectively.

of the stations’ electronic circuits. Practically, considering that the maximum rate
at which an end-user4 can access the network is limited by electronics to a few
Gb/s, WDM offers an excellent way of exploiting the huge bandwidth of optical
fibres by introducing concurrency among multiple users transmitting at (‘electron-
ically’) feasible rates. Optical networks adopting the WDM technique are termed
multiwavelength (or multi-channel) optical networks. They achieve a much more
cost-effective way of using fibres than single-channel optical networks, since it is
definitely wiser to use multiple ‘virtual fibres’ inside a single fibre instead of wast-
ing multiple different fibres. Several classes of WDM networks will be studied in
another section. The transmission inside an optical fibre can be either unidirectional
or bidirectional as depicted in Figure 1.5.

In Time-Division Multiplexing (TDM ) the time dimension is ‘sliced’ instead, to
form usable channels for different data streams. This is depicted in Figure 1.4(b). At
a certain point in time the whole of the transmission medium capacity is occupied
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Figure 1.5 (a) Unidirectional and (b) Bidirectional WDM fibre transmission.

with serving a specific input stream; we can say that essentially it is a round robin
use of all the available frequency. Practically, time slots are assigned periodically
to inputs for transmitting a small portion of their signals. The small portions of the
various signals are interleaved in time, i.e. combined in so-called TDM frames,
and transmitted as a single high-speed signal over the data link. For example,
48 52 Mb/s input data streams may be time-division multiplexed into a single
2.5 Gb/s stream.

There are basically two different types of TDM. In synchronous TDM a frame
consists of one complete cycle of time slots. Thus the number of slots in frame is
equal to the number of inputs. Exactly the same time slot is allocated to each input
data stream at all times, whether or not it is active, i.e. the corresponding input
device has something to transmit. Time slot 1, for example, is assigned to input 1
alone and cannot be used by any other device. An example of how synchronous
TDM works is shown in Figure 1.6(a).

In Figure 1.6(b) the same example for the second type of TDM is illustrated,
namely for asynchronous or statistical TDM. Each slot in a frame is not dedicated
to a fixed input device. Each slot contains an actual portion of an input data
stream along with an index of the input it corresponds to. Thus, the number of
slots in a frame does not have to be equal to the number of input devices and
is usually smaller. More than one slot in a frame can be allocated for an input
device. Statistical TDM maximizes utilization of the link, since in this case time
slots are not allocated wastefully to input devices when they have nothing to send.
It is also called intelligent TDM after this intelligent allocation of time slots to
inputs.
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Figure 1.6 Examples of (a) synchronous and (b) asynchronous or statistical time-division
multiplexing.

Notice that statistical time-division multiplexing is very suitable for bursty traf-
fic, such as Internet traffic for example. It is used on the Internet for multiplexing
IP packets (‘datagrams’) from various data streams (users). It is likely that at any
given time only some streams are active, while the remaining ones are idle. Thus,
focusing on a single link between users, a smaller link bandwidth could serve more
users than in the case of assuming all users are active simultaneously, such as syn-
chronous TDM does. However, there may be times when more users are active
simultaneously (transmitting IP packets) than the data link can handle. Some of
the packets will therefore have to be buffered or even rejected if congestion is so
high that buffers overflow. TCP runs on top of IP and one of its tasks is to ensure
that these packets are retransmitted. Note also that IP packets may take different
routes across the network; TCP also has to put them in the right sequence at the
destination points. Thus, this packet-switched service offered by today’s Internet
is well known as best-effort service; the name implies that the network does its
best every time to serve a specific packet, but without any guarantees concerning
time of arrival at the destination or even the success of the transmission itself.
Statistical TDM plays a central role in the implementation of this service by the
network.

In a previous paragraph we referred to an example of time-division multiplexing
several input data streams (48 52 Mb/s to be exact) into a single signal of aggregate
2.5 Gb/s bit rate. It should be noted that the highest transmission rate in similar



12 Introduction

commercially available electronic TDM systems has recently risen up to 40 Gb/s
for shorter distances than the previous milestone of 10 Gb/s, yet it seems quite
difficult to push electronics technology beyond this rate. As a result, electronic
TDM turns out to be insufficient when higher speed networking requirements are
taken into consideration.

Far more interesting for the optical transmission systems, though still needing
time to mature (at least commercially), is Optical Time Division Multiplexing
(OTDM ), whereby there is an effort to perform the (de)multiplexing functions
optically. The bit rates of the individual data streams are at such high levels (e.g.
10 Gb/s) that the multiplexing and demultiplexing operations are best performed
in the optical domain. In a quite analogous way as in electronic TDM, OTDM can
be fixed (resembling synchronous TDM) or statistical (similar to statistical TDM).
OTDM networks appear fairly futuristic for today’s technology in that there are
still some serious problems that have to be overcome before their commercial
deployment. Networks employing OTDM will be studied in some greater detail in
a following section examining the various classes of optical networks.

It should be pointed out that the TDM and WDM techniques are complementary
to each other. That is to say the application of one does not preclude the use of the
other as well. In fact, when high-performance optical networking is considered,
the best approach is to combine both techniques so as to maximize utilization and
exploit the potential of optical fibres bandwidth in the most advantageous way. As
has already been mentioned in a previous section, optical transmission systems
combining WDM and TDM and arriving at aggregate bit rates of 1 Tb/s, were
commercially available a couple of years ago; even higher bit rates are naturally
expected in the near future.

Last of all, another interesting multiplexing technique that can be combined with
WDM is so-called Subcarrier Multiplexing (SCM ). According to this technique,
within a certain wavelength there is another level of electronic FDM subdividing
the channel bandwidth into many radio frequency channels, each at a different
microwave frequency. A certain MAC protocol using this technique is described
in Chapter 3 as an example.

1.3 EVOLUTION OF OPTICAL NETWORKING—MAJOR
TECHNOLOGICAL MILESTONES

Now that the notions of TDM (electronic, optical) and WDM have been explained,
and before proceeding to the analysis of the most important optical networks
categories, we shall make a brief reference to the evolution of optical network-
ing through some key technological advancements that were actually the major
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milestones in its progress. Note that certain devices mentioned here are parts of
the enabling technology and will be examined more thoroughly in Chapter 2.

The idea of using a high-speed optical transmission system can be traced back
to the time when laser was invented, i.e. around the late 1950s. Following that, in
the 1960s, several experiments showed that waveguides are capable of transporting
information encoded in light signals. However, optical fibre transmission (or guided
transmission) really became practically possible when the first low-loss optical
fibre was invented around the early 1970s. From about the late 1970s until the mid-
1990s fibre transmission capacity roughly doubled each year due to the constant
advances in optical fibre transmission systems technology. The advances witnessed
primarily concerned the improvement of optical transceivers and the reduction of
fibre loss.

The first type of fibre used was multimode fibre, in which light propagated in
multiple modes, each travelling over a different path and at a different velocity. The
transmitters were basically Light-Emitting Diodes (LEDs) or Multi-Longitudinal
Mode (MLM ) Fabry-Perot lasers in two of the three low-loss wavelength bands of
silica-based optical fibre, 0.8 µm and 1.31 µm (recall that the third one exhibits
the lowest loss and is located at 1.55 µm, see Figure 1.2).

In the early 1980s single-mode fibre provided a great improvement by elimi-
nating modal dispersion, the main deficiency of its predecessor multimode fibre.
As its name suggests, within single mode fibre light is travelling in just a single
mode and thus its core diameter is not required to be more than 10 µm (actually
it can drop down to just 8 µm). The transmitters, theretofore MLM lasers, were
transmitting in the 1.31 µm waveband, which demonstrates a higher loss than the
1.55 µm band, as has already been mentioned above.

Attempts to take advantage of the low-loss 1.55 µm band started in the late
1980s and eventually led to the substitution of the broadband transmitters used un-
til then by the narrowband distributed feedback (DFB) laser. The latter managed
to eliminate the main drawback of transmitting in the 1.55 µm region, namely
chromatic dispersion. Chromatic dispersion is shown schematically in Figure 1.7

Figure 1.7 The effect of chromatic dispersion on a transmitted optical signal.
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and comprises a weathering of the optical signal after travelling a certain distance
due to the different velocities of its different spectral (frequency) components.
As optical-fibre deployment increased, no standards existed to control how net-
work elements should format the optical signal. Therefore, there was a big push
for optical standards, in order to make it easier for network providers to inter-
connect equipment from different vendors and avoid bit errors of asynchronous
(thus far) transmission. Thus, during the same period and in parallel with the in-
troduction of DFB lasers operating at the 1.55 µm low-loss window, there were
some standardization efforts concerning optical fibre transmission systems, which
finally evolved into the Synchronous Digital Hierarchy (SDH) standard in Europe
and Asia, and the quite analogous Synchronous Optical Network (SONET ) stan-
dard in North America. The wide deployment of SDH and SONET networks
which started from then on resulted in the situation today where the majority
of the telecommunications infrastructure core in a worldwide range is of that
kind.

As an aside, we just mention here that SONET and SDH networks belong to what
we usually refer to as first generation optical networks; these will be examined
in the following section. The main characteristic of networks of that kind is that
optical fibre is used purely as a transmission medium just replacing the copper
cable. Note that they could not even be termed ‘optical’ networks (at least in a
strict sense), since electronics take over all the necessary switching, routing and
bit processing procedures at the ends of the physical fibre link connections.

Moreover in the late 1980s, we witnessed the deployment of some enterprise
data communication metropolitan-area networks (MANs) clearly belonging to the
same first generation of optical networks, namely the 100 Mb/s Fibre Distributed
Data Interface (FDDI ) and the 200 Mb/s IBM’s Enterprise Serial Connection
(ESCON ). The Distributed-Queuing Double Bus (DQDB) also belongs to the
same category.

It is worth noting that until the late 1980s light signals transmission in long
distances required the use of electronic regenerators after several kilometres. The
main task of these expensive devices was to convert the attenuated light signal into
electrical form and then to regenerate it back and transmit it as a new optical signal,
a copy of the one that arrived in the first place. The first optical trans-Atlantic cable
using such regenerators was laid in 1988.

A major progress of great significance, realized in the late 1980s and early
1990s, concerned the replacement of these electronic regenerators by the Erbium-
Doped Fibre Amplifiers (EDFAs) for coping with the light signal attenuation after
travelling a certain distance inside the optical fibre. EDFAs are called thus, be-
cause amplification in the optical domain is achieved by doping a small strand of
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fibre with the rare earth metal Erbium. Except for being cheaper, EDFAs have the
remarkable virtue of being sufficiently broadband to be able to amplify signals
at different wavelengths simultaneously. On the basis of this property, a natu-
ral and straightforward consequence of EDFAs’ development was a great boost
to Wavelength Division Multiplexing (WDM) systems, so far primarily regard-
ing point-to-point links where full-duplex transmission was achieved by using two
wavelengths, one in each of the 1.31 µm and 1.55 µm low-loss windows. Note that
optical amplification performed by EDFAs provides total data transparency and
is known as 1R (or optical) regeneration. The electronic regeneration mentioned
in the previous paragraph could be 3R regeneration, meaning that regeneration,
reshaping and reclocking of the signal are carried out (transparency is lost in this
approach used in networks like SDH) or it could be of another type coming some-
where in between in terms of transparency, involving regeneration and reshaping
only (without retiming), and thus called 2R regeneration. 1R regeneration, that is
to say optical amplifier technology, is continuously improving in terms of both
lower noise and flatter gains; this is essential for achieving practical (so-called)
dense wavelength-division multiplexed systems (DWDM).5

OTDM and WDM networks offering more than just optical fibre point-to-point
links, namely performing several routing and switching functions in the optical
domain, are usually referred to as second generation optical networks. There are
several classes of such networks which will be explored in a following section.
From the early 1990s on, there has been an increasing interest in such networks,
with WDM ones being the most popular due to their compliance with electronics
speeds. Indeed, apart from a noteworthy activity on WDM testbeds that had begun
as early as the mid-1980s, continued during the 1990s and has not stopped yet, what
we most remarkably observe ( just in the last couple of years) is a sudden growing
interest in the commercial deployment of WDM networking. In this context, many
new ventures are ready to supply multi-wavelength transmission and switching
products that allow real optical networking to be implemented.

1.4 FIRST GENERATION OPTICAL NETWORKS

In this section we shall refer to the main characteristics of first generation optical
networks, and comment on the utilization of optical fibre potential in the context
of such networks. Thus, we can gain an understanding of how optical fibres have
been used for many years in the existing infrastructure whereupon next generation
optical network technologies are to be applied gradually. A detailed analysis of
first generation optical networks (e.g. SDH or FDDI) is beyond the scope of this
introduction.
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Enormous quantities of optical fibre have been going into the ground and also
under the sea worldwide for something like 25 years now and especially during
the past decade. It is quite staggering that in the United States alone, as of the end
of 1998, around 19.6 million fibre miles had been deployed; 16 million fibre miles
had been installed by local-exchange carriers and the rest by inter-exchange ones!6

[29]. The exclusive task and main reason of installing for all these huge amounts
of fibre was to serve as a high capacity transmission medium substituting for
copper wires in the existing network infrastructures (wherever possible legally,
economically, and so on). Thus, we have reached a point where a great part of
the public telecommunication networks worldwide has followed this trend to a
large extent. We should observe, however, that these networks in fact remain
purely electronic besides the optical transmission medium. That is to say, at the
ends of the physical fibre link connections, electronics take over all the necessary
switching, routing and bit processing procedures. End users are transmitting and
receiving electrical signals which are only converted to and from optical signals
for the sake of transmission between point-to-point links. Additionally, all the
intermediate nodes can similarly process only electrical signals and, thus, such
conversions from the electronic to the optical domain and back, are carried out
unavoidably after every hop from source to destination. Networks of this type
are called first generation optical networks (though the term ‘optical’ is quite
questionable considering the above observations).

1.4.1 SDH/SONET NETWORKS

Probably the most representative example of first generation optical networks
are SDH networks in Europe and Japan, and the analogous SONET networks in
North America. SDH (Synchronous Digital Hierarchy) and SONET (Synchronous
Optical Network) are standards developed by ITU7 (Europe, Japan) and ANSI
(North America), respectively, around the mid to late 1980s and defining, first of
all, a hierarchy of digital data rates along with an efficient multiplexing scheme
to combine multiple lower speed signals into higher speed (in the hierarchy)
ones.

The lower speed signals could conform to the SDH/SONET standards or could
very well agree with the plesiochronous (asynchronous) digital hierarchy (PDH )
which was the basis of the existing (before SDH) infrastructure, e.g. the ITU’s
E1 = 2.048 Mb/s and E3 = 34.368 Mb/s or the AT&T’s T1 = 1.54 Mb/s and
T3 = 44.736 Mb/s could be some of these PDH lower speed signals. Observe
that the PDH rates proposed by ITU (Europe) were different from the AT&T ones
(USA, Canada and Japan), and, consequently, some of this disorder was inevitably
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Table 1.1 SDH/SONET transmission rates.

SDH Name SONET Name Optical Equivalent Line Rate (Mb/s)

None STS-1 OC-1 51.84
STM-1 STS-3 OC-3 155.52
STM-4 STS-12 OC-12 622.08
STM-16 STS-48 OC-48 2 488.32
STM-64 STS-192 OC-192 9 953.28
STM-256 STS-768 OC-768 39 813.12

spread to SDH and SONET as well. The lower speed signals could also be ATM
traffic streams at various bit rates.

Furthermore, the SDH and SONET standards specified the types of network
elements required, network architectures that vendors could implement, and the
function that each node must perform. All these ensured at least a basic level of
interoperability between different vendors’ optical equipment. From the very be-
ginning and for the reason described in the previous paragraph there was some
conflict between ANSI and ITU, but eventually a compromise was reached, ac-
cording to which SONET bit rates are a subset of SDH rates. The hierarchy of
bit-rates for both standards is presented in Table 1.1.

For SDH the lowest rate is 155.52 Mb/s, which is designated as STM-1 (Syn-
chronous Transport Module—Level 1). This comprises the basis for the various
STM-N signals that are defined as multiples of the basic 155.52 Mb/s rate (N times
155.52 Mb/s for STM-N where Table 1.1 shows the most typical values for N ).
SONET defines a lower rate as a basis, namely STS-1 (Synchronous Transport
Signal—Level 1) which corresponds to 51.84 Mb/s. Multiple STS-1 signals can
be combined by byte interleaving to form an STS-N signal in the same way as
STM-N is formed in SDH. The compromise mentioned before between SDH and
SONET is in fact the relation between the basic signals, i.e. STM-1 being exactly
equal to three times STS-1. Higher speed SONET signals are multiples of three
of the basic STS-1 signal and thus have an equivalent STM-N signal each, so
compatibility between SONET and SDH is achieved. Note that since end users
are transmitting and receiving electrical signals, by ‘STS-N’ for example we refer
to the electrical signal. The optical equivalent of an STS-N signal, that is to say
the one coming up from the necessary conversion to optical form for transmission
through the optical fibre, is represented by OC-N (Optical Carrier—Level N ).

The basic network elements for SONET (analogous equipment exists for SDH),
besides regenerators that are used after proper distances, are:
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� Terminal Multiplexers (TMs) or Line Terminals (LTs);
� Add/Drop Multiplexers (ADMs);
� Digital Crossconnect Systems (DCSs).

Terminal Multiplexers (TMs) perform the multiplexing of low speed streams (PDH
like T1 or T3, or OC-M low speed optical signals) into a single high speed optical
signal OC-N. Apparently, they include electrical-optical signal conversion when
necessary. They also perform the reciprocal function of demultiplexing at the other
end. Add/Drop Multiplexers (ADMs) are used to add one or more low speed streams
to a high speed stream (Add function) or select one or more low speed streams out
of a high speed stream (Drop function); the remaining (not dropped) part of the
traffic is allowed to pass through to other (possibly ADM) nodes of the network.
Digital Crossconnect Systems (DCSs) can cross-connect (switch) a large number
of individual streams, both PDH and SONET. They can also perform the ADM
functions.

Figure 1.8(a)–(c) shows the basic SONET network configurations, namely a
point-to-point, a ring and a linear network respectively. Ring is the most common
topology for SDH/SONET networks both in the access and the backbone parts, due
to its high restoration capability in the case of failures and its simplicity. ADMs
are interconnected in ring topologies with two-fibre links; one is the working fibre
and the other is the protection fibre offering a high degree of availability in case
some kind of failure occurs in the working fibre. Backbone rings may involve,
for example, a 2.5 Gb/s (OC-48 see Table 1.1) signal, while an example rate for
access rings could be 622 MB/s (OC-12). In Figure 1.8(d) we can see an example
of using DCS as a hub interconnecting two simple ring networks and being part of
a linear network at the same time. Note that network elements performing similar
operations, and thus named quite analogously, are used in some (second generation)
WDM networks, as we will see. There are many other aspects of SDH/SONET
networks that are considered beyond the scope of this introduction (for details
please refer e.g. to [13]).

1.4.2 EXAMPLES OF OTHER FIRST GENERATION OPTICAL
NETWORKS

At the same time as SDH/SONET networks prevail in public telecommunication
carriers, there are some enterprise local or metropolitan area networks that clearly
belong to the first generation of optical networks as well. Specifically, they use
optical fibre as a substitute of copper wires too, so that higher speeds can be
achieved, while conversion of the transmitted signals to electrical form takes place
at every intermediate or end node just as in SDH/SONET.
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Figure 1.8 (a) Point-to-point (b) Ring (c) Linear SONET network configurations and (d)
an example of using a DCS as a hub interconnecting simple networks.

Some examples have been already mentioned in the section describing the evo-
lution and major technological milestones of optical networking and include, first
of all, the FDDI (Fibre Distributed Data Interface) networks. These networks are
used in metropolitan areas improving the performance of the well-known token
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ring networks by allowing a higher bit rate equal to 100 Mb/s, as a result of the
superior transmission medium used (i.e. fibre). The dual-fibre ring topology of
FDDI networks provides high and instant restoration capability in the event of
some failure occurring in a certain part of the ring.

In order to interconnect efficiently mainframe computers along with their pe-
ripherals, IBM developed ESCON (Enterprise Serial Connection) networks. Each
mainframe can connect to hundreds of other mainframes and/or peripherals through
channels operating at 200 Mb/s each, while the overall network equipment may
spread up to a metropolitan range.

Other networks of this type include the Fibre Channel network appropriate for
the same application like ESCON, but reaching higher speeds per channel (up to
800 Mb/s) and the Distributed-Queuing Double Bus (DQDB). The latter metropoli-
tan or local area fibre-based network operates in a broadcast mode by using two
buses, each of which transmits fixed size cells in opposite directions. Each bus can
operate at hundreds of megabits per second. In a DQDB network nodes may also
be interconnected in a ‘looped bus’ (essentially a ring) configuration, apart from
the typical ‘open bus’ configuration whereby the two edge nodes stay unconnected.

1.4.3 REMARKS ON THE UTILIZATION OF FIBRE

Comparing the bit rates mentioned in the first generation optical networks de-
scribed above with the theoretical bandwidth potentiality of fibre explained in
Section 1.1, one can without doubt conclude that optical fibres have been used
really inefficiently for many years. Actually, fibres have been underused by about
four orders of magnitude [12]. This roughly means that you get, for example,
2.5 Gb/s bit rate (in an SDH network), while the actual potentiality of the medium
could provide e.g. 25 Tb/s. This is still the case to a large extent today, even though
second generation WDM networks have started steadily penetrating the backbone
for a couple of years now and an outburst is expected for the years to come. For
one thing, it comprises a great challenge to mine all this bandwidth resource, if we
just think that optical fibres are widely deployed in all kinds of telecommunication
networks all over the world.

But why hasn’t all this fibre been used in the most productive way? This would
be a most logical question. First and foremost, fibres, as a rule, have not been
interconnected in a proper architecture that would make the most of their excit-
ing characteristics. Moreover and from an economics point of view, it is at least
as important that investors in new optical technologies supporting new types of
services8 have rather been too cautious, since for many years they could not see in
reality any market for these services (as these services didn’t really exist in the first



Second Generation Optical Networks—Main Classes 21

place yet). It is reasonable for any carrier to wait for tangible evidence of revenue,
before spending money on large investments, however promising the new technol-
ogy might sound in theory. In addition to the above two principal reasons, there
have been various other legal, political and technological issues that have hindered
the efficient exploitation of the bandwidth resources inside installed fibres. Con-
cerning technology, for example, the residential access part of the network (the
so-called ‘last mile’) has been rather primitive as compared to a prospective ultra
high-speed fibre backbone.

In Section 1.1 we presented several benefits of optical fibres. All these are at the
same time advantages of optical networks over other types of networks inherited in
a straightforward way just by using optical fibre as the communication medium. If
fibres were used in some more ‘efficient way’, even more benefits would be gained
for optical networks, such as reduced cost, the ability to offer wavelength (instead
of fibre) services and improved restoration capabilities. This is the main task of
second generation optical networks which, along with their classes, are examined
next.

1.5 SECOND GENERATION OPTICAL NETWORKS—MAIN
CLASSES

When we talk about optical networks we basically mean second generation optical
networks. These networks are something more than a set of fibres terminated
by electronic switches, in that some of the routing, switching and intelligence is
moving into the optical domain, giving rise to the utilization of optical fibres.

It should be noted, however, that the term ‘optical networks’ does not neces-
sarily imply purely optical networks. Several operations are better performed by
electronics, at least in the current state-of-the-art. These are called nonlinear op-
erations and include, for example, certain functions requiring special intelligence,
like packet headers processing, network control and management. It seems that
electronics are slow but clever, while optics are fast yet a bit dumb. So, proper co-
operation is needed for practical implementation of optical networks. Electronics
are also necessary at the end-nodes for the conversion of the signal to optical form
so that it can enter the optical network. Furthermore, electronic regeneration may
be needed in some networks especially along lengthy optical routes.

Nevertheless, in second generation optical networks, electronics are relieved
from some of the serious amount of load as far as linear operations are concerned, in
contrast to first generation ones. In a network like the ring SONET of Figure 1.8(b),
every node must handle electronically not only the data destined for it, but also
all the data intended for other nodes and trying just to pass through. A key idea
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Figure 1.9 Classes of optical networks.

leading to the development of real optical networking9 is to route data intended
for other nodes in the optical domain.

There are various kinds of optical networks appropriate for all different ranges
(access part, local, metropolitan and wide area). They also differ in the extent
to which they can be practically implemented today. As we shall see, the ones
based on the wavelength-division multiplexing (WDM) technique are generally
more feasible and have already been penetrating our networks (especially the
backbone), while optical time-division multiplexing (OTDM) ones still need some
time to mature before commercial deployment.

The main classes of optical networks10 are shown in Figure 1.9 and will be
explored in the following subsections.

1.5.1 WDM POINT-TO-POINT LINK NETWORKS

The first step towards penetration of WDM optical technology in the existing first
generation infrastructure is naturally the upgrade of individual links to WDM point-
to-point links. However, in this class of optical networks, these WDM links are
interconnected via non-optical (i.e. electronic) equipment. On account of WDM
the two communicating nodes for every WDM link are capable of exchanging data
by using many different channels (wavelengths) simultaneously. This allows each
node to have many input/output ports. The communication over the fibre could be
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in both directions (bidirectional) or alternatively we could have a dual fibre WDM
point-to-point link where each fibre would be used exclusively for data flow in one
direction (unidirectional case, see Figure 1.5).

Most of the leading service providers in North America, Europe and Japan have
started investing money to follow the trend of upgrading to WDM links for some
years now. Such upgrades carry on at a constantly increasing rate for these and
for other new providers as time goes by. The main drivers for doing so are the
constantly rising bandwidth demand from their customers and the fact that WDM
point-to-point links often seem to be the most cost-effective solution as compared
to other alternatives for increasing capacity. For example, a study in [21] compared
three possible solutions to upgrading the capacity of a point-to-point transmission
link from 2.5 Gb/s (OC-48) to 10 Gb/s (OC-192):

1. Installation of additional fibres.
2. Using higher speed (OC-192) electronic TDM.
3. Upgrading to a WDM point-to-point link with four channels (wavelengths).

It turned out that for distances longer than 50 km the WDM link solution was the
most cost-effective. For instance, as compared to the first alternative, it offered
four ‘virtual fibres’ on account of the WDM technique used, and thus avoided
the costly installation of new fibres into the ground. Note that in this example the
fibre connecting the two end points of the WDM link was used for unidirectional
transmission.

An example of a WDM point-to-point link occupying a single fibre for unidi-
rectional transmission is depicted in Figure 1.10.
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Figure 1.10 Example of a WDM point-to-point link.
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Generally, a WDM point-to-point link comprises the following elements, most
of which appear also in the example of Figure 1.10:

� two nodes (at the two edges of the link) having many input/output ports;
� different interfaces per port allowing communication via various protocols over

the link;
� electro-optical converters which include lasers for transmission on different

channels (wavelengths) at the two endpoints of the link;
� the appropriate receivers for each wavelength converting the signal back to elec-

tronic form at the two endpoints of the link;
� WDM Multiplexers/Demultiplexers located right after the transmitters (for

WDM multiplexing) and before the optical signal reaches the receivers (for
WDM demultiplexing);

� amplifiers to provide adequate signal power gain when this drops below certain
levels.

It should be noted that devices such as lasers, receivers and WDM multiplexers/
demultiplexers relate to the enabling technology and thus will be described in
Chapter 2.

1.5.2 WDM BROADCAST-AND-SELECT NETWORKS

As has been already mentioned, WDM Broadcast-and-Select networks will be
the centre of attention in this book. An example of such a network is shown in
Figure 1.11. It consists of one optical N × N passive star coupler and N nodes each
equipped with one fixed-tuned transmitter and one tunable receiver. Transmitters
and receivers are connected via separate fibres to the optical star coupler; thus
each node actually uses a pair of fibres to communicate with the star coupler. Star
couplers, transmitters and receivers are obviously part of the enabling technology
and will be described in Chapter 2. However, here we will point out as much as
necessary of their characteristics, just enough to understand this significant class
of optical networks.

A fixed-tuned transmitter, as the name suggests, is capable of transmitting on
a specific wavelength only, in which it is fixed-tuned a priori. Tunable receivers
are capable of receiving on various wavelengths by reconfiguration, i.e. by retun-
ing when needed on the desired wavelength. The optical N × N star coupler is
generally just a passive, unpowered (therefore exceptionally reliable and easy to
manage) device. Nonetheless, note that there are architectures and protocols where
the central hub takes on a more active role contributing usually to an overall higher
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Figure 1.11 An example of a WDM broadcast-and-select star network with N nodes. Each
node is equipped with one transmitter fixed-tuned to one of the N available wavelengths
and one tunable receiver.

performance at the cost of losing the advantages of passiveness. The operation of
a 4 × 4 passive star is shown in Figure 1.12 [24]. A signal inserted on a given
wavelength from an input fibre port will have its power equally divided among all
output ports, in which it will appear exactly on the same wavelength as it entered.
For example, Figure 1.12 shows how a signal on wavelength λ1 from input fibre 1
and another on wavelength λ4 from input fibre 4 are broadcast to all output fibre
ports. The remainder of broadcasts through input fibres 2 and 3 are only shown in
dashed lines to keep some clarity in the figure.

Now, turning to the specific example of Figure 1.11, which is quite representative
by the way, each node i uses its transmitter, denoted by Tx in the figure, to transmit
a signal on a unique wavelength λi pre-assigned to it (since Tx is fixed-tuned). The
optical N × N star coupler, which is located at the centre of the network in the
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Figure 1.12 The operation of a 4 × 4 passive star coupler [24]. ( C© 2000 IEEE)

figure, undertakes the task to combine the signals received from each node and
send the result (mix) to all nodes, making use of the fibres that are intended for node
reception. This explains the broadcast part of the characterization of this WDM
network architecture, as this is exactly what happens in any network of a broadcast
architecture: the network simply sends signals received from each node to all
the nodes. Subsequently, each node has to use its receiver, denoted by Rx in the
figure and assumed to be a tunable filter, in order to select the desired wavelength.
Thereby the term ‘broadcast-and-select’ is evident. A nice attribute of this class of
networks is that they can easily provide multicast services apart from the apparent
unicast transmissions (Figure 1.13). This is achieved in a straightforward way
just by having all desirable destination nodes of a multicast transmission on some
wavelength tune their receivers to this wavelength.

It should be noted that in broadcast-and-select networks two transmitters sending
optical signals at the same time must choose distinct wavelengths for doing so.
This is called the distinct channel assignment constraint and characterizes the
broadcast-and-select architecture. Otherwise we say a collision occurs, meaning
that the signals interfere with each other and information arrives corrupted, thus
useless, to the receivers. Obviously such collisions are undesirable and should be
avoided by any means. In broadcast-and-select networks the available channels
(wavelengths) constitute a resource that has to be shared among the various nodes,
i.e. users. Any kind of a shared resource requires a set of rules, a protocol in this
case, that would be able to coordinate the prospective users of the resource and
determine how it should be used. Such protocols in broadcast-and-select networks
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Figure 1.13 Unicast and multicast services offered by a WDM broadcast-and-select
network.

are thus necessary and typically try to avoid the above mentioned collisions so as
to achieve a better utilization of the shared medium (channels).

Apart from the distinct channel assignment, there is another constraint associated
with this class of optical networks. As a result of using an optical N × N passive
star coupler, only a fraction of the signals arriving at the coupler’s input ports is
delivered to its output ports. In fact, if we assume in our specific case that all N
nodes transmit using the wavelengths assigned to them at a certain point in time,
the coupler will deliver approximately 1/N of the power of each arriving signal
to its output ports. Broadcast-and-select networks are therefore proper for local
and metropolitan area networks (LANs and MANs) where N is not too large.
Apparently, it is not be possible to have one single star coupler and thousands or
millions of users connected to it, as would be required in the case of a wide area
network (WAN).

Finally, we observe that the total number of wavelengths (N ) used in the network
of Figure 1.11 is equal to the number of nodes and that each node has exactly one
transmitter and one receiver, the types of which were described above. It should
be noted that in the general case of a broadcast-and-select network, however, the
total number of nodes can also be greater than the number of wavelengths and
each node can have multiple transmitters and/or receivers (that may be fixed-tuned
or tunable). Moreover the topology should not necessarily be a star. Anyway, we
defer the discussion about topologies, transceivers and other interesting aspects
of WDM broadcast-and-select networking to the end of this introductory chapter,
where we shall examine this interesting class of optical networks in more depth.
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1.5.3 WAVELENGTH (AND WAVEBAND) ROUTING NETWORKS

In the beginning of this section about optical networks, we remarked that the key
idea for progressing to real optical networking is to have some of the routing,
switching and intelligence transferred to the optical domain. This is what happens
first and foremost in wavelength routing networks. WDM point-to-point links are in
fact just one first step supporting the gradual penetration of the wavelength routing
architecture into the network, while broadcast-and-select networks are rather static
in nature and not scalable to large sizes. The WDM wavelength-routing architecture
comes as a more general and less static proposal aiming, from a physical point
of view, to be deployed mainly as a backbone network for large regions, e.g. for
nationwide and global coverage. Thus, a likely form that the overall network might
take in the future is a combination of broadcast-and-select LANs interconnected
by a wavelength-routing network, while other well-established LAN technologies
will not be precluded of course.

One main advantage of wavelength routing networks over broadcast-and-select
ones is that they support reusing wavelengths in different parts of the network.
Recall that this cannot be the case for broadcast-and-select networks. Suppose for
example that node 2 in Figure 1.11 is transmitting data on wavelength λ2 to node
1 and node N wishes to communicate with another node. Node N is constrained
not to use wavelength λ2 of the initial transmission for this, even though such a
communication concerns another part of the network (nodes 1 and 2 seem to have
nothing to do with it), on account of the broadcast nature of this architecture. In
particular, if node N did transmit on λ2, its data would be broadcast to all other
nodes including node 1, which at that time would be still receiving data on the
same wavelength from node 2. Contrary to this, wavelength reuse is provided
by wavelength routing networks as we will see. On the basis of this property
scalability is increased allowing a large number of nodes to be served by relatively
few channels (today close to around 160 per single fibre).

Before proceeding to the details of the components constituting a wavelength
routing network, let us first spot the kind of services offered by a wavelength routing
network and the way it operates. For this purpose consider Figure 1.14(a) which
shows an example of a small wavelength routing mesh network. Five intermediate
(wavelength routing) network nodes are represented schematically by circles in
the figure, from 1 to 5. These are interconnected between them forming a simple
mesh physical topology and, also, each of them is connected with five end-nodes
represented as rectangles, from A to E, where intermediate node 1 connects to end-
node A and so on. We must point out here that some of the intermediate wavelength
routing nodes may not connect to any end-node in the general case of a wavelength
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Figure 1.14 (a) Example of a small wavelength routing mesh network (b) Virtual (logical)
topology of the network in (a).

routing network. The end-nodes are the sources and sinks of traffic moving around
in the network. The intermediate nodes themselves form an all-optical network in
that traffic stays in optical form throughout the network and just gets converted
to electronic only at the edges (end-nodes). Thus, it is imperative for each end-
node to be equipped with optical transceivers, enabling it to convert the electronic
data it generates into optical form before transmitting to the desired destination
(through the intermediate node they attach to) and the optical data received from
the neighbouring intermediate node back to electronic form before it can actually
process it.

It should be remembered here that such a purely all-optical network (excluding
the end-nodes) is not practical when large spans are considered. In fact some kind
of optoelectronic-optical (OEO) conversions might take place e.g. in electronic
regenerators after great distances. The use of electronics in so-called all-optical
networks was discussed in the introduction to this section. Thus, it is more common
in practice to encounter several ‘islands’ of all-optical subnetworks interconnected
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to form the overall network. The latter is sometimes called an ‘opaque’ network,
on account of the loss of data transparency introduced by the necessary use of
electronics in the links interconnecting the aforementioned all-optical islands.
Figure 1.14(a) could more precisely be considered such an island (subnetwork) of
a larger opaque network.

What a wavelength routing network actually offers to end-nodes is the ability
to make (logical) connections with each other. At any time, each end-node may
maintain logical point-to-point connections with various other end-nodes in the
network. Considering the simple case in which intermediate nodes do not have any
ability to perform wavelength conversions,11 one specific wavelength is assigned
to carry this connection all the way from the source end-node to the destination.
Provided that the paths taken by any two connections do not have any common
fibre links, i.e. do not overlap at any point in the network, they can be carried
by the same wavelength; in simple terms, same wavelengths can be reused in
various parts of the network. If we imagine a large network consisting of e.g.
thousands of nodes with quite a few physical (fibre) links between them, we can
gain an understanding of how much wavelength reuse will take place, resulting
in a dramatically decreased number of wavelengths required to support numerous
logical connections between pairs of end-nodes.

Apart from wavelength reuse it is also noteworthy that in wavelength routing
networks optical signals on certain wavelengths are not broadcast to every other
end-node (as in broadcast-and-select systems), but are routed along the appropri-
ate logical connection only to the desired destination. Thus, wavelength routing
networks eliminate the other weakness of broadcast systems, namely the waste of
signal power due to the splitting and broadcasting of the signal to many nodes,
most of which are typically uninterested.

In such wavelength routing networks, as in the case of Figure 1.14(a), an all-
optical path provided to a pair of end-nodes in order to serve as a high-speed
logical connection between them is termed a lightpath. The bit rates supported
along a certain lightpath are as high as a few Gb/s, e.g. 10 Gb/s (or even 40Gb/s
but for much shorter distances before electronic regeneration is needed, ceasing
the all-optical characteristic of transmission and thus constraining lightpaths to
shorter spans). Recall that such bit rates offered by lightpaths, each served by one
wavelength, comply well with the potential of electronic circuits at the end-nodes;
this is exactly how WDM offers a great collaboration of optics and electronics as
mentioned in a previous section.

In Figure 1.14(a) we can distinguish four established lightpaths, which are con-
sidered to be bidirectional, i.e. comprise pairs of unidirectional fibre links in op-
posite directions; this is the case for both the links in the access part (between
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end-nodes and the all-optical network) and the ones between intermediate routing
nodes. The first lightpath is between end-nodes A and C on wavelength λ1 passing
through the intermediate wavelength routing nodes 1, 2 and 3; the second lightpath
is between A and D on λ2 through intermediate nodes 1, 2 and 4; the third lightpath
is between D and E on λ1through nodes 4 and 5; and the fourth lightpath is between
B and C on λ2 through nodes 2 and 3. Note that the DE lightpath reuses wavelength
λ1 which is already used by lightpath AC without any problem of interference,
since the two lightpaths do not share any common fibre links. This is the case with
wavelength λ2 and lightpaths AD and BC as well.

Let us assume that the only available wavelengths in our network of Figure
1.14(a) areλ1andλ2. Suppose that we wanted to set up a logical connection between
end-nodes E and B. Notice that assuming no wavelength conversion capability for
the intermediate node 4, the network would have to block such a lightpath request,
i.e. it would be unable to provide this lightpath or else the same wavelength would
have to be used for two different lightpaths over the same fibre link. This would be
undesirable because of the interference between the lightpaths as we have already
described.

Figure 1.14(b) illustrates the virtual topology of the network with the physical
topology shown in Figure 1.14(a). The virtual topology of a wavelength routing
network is the topology that we get if we use a link to connect every end-node with
all end-nodes with which it has established lightpaths. In simple terms, in order to
get the virtual topology we just have to replace lightpaths with direct links. As we
will see in the end of this chapter when we look closer at the broadcast-and-select
WDM networks, the notion of virtual topologies is applicable to those networks
as well. Designing proper virtual topologies to be embedded over the underlying
physical topologies is quite an important subject matter and has been studied by
several researchers.

So far we have not referred more specifically to what those rectangles of Figure
1.14, i.e. end-nodes, might be. End-nodes are the users that will benefit from the
services (including above all the establishment of high-speed lightpaths between
them) offered by the wavelength routing network. First it would be helpful to
view a wavelength routing network (this can be extended to second generation
networks in general) as a separate optical layer falling for the most part within
the physical layer in the well-known network layer hierarchy proposed by the ISO
(International Standards Organization). This optical layer acts as a server layer
supporting a variety of client layers above it, which may be first generation optical
network layers such as SDH/SONET and ESCON or other widely used network
layers like IP and ATM. The overall network may comprise various combinations
e.g. IP over ATM over SDH/SONET over optical, (straightforwardly) IP over
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Figure 1.15 Various client layers supported by the optical layer.

optical, ATM over optical and Gigabit Ethernet over optical. These combinations
are shown in Figure 1.15 and are just samples of the possible combinations.

The need for such layered architectures for the overall network is explained if
we think that the optical layer, due to the state-of-the-art and nature of optics, can
handle data at very high bit rates in a much more cost-effective way than the layers
above it. On the other hand, the layers above the optical are more cost-effective at
processing in more detail relatively lower bit-rate data.

The users (rectangles of Figure 1.14) of a wavelength routing network are in
effect SDH/SONET terminals, IP routers, ATM switches and so on. The first case
especially is very common. That is mainly why in the first stage of penetration,
wavelength routing networks have been configured in the same way as the existing
SDH/SONET networks, i.e. as rings. As they become more mature, mesh topolo-
gies have been in use constantly more. The SDH/SONET terminals just cannot
know that they are being served by lightpaths (logical connections) provided by an
underlying optical layer instead of the archetypical dedicated fibre connections be-
tween them. Thus the optical layer can offer a dedicated communications backbone
for a logical network, e.g. SDH or ATM. Moreover, the optical layer does not just
offer permanent lightpaths serving as physical links, but also switched lightpaths,
naturally corresponding to connections provided by the familiar circuit-switched
services today (as in traditional networks for telephony). Remote access to super-
computers is an example of a temporary activity that would require assignment of
logical connections (switched lightpaths) on demand.

1.5.3.1 The Problem of Routing and Wavelength Assignment
The problem of Routing and Wavelength Assignment (RWA) is crucial in wave-
length routing networks. It can be formally stated as follows. Given a set of
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lightpaths that need to be established on a particular network topology, determine
the routes over which these lightpaths should be established and the wavelengths
that should be assigned to them, using the minimum possible number of wave-
lengths.

We have already described two constraints that have to be kept in mind by the
approaches trying to solve RWA. In fact the constraints concern the second part
of the problem, in which routes of lightpaths are assumed to be known in advance
and what remains to be done is the wavelength assignment (WA). The constraints
are summarized below:

1. Distinct wavelength assignment constraint. All lightpaths sharing a common
fibre must be assigned distinct wavelengths to avoid interference. This applies
not only within the all-optical network but in access links as well.

2. Wavelength continuity constraint. The wavelength assigned to each lightpath
remains the same on all links it traverses from source end-node to destination.

The first constraint holds for solving the WA problem in any wavelength routing
network. Recall that a similar constraint was applicable in broadcast-and-select
networks too. The second constraint applies only to the simple case of wavelength
routing networks that have no wavelength conversion capability inside their nodes.

In a wavelength routing network the traffic can be considered either static or
dynamic. That is to say the lightpath requests can be either offline or online respec-
tively. In a static traffic pattern (offline lightpath requests), a set of lightpaths are
set up all in advance and remain in the network for a long period of time; they can
be considered permanent in a sense. The RWA problem is known as offline RWA
in this case. In a dynamic traffic pattern (online lightpath requests), a lightpath is
set up for each connection request as it arrives, and the lightpath is released after
some finite amount of time. The lightpaths are switched in this case and provided
in a circuit-switched fashion. The RWA problem here is called online RWA. There
is a vast literature in this research area; a review of RWA algorithms can be found
in [37]. Most RWA algorithms have the following general form:

� Arrange all admissible fibre paths for a given source-destination pair (i.e. light-
path request) in some prescribed order in a path list.

� Arrange all wavelengths in some prescribed order in a wavelength list.
� Attempt to find a feasible route and wavelength for the requested lightpath

starting with the path and wavelength at the top of the lists.
� Repeat for all lightpath requests.

In order to set up a lightpath a signalling and reservation protocol is required
to exchange control information among nodes and reserve resources along the
way. In many cases the signalling and reservation protocols are closely integrated
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with the RWA protocols to form a so-called control and management mechanism
(or protocol). Upon the reception of a lightpath request, this mechanism will
select an appropriate route, assign the appropriate wavelength(s) to the lightpath
and configure the network’s switches accordingly. The control and management
mechanism is also responsible for keeping track of which wavelengths are currently
used in each optical link in order to enable correct routing decisions. Note that the
mechanism can be either centralized or distributed, with distributed ones being
preferable due to their increased robustness [27]. The research in this area has four
main goals [27], which generally may conflict:

1. Minimize the blocking probability of lightpath requests, i.e. establish as many
lightpaths as possible.

2. Minimize lightpath set-up delays.
3. Use the minimum possible amount of bandwidth for control messages.
4. Maximize system scalability.

Control and management protocols dealing with the dynamic lightpath estab-
lishment (DLE) problem (which relates to the online RWA) can be found in [38].
For the static lightpath establishment (SLE) problem (relating to the offline RWA)
[37] is a good starting point.

1.5.3.2 Building Blocks of a Wavelength Routing Network
In this subsection we look closer at the basic building blocks of a wavelength rout-
ing network, besides optical fibres and regenerators (including optical amplifiers)
which we have already discussed.

The principal building block of a wavelength routing network is a node that
was referred before as the intermediate wavelength routing node and was shown
to be the main component of the all-optical network depicted in Figure 1.14(a).
To keep the analogy with SDH/SONET networks, where we had digital cross-
connect systems (DCSs), these nodes are often called wavelength cross-connects
(WXCs) or optical cross-connects (OXCs). We shall use the former term from here
on. Just as a DCS cross-connects (switches) many PDH and SDH/SONET data
streams, a WXC has generally many input/output ports and switches the light
signals entering on its input ports on to its output ports. The routing decision for
each incoming signal is based on its input port and on its wavelength (that is why
these networks are called wavelength routing). A DCS also has some local ports
(we saw it can perform the actions of an ADM), where digital signals can be added
or dropped locally. This is the case as well with WXCs, which, in addition to their
input/output ports, have various local ports where lightpaths start and end. These



Second Generation Optical Networks—Main Classes 35

can be electrical or optical and as in the example of Figure 1.14(a) before, they are
used to connect WXCs with end-nodes.

Figure 1.16 shows WXC2 of Figure 1.14(a) in some more detail. This node has
three input and three output ports and one bidirectional local port connecting it
with the end-node B. In point of fact, when we refer to an illustration of a network
like the one in Figure 1.14(a), it would be more appropriate to talk about pairs of
input/output ports, since we consider the bidirectional (via fibre pairs) connections
of this WXC with others. Thus, for example the input port 1 and output port 1 form
the first pair of input/output ports of WXC2 (Figure 1.16), which corresponds to
the pair of unidirectional fibres connecting WXC2 to WXC1 and is shown as a
single (bidirectional obviously) link in Figure 1.14(a). The necessary wavelength
multiplexers/demultiplexers (WMUX/DMUX) for the outgoing/incoming light sig-
nals that leave/enter (respectively) the WXC node are also shown in the figure.
We assume multiplexing and demultiplexing of only two wavelengths in accor-
dance with the assumption made for the network of Figure 1.14(a). The figure
additionally depicts how the switching operation is performed for lightpath AD on
wavelength λ2. Based on the facts that the signal enters the node from input port
1 and wavelength λ2 is used for the lightpath of interest, the WXC node decides
to route the λ2 part of the signal to output port 3 towards WXC4. It is obvious that
some kind of control and management of the WXC must exist in order to make
all the necessary routing decisions. Even in all-optical WXC nodes this should be
done electronically according to the current state-of-the-art (recall that electronics
have the intelligence). The module for management and control is not shown in
Figure 1.16.
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Figure 1.16 The WXC node 2 of Figure 1.14(a) in more detail. The necessary wavelength
multiplexers/demultiplexers and the switching for lightpath AD on λ2are also shown.
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When a WXC has only two pairs of input/output ports (or equivalently can
be connected only with two other WXCs through two bidirectional links) with-
out taking into account any additional ports probably used for protection, it is
called a wavelength add/drop multiplexer (WADM ) or optical add/drop multi-
plexer (OADM ). (We shall mainly use the former term.) These wavelength routing
network elements are obviously analogous to ADMs, encountered in the case of
SDH/SONET networks. For example, in the simple network of Figure 1.14(a),
intermediate nodes 1, 3 and 5 are WADMs, while 2 and 4 (having three pairs of
input/output ports) are WXCs, according to the way we defined these network
elements. Like normal WXCs, WADMs can have a number of local ports too.

As we saw, wavelength multiplexers/demultiplexers are also included in the
building blocks of wavelength routing networks. We have already referred to
these devices that were shown in Figure 1.16 to separate wavelengths in input
ports (demultiplexers) or combine wavelengths in output ports (multiplexers). A
WMUX/DMUX is also called optical line terminal (OLT ) to keep the analogy
with line terminals (LTs) or terminal multiplexers used in SDH/SONET networks.

1.5.3.3 Inside WXCs—Static vs. Reconfigurable WXCs and Networks
There are various types of wavelength cross-connects (WXCs) and wavelength
add/drop multiplexers (WADMs) that determine the operation of a wavelength
routing network. We shall confine the discussion to WXCs since they are more
general and in a sense include WADMs as was explained in the previous subsection.

A WXC node always comprises a number of wavelength multiplexers/
demultiplexers (WMUXs/DMUXs), which can be considered a part of it (even
if in the previous subsection it helped to look at WMUXs/DMUXs as separate
network elements).

Except for this certain fact, there is quite a large variety of WXC implementa-
tions. First of all, a WXC may have the ability to perform wavelength conversions,
adding to the overall flexibility of the network in establishing lightpaths between
end-nodes. Wavelength converters will be examined in more detail in Chapter 2,
but we shall briefly refer here those of their characteristics that are of some interest
in implementing WXCs. Looking back at Figure 1.14(a) it is easy to see for ex-
ample that if WXC4 was capable of wavelength conversions, it would be possible
to establish a lightpath connecting end-nodes E and B through WXC5, WXC4 and
WXC2. More than one wavelength is assigned to a single lightpath in the case of
wavelength conversion-capable intermediate WXC nodes. Thus, in this example,
in order to establish lightpath EB, wavelength λ2 should be used along the link from
WXC5 to WXC4 and wavelength λ1 along the link from WXC4 to WXC2, thereby
interference with previously set up lightpaths would be avoided. Given a number
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of available wavelengths, wavelength conversion capability at some WXCs allows
establishment of more lightpaths than in the case of no wavelength conversion, i.e.
decreases the blocking probability of connection requests.

However, generally, not only the existence of wavelength conversion capability
should concern us but also its kind. The various kinds of wavelength conversions
in a decreasing order of offered flexibility are:

� Full wavelength conversion, implying the capability of conversions from (every)
one wavelength to any other within the set of available wavelengths.

� Limited wavelength conversion, meaning that a wavelength can be converted only
to some wavelength included on a certain subset of the available wavelengths,
but not to any one (as in the previous case). This offers less flexibility than full
wavelength conversion.

� Fixed wavelength conversion, implying that (every) one wavelength is always
converted to another specific and fixed wavelength. This offers no flexibility
at all.

� No wavelength conversion, offering no flexibility (as the previous solution).

Full wavelength conversion offers the greatest flexibility followed by limited con-
version, because both involve the ability to reconfigure conversions. The last two in
fact offer no flexibility since they are static in nature. Wavelength conversions may
be done optically or electronically. The latter would require optoelectronic-optical
(OEO) conversions; hence, the network would not be all-optical any more.

Figure 1.17 shows an example of a WXC node with no wavelength conversion
capability [28]. The WXC has three input and three output ports, three WMUXs
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Figure 1.17 Example of a static optical WXC node with three input and three output
ports. The WXC has no wavelength conversion capability [28]. ( C© 1993 IEEE)
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Figure 1.18 Example of a reconfigurable optical WXC node with three input and three
output ports. The WXC has no wavelength conversion capability [28]. ( C© 1993 IEEE)

and three WDMUXs. The wavelengths, assumed to be just two for simplicity, are
switched in a fixed manner. Such a WXC node is obviously static in that every
signal on some wavelength entering through a specific port will always have to
leave from a predetermined port on the same wavelength. For example, λ2 of input
port 1 is always switched to output port 3 (and remains λ2). Such static WXCs are
passive devices and are also called passive routers or waveguide grating routers
(WGRs).WGRs have been commercially available for quite some time now and
are proposed for architectures regarding another class of WDM optical networks12

that is examined in a following subsection.
Apart from wavelength converters and the necessary WMUXs/DMUXs, a WXC

node may also contain optical or electronic switches.13 These would enable it to
dynamically route lightpaths under the necessary control which is typically done
electronically. Such a reconfigurable WXC node is shown in Figure 1.18 [28].
Its only difference from the static node of Figure 1.17 is that it contains a 3 × 3
optical switch for each wavelength. In the general case of a WXC node with N
pairs of input/output ports and W wavelengths, W N × N optical switches would
be required. Note that the whole set of switches can be viewed as a single NW ×
NW optical switch (in our example a 6 × 6 optical switch). A signal on a certain
wavelength entering the node from some input port can leave on any output port
depending on the decision of the node’s electronic control (not shown in the figure).

The same WXC with full wavelength conversion capability is depicted in Fig-
ure 1.19. This offers the highest possible flexibility, since it is capable of taking
an incoming wavelength from any input port and switching it to any output port
on any wavelength. As an example, the WXC may take wavelength λ2 from input
port 1, convert it to λ1 and switch it to output port 3. However, the implementation
cost of WXCs offering this great flexibility is analogously much higher.
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Figure 1.19 Example of a reconfigurable optical WXC node with three input and three
output ports. The WXC has full wavelength conversion capability.

All the three previous examples are optical WXCs. Note that in the case of
electronic WXC nodes, i.e. nodes comprising electronic switches, the necessary
transceivers for optoelectronic-optical (OEO) conversions must be included as
well.

When a WXC has no optical switches and involves at most fixed wavelength
conversion, it is said to be static. As we saw, Figure 1.17 illustrates such a static
WXC node incapable of converting wavelengths. If we suppose a fixed wavelength
conversion was involved, the WXC would remain static. A wavelength routing net-
work comprising only static WXCs is called static as well. On the other hand, when
a WXC at least either includes switches or has limited or full wavelength conver-
sion capability, it is said to be reconfigurable or dynamic. The last two examples
concern reconfigurable WXC nodes, as was explained. Accordingly, a network
with at least one reconfigurable WXC is called reconfigurable or dynamic too,
since it is capable of changing its state of operation dynamically. In reconfigurable
networks the set of lightpaths that can be established between end-nodes may
change by reconfiguring the switches and/or wavelength converters inside some
of the WXCs. On the contrary, static networks offer a fixed set of lightpaths to
their users. Typically, it is much more common for wavelength routing networks
to be reconfigurable, since it is very likely for optical switching to exist within
some WXCs; besides this, limited wavelength conversion capability is also likely
to be found in a few WXC nodes. Note that considerable amount of work has been
done in how and where to optimally place wavelength conversion-capable nodes
in a wavelength routing network.
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1.5.3.4 Waveband Routing Networks
In WDM broadcast-and-select networks with the common star topology, the opti-
cal part of the network, i.e. excluding the end-nodes which have some electronic
circuits to perform optoelectronic-optical (OEO) conversions, actually comprises
only one node, the optical star coupler. This is a passive device that has no inde-
pendent control of each wavelength; it just sends to each of its outputs a fraction
of the power of the signal it gets by combining the signals received through all
inputs.

In wavelength routing networks the nodes of the optical part of the network are
the WXCs, since OEO conversions take place at the end-nodes. Notice that WXCs
have independent control of each wavelength, e.g. in the example of Figure 1.18
the WXC has two optical switches, one for each wavelength, so that it can inde-
pendently control and switch each wavelength. Generally the number of optical
switches in a WXC must be equal to the number of available wavelengths, as we
saw when we described dynamic WXCs. As technology increases the number of
wavelengths that a fibre can carry, the cost of having independent control of each
wavelength in WXCs and WADMs becomes considerably high. For instance, as-
sume a fibre carrying 150 wavelengths. In the simpler case of a WADM where two
pairs of unidirectional (i.e. a total of four) fibres are attached to it (excluding any
local ports), two 1 × 150 WMUXs, two 150 × 1 WDMUXs and 150 2 × 2 optical
switches would be required; in dynamic WXCs with more input/output ports the
implementation would in effect be more costly.

Waveband routing networks lie somewhere in between, as far as independent
control on wavelengths is concerned. The key idea is to group wavelengths in
to wavebands and to have nodes do a coarser handling of wavebands instead of
controlling wavelengths. Each switching component (which is different from the
optical switches used in the case of WXC nodes) operates at a different wave-
band now, thus the number of switching components must be equal to the number
of wavebands (much smaller). The cross-connect nodes of such a network can
do a (coarse) demultiplexing, switching and multiplexing of wavebands, but not
wavelengths within a waveband. Thereby the optical part of the network cannot
distinguish between different wavelengths in a waveband; this is called insepara-
bility of channels (wavelengths) belonging to the same waveband and is a routing
constraint unique to this type of optical networks. The two constraints that were
mentioned for wavelength assignment (WA) in wavelength routing networks, i.e.
the wavelength continuity (assuming no wavelength conversion) and the distinct
wavelength assignment constraint, also apply here. Individual wavelengths within
a waveband can be separated from each other only at the end-nodes [28]. Wave-
length and wavebands can be reused in different parts of the network.
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In waveband routing networks, routing (cross-connect) nodes are implemented
in a different way from the one used for WXCs. In fact, the basic optical elements
used for the implementation are couplers and not optical switches. Couplers are
devices that are used to split and combine optical signals and will be studied in
Chapter 2. Actually, variable couplers that allow adjustment of the power splitting
ratio in the range from 0 to 1 [28] are used. These devices are linear and the power at
an output port is the linear combination of the powers at the input ports. That is why
the networks incorporating such routing nodes have been called Linear Lightwave
Networks (LLNs). Waveband routing networks are considered an extension of
LLNs, for which routing nodes are assumed to be waveband-selective. Even though
the idea of reducing the switching components required in a routing node (as
compared to WXCs and WADMs) is quite attractive, it has been realized that the
concept of waveband routing networks is not very practical because of the more
complex routing required and the considerable splitting and combining losses
introduced by using couplers. However, the couplers used inside routing nodes of
LLNs provide the network with the ability to offer multicasting. This advantage
could be transferred to wavelength routing networks too, if routing nodes of LLNs
containing couplers were used instead of WXCs in a few selected positions of the
network.

1.5.4 WDM PASSIVE OPTICAL NETWORKS (PONs)

This class of optical WDM networks has been proposed as a high speed alternative
to the (local) access part of the network, i.e. the part that reaches individual homes
or businesses, which is also known as the ‘last mile’ or ‘last leg’ of the network.
The transmission medium that dominates the access part is definitely twisted-pair
copper wire, which implements the ‘last leg’ of telephone networks. In countries
where cable television (CATV) networks have been developed as well, one certain
part of the access infrastructure (i.e. besides this belonging to the telephone net-
work) typically comprises fibre up to a certain point (without reaching individual
homes) and coaxial cable links going all the way to homes. Of course many
business customers are already making use of high speed connections provided
to them e.g. by first generation optical networks like SDH/SONET, but the access
part for residential customers is still either the telephone or the cable network.

Figure 1.20 shows the standard architecture for an access network. The hub
contains terminal equipment which sources the signals (but not information) sent
downstream to subscribers [10]. Information is fed through a number of links to
several remote nodes (RNs) placed near subscribers. Each RN in turn distributes
information to several network information units (NIUs) each serving one or more
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Figure 1.20 The standard architecture for an access network. The hub station connects
to several remote nodes (RNs) placed near subscribers. Each RN, in turn, is connected to
several network interface units (NIUs) each of them serving one or more subscribers. The
part from the hub to the RNs is the feeder network, while from RNs to NIUs we have the
distribution network.

subscribers. The part of the network from the hub down to the RNs is the feeder
network. From the RNs to subscribers we have the distribution network, as shown
in the figure. In the case of a telephone network the hub is a central office, while
for cable networks it is the head end.

Considering that even among individual residential users, the demand for new
types of applications and services requiring large amounts of bandwidth is con-
stantly increasing and pushing for progress, fibre-based (optical) access networks
have quite reasonably been proposed as a solution. It is expected that, on account
of the great potentialities of the medium, service providers will eventually be able
to offer such advanced services to individual customers. Optical access networks
generally follow the same architecture depicted in Figure 1.20, where NIUs are
usually called optical network units (ONUs).

Since we are dealing with the access part of the network, it would be wise
not to use any complicated devices requiring special network control, such as
the switches of Figure 1.18 and Figure 1.19. The installation and usage costs
of such devices would surely be unjustifiable considering that here we are not
dealing with a backbone network as in wavelength routing networks. Thereby, the
optical networks proposed for the access part must preferably comprise passive
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Figure 1.21 The broadcast-and-select PON architecture. (Reprinted from [29], copyright
1998, with permission from Elsevier)

devices like couplers (e.g. passive star couplers) and waveguide grating routers
(WGRs).14 Such networks are called Passive Optical Networks (PONs), while the
more advanced of them incorporating WDM are called WDM PONs. In order for
a PON (WDM or not) to be practicable and cost-effective, we must ensure that
the ONUs are as simple and inexpensive as possible (since they involve a large
number of customers) while the RNs, and even more the hub, can be somewhat
more complicated.

Next we briefly describe the two basic architectures for WDM PONs [29].
Figure 1.21 illustrates the broadcast-and-select WDM PON architecture. A tunable
transmitter (over the entire range of available wavelengths) is located inside the
hub along with a receiver for data coming from ONUs (upstream). Instead of
the tunable transmitter, an array of fixed-tuned transmitters could be used. The
multichannel traffic directed from the hub to the subscribers, i.e. the downstream
traffic, is broadcast through a passive star coupler located inside the RN to all
ONUs. The links between RN and ONUs carry the same traffic and thus we have
a broadcast distribution network. ONUs can therefore be identical, which is an
advantage of this broadcast feature. Since by the use of WDM, each ONU has one
channel for exclusive service, we say that we have dedicated bandwidth assigned
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Figure 1.22 The wavelength routing PON architecture. (Reprinted from [29], copyright
1998, with permission from Elsevier)

by the feeder network to each ONU.15 As in a WDM broadcast-and-select LAN,
all ONUs receive exactly the same WDM signal and have to utilize some form
of filtering so as to select their exclusive wavelength. The upstream traffic of
all ONUs is carried over one channel, shared by ONUs via an appropriate multi-
access method like e.g. synchronous TDM. The reasoning behind this is that traffic
is largely asymmetric in PONs and one channel would be adequate for upstream
transmission. Inside the RN there is a coupler functioning as a combiner of the
upstream traffic which subsequently heads towards the receiver of the hub. This
broadcast-and-select WDM PON is a nice solution that can be implemented with
relatively low-cost optical components. However, the use of a passive star coupler
in the RN introduces splitting losses (1/N of the signal power is delivered to each
ONU) and therefore hinders the support of many subscribers.

The wavelength routing PON architecture overcomes the splitting loss trouble
by replacing the star coupler by an N × N WGR (passive router) inside the RN, as
shown in Figure 1.22 [29]. The distribution links carry now only the appropriate
channel for each ONU on account of using the WGR. This results in the distribu-
tion network becoming switched in this case and inherently more appropriate for
switched services like e.g. interactive video and Internet browsing. Several different
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implementations of this general architecture have been demonstrated; see [15] and
[16] for example.

The above two WDM PONs are subsumed in the fibre-to-the-curb (FTTC) and
fibre-to-the-home (FTTH ) architectures (differing in how close to homes ONUs
are considered, where in FTTC copper wires connect one ONU to several homes),
which were conceived and proposed before quite some time now. Thus, the idea
of using fibre up to the home (or really close to it in the FTTC case) and preferably
exploiting it well by means of WDM is not that new. In practice, bringing WDM
technology to the access part can be considered the logical next step after introduc-
tion of WDM in the long-haul inter-exchange core and then into the metropolitan
local exchange [12]. But this will happen only when optical component technology
becomes more mature and less expensive.

1.5.5 PHOTONIC PACKET SWITCHING NETWORKS

OTDM networks appear fairly futuristic for today’s technology in that there are
still some serious problems that have to be overcome before their commercial
deployment. For example, one major problem is that some part of the end user’s
network interface must execute certain control and processing operations at much
higher speed than the potentiality of electronic circuits. These operations, though,
cannot be performed in the optical domain either, at least with current optical
technology. Consequently, it seems that OTDM has to wait in laboratories for
several technological advancements before breaking through to commercial reality.
However it is worth mentioning the fundamentals of OTDM networks as they seem
capable of offering advanced services not provided by WDM networks alone.
Furthermore, taking into account that this book focuses on the WDM broadcast-
and-select architecture, we will notice that the latter is crucial in implementing
several switches used inside OTDM networks.

As we have already seen, using pure WDM only provides granularity at the level
of one wavelength. If data at a capacity of a fraction of a wavelength’s granularity
is to be carried, capacity will be wasted. For example, if we assume that one
wavelength can carry traffic up to 40 Gb/s and we had four users, asking for a
10 Gb/s connection each, with pure WDM we would have to use four distinct
wavelengths, since the lowest level of granularity is the wavelength. Obviously,
it would be more cost-effective to deliver service to all of them using only one
wavelength, offering in essence virtual circuit services as in the case of ATM
for example. With photonic (or optical) packet switching, packet streams can be
multiplexed together statistically by means of the OTDM technique (described
in Section 1.2), making more efficient use of capacity and providing increased
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flexibility over pure WDM. Note, however, that photonic packet switching can be
combined with WDM either within the switch itself or as a means of transferring
information between switches [14].

Packet switches analyze the information contained in the packet headers and thus
determine where to forward the packets. Photonic packet switching technologies
enable the fast allocation of WDM channels in an on-demand fashion with fine
granularities (microsecond time scales). An optical packet switch can cheaply
support incremental increases of the transmission bit rate, so that frequent upgrades
of the transmission layer capacity can be envisaged to match increasing bandwidth
demand with a minor impact on switching nodes [9]. In addition, photonic packet
switching offers high-speed, data rate/format transparency, and configurability,
all of which are some of the important characteristics needed in future networks
supporting different forms of data [36].

1.5.5.1 Issues Concerning Photonic Packet Switching
Photonic packet switched networks can be divided into two categories: slotted
(synchronous) and unslotted (asynchronous). In a slotted network all packets have
the same size. They are placed together with the header inside a fixed time slot,
which has a longer duration than the packet and header to provide guard time.
In a synchronous network, packets arriving at the input ports must be aligned
in phase with a local clock reference [36]. Maintaining synchronization is not a
simple task in the optical domain. Assuming an Internet environment, fixed-length
packets imply the need to segment IP datagrams at one edge of the network and
reassemble them at the other edge. This can be a problem at very high speeds. For
this reason, it is worth considering asynchronous operation with variable-length
packets [14].

Packets in an asynchronous network do not necessarily have the same size. In
this case also, packets arrive and enter the switch without being aligned. Therefore,
the packet switching function could take place at any point in time. The behaviour
of packets in an unslotted network is more unpredictable than in a slotted one.
This leads to an increased possibility of packet contention, that is to say packets
e.g. intending to use the same switch ports at the same time, and therefore impacts
negatively on the network throughput. Asynchronous operation also leads to an
increased packet loss ratio. Then again, unslotted networks feature a number of
advantages over slotted ones, such as increased robustness and flexibility, as well
as ease of set-up and lower cost. The use of some methods for contention resolution
can lead to a fairly good traffic performance, while the use of complicated packet
alignment units of synchronous networks is avoided [7].
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Packets travelling in a packet switched network experience variant delays. Pack-
ets travelling on a fibre can experience different delays depending on factors such
as fibre length, temperature variation and chromatic dispersion. The packet prop-
agation speed is also affected by temperature variations. The sources of delay
variations described so far can be compensated for statically and not dynamically
(on a packet-by-packet basis) [36].

The delay variations mentioned above are delays that packets experience while
they are transmitted between network nodes. The delays that packets experience in
switching nodes are also not fixed. The contention resolution scheme and the switch
fabric greatly affect the packet delay. In a slotted network that uses fibre delay lines
as optical buffers, a packet can take different paths with unequal lengths within
the switch fabric [36].

Packets that arrive in a packet switching node are directed to the switch’s input
interface. The input interface aligns the packets so that they will be switched
correctly (assuming the network operates in a synchronous manner) and extracts
the routing information from the headers. This information is used to control
the switching matrix. The switching matrix performs the switching and buffering
functions. The control is electronic, since optical logic is in too primitive a state
to permit optical control currently. After the switching, packets are directed to the
output interface, where their headers are rewritten.

The header and payload of a packet can be transmitted serially on the same
wavelength. Guard times must account for payload position jitter and are necessary
before and after the payload to prevent damages during header erasure or insertion.
Although there are various techniques to detect and recognize packet headers
at Gb/s speed either electronically or optically, it is still difficult to implement
electronic header processors operating at such high speed to switch packets on
the fly at every node [36]. Several solutions have been proposed for this problem.
One of these suggests employing subcarrier multiplexing. In this approach, the
header and payload are multiplexed on the same wavelength, but the payload
data is encoded at the baseband, while header bits are encoded on a properly
chosen subcarrier frequency at a lower bit rate. This enables header retrieval
without the use of an optical filter. The header can be retrieved using a conventional
photodetector. This approach features several advantages, such as the fact that the
header interpretation process can take up the whole payload transmission time,
but also puts a possible limit on the payload data rate. If the payload data rate
is increased, the baseband will expand and might eventually overlap with the
subcarrier frequency, which is limited by the microwave electronics.

According to another approach, the header and the payload are transmitted on
separate wavelengths. When the header needs to be updated, it is demultiplexed
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from the payload and processed electronically. This approach suffers from fibre dis-
persion, which separates the header and payload as the packet propagates through
the network. Subcarrier multiplexed headers have far less dispersion problems
since they are very close to the baseband frequency.

Two major difficulties prevail in optical packet switching, namely there is cur-
rently no capability of bit level processing in the optical domain, and there is no
efficient way to store information in the optical domain indefinitely. The former
issue concerns the process of reading and interpreting packet headers, while the
latter concerns the way packet contentions are resolved in an optical network.
Contentions occur in the network switches when two or more packets have to
exploit the same resource, for example when two packets must be forwarded to
the same output channel at the same time. The adopted solutions to solve these
contentions are a key aspect in packet-switched networks, and they can seriously
affect the overall network performance. The optical domain offers new ways of
resolving contentions, but does not allow the implementation of methods that have
been widely used in traditional networks. Three methods for contention resolu-
tion are described in the following: buffering, deflection routing and wavelength
conversions.

1.5.5.2 Buffering, Deflection Routing and Wavelength Conversions for
Contention Resolution

First of all, the simplest solution to overcome the contention problem is to buffer
contending packets (hence exploit the time domain). This technique is widely
used in traditional electronic packet switches, where packets are stored in the
switch’s random access memory (RAM) until the switch is ready to forward them.
Electronic RAM is cheap and fast. On the contrary, optical RAM does not exist.
Fibre delay lines (FDLs) are the only way to ‘buffer’ a packet in the optical domain.
Contending packets are sent to travel over an additional fibre length and are thus
delayed for a specific amount of time.

Optical buffers are either single-stage or multi-stage, where the term stage rep-
resents a single continuous piece of delay-line [36]. Optical buffer architectures
can be further categorized into feed-forward architectures and feedback archi-
tectures [29]. In a feedback architecture, the delay lines connect the outputs of
the switch to its inputs. When two packets contend for the same output, one
of them can be stored in a delay line. When the stored packet emerges at the
output of the fibre delay line, it has another opportunity to be routed to the ap-
propriate output. If contention occurs again, the packet is stored again and the
whole process is repeated. Although it would appear so, a packet cannot be stored



Second Generation Optical Networks—Main Classes 49

indefinitely in a feedback architecture, because of unacceptable loss. Also, arriv-
ing packets can pre-empt packets that are already in the switch. This allows the
implementation of multiple quality-of-service (QoS) classes. In the feed-forward
architecture, a packet has a fixed number of opportunities to reach its desired
output [29]. Almost all loss a signal experiences in a switching node is related
to the passing through the switch. The feed-forward architecture attenuates all
signals almost equally, because every packet passes through the same number of
switches.

The implementation of optical buffers using FDLs entails several disadvantages.
Fibre delay lines are bulky and expensive. A packet cannot be stored indefinitely
on an FDL. Generally, once a packet has entered an FDL, it cannot be retrieved
before it emerges on the other side, after a certain amount of time. In other words,
fibre delay lines do not have random access capability. Another disadvantage of
FDLs is that they introduce noise to the optical signal.

Note that optical buffering can be used in combination with wavelength con-
versions (see below). The use of wavelength conversion minimizes the number of
FDLs. Assuming n wavelengths can be multiplexed on a single FDL, each FDL has
a capacity of n packets. (The more wavelengths can be multiplexed on each FDL,
the more packets the FDL can store.) Tunable optical wavelength converters16

(TOWCs) can be used to assign packets to unused wavelengths in FDLs; this
reduces the total number of FDLs [6].

Generally, it is desirable that the need for buffering is minimized. If the network
operates in a synchronous manner, the need for buffering is greatly reduced, since
contention occurs only when two packets need to be forwarded to the same output
channel.

Second, and apart from buffering, contentions may be resolved by deflection
routing through exploitation of the space domain. If two or more packets need
to use the same output link to achieve minimum distance routing, then only one
is routed along the desired link, while others are forwarded on paths possibly
leading to greater than minimum distance routing [36]. The deflected packets may
follow long paths to their destinations, and thus suffer high delays. In addition, the
sequence of packets may be disturbed.

Deflection routing can be combined with buffering in order to keep the packet
loss rate under a certain threshold. Deflection routing without the use of optical
buffers is often referred to as hot potato routing. When no buffers are employed,
the packets’ queuing delay is absent, but the propagation delay is larger than in
the buffering solution, because of the longer routes that packets take to reach their
destination. Simple deflection methods without buffers usually introduce severe
performance penalties in throughput, latency, and latency distribution [35].
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The most important advantage of the deflection routing method is that it is
implemented relatively easily both in terms of hardware components and con-
trol algorithms. The effectiveness of this technique critically depends on network
topology; mesh topologies with high number of interconnections greatly benefit
from deflection routing, whereas minor advantages are gained in simpler topolo-
gies [9]. Moreover, clever deflection rules can increase network throughput. These
rules determine which packets will be deflected and where to.

Finally, besides the two previous methods, we could utilize the additional di-
mension that is unique in the field of optics, i.e. wavelength, in order to resolve
contentions by wavelength conversions. If two packets having the same wavelength
are addressing the same switch outlet, one of them can be converted to another
wavelength using a tunable optical wavelength converter (TOWC). Only if we run
out of wavelengths is it necessary to resort to optical buffering.

By splitting the traffic load on several wavelength channels and by using tunable
optical wavelength converters, the need for optical buffering is minimized or even
completely eliminated. In order to reduce the number of converters needed, while
keeping the packet loss rate low, wavelength conversion must be optimized. Not
all packets need be shifted in wavelength. Decisions must be made concerning the
packets that need conversion and the wavelengths they will be converted to.

1.5.5.3 General Optical Packet Switch Architectures
Next we investigate several optical packet switches. Certain examples that are
based on the WDM broadcast-and-select architecture and therefore are of special
interest to us are included. Before proceeding to examples, however, we need
to know some fundamental and more general things concerning optical packet
switches.

First, we examine a general architecture. A general optical WDM packet switch,
shown in Figure 1.23, is employed in a synchronous network and consists of three
main blocks [7]:

� Packet/Cell encoder: packets arriving at the switch inputs are selected by a de-
multiplexer, which is followed by a set of tunable optical wavelength converters
that address free space in the fibre delay line output buffers. Optical to electrical
interfaces situated after demultiplexers extract the header of each packet (where
the packet’s destination is written) and thus determine the proper switch outlet.
This information is used to control the switch. Additionally, optical packet syn-
chronizers must be placed at the switch inlets to assure synchronous operation.

� Non-blocking space switch: this switch is used to access the desired outlet and
the appropriate delay-line in the output buffer. The size of the space switch is
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Figure 1.23 A general optical WDM packet switch [7]. ( C© 1998 IEEE)

N · n × N · (B/n + 1), where N is the number of input and output fibres and B
is the number of positions in the buffer.

� Buffers: the switch buffers are realized using fibre delay lines.

The size of the space switch is nearly independent of the number of wavelengths.
As a result, it is possible to increase the switch capacity by increasing the num-
ber of wavelength channels per inlet and outlet, while keeping the complexity in
terms of number of components almost constant. The use of tunable optical wave-
length converters significantly increases network throughput and higher allowed
burstiness.

In the general WDM packet switch architecture of Figure 1.23 described above,
tunable optical wavelength converters are used to handle packet contentions and
efficiently access packet buffers. The use of TOWCs greatly improves switch
performance, but implies more components and thus higher cost. In the scheme
discussed above, a wavelength converter is required for each wavelength chan-
nel. That is to say for N inputs, each carrying n wavelengths, n · N wavelength
converters will have to be employed. However, as noted in [9], only a few of the
available TOWCs are simultaneously utilized; this is mainly due to the following
two reasons:

� Unless a channel load of 100% is assumed, not all channels contain packets at a
given instant.

� Not all packets contending for the same output line have to be shifted in wave-
length because they may be already carried on different wavelengths.
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These observations suggest an architecture where TOWCs are shared among
input channels and their number is minimized, so that only those TOWCs that are
required to achieve a given performance level are employed.

A packet switch with shared tunable wavelength converters is shown in
Figure 1.24. This switch is equipped with a number r of TOWCs, which are
shared among input channels. At each input line, a small portion of the optical
power is tapped to the electronic controller, which is not shown in the figure. The
switch control unit detects and reads packet headers and drives the space switch
matrix and the TOWCs. Incoming packets on each input are wavelength demul-
tiplexed. Electronic control logic processes the routing information contained in
each packet header, handles packet contentions and decides which packets have to
be wavelength shifted. Packets not requiring wavelength conversion are directly
routed towards the output lines; on the contrary, packets requiring wavelength con-
versions will be directed to the pool of r TOWCs and reach the output line after a
proper wavelength conversion.
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The switch control unit adopts a simple and fair technique in assigning the
various output channels to TOWCs in each time slot. If in a time slot there are
conversions to be made, the control unit randomly selects an output fibre, among
those having packets to be shifted and determines the required conversions by
allocating output channels to TOWCs. This operation is repeated by the control
unit so long as at least one packet conflict remains unsolved and TOWCs are still
available. If all of the r TOWCs are allocated but one or more packet conflicts are
not solved, the packets involved in the conflict(s) are lost.

The issue of estimating the number of TOWCs needed to satisfy predefined
constraints on packet loss is addressed in [9]. Packet arrivals are synchronized on
a time slot basis; therefore the number of required converters in a given time slot
depends only on the number of arriving packets during that slot. The performance
of the switch, expressed in terms of packet loss probability, depends only on traffic
intensity. Thus, both converters dimensioning procedures and switch performances
hold for any type of input traffic statistic. The dimensioning of converters does not
depend on the considered traffic type, but only on its intensity.

Converter sharing allows a remarkably reduced number of TOWCs as compared
to other switch architectures, where it is equal to the number of input channels. The
drawbacks involved in sharing TOWCs are first, the enlargement of the switching
matrix by a factor equal to the number of converters used (r ) and, second, an
additional attenuation of the optical signal caused by crossing the switching matrix
twice.

It should be noted here that the wavelength converters employed in the switch
architectures discussed above were assumed to be capable of conversions over
the entire range of available wavelengths. In practical systems, however, a wave-
length converter normally has a limited range of wavelength conversion capability.
Moreover, a wide wavelength conversion range might slow down switching speed,
since it generally takes a longer time to tune to a wavelength over a wider range.
Limited wavelength conversion range in optical packet switches has been studied
e.g. in [29].

1.5.5.4 KEOPS and the Knockout Switch: Two Examples of Optical
Packet Switches

The KEOPS (KEys to Optical Packet Switching) project in 1995 extended the
study of the packet switched optical network layer [7]. The KEOPS proposal de-
fined a multi-Gb/s interconnection platform for end-to-end packetized information
transfer that supports any dedicated electronic routing protocols and native WDM
optical transmission.
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In KEOPS, the duration of packets is fixed; the header and its attached pay-
load are encoded on a single wavelength carrier. The header is encoded at a low
fixed bit rate, to allow the utilization of standard electronic processing. The pay-
load duration is fixed regardless of its content; the data volume is proportional
to the user-defined bit rate, which may vary from 622 Mbit/s to 10 Gbit/s, with
easy upgrade capability. The fixed packet duration ensures that the same switch
node can switch packets with variable bit rates. Consequently, the optical packet
network layer proposed in KEOPS can be considered both bit rate and (to some
degree also) transfer mode transparent; e.g., both ATM cells and IP packets can be
switched.

The final report on the KEOPS project [5] suggests a 14-byte header. Eight bytes
are dedicated to a two-level hierarchy of routing labels. Three bytes are reserved for
functional such as identification of payload type, flow control information, packet
numbering for sequence integrity preservation and header error checking. A 1-byte
pointer field flags the position of the payload relative to the header. Finally, two
bytes are dedicated to the header synchronization pattern.

Each node in the KEOPS network has the following sub-blocks:

� an input interface, defined as a ‘coarse-and-fast’ synchronizer which aligns the
incoming packets in real time against the switch master clock;

� a switching core which routes the packets to their proper destination, solves
contention, and manages the introduction of dummy packets to keep the system
running in the absence of useful payload;

� an output interface which regenerates the data streams and provides the new
header.

Two architectural options for the implementation of the switching fabric were
evaluated exhaustively. The first one, i.e. the Wavelength Routing Switch, utilizes
WDM to execute switching, while the second one, i.e. the Broadcast-and-Select
Switch, achieves high internal throughput thanks to WDM. Figure 1.25 shows the
broadcast-and-select switch suggested in KEOPS.

The principle of operation for the broadcast-and-select switch can be described
as follows. Each incoming packet is assigned one wavelength through wavelength
conversion identifying its input port and is then fed to the packet buffer. By passive
splitting, all packets experience all possible delays. At the output of each delay line,
multiwavelength gates select the packets belonging to the appropriate time slot. All
wavelengths are gated simultaneously by these gates. Fast wavelength selectors
are used to select only one of the packets, i.e. one wavelength. Multicasting can
be achieved when the same wavelength is selected at more than one output. When
the same wavelength is selected at all outputs, broadcasting is achieved.
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Another example worth mentioning of a packet switch employing the WDM
broadcast-and-select and wavelength routing architectures is the Knockout Switch.
A schematic of the original knockout switch [22] is shown in Figure 1.26. This
switch has N input and N output ports. Each output port can simultaneously
accept n packets. The switch is based on a fully interconnected approach, i.e.
every input port can directly reach every output port through a bus (thus, there are
N 2 interconnections). Using this bus, all packets are distributed to the output ports
of the switch. Each output port has three parts:
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� a set of address filters that recognize packets destined for that port;
� a concentrator, which is an N × n switch that selects the packets that will be

forwarded towards the output. If more than n packets are sent to the concentrator,
the concentrator selects n packets and discards the rest. In order to select the
winning packets, the concentrator performs a ‘knockout tournament’ among
packets contending for the same output. The tournament is organized in several
rounds, each picking one winner. The losers from one round continue to the next
round; this enhances the fairness of the switch;

� an n-input 1-output queue that is used to smooth data output.

As a packet switch architecture, the knockout switch features high performance
with simple switch fabric and packet contention control, and is suitable for high-
speed packet switching. By applying optical technologies to the bus, the address
filters the concentrators, the knockout switch can be made to handle bit streams in
the order of Gb/s. In [22], a photonic knockout switch is proposed that uses wave-
length division multiplexing. Since packets are transported using WDM, the N 2

interconnections of the bus output can be physically reduced to N interconnections.
The proposed switch is designed for fixed-length packets. Concerning the im-

plementation of the optical bus, two types of switches are proposed: a broadcast-
and-select switch and a wavelength routing switch.

The broadcast-and-select WDM knockout switch (Figure 1.27) [22] consists of
fixed wavelength channel transmitters and a star coupler. All packets are copied
to the wavelength channel selectors, which operate as concentrators. Routing and
contention control are implemented by electronic circuits, which are referred to as
routing controller and contention controller, respectively. Each transmitter sends
its destination to the routing controller, which extracts the routing information (i.e.
the wavelength channel to be selected) and feeds it to the contention controller.
The contention controller selects the n winning packets (if necessary) and forwards
them to the wavelength channel selectors. The speed of contention control limits
switch throughput because control should be completed within one time slot. As
the switch size increases, the contention control response becomes slower.

The wavelength routing WDM knockout switch shown in Figure 1.28 [22] con-
sists of tunable wavelength channel transmitters and a wavelength router. The
wavelength channel on which a packet is transmitted corresponds to its destina-
tion, i.e. self-routing is established. Apart from replacing the bus in the knockout
switch, the wavelength router also acts as the address filter, since it eliminates
the possibility of conflict between packets and the need for negotiations between
transmitters. There is no need for contention control, since only address-matching
packets are sent to the wavelength channel selectors. The wavelength channel se-
lectors will most likely be implemented using wavelength routers and optical gates.
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This implementation satisfies the system requirements for high-speed switching
and wide tuning range.

1.5.6 OPTICAL BURST SWITCHING NETWORKS

Optical burst switching (OBS) is an attempt at a new synthesis of optical and elec-
tronic technologies seeking to exploit the tremendous bandwidth of optical tech-
nology, while using electronics for management and control [34]. Burst switching
is designed to facilitate switching of the user data channels entirely in the optical
domain.

This approach divides the entire network in two regions: edge and core. At
the edge the usual packets are assembled with some procedures to form bursts,
i.e. collections of packets that have certain features in common (e.g. destination).
Bursts are assigned to wavelength channels and are switched through transparently
without any conversion. Bursts travel only in the core nodes, and when they arrive
at the network edge they are disassembled into the original packets and delivered
with the usual methods.

A burst switched network that has been properly designed can be operated at
reasonably high levels of utilization, with acceptably small probability that a burst
is discarded due to lack of an available channel or storage location; thus, very good
statistical multiplexing performance is achieved. When the number of wavelength
channels is large, reasonably good statistical multiplexing performance can be
obtained with no burst storage at all [33].

The transmission links in a burst switched system carry multiple channels, any
one of which can be dynamically assigned to a user data burst. The channels are
wavelength division multiplexed. One channel (at least) on each link is designated
as the control channel used to control dynamic assignment of available channels
to user data bursts. It is also possible to provide a separate fibre for each channel
in a multi-fibre cable.

In principle, burst transmission works as follows. Arriving packets are assembled
to form bursts at the edge of the OBS network. The assembly strategy is a key design
issue and is discussed later. Shortly before the transmission of a burst, a control
packet is sent in order to reserve the required transmission and switching resources.
Data is sent almost immediately after the reservation request without receiving an
acknowledgement of successful reservation. Although there is a possibility that
bursts may be discarded due to lack of resources, this approach yields extremely
low latency as propagation delay usually dominates transmission time in wide area
networks [8].

The reservation request (control packet) is sent on the dedicated wavelength
some offset time prior to the transmission of the data burst. This basic offset has
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to be large enough to electronically process the control packet and set up the
switching matrix for the data burst in all nodes. When a data burst arrives in a
node, the switching matrix has been already set up, i.e. the burst is kept in the
optical domain.

The format of the data sent on the data channels is not constrained by the burst
switching system. Data bursts may be IP packets, a stream of ATM cells or frame
relay packets. However, since the burst switching system must be able to interpret
the information on the control channel, a standard format is required here [33].
The control packet includes a length field specifying the amount of data in the
burst, as well as an offset field that specifies the time between the transmission of
the first bit of the control packet and the first bit of the burst.

The way in which packets are assembled to form bursts can seriously affect
network performance. The assembly method determines the network traffic char-
acteristics. The process according to which bursts are assembled must take several
parameters into account, such as destination of packets and quality of service
requirements.

There must be a minimum requirement on the burst size. A burst must be
sufficiently long in order to allow the node receiving the control packet to convert it
into electronic form, process and update it (if necessary), and prepare the switching
fabric. This requirement is also dictated by the limited capacity of the control
channel. If bursts are made too small, the corresponding control packets may exceed
the capacity of the control channel. Conversely, if data traffic is not intense, the burst
generator must not delay bursts indefinitely until the minimum size requirement is
met. After a specified time period has elapsed, existing packets must be joined to
form a burst and, if necessary, the burst will be padded to achieve a minimum length.

After briefly studying optical burst switching and photonic packet switching,
along with several examples of packet switches, some of which were actually based
on the WDM broadcast-and-select architecture (thus relevant to the subject of our
book), we have finished the general introduction to the various classes of (second
generation) optical networks. In the next subsection, we examine in more detail
WDM broadcast-and-select LANs, as stated in the Preface.

1.6 A CLOSER LOOK AT WDM BROADCAST-AND-SELECT
LOCAL AREA NETWORKS

We have already discussed some of the basic features concerning WDM broadcast-
and-select LANs when we examined the various classes of optical networks. In
this subsection we give a closer look and attempt to describe in more detail the
main issues, i.e. characteristics that differentiate one broadcast-and-select WDM
network from the other.
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Figure 1.29 Folded bus topology.

1.6.1 PHYSICAL TOPOLOGY

The way nodes are connected with each other through (physical) fibre links is
obviously a characteristic that differentiates the examined networks. Broadcast-
and-select WDM networks can be implemented using various physical topologies,
the most popular of which are star, bus, tree and ring.

Recall that we had discussed a star topology in Figure 1.11, while a (folded) bus
topology for a WDM broadcast-and-select network is illustrated in Figure 1.29.
The network has N nodes and the shared medium where broadcasting and selection
take place is a folded bus. The nodes transmit through couplers (in fact functioning
as 2 × 1 combiners) on the upper part of the topology and receive via couplers
(functioning here as 1 × 2 splitters) on the lower part. Comparing star and bus we
must notice that the number of couplers used in the case of bus changes linearly
with N , while for constructing a N × N star coupler it can be shown that it only
grows logarithmically with N . Since the non-ideal (of course) couplers used are
accompanied by a relevant excess loss in signal power, it can be concluded that a
star network can support more nodes without such significant power losses as in
the case of a bus. However, since EDFAs are getting quite cheap, this drawback of
bus is eliminated; anyway it is still recognized that the star topology is generally
better than the bus for most cases of broadcast-and-select WDM networks.

An example of a tree physical topology is shown in Figure 1.30. The presented
network consists of six nodes. Signals from nodes (1, 2) are combined and broad-
cast to nodes (3, 4, 5, 6) and, vice versa, signals transmitted from nodes (3, 4, 5, 6)
are combined and sent to nodes (1, 2). Each node is equipped with a receiver to
select the appropriate channel. Since a transmitted signal does not reach all nodes
including the source itself as in a classical broadcast architecture, it would be more
precise to use the term ‘multicasting’ instead of ‘broadcasting’ in this case.17 A
straightforward consequence is that the distinct channel assignment constraint is
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Figure 1.30 A tree physical topology.

not valid here as far as the two latter sets of nodes are concerned: for example, if
node 2 transmits using wavelength λ, it is possible for node 4 (from the other set)
to transmit on the same wavelength at the same time.

Another topology proposed for broadcast-and-select networks is the ring. Ring
topologies have been demonstrated in a couple of experiments (far less than star of
course). In comparison to star topologies, they generally suffer from greater losses
in power for a given number of nodes, while, on the other hand, they offer better
failure management, especially when the topology is a dual ring.

For example, a certain proposal for a broadcast-and-select ring network consid-
ers a two-fibre ring connection of nodes, with each node having two fixed-tuned
transmitters to a unique pre-assigned wavelength and two arrays of receivers so
that it can ‘hear’ from all other stations. EDFAs can greatly help the situation when
an increase in the number of connected nodes is desired. More details about this
network may be found in [31].

In [20] an experimental ring network is described. Specifically, a unidirectional
WDM ring coming with a broadband light source and a passive star coupler is
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implemented. First, light from a single multi-wavelength source is distributed to
all nodes through a passive star coupler and then data is transmitted between nodes
on the ring. A node selects the wavelength corresponding to the desired destination
(each destination is pre-assigned a unique wavelength) from the distributed light
via a tunable bandpass filter and then transmits the data on the ring. The nodes
receive data using add-drop filters that are fixed-tuned to their unique receiving
wavelengths.

The development of EDFAs has recently revived interest in bus and ring topolo-
gies, however, here we will have to deal with star WDM broadcast-and-select
networks mostly, in full accordance with the relevant literature which mainly fo-
cuses on star too. At any rate, the problem of designing the optimal physical
topology, in terms of low (or at least working) losses in optical signal power, has
been addressed quite frequently in the past [26].

1.6.2 TRANSCEIVERS PER NODE

Another point of differentiation among broadcast-and-select WDM networks is the
number and type of transmitters and receivers assumed for each node in the system.
More explicitly we could distinguish the following four possible combinations
concerning the type of transceivers used by user nodes:

� Fixed-tuned Transmitter(s)—Fixed-tuned Receiver(s) (FT-FR);
� Fixed-tuned Transmitter(s)—Tunable Receiver(s) (FT-TR);
� Tunable Transmitter(s)—Fixed-tuned Receiver(s) (TT-FR);
� Tunable Transmitter(s)—Tunable Receiver(s) (TT-TR).

On the right of each combination the symbols for the corresponding WDM sys-
tems are quoted, where for instance TT-FR indicates a system with one tunable
transmitter and one fixed-tuned receiver per node. As an example, the broadcast
star network of Figure 1.11 is clearly a FT-TR system.

In general, each node could be equipped with one or more transmitters and
one or more receivers, each one of either the fixed-tuned or tunable type. In these
symbolizations the exact number of transceivers per node can easily be introduced
as a superscript in the proper position resulting in the general representation of a
WDM system as: FT i T T j —F Rk T Rl . Consequently, a sample system with three
tunable transmitters and N fixed-tuned receivers per node would be symbolized
as a TT3-FRN system. Let us note for completeness that, if M separate channels
are used by nodes for control purposes, ‘CCM ’ is usually added at the start of the
symbol (to denote the ‘M Control Channels’). As we will see, a protocols cate-
gory of great size and importance has the key feature of using one or more separate
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(or just time-multiplexed with data) control channels for coordination among net-
work nodes. If one separate control channel was employed in the previous example,
the system would be said to be CC-TT3-FRN .

1.6.3 SINGLE-HOP AND MULTI-HOP NETWORKS

Yet another fundamental distinction of broadcast-and-select WDM networks is
between the so-called single-hop and multi-hop systems. What is considered here
is the actual number of intermediate nodes that a signal needs to pass through in
order to reach its final destination, for all sources and destinations. In other words
it is examined whether for every possible source-destination pair in the network
the number of hops made by a prospective transmitted signal is exactly one (i.e.
there are no intermediate nodes) or more (there are intermediate nodes along the
way). In the former instance of zero intermediate nodes the broadcast-and-select
network is said to be single-hop and in the latter case multi-hop. Apparently, when a
signal has to pass through intermediate nodes, it has to be converted into electronic
form at each intermediate station, and then back to optical form, before it is routed
through the network towards the intended final recipient. On the other hand, in
single-hop networks the light signal remains in optical form all the way from one
end to the other; this implies high speeds and data transparency.

An example of a single-hop WDM broadcast-and-select star network was pre-
sented in Figure 1.11. In this FT-TR network, tunability on the receivers’ side
over the entire range of system’s channels ensures the capability of communica-
tion between any source-destination pair in exactly one hop: so long as a receiver
tunes to the appropriate wavelength λi it can achieve single-hop communication
with any source i , for i =1, . . . , N . Indeed, a broadcast-and-select network can
generally be single-hop, either if in each node there is tunability at least on one
side (transmitters or receivers) or if at least one side is equipped with an array of
exactly W fixed-tuned devices, where W denotes the number of wavelengths in
the system. Obviously, as W grows a bit, the latter solution turns out to be rather
too expensive, if we keep in mind that transceivers are generally costly. On the
other hand, even though there are devices with a wide tuning range, these usually
have other important deficiencies, i.e. they have slow (millisecond) tuning times or
they are not acceptably narrowband18 [28]. In this context and until rapidly tunable
narrowband transceivers with wide tuning ranges are available at a reasonable cost,
single-hop networks seem more appropriate for circuit-switching services where
slower tuning times could be accepted, contrary to packet-switching. They are also
good candidate solutions when the number of nodes and wavelengths in the system
is relatively small.
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Figure 1.31 (a) A physical star multi-hop topology and (b) the corresponding virtual torus
topology.

A way of coping with the aforementioned problems is to use a multi-hop net-
work, like the one shown in Figure 1.31. Figure 1.31(a) illustrates the physical
topology of a multi-hop WDM broadcast-and-select network including four nodes
interconnected via an optical passive star coupler. Each node can transmit and
receive in exactly two fixed wavelengths, different for transmission and reception,
as depicted in the figure. Using the terminology of the previous paragraph, this is
obviously a FT2-FR2 network. Multi-hopping is the case here: it is easy to notice
for example that node 2 can transmit to node 3 either via node 4 through λ3 and λ8,
or via node 1 through wavelengths λ4 and λ2. In general, multi-hop systems have
a small number of fixed-tuned transmitters and fixed-tuned receivers per node.
However, multi-hopping may also be the case when hardware equipment of nodes
includes tunable devices with limited tuning capability. We will refer to such a
case later.

The physical topology is in practice transparent to end users, who only ‘see’ a
set of logical connections provided to them by the optical infrastructure. The set
of logical connections that are realized over a given transparent optical physical
topology constitute the so-called logical (or virtual) topology which is said to be
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embedded over the underlying physical topology. In the case considered, a virtual
torus topology (Figure 1.31(b)) is embedded over the supporting physical star
topology of Figure 1.31(a).

In multi-hop networks the assignment of wavelengths to transmitters and re-
ceivers of the various nodes is generally static in nature. Even when tunable devices
are employed, rapid tuning times are not that critical, as in single-hop systems.
That is because in multi-hop networks the assignment of channels need not change
that frequently; global changes may be decided only sporadically when some new
set of assignments seems more advantageous for the overall network performance.
What is really important in multi-hop systems is the choice of a virtual topology
(to be embedded over the physical infrastructure) ensuring the best possible net-
work performance, for example, in terms of minimal average number of hops that
a packet needs to traverse in its way from source to destination. In addition to this,
it is also crucial that by adopting this topology the routing mechanism needed does
not become too complex and thus wasteful of time, which is generally unaccept-
able in high-speed communication systems like optical networks. As expected, the
problem of designing good virtual topologies has been extensively addressed in the
relevant literature, since the time when multi-hopping in broadcast-and-select net-
works was proposed as a solution to the already discussed problems of single-hop
systems in employing packet-switched services, around 1987.

The virtual topology design efforts were basically focused on two different
directions: irregular and regular topologies. Topologies with several well-known
properties and the special feature that all nodes have the same degree are termed
‘regular’, while the remaining ones are called ‘irregular’.

The design of irregular topologies requires development of special heuristic
methods that usually are not that simple. The proposed heuristics typically con-
centrate on achieving the best possible performance, i.e. straightforwardly seek
optimality in terms of (for example) minimum average number of hops. They do
not presuppose any type of constraint in the supported number of nodes and fur-
thermore their effectiveness is not affected by the various traffic characteristics,
even though they take traffic demands into account in their effort to maximize
performance. On the other hand, their main deficiency regards the necessary ac-
companying routing mechanism, which usually tends to be of high complexity
and therefore imposes analogously high processing delays at nodes. Many studies
have dealt with the logical topology design problem following this approach, e.g.
[1] and [25].

In the case of regular topologies, such as torus with degree equal to two in Figure
1.31(b), the traffic demands are not taken into account and optimal performance
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is not the highest priority. Of course a high performance is always desired but in
combination with simple routing strategies and, therefore, acceptable processing
delays. All these are achieved as a consequence of their structure. Their main draw-
back, however, is that performance is not satisfactory under non-uniform traffic
(commonly encountered in practice). Moreover, these topologies typically impose
some constraints on the number of nodes, i.e. they may not support arbitrary num-
ber of nodes; note that one remarkable exception to this rule is the GEMNET
topology [17]. Other important and well-studied regular topologies proposed as
embedding options over broadcast-and-select WDM networks include the popular
Shufflenet, de Bruijn graph, Manhattan Street Network or torus (used in our ex-
ample), hypercube and linear dual-bus. A good starting point with references for
all of these is [23].

1.6.3.1 Regular Topology Embedding Issues over Broadcast-and-Select
Networks

In this section we underline the main aspects of how a regular topology can be
embedded over a WDM broadcast-and-select network with N nodes. We consider
that the underlying physical topology is a star.

Let d denote the degree of the virtual topology. This implies that each node would
generally need d transmitters and d receivers. According to the digital channel as-
signment constraint for WDM broadcast-and-select networks, no two transmitters
should transmit signals on the same channel simultaneously. Analogous constraint
of course stands for receivers too. This dictates tuning each transmitter in the
network to a different wavelength, i.e. a total of M = N · d wavelengths would
be required. The receivers would be tuned similarly on those N · d wavelengths.
The critical point here is the particular way these wavelengths are assigned to
transceivers in every instance. Exactly this will determine the virtual topology
embedded over the physical star infrastructure each time.

As an example let us consider again the network of Figure 1.31. Since the
virtual topology desired was torus of degree two, each node was equipped with
two transmitters and two receivers, and the assignment of wavelengths shown in
Figure 1.31(a) was such that in fact the torus virtual topology of Figure 1.31(b)
was implemented.

Note that it would be really advantageous for a multi-hop system if it were
capable of changing its global channel assignments every now and then (not too
frequently of course) according to the specific traffic characteristics, so that a more
appropriate virtual topology is embedded for each case and performance is im-
proved. When this happens, we say that the multi-hop system has the capability
of (virtual) topology reconfiguration. Apart from conforming to varying traffic
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Table 1.2 Wavelengths assigned to transmitters and
receivers for each node of the network in Figure 1.31(a)

so that it embeds the virtual topology of Figure 1.32.

Node # Transmitters Receivers

1 λ1,λ8 λ4, λ7

2 λ2,λ7 λ1, λ6

3 λ3,λ6 λ2, λ5

4 λ4,λ5 λ3, λ8
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Figure 1.32 A simple virtual topology with 4 nodes and degree 2 (dual-ring).

patterns, topology reconfiguration is really helpful as a response to potential fail-
ures in the network.

Let us assume for instance that at some point of network operation, it is decided
that (for some reason) the network of Figure 1.31(a) should embed another regular
topology, say, for example the one demonstrated in Figure 1.32. Four nodes are
shown in full accordance to the specific example. This topology resembles a linear
dual-bus topology with additional links between the first and last node. Thus,
a dual-ring is essentially formed. It is quite interesting to see that in order to
embed this topology, the nodes of the network in Figure 1.31(a) should tune their
transmitters and receivers exactly as Figure 1.32 dictates, i.e. as shown in Table 1.2.

It is worth noting that several studies have been reported on the subject of con-
structing regular virtual topologies (having, of course, simple routing mechanisms
as discussed) that additionally pursue some kind of optimality in performance
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(or at least a near-optimal operation in some sense), which is one point where
regular topologies are generally deficient in. In the previously referred study [23]
one could find information on studies dealing with this problem for various struc-
tures including linear dual-bus. For this particular case, heuristic algorithms that
determine how the nodes of a linear dual-bus network should near-optimally be
placed are proposed.

Another important observation that has to be made finally concerns the number
of wavelengths required in multi-hop systems with broadcast star physical topolo-
gies. The W = N · d wavelengths needed (in our example N = 4, d = 2 and thus
W = 8) may be quite a serious concern as compared to the single-hop case where
only N wavelengths suffice (Figure 1.11, W = N ). The solution in this case is to
allow more than one link of the virtual topology to share the same channel. That
is to say, within each channel we could have another level of electronic frequency-
division multiplexing where the channel bandwidth can be subdivided into many
radio frequency (RF) channels, each at a different microwave frequency. This
technique is termed subcarrier multiplexing (SCM ) (also encountered in photonic
packet switching for header processing). An alternative (and at least this familiar)
approach is to introduce electronic time-division multiplexing (TDM) within each
wavelength, so that it is time-shared among virtual links. Both solutions can de-
crease (if so desired) the total number of required channels in a WDM network.

1.6.3.2 Notes on Related Work
The authors in [4] examine how three graph-based topologies can be embedded
over a WDM optical passive star network. The topologies considered are the
complete-graph, mesh and hypercube, which happen to be among the most widely
used ones in networks and parallel computing. The key transceiver feature taken
into account on this work is the limited tuning range of transmitters which happens
to be quite realistic i.e. in accordance to the devices encountered in practice. The
system model is a WDM passive star network such as the ones described here with
one tunable transmitter and one fixed-tuned receiver per node, i.e. it is a TT-FR
WDM network. The limited tunability of transmitters results in the need for multi-
hopping within the network. It also has several effects on the maximum number
of wavelengths that can be used in different topological embeddings and on the
maximum delay, which is an important performance metric in computer networks.

For the complete-graph topology, first, a lower bound on the maximum de-
lay (measured in number of hops) depending on the tuning range of transmitters
and the number of channels is determined. Then, an algorithm that embeds a
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complete-graph topology over a WDM passive star network is described. This al-
gorithm assigns channels to transmitters and receivers in a way guaranteeing both
that topology is embedded and an optimal performance is achieved (by ensuring
the maximum delay meets the previously derived lower bound). That is to say, the
algorithm minimizes the maximum number of hops needed in a complete-graph
topology.

In addition, for both the mesh and hypercube topologies the authors in [4]
derive a relationship between the total number of wavelengths that can be used and
parameters of each specific structure. In each case, efficient embedding algorithms
capable of hosting the maximum possible number of wavelengths are provided.

Another noteworthy study [18] considers a FT-TR architecture, in which, how-
ever, the system retains its multi-hop character (the tunability range may be lim-
ited, for example). Here the main goal of using tunable receivers is to provide
the network with the capability of virtual topology reconfiguration. A new class
of protocols is proposed for this multi-hop system, namely Multiconfiguration
Multihop Protocols (MMPs). In the static version of these protocols the network
cycles through certain configurations (i.e. virtual topologies determined by the
state of tunable receivers) in a TDM way. The selection of the specific topologies
is based on known a priori (or expected) traffic patterns. On the other hand, the
dynamic version of MMPs attempts to be more adaptive in terms of employing a
specific configuration on the basis of current traffic conditions. So, in this case, the
virtual topology selection is in fact a reply by the system to the prevailing traffic
conditions, which aims to be profitable for the overall performance.

1.6.3.3 Hypergraph Topologies
So far we have considered only the case where the virtual topology embedded over
a broadcast-and-select WDM network is graph-based. In graph-based topologies
there are only point-to-point links between nodes, i.e. each virtual link connects
exactly two nodes. However, it has been noticed that these topologies usually suffer
from one of the following problems [2]:

� need for quite a lot of transceivers;
� need for supporting many channels;
� large diameter.19

An interesting concept that has emerged over the last years is to use an alter-
native type of topologies, namely hypergraph topologies, which are a generaliza-
tion of simple graph-based structures. In such topologies a virtual ‘link’ connects
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Figure 1.33 A stack-ring hypergraph topology of size 6 and order 3 [30]. ( C© 1998 IEEE)

more than just two nodes and therefore hypergraphs directly support one-to-many
(multicast) transmissions. As far as WDM broadcast-and-select star networks are
concerned, this keeps up well with the internal operation. Such a virtual ‘link’ is
termed hyperedge and is implemented as a specific channel shared by all nodes
within the hyperedge. Thus, each hyperedge can be seen as a simple shared medium
like a bus, i.e. it essentially corresponds to a logical bus that can be accessed by
all nodes included in the hyperedge.

A relatively simple example of a hypergraph topology is shown in Figure 1.33
[30]. This hypergraph topology is called a stack-ring, because it is formed by
piling up several simple ring graphs. In Figure 1.33, as an example, nodes 20,
21, 11, 01, 00 and 10 are within the same hyperedge. A hyperedge models a
logical bus in the sense that if, for example, node 11 transmits a message on
wavelength λ1 nodes 20, 21, 01, 00 and 10 will also receive it. If a source node
wants to send to a destination node of another hyperedge, the message will have to
pass through several virtual links (i.e. other hyperedges) before reaching the final
destination, as in every multi-hop network. In accordance with the above de-
scription, a single wavelength is assigned to each hyperedge in the figure. The
dashed lines suggest that the first triple of nodes (20, 10, and 00) connects to
the last triple (25, 15, and 05) by means of a hyperedge that is assigned wave-
length λ6.

In the same way as a stack-ring can be constructed by piling up multiple rings,
a stack-graph hypertopology can be constructed as a generalization of a graph
topology. More complex hypergraphs can also be constructed by the Cartesian
product of stack-graphs. In [3] a stack-ring is defined in more detail along with
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stack-torus and hypertorus. The stack-graphs are regular virtual (hyper) topologies,
while this is not the case (at least globally) for hypertorus. These three hypergraph
topologies are compared in [3] with two very popular graph-based ones: hypercube
and torus. To be exact, the comparison regards performance achieved when the
same star WDM broadcast-and-select network embeds each virtual topology. Five
performance metrics are considered, namely packet delivery time, waiting time,
link utilization, throughput and number of hops. The results show that hypergraph
topologies outperform graph-based ones in almost all aspects. They are especially
suited for multicast communications, but generally do better than graph-based
topologies even in the case of one-to-one communications. Work on this relatively
recent concept of hypergraph topologies embedding over WDM broadcast-and-
select networks, is of course still in progress.

1.6.4 MEDIA-ACCESS CONTROL (MAC) PROTOCOLS

So far we have investigated several features that distinguish broadcast-and-select
WDM local area networks from one another. Nevertheless, we have not yet exam-
ined a characteristic with major significance for multiwavelength optical LANs:
the common strategy (rules) implemented in the network and adopted by all nodes
in order to communicate with each other, that is to say the media-access control
(MAC) protocol used.

As noted in the overview of the book presented in the Preface, a thorough
investigation of MAC protocols is carried out in Chapter 3. Thus, we defer the
discussion on this crucial point of optical LANs until then. Before this, how-
ever, the main features of optical devices used as building blocks for multiwave-
length optical networks are presented and described in detail next in Chapter 2
which, therefore, completes the necessary background knowledge for the rest of the
book.

NOTES

1 Time-division multiplexing (TDM) will be explained later on a separate section
about multiplexing techniques.

2 Of course such problems do not exist when communication takes place outside
the Earth’s atmosphere.

3 Wavelength-division multiplexing (WDM) will be explained later in a separate
section about multiplexing techniques.

4 An end-user can be an individual workstation or a gateway that interfaces with
lower-speed subnetworks.
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5 Small channel spacing accounts for the term ‘dense’, yet in this book by WDM
we will often include (or even refer only to) DWDM systems. The details on
when systems should be called DWDM or not, are beyond the scope of this
chapter; WDM will primarily be used from now on.

6 Of course, the actual distances are shorter, if we think that optical fibres were
installed in groups of fibre cables containing e.g. 20 fibres each, while many
cables were laid all along a certain route.

7 ITU was called CCITT back in 1986 when the attempts at developing SDH
began.

8 Examples of such high demand services were mentioned in the beginning of
this chapter.

9 From now on when we simply mention ‘optical networks’ we will refer to
second generation optical networks.

10 There are certain other types of optical networks such as Optical Code-Division
Multiplexing (OCDM); these are considered beyond the scope of this intro-
duction as rather futuristic. For OCDM the interested reader could refer to [19]
for example.

11 The optical network component devices performing wavelength conversion
(i.e. wavelength converters) will be explored in Chapter 2 on enabling tech-
nology. Wavelength conversion will also be discussed briefly in a following
subsection.

12 WGRs are used in a type of WDM Passive Optical Networks (PONs).
13 Optical switches are typically included in the implementation of full or limited

wavelength conversion. Here we refer to optical switches that are not part of
wavelength converters and are used inside the WXC node to offer dynamic
wavelength routing capability.

14 Recall that Figure 1.17 shows a static WXC which in fact is a passive router
also called a waveguide grating router (WGR). Passive star couplers are used
in broadcast-and-select networks.

15 Contrary to this, without WDM the total bandwidth of the feeder network
would have to be shared by means of a proper media-access control protocol
among the ONUs.

16 See Chapter 2 on enabling technology.
17 Maybe the unproved term ‘multicast and select’ better describes the architec-

ture of this WDM tree network.
18 Of course significant progress has been made since [28] and is constantly being

made in laboratories. At any rate the cost usually remains high.
19 The diameter of a virtual topology is defined as follows: consider a set of

values, with each value being equal to the minimum possible path length
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(in hops) between two nodes, for all node pairs. The maximum value in this
set is the diameter of the topology.
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2

Enabling Technologies

Telecommunications technology is undergoing an extraordinary transformation,
brought on mainly by the shift from a voice-based network to a data-based network.
As discussed in the previous chapter, the network is no longer carrying only voice
signal; it carries now additional traffic types such as video, data, and multimedia
traffic types. In the past the design of the network was dictated by voice traffic
consideration, however, this paradigm has now changed as traffic patterns have
changed. This change in network traffic requires us to change the design, control
and management of the network in order to meet the characteristics and require-
ments of the new traffic types. At the core of this next generation networks is the
multiwavelength optical local area networks, among others. Optical networks are
becoming very popular recently due to their great potential in terms of capacity,
data rate, security, signal quality and quality of service (QoS). Future computer
communication networks are expected to have dramatic increases in bandwidth
demands, which can only be met by optical technology. Optical networks have
moved from being a research curiosity to becoming a well-established technology
with a multi-billion dollar industry, as can be seen by the many start-up companies
all over the world. Over the past ten years, many telecommunications companies
have installed optical cables as the backbone of their networks. Fibre optic cables
are becoming the foundation of telecommunications infrastructures as they can

Multiwavelength Optical LANs, G.I. Papadimitriou, P.A. Tsimoulas, M.S. Obaidat and A.S. Pomportsis.
C© 2003 John Wiley & Sons, Ltd. ISBN 0-470-85108-2.
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carry data at very high line speeds. The use of wave division multiplexing and
other enabling technologies has moved optical networking from the laboratory to
practice. Among the important optical networks technologies is the multiwave-
length optical local area networks (LANs) [1–10].

In this chapter, we review the main aspects, characteristics, and structures of the
enabling technologies of multiwavelength optical LANs.

2.1 INTRODUCTION

Since the mid-1980s, most of the telecom companies have started to migrate to fi-
bre optic cables. The widespread use of fibre has been possible due to the industry’s
acceptance of some enabling technologies such as SONET/SDH, optical filters,
lasers, light emitting diodes, passive start couplers, wavelength routers, wave divi-
sion multiplexers/demultiplexers, combiners, splitters, wavelength converters, and
directional couplers, among others.

Optical networks utilize optical signal transmission for information exchange.
An optical network communications system consists of a source, a destination,
enabling devices, and a communication medium. As was mentioned in Chapter 1,
from the viewpoint of the selection of the communication medium, optical
networks can be divided into two categories: guided and unguided systems. In
the unguided systems, the optical beam transmitted from the source widens as it
spreads into space. This introduces interference problems. In guided systems or the
fibre-optic communications systems, this problem does not exist. An optical trans-
mission system has three chief components: light source, transmission medium,
and detector. Traditionally, a pulse of light indicates a 1-bit and the absence of
the light indicates a 0-bit. The transmission medium is a thin fibre of glass. The
detector generates an electrical pulse when light falls on it [1–52].

In general, optical networks can be opaque or all-optical and can be of single-
wavelength or based on wavelength division multiplexing (WDM). It is known that
the data rates of single channel optical networks are restricted by the limited speed
of the stations’ electronic circuits. On the other hand, the Wavelength Division
Multiplexing technique solves this problem by dividing the available optical band-
width into multiple channels of lower bandwidth, which can easily be supported
by the stations’ electronic circuits. Operations such as multiplexing and demulti-
plexing of the multiple channels are performed in the optical domain without the
need for optical to electronic conversion and vice versa. Clearly, WDM technique
allows the implementation of all-optical networks, which are capable of providing
multi-gigabit per second data rates by current optical and electronic technology.
Figure 2.1 shows the multi-mode and single-mode fibres [1–5].
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Figure 2.1 Multi-mode and single-mode fibres.

Opaque networks use optical fibre as a transmission medium; however, optical-
electronic-optical (OEO) conversion occurs at the intermediate nodes of the com-
municating stations. Examples of such systems include the synchronous optical
network/synchronous digital hierarchy (SONET/SDH), which is an opaque single-
wavelength system. Many other opaque systems are based on the wavelength
multiplexing systems (WDM). Despite the fact that opaque systems are popular,
they do not have the power and potential of having all-optical networks. All-
optical network systems have all connections at the intermediate nodes totally
optical. Recent technological advances allow us to have practical all-optical cross-
connects (OXCs) and all-optical add-drop multiplexers (OADMs). This has led to
the emergence of a multibillion dollar industry, which is expected to dominate the
marketplace of the future. The present situation in optical networking seems to
be a combination of the all-optical and opaque paradigms, with all-optical islands
being interconnected with OEO connections [1–5].

Optical networks have many advantages that can be summarized below [1, 3, 6,
8, 15–20]:

� Higher bandwidths. Optical fibres provide much higher bandwidth than other
alternative communication media such as the copper twisted pairs or coaxial
cables. For example, in just the 1.5 micron (1 µm is equal to 10−6 metre) band
of each single-mode fibre, the available bandwidth is about three orders of mag-
nitude more than the entire usable radio-frequency bandwidth on Earth.

� Ease of deployment and maintenance. In general, a good quality optical fibre is
lighter and sometimes less fragile than a copper-based cable. Moreover, optical
fibres are not subject to corrosion, making them more tolerant to environmental
hazards. Furthermore, since their weight is less than that of copper wires, optical
fibres become very attractive for deployment over long distances.

� Better signal qualities. Since optical transmission is not affected by electromag-
netic fields, optical fibre exhibits superior performance when compared to other
alternatives such as copper wires. At a given distance the Bit Error Rate (BER)
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of a fibre-based transmission system is significantly better than that for a copper
or wireless-based transmission system. Also, optical fibre provides better noise
immunity than the other transmission media, which suffer from considerable
electromagnetic interference.

� Better security characteristics. Optical fibre provides a secure transmission
medium since it is not possible to read or change optical signals without phys-
ical disruption. It is possible, though not easy, to break a fibre cable and insert
a tap, but that involves a temporary disruption. For many critical applications
including military and e-commerce applications, where security is of the utmost
importance, optical fibre is preferred over copper transmission media, which can
be tapped from their electromagnetic radiations.

There are many applications for optical networks including local and metropoli-
tan area networks and high speed networks. Among the chief applications that can
be enabled by high-speed optical networks are [1–42]:

� Broadband services to the home. Both the telephone companies and cable TV
have been trying to offer new high speed services to their residential and small
business customers. The future promises to deliver applications such as inter-
active television, video-on-demand (VoD), e-commerce, e-government and dis-
tance learning. In order to realize this, fibre-to-the-curb (FTTC) and fibre-to-the-
home (FTTH) should be installed.

� Medical image access and distribution. Telemedicine requires that a surgeon
consults with a radiologist, especially for remote rural sites where specialists
may not be available. In order to realize this, a fast link is needed between
the two locations that are distant from each other. The distribution of colour
images of size 2, 000 × 2, 000 for medical consultation to multiple locations will
require high speed networks and optical technology is the best candidate for such
links.

� Internet and Web browsing. Due to the fact that new Web and Internet applications
are increasing in an exponential manner, annual bandwidth requirements for each
user have grown by a factor of eight. Not just this, the number of new users is
increasing in a super-exponential manner. Users are experiencing a response
time measured in seconds instead of the few milliseconds that they like to have.
Moreover, new Java-enabled active home pages have introduced the prospect of
a huge increase in file sizes downloaded from any server and some researchers
and developers have extended these trends to a new model of distributed and
networked computing.
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� Multimedia conferencing and distance learning. Business costs and travel time
have been reduced due to the rapid introduction of fast links used for video
conferencing. In order to have full utilization of the multimedia conferenc-
ing to support distance collaborative meetings and distance interactive learning
sessions, the networks should be able to provide required quality of service
(QoS) for each traffic type. For example, real time voice requires low delay
and jitter (delay variation) while video requires low delay and high band-
width.

� Graphics and visualization. Graphics and visualization applications require both
data-and computer-intensive programmes. In order to extend the capabilities of
these applications to a distributed mode, both low latency and high data rates
will be required. Examples of such application include 3D visualization and
animation in simulation.

2.2 CLASSES OF OPTICAL NETWORKS

In this section the main classes of second generation optical networks are sum-
marized. The main classes are the following [1]: optical link networks, broadcast-
and-select networks, wavelength-routed networks and photonic packet-switching
networks. All of these use optical links and employ non-switching optical com-
ponents. These classes can be connection-oriented or connectionless and their
switching can be circuit switching or packet switching.

2.2.1 OPTICAL LINK NETWORKS

This class characterizes optical networks that consist of point-to-point or shared
medium optical links. In case of point-to-point links, multiplexers/demultiplexers
are used at both ends of the optical link, whereas WDM passive star cou-
plers are used in shared-medium optical link networks. These devices are
not reprogrammable, therefore prohibiting reconfiguration. The optical links
interconnect the network’s switches, which are of an all-electronic nature, thus
optical add-drop multiplexers (OADMs) and optical cross-connects (OXCs) do
not exist in such networks. Switches in optical link networks can be either based
on connection-oriented or connectionless packet switching. They can also be
based on circuit switching or a combination of packet and circuit switching
[1].
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Figure 2.2 A block diagram of an optical transmitter.

Optical
Input

Electrical
Output

Channel
Linker Photo Detector Demodulator

Electronics

Figure 2.3 A block diagram of an optical receiver.

2.2.2 BROADCAST-AND-SELECT NETWORKS

This category of optical networks characterizes optical networks that only employ
optical tunable transmitters and receivers. Figures 2.2 and 2.3 show block diagrams
of an optical transmitter and optical receiver, respectively. Only optical switching
components are used in such networks. Data transmissions are broadcast on all
outgoing links of a node and receivers tune to the appropriate wavelength in order
to receive the desired transmission. Obviously, more than one network node can
tune to a specific wavelength, a fact that provides support for multicast services.
Figure 2.4 shows a passive star coupler-based optical broadcast-and-select optical
network [1–10].

Broadcast-and-select networks can be single-hop and multi-hop networks:

� In single-hop broadcast-and-select networks, the end-to-end data transmission
only passes through optical-switching components. In single-hop networks, ei-
ther packet-switches (connection-oriented or connectionless) or circuit-switches
are used. A combination of different switches is not possible.

� In multi-hop broadcast-and-select networks, however, the end-to-end data trans-
mission passes through a combination of optical and electronic switches. Since
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Figure 2.4 A passive star coupler-based optical broadcast-and-select network.

optical switches operate faster than electronic switches, one can see the obvious
advantage of single-hop networks from the point of view of bit-rate transparency.

2.2.3 WAVELENGTH-ROUTED NETWORKS

This class characterizes optical networks that have to use OADMs/OXCs and
optionally optical tunable transmitters/receivers. Wavelength-routed networks can
also be single-hop or multi-hop like the broadcast-and-select networks:

� Single-hop networks that employ fixed transmitters/receivers are entirely based
on circuit switching. However, if these devices are tunable, then single-hop net-
works can be either based entirely on circuit switching or employ a combination
of circuit and packet switching.

� Multi-hop wavelength-routed optical networks use both optical and electronic
switches. They can be either based on circuit switching or a combination of
packet and circuit switching.

A wavelength-routed network consists of a collection of optical switches in-
terconnected by optical links. Each network node is attached to an optical switch
and consists of a set of, possibly tunable, transmitters and receivers that send and
receive data to/from the network. Obviously, data transmissions can occur in par-
allel over the same link; however, they need to be on different wavelengths to
prevent interference. In order for a data transmission to occur between two nodes,
the optical signal has to be routed through intermediate switches forming the
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Figure 2.5 A wavelength-routed optical network.

so-called ‘lightpath’. The lightpath may contain several wavelengths if wavelength
converters are used in the network. In the opposite case, which is known as the
wavelength continuity property of a lightpath, the latter uses the same wavelength
throughout the network. Figure 2.5 shows a wavelength-routed optical network.
The link from A to B is a wavelength-continuous lightpath, since it uses the same
wavelength L1 throughout the network. The opposite stands for the link from A
to C [1–20].

2.2.4 PHOTONIC PACKET SWITCHING NETWORKS—OPTICAL
BURST SWITCHING NETWORKS

Photonic packet-switching networks must contain optical packet switches. Optical
circuit switches and tunable transmitters/receivers are also an option. Among all
possible switching schemes, photonic packet switching appears to be the most
promising as it offers high speeds, compatibility and data rate transparency.

Optical burst switching networks try to combine the concepts of circuit and
packet switching. Burst switching avoids the associated cost in time for the estab-
lishment of a circuit by sending bursts of data following a control packet in order to
find allocated resources prior to the arrival of the burst to the switch. Upon success,
the round trip set-up delay that exists in circuit-switching nodes is obviously re-
duced; however, buffers are needed in burst switching in order to handle the cases
when the bursts arrive at the switch with no available resources at the switch.

From the classes considered in this and the previous three subsections, opti-
cal link networks comprise a feasible commercial alternative today. Among the
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remaining classes, market attention seems to focus on wavelength-routed networks,
since the hardware needed for broadcast-and-select networks (tunable transmit-
ters/receivers) and photonic packet-switched networks (optical memory) comes at
a relatively high cost in today’s terms [1–5]. Of course, things might very well
change in the near future.

2.3 OPTICAL NETWORK COMPONENTS

Second generation optical networking, unlike SONET/SDH, does not rely on elec-
trical data processing. As such, its development is more closely tied to optics than
to electronics. In its early form, as described previously, Wave Division Multiplex-
ing (WDM) was capable of carrying signals over two widely spaced wavelengths,
and for a relatively short distance. To move beyond this initial state, WDM needed
both improvements in existing technologies and the invention of new technologies.
Improvements in optical filters and narrowband lasers enabled DWDM to com-
bine more than two signal wavelengths on a fibre. The invention of the flat-gain
optical amplifier, coupled in line with the transmitting fibre to boost the optical
signal, dramatically increased the viability of DWDM systems by greatly extend-
ing the transmission distance. Other technologies that have been important in the
development of DWDM include improved optical fibre with lower loss and better
optical transmission characteristics and devices such as fibre Bragg gratings used
in optical add/drop multiplexers. Figure 2.6 shows the spectrum of light bands
[24–47].

Digital networks have evolved in three fundamental stages: asynchronous, syn-
chronous, and optical [22–30].

� Asynchronous. The first digital networks were asynchronous networks. In asyn-
chronous networks, each network element’s internal clock source timed its trans-
mitted signal. Due to the fact that each clock had a certain amount of variation,
signals arriving and transmitting could have a large variation in timing, which
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often resulted in bit errors. More importantly, as optical-fibre deployment in-
creased, no standards existed to control how the network elements should format
the optical signal. A myriad of proprietary methods appeared, making it difficult
for network providers to interconnect equipment from different vendors.

� Synchronous. The need for optical standards led Belcore (now Telcordia) to intro-
duce the synchronous optical network (SONET). SONET standardized line rates,
coding schemes, bit-rate hierarchies, and operations and maintenance function-
ality. SONET also defined the types of network elements required, the network
architectures that vendors could implement, and the function that each node must
perform. Network providers could now use different vendor’s optical equipment
with the confidence of at least basic interoperability.

� Optical. The one aspect of SONET that has allowed it to survive during a time
of tremendous changes in network capacity needs is its scalability. Based on its
open-ended growth plan for higher bit rates, theoretically no upper limit exists
for SONET bit rates. However, as higher bit rates are used, physical limitations
in the laser sources and optical fibre begin to make the practice of endlessly
increasing bit rate on each signal an impractical solution. Moreover, connection
to the networks through access rings has also increased requirements. Customers
are demanding more services and options and are carrying more and different
types of data traffic with different quality of service (QoS) requirements. To
provide full end-to-end connectivity, a new paradigm was needed to meet all the
high-capacity and different applications. Optical networks provide the required
bandwidth and flexibility to enable end-to-end wavelength services.

With the development of the Internet and World Wide Web technologies and
applications, the network bandwidth requirements have increased dramatically
in recent years. This needs boosted research and development in WDM and
progress in this field has been moving at a rapid rate. All-optical network sys-
tems that employ WDM and wavelength routing are a viable solution for the fu-
ture wide area networks (WANs) and metropolitan area networks (MANs) as well
as the next generation Internet(s). Such wavelength-routed WDM networks offer
several advantages including protocol transparency, simplified management and
processing when compared to routing in systems that use digital cross-connects
[11–17].

The early 1990s saw a second generation of WDM, sometimes called narrow-
band WDM, in which two to eight channels were used. These channels were now
spaced at an interval of about 400 GHz in the 1550-nm window. By the mid-1990s,
dense WDM (DWDM) systems were emerging with 16 to 40 channels and spac-
ing from 100 to 200 GHz. By the late 1990s DWDM systems had evolved to the
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Figure 2.7 Evolution of the Dense Wavelength Division Multiplexing (DWDM).
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Figure 2.8 Basic structure of a transmitter and a receiver.

point where they were capable of 64 to 160 parallel channels, densely packed at
50 or even 25 GHz intervals.

Figure 2.7 summarizes the evolution of DWDM technology. As can be seen in
Figure 2.7, there is an increase in the number of wavelengths accompanied by a
decrease in the spacing of the wavelengths, along with increased density of wave-
lengths. Furthermore, there is an improvement in their flexibility of configuration,
through add-drop functions, and management capabilities [5, 12, 15, 27].

The components of any optical network can be divided into switching and
non-switching components. Switching components are programmable and enable
networking while non-switching components are used on optical links. These
components are: lasers, light-emitting diodes (LEDs), photodiodes, optical filters,
passive star couplers, WDM Multiplexers/Demultiplexers, wavelength routers,
combiners/splitters, wavelength converters, and directional couplers. Figure 2.8
depicts the structure of a transmitter and a receiver, while figure 2.9 depicts a
block diagram of a WDM transmission system [1, 4–8].
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A typical detailed WDM system is shown in Figure 2.10.

2.3.1 OPTICAL FIBRE

Optical fibres are used to guide lightwaves with minimum attenuation. There are
two general categories of optical fibre in use today, multimode fibre and single-
mode fibre. Multimode, the first type of fibre to be commercialized, has a larger
core than single-mode fibre. It gets its name from the fact that numerous modes,
or light rays, can be carried simultaneously through the waveguide. Note that
the two modes must travel different distances to arrive at their destinations. This
disparity between the times that the light rays arrive is called modal dispersion.
This phenomenon results in poor signal quality at the receiving end and ultimately
limits the transmission distance. This is why multimode fibre is not used in wide-
area applications.

The second general type of fibre, single-mode, has a much smaller core that
allows only one mode of light at a time through the core. As a result, the fidelity of
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Figure 2.11 Multimode and single mode optical fibres.

the signal is better retained over longer distances, and modal dispersion is greatly
reduced. These factors contribute to a higher bandwidth capacity than multimode
fibres. Due to its large information-carrying capacity and low intrinsic loss, single-
mode fibres are preferred for longer distance and higher bandwidth applications
such as DWDM. Typical single mode fibre is 9–10 micron and multimode fi-
bre is 50 micron. But Bells Labs announced high-power single-mode fibre lasers
from 1.065 to 1.472 micrometers, using ytterbium-doped cladding-pumped and
cascaded Raman lasers. Figure 2.11 shows these two types of optical fibres.

The main advantages of optical fibre are [3, 18, 29, 39]:

� Higher bandwidth and greater capacity. Fibre can handle much higher band-
widths than copper. The potential bandwidth and data rate of optical fibre are
enormous. Data rates of a few Gbps over ten kilometres have been demonstrated.
Compare these capabilities to the maximum of hundreds of Mbps over 1 km for
coaxial cables.

� Low attenuation and greater repeater spacing. The attenuation in fibre is much
less than copper, therefore, repeaters are needed only about every 50 km on long
lines, versus every 5 km for copper. Fewer repeaters mean lower overall cost and
fewer sources of error.

� Electromagnetic isolation. Optical fibre has the advantage of not being affected
by power surges, electromagnetic interface, or power failures. Also, it is not
affected by corrosive chemicals in the air, which makes it an ideal choice for
harsh environments.
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� Small size and lighter weight. Optical fibres are considerably thinner than coaxial
cable or bundles of twisted-pair cable, at least an order of magnitude thinner
for comparable capacity. These characteristics make fibres very attractive to
telephone companies as many existing cable ducts are completely full, so there
is no room to add new cables. Fibre has a lower installation cost when compared
to copper cables.

� Security. Fibres do not leak light and are quite difficult to tap, which make them
a secure transmission medium.

� High work safety. Working with fibres has low risk of fire, explosion, or ignition.
� Relatively low cost. Fibres are inexpensive and their prices are getting lower.
� High reliability and ease of installation and testing. Fibres are a very reliable

transmission medium and they are easy to install and test.
� Error-free transmission over longer distances. Using fibres implies flexibility in

network planning and possibility of taking advantage of new architectures.
� Long-term economic benefits over copper (over the lifetime of the network). Fibre

has superior reliability which reduces operating costs by minimizing network
outages. Also, higher bandwidth can produce considerable savings by eliminat-
ing the need to pull new cable when the network is upgraded to support higher
bandwidth and long distance capability, which allow all hub electronics to be
centrally located. Centralization reduces the cost of cabling and electronics, and
reduces administration and maintenance efforts.

The challenges that face fibre transmission are shown below [3, 18, 29]:

� Attenuation. The decay of signal strength or loss of light power, as the signal
propagates through the fibre.

� Chromatic dispersion. This is spreading of light pulses as they travel down the
fibre. One way to keep these spread-out pulses from overlapping is to increase the
distance between them, however, this can be done only by reducing the signalling
rate. The good news is that it has been found that by making the pulses in
a special shape related to the reciprocal of the hypercube cosine, nearly all the
dispersion effects cancel out. Therefore, it is possible to send pulses for thousands
of kilometres without much shape distortion. These pulses are called solitons
and at time of writing these are still in the laboratory.

� Nonlinearities. This is the cumulative effect from the interaction of light with
the material through which it travels, resulting in changes in the lightwave and
interactions between lightwaves.

� Costly fibre interface. Fibre interfaces cost more than electrical interfaces.
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The general categories of applications of optical fibre are: (a) long-haul trunks;
(b) metropolitan area networks (MANs); (c) local area networks (LANs); (d)
rural-exchange trunks; and (e) subscriber loops. The main scope of this book
is multiwavelength local area networks which use optical fibre as the transmission
medium.

As mentioned earlier, an optical transmission system consists of three chief
components: the light source, the transmission medium and the photodetector.
The presence of a pulse of light indicates a 1 bit and the absence of light indicates
a 0 bit. The transmission medium can be made of ultra thin fibre or glass. Various
glasses and plastics can be used to make optical fibres. The ones that have the
lowest losses are the fibres of ultrapure fused silica. However, ultrapure fibre
is difficult to manufacture. Higher loss glass and plastic fibres are more cost-
effective.

An optical fibre cable has a cylindrical shape and consists of three sections:
the core, cladding, and jacket. The core is surrounded by a glass cladding with
a lower index of refraction than the core, in order to keep all the light in the
core. The jacket is a thin plastic layer used to protect the cladding. Usually, fibres
are grouped in bundles, protected by an outside sheath. The attenuation of light
though glass depends on the physical characteristics of the glass and the wavelength
of the light. The attenuation is usually measured in decibels; it is given by the
formula:

Attenuation of light through glass = 10log10 (Transmitted Power)/

(Received Power).

There are three wavelength bands that are used for optical communications.
These are the ones centred at 0.85, 1.30 and 1.55 microns. All of these three
bands are 26,000 GHz to 30,000 GHz wide. The 0.85 micron band has the highest
attenuation, but at that wavelength, the lasers and electronics can be made from
the same material, gallium arsenide. The 1.30 and 1.55 micron bands have very
good attenuation characteristics; less than 5% loss/km [15, 18, 31]. Figure 2.12
shows the attenuation of light through fibre in the infrared region.

2.3.2 LIGHT SOURCES

The light source used in the design of an optical system is an important consider-
ation since it can be one of the most costly elements. Its characteristics are often a
strong factor that dictates in part the overall performance of the optical link. The
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Figure 2.12 Attenuation of light in decibels versus wavelength in micron.

two possible light sources for optical networks are light emitting diodes (LEDs)
and semiconductor lasers or laser diodes. They have different characteristics. Light
emitting devices used in optical transmission must be compact, monochromatic,
stable, and long-lasting. There are several factors that dictate the choice of light
source for optical fibre systems. Among these are: (a) the wavelength of the signal
source must fall within the transmission window of the optical fibre; (b) the power
must be high enough to span the distance to the first optical amplifier or the receiver,
but not too high to cause nonlinear effects in the fibre or the receiver; (c) the range
of the wavelength emitted by the source should not be very broad to a degree
that dispersion limits transmission speed; and (d) the source should transfer light
efficiently into the transmitting fibre [3, 15, 18, 29].

2.3.2.1 Light Emitting Diodes (LEDs)
A light emitting diode (LED) is a semiconductor p-n junction device that emits
incoherent optical radiation when biased in the forward direction. Light Emitting
Diodes use p-n junctions to inject electrons and holes into the same region of a
semiconductor so they may recombine and emit light by spontaneous emission.
LEDs are usually used for lower data rate, shorter distance multimode fibre. They
are also not sensitive to temperature and less expensive than a semiconductor laser.
On the other hand, semiconductor lasers can be used for higher data rate, longer
distance, and multimode and single mode. Moreover, they are very sensitive to
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temperature and are expensive. The main applications of LEDs are: (a) displays;
(b) high-brightness lamps (laptop, cellular phone PDA back light); (c) indicator and
traffic lights; (d) solid-state lighting (being developed); (e) opto-isolators/couplers;
(f) infrared wireless communication such as for TV remote controls, free space
data links; and (g) optical networks and communications.

Light emitting diodes (LEDs) emit light in proportion to the forward current
through the diode. LEDs are low voltage devices that have a longer life than
incandescent lamps. They are relatively slow devices, suitable for use at speeds of
less than 1 Gbps. They exhibit a relatively wide spectrum width. These inexpensive
devices are often used in multimode fibre communications. LEDs can be of two
types; surface light emitting diodes and edge light emitting diodes.

The receiving end of an optical fibre has a photodiode, which converts the
applied light to electrical pulses. According to current technology, the response
time of a photodiode is about 1 ns. This limits the operational data rate to 1 Gbps.
LEDs that emit red or near infrared light are often used as sources of light for
short fibre systems. In general, a diode is made up of two regions, P and N regions
that are doped with impurities to give them the desired electrical characteristics.
The wavelength emitted by a semiconductor diode depends on its internal energy
levels. The band gap between the energy levels depends on the composition of
the junction layer of the diode. The usual LED wavelengths for glass fibre are the
820 nm and 85 nm. The near infrared LEDs used with short glass-fibre systems have
active layers that are made using gallium arsenide (GaAs) or gallium aluminum
arsenide (GaAlAs). The pure GaAs LEDs emit near 930 nm. The aluminum is
added in order to decrease the drive current requirements, which helps to increase
the lifetime of the diode. Moreover, this also helps to improve the energy gap so
light emission occurs at 750 to 900 nm. LEDs can also be made using gallium
arsenide phosphide (GaAsP). These types of LEDs emit different wavelengths in
the visible red light near the 650 nm. These are used with plastic fibres that are
most transparent in the red and transmit poorly at the GaAs wavelengths. Keep in
mind that GaAs LEDs have lower performance than GaAlAs LEDs; however, they
are less expensive and are good for short and low-speed plastic fibre links [13, 15,
29, 35, 39].

2.3.2.2 Lasers
Laser is the Acronym for Light Amplification by Stimulated Emission of Radiation.
It is a device that produces a coherent beam of optical radiation by stimulating
electronic, ionic, or molecular transitions to higher energy levels so that when
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Figure 2.13 Coherent electromagnetic waves.

they return to lower energy levels they emit energy. A laser diode uses a forward
biased semiconductor junction as the active medium. It is important to note that
laser radiation may be either temporally coherent, spatially coherent, or both.
The degree of coherence of laser radiation can exceed 0.88. In a coherent beam
of electromagnetic energy, all the waves have the same frequency and phase.
Figure 2.13 shows coherent electromagnetic waves with identical phase and similar
frequencies [1, 13, 15, 16, 18, 22, 29, 36, 37, 39].

All lasers have an energized substance that can increase the intensity of light
passing through it. This is called the amplifying medium or the gain medium, and
it can be a solid, a liquid or a gas. Regardless of its physical form, the amplifying
medium must contain atoms, molecules or ions, a high proportion of which can
store energy that is subsequently released as light [1, 18, 29, 35–45].

In a basic laser, a cavity is designed to internally reflect infrared (IR), visible-
light, or ultraviolet (UV) waves so that they strengthen each other. The cavity can
contain gases, liquids, or solids. The selection of cavity material determines the
wavelength obtained. At each end of the cavity, there is a mirror. One mirror is
totally reflective, allowing none of the energy to pass through; the other mirror is
moderately reflective, allowing approximately 5% of the energy to pass through.
Energy is introduced into the cavity from an external source; this is called pumping.
As a result of pumping, an electromagnetic field appears inside the laser cavity at
the natural (resonant) frequency of the atoms of the material that fills the cavity.
The waves reflect back and forth between the mirrors. The length of the cavity is
chosen so that the reflected and re-reflected wavefronts strengthen each other in
phase at the natural frequency of the cavity substance. Electromagnetic waves at
this resonant frequency come out from the end of the cavity having the partially-
reflective mirror. The output may appear as a continuous beam, or as a series of
brief, intense pulses.

There are various types of lasers. These are [29, 35–46]:
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� Solid-state lasers. Solid state lasers have laser material distributed in a solid
matrix (such as the Ruby or Neodymium Yttrium-Aluminium garnet “Yag”
lasers). The Neodymium-Yag laser emits infrared light at 1,064 nanometres (nm).

� Gas lasers. Gas lasers (Helium and Helium-Neon, HeNe, are the most common
gas lasers) have a primary output of visible red light. The CO2 lasers emit energy
in the far-infrared, and are used for cutting rigid materials.

� Excimer lasers. Excimer lasers (the name is derived from the terms excited and
dimers) use reactive gases, such as Chlorine and Fluorine, mixed with inert
gases such as Argon, Krypton or Xenon. When electrically stimulated, a pseudo
molecule (dimer) is produced. When a laser is used, the dimer generates light in
the ultraviolet range.

� Dye lasers. Dye lasers use complex organic dyes, such as Rodamine 6G, in liquid
solution or suspension as lasing media. They are tunable over a broad range of
wavelengths. Tuning range depends on the selected dye—for Rodamine 6G a
wavelength of 0.570–0.650 nm can be achieved.

� Semiconductor lasers. Semiconductor lasers, sometimes called diode lasers, are
electronic devices that are generally very small and use low power. They may be
built into larger arrays. There are different semiconductor lasers: (a) homostruc-
ture lasers, with a threshold current of (300K) 30000–50000 A/cm2; (b) single
heterostructure (300K) 6000–8000 A/cm2; (c) double heterostructure (300K)
500 A/cm2; (d) GRINSCH (Graded-index separate confinement heterostruc-
ture), threshold current ∼30 mA; (e) mirror type: FP, DFB, DBR; and (f) VCSEL
(Vertical Cavity Surface Emitting Laser), threshold current about 1 mA [35–46].
Figure 2.14 shows a simple semiconductor structure of the homostructure type.

Cleaved
Mirror Junction

Output Radiation

Input Current

Figure 2.14 A simple semiconductor laser of the homostructure type.
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Semiconductor lasers are excellent for single mode fibre applications due to their
outstanding performance. Figure 2.15 shows the general principles of launching
laser light into fibre. The laser diode chip emits light in one direction to be focused
by the lens onto the fibre and in the other direction onto a photodiode. The photodi-
ode, which is angled to reduce back reflections into the laser cavity, provides a way
of monitoring the output of the lasers and providing feedback so that adjustments
can be made.

Requirements for lasers include precise wavelength, narrow spectrum width,
sufficient power, and control of chirp (the change in frequency of a signal over
time). Semiconductor lasers satisfy the first three requirements nicely. Chirp, how-
ever, can be affected by the techniques used to modulate the signal.

In directly modulated lasers, the modulation of the light to represent the digital
data is done internally. With external modulation, the modulation is performed by
an external device. When semiconductor lasers are directly modulated, chirp can
become a limiting factor at high bit rates (above 10 Gbps). External modulation, on
the other hand, helps to limit chirp. Figure 2.16 illustrates the external modulation
technique.

Two types of semiconductor lasers are widely used, namely monolithic Fabry-
Perot lasers, and distributed feedback (DFB) lasers. The latter type is particularly
well suited for DWDM applications, as it emits a nearly monochromatic light. It
has a favourable signal-to-noise ratio, superior linearity and can be used for high
data rates. The DFB lasers have centre frequencies in the region around 1310 nm,
and from 1520 nm to 1565 nm. The latter wavelength range is compatible with
EDFAs. There are other types such as the narrow spectrum tunable lasers whose
tuning range is limited to approximately 100–200 GHz. Wider spectrum tunable
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lasers are under development. The latter types will play an important role in the
dynamically switched optical networks. There are three requirements for using
laser: (a) gain; (b) feedback; and (c) phase match. The main characteristics of
lasers are [18, 29, 35, 37–42]:

� Frequency instability. This is due to:
� Mode hopping: In present injection lasers, a change in the injection current

above a threshold can cause an abrupt jump in the laser frequency.
� Mode shift: This is a change in frequency due to temperature changes.
� Wavelength chirp: This is a variation in the frequency caused by the variation

of injection current.
� Line width. This is the spectral width of the light generated by the laser. It affects

channel spacing and dispersion.
� Tuning range. This is the range of wavelengths over which the laser can be

operated.
� Number of longitudinal modes. This is number of wavelengths that the laser can

amplify.
� Tunability. This can be continuous tunable (over its tuning range) or discretely

tunable (only to selected wavelengths).
� Tuning time. This is the time needed for the laser to tune from one wavelength

to another.

There are several classes of lasers that include [29, 35–44]:

1. Mechanically tuned lasers where the distance between the two mirrors of an
external cavity is changed mechanically,

2. Acoustically and electro-optically tuned lasers where the index of refraction in
the external cavity is changed using either acoustic waves or electrical current,
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Table 2.1 Operating wavelength ranges of major
photodetectors.

Material Type Wavelength (nm)

Germanium 600–1600
Silicon 400–1100
Gallium Arsenide (GaAs) 400–900
InGaAS 900–1700
InGaAsP 800–1600

3. Laser array where a number of lasers are integrated into a single component,
with each laser working at a different frequency

4. Injection-current-tuned lasers that allow wavelength selection with a differ-
ent diffraction grating. This class has two subclasses: (a) distributed feedback
(DFB) where the Bragg grating is placed in the active region; and (b) distributed
Bragg reflector where the Bragg grating is placed outside the active region.

2.3.3 PHOTODIODES

These devices detect optical signals and convert them into electrical signals. Their
name comes from the fact that they are capable of detecting light. Photodetectors
can be made of materials such as germanium, silicon, gallium arsenide, and indium
gallium arsenide. In order to produce a photocurrent, photons should have enough
energy to raise an electron from the valence band to the conduction band. In other
words, their energy should be greater or at least equal to the band gap energy. The
photodetector sensitivity tends to drop sharply at the long-wavelength, low energy
end of the spectrum. Table 2.1 summarizes the typical operating ranges of typical
photodetectors.

There are two types of photodetectors that are widely used: the positive-intrinsic-
negative (PIN) photodiode and the avalanche photodiode (APD). The PIN pho-
todiodes work on principles similar to, but in the reverse of, LEDs. That is, light
is absorbed rather than emitted, and photons are converted to electrons in a 1:1
relationship. The avalanche photodiodes (APDs) are similar devices to positive-
intrinsic-negative (PIN) photodiodes, but provide gain through an amplification
process: one photon acting on the device releases many electrons. PIN photodi-
odes have many advantages, including low cost and reliability, but APDs have
higher reception sensitivity and accuracy. However, APDs are more expensive
than PIN photodiodes. Moreover, they can have very high current requirements,
and they are temperature sensitive.
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Table 2.2 Characteristics of typical photodetectors.

Photodetector Responsivity Device Current Rise Time

Pin photodiode (Ge) 0.4 A/W 100 nA 0.1–1 ns
Pin photodiode (Si) 0.5 A/W 1–10 nA 0.1–5 ns
Pin photodiode 0.8 A/W 0.1–3 nA 0.005–5 ns

(InGaAs)
Avalanche photodiode Voltage dependent 400 nA 03–1 ns

(Ge) (voltage dependent)
Avalanche photodiode 10–125 A/W 01–2 ns 10–250 nA

(Si) (voltage dependent) (voltage dependent)
Avalanche photodiode 7–9 A/W 6–160 nA 0.1–0.5 ns

(InGaAs) (voltage independent) (voltage dependent)
Photodarlington (Si) 500 A/W 100 nA 40 µs
Phototransistor (Si) 18 A/W 25 nA 2.5 µs

There is another device called a phototransistor, which both senses and amplifies
light generated current. It can only be used for low-cost and low speed applications
such as inexpensive sensors, and low-cost, low-speed fibre optic systems. It is worth
mentioning here that phototransistor use is limited to systems that operate below
the megahertz range. The overwhelming majority of phototransistors are made of
silicon [29, 36–40].

A photodarlington is made using two phototransistors, by feeding the output
of a phototransistor to the base of a second phototransistor. This configuration
increases responsivity of low-cost, low-speed systems.

In direct detection, a photodetector converts the incoming photonic stream into
a stream of electrons or current. The current is then amplified and passed through a
threshold device. A bit is considered logic 0 or 1 depending on whether the stream
is above or below a specific threshold for bit duration. In coherent detection, phase
information is used in the encoding and detection of signals. The receiver uses
a laser as a local oscillator. The incoming signal is combined with the signal
oscillator which generates a signal of the difference frequency. This difference
signal, in the microwave range, is amplified and then photodetected [16, 18, 29].
Table 2.2 summarizes the main characteristics of typical photodetectors.

2.3.4 OPTICAL FILTERS

An optical filter is a device that blocks some input light from reaching a particular
destination/point. Optical filters are used in WDM systems to separate signals
at different wavelengths and route them to different destinations. In other cases,
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Figure 2.17 Tunable filter characteristics.

optical filters are used to reduce signal intensity, which might, otherwise, overload
the receiver to block extraneous signals at other wavelengths or to balance signals
transmitted through the same system at different wavelengths.

Some filters selectively block light or, otherwise, transmit only selected wave-
lengths. Line and band filters can be used in some types of WDM, but more often,
they serve to block unwanted wavelength rather than separate signals. The chief
function of line and band filters is to restrict light transmission so that only cer-
tain wavelengths pass through, blocking other wavelengths, which might generate
noise. In general, a WDM filter transmits selected wavelengths and reflects others.
The wavelengths that are not transmitted through the filter are usually reflected so
that they can go elsewhere in the optical communications system. Clearly, these
filters are like mirror shades and one-way mirrors, which reflect more incident
light, but transmit enough to see through them [3, 15, 38, 39].

Filters usually have periodic resonant frequencies. The distance between two
neighbouring resonant frequencies is often called free spectral range, FSR. Another
performance metric of an optical filter is called finesse which is defined as the
measure of sharpness of resonance. Finesse is measured as the ratio of FSR to the
3-dB bandwidth of a resonant peak. Figure 2.17 shows the finesse and FSR metrics
[1, 15, 22, 29, 36–52].

Optical filters can be cascaded with different FSRs. They also can be classified
into two main categories: fixed and tunable filters. The tunable optical filters are
efficient in selectively adding or dropping particular wavelength channels from the
multi-wavelength network. tunable filters can come in different types; these are
briefly described below [2, 3, 13, 16, 18, 29, 38, 46]:

� Etalon. This is a single cavity formed by two parallel mirrors. By adjusting
the distance between mirrors, a single wavelength can be selected to propagate
through.
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� Mach-Zehnder (MZ) chain. This tunable filter splits the incoming wave into two
waveguides, and recombines the signals at the outputs. By adjusting the optical
path length of one arm, a specific wavelength can be selected to be reflected
back. This is due to interference at the combiner.

� Electro-optic filters. These filters use crystals with refractive indices that can be
changed by electrical currents. Their tuning range is about 16 nm and tuning
time is between 1 and 10 µs.

� Acousto-optic tunable filters (AOTFs). In these filters, RF waves are passed
through a transducer, which generates acoustical waves in the waveguides. The
refractive index changes accordingly and can be constructed into a grating. The
latter can select a specific wavelength. This type has a tuning range of about
250 nm and a tuning time of about 10 µs.

� Liquid-crystal Fabry-Perot filters. Here, an FP cavity is filled with liquid crystal
that has a refractive index, which can be changed by applying an electrical
current. These filters have a tuning range of about 30 nm with a tuning time of
0.5 to 10 µs.

The main types of fixed optical filters are: (a) grating filters, (b) fibre Bragg
grating, and (c) thin-film interference filters [16, 18, 29, 38, 43]. The fibre Bragg
grating is of great interest to optical communications as it is used to demultiplex
wavelengths. A fibre Bragg grating is a small section of fibre that has been modified
by exposition to ultraviolet radiation to create periodic changes in the index of
refraction. The result is that light travelling through these refractive index changes
is reflected back slightly, but the maximum reflection occurs only at one particular
wavelength. The reflected wavelength, known as the Bragg resonance wavelength,
depends on the amount of refractive index change that has been applied and also
on how distantly spaced these changes are.

The main features of an optical filter are [48, 53]:

� Insertion loss. The filter is usually inserted in a network and it should ideally be
loss-less.

� Tuning range (D). If the filter is to be tuned over a long-wavelength transmission
window such as 1300 nm or 1500 nm, then 25 THz is a fine-tuning range. Gain-
flattened amplifiers need wider ranges too.

� Channel spacing (S). In order to avoid a cross-talk degradation, there should
be a minimum frequency separation between channels; that is called channel
spacing. In general, the cross-talk degradation should be 30 dB less than the
desired signal.

� Maximum number of channels N. This refers to the maximum number of equally
spaced channels. It is defined as the ratio of total tuning range (D) to the channel
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spacing (S), that is:

N = D/S

� Tuning speed. This gives a measure of how fast the filter can be reset from one
wavelength to another.

There are other features such as: (a) narrow bandwidth and high side-lobe suppres-
sion; (b) large dynamic range and fast tuning speed; (c) simple control mechanism
for a tunable optical filter; (d) small size and cost effectiveness; (e) stringent re-
quirements on the amplitude response; and (f) linear phase response and constant
time delay for optimum bandwidth utilization.

Filters can also be classified into the following classes [29, 48, 53]:

� Compensating filters. This class of filters has gradually sloping spectral curves.
These filters have been used for various applications. They are used to com-
pensate for wrong lighting such as when indoor film is used outdoors or when
outdoor film is used indoors. These filters are of the amber type that lowers
colour temperature, and the blue type that raises colour temperature.

� Neutral-density filters. Neutral-density filters are uniform (grey) filters that ab-
sorb and/or reflect a fraction of the energy incident upon them. The term “neutral”
is used here since the absorption and/or reflection characteristics of the filter are
constant over a wide wavelength range.

� Attenuation filters. These filters are used in order to reduce the intensity of light
beam. High-quality attenuation filters are said to have a “flat response”. This
means that they attenuate all wavelengths of light over their usable spectral
range by the same amount. These filters are used over a photosensitive surface
when the light signal received is too intense. This would prevent overdriving
a photodetector or overexposing photosensitive film. To determine if the pho-
tosensitive surface is reacting linearly to the exposure, calibrated attenuation
filters are usually used. A light signal being measured by a photodetector is an
example of this application. If the photodetector is reacting linearly, the insertion
of a 50% attenuation filter in the light beam should cause about 50% decrease
in the output electrical signal.

� Wavelength-selective filters (colour filters). For absorbing filters, the transmit-
tance is an exponential function of thickness [1, 15, 29, 48]. That is:

T = t1t2e−×αλx

Where:
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t1 = Transmission of front surface of filter
x = Filter thickness in centimetres

αλ = Filter absorption coefficient (cm–1) at wavelength λ

t2 = Transmission of back surface of filter

� Cut-off filters. If a filter discards the longer wavelengths and transmits the shorter
wavelengths, it is called a short-wave-pass filter. However, if it transmits the
longer wavelengths and discards the shorter wavelengths, it is called a long-wave-
pass filter. In this context, a long-wave-pass filter is called a ‘low-frequency-pass
filter’, and a short-wave-pass filter is called a ‘high-frequency-pass filter’.

� Bandpass filters. These filters are produced so that they transmit only a very
narrow wavelength range. Such filters are often called by several equivalent
names such as narrow-pass filters, spike filters, and notch filters. The main
application for such filters in electro-optics is the isolation of individual laser
lines.

� Interference filters. If it is needed to sharp cut off a bandpass, then wavelength
selection is used. Spike filters or narrow-pass filters are generally made by accu-
mulating alternating layers with thin coatings of dielectric materials on a glass
or quartz window. In order to provide reflection or transmission at the desired
wavelengths, selection of the materials and thickness of the coatings is chosen.
In general, an interference filter may have as many as 30 layers of coatings.
Such multilayer coating techniques are the same as these used to produce high-
reflective laser mirrors. Scattering from these surfaces is less than 1%. This
means that when these coatings are used as filters, basically all of the light is
either transmitted or reflected.

2.3.5 OPTICAL AMPLIFIERS

Due to attenuation, there are limits to how long a fibre segment can propagate a
signal with integrity before it has to be regenerated. Before the arrival of optical
amplifiers (OAs), repeaters were used to regenerate the signal electronically to
compensate for the losses due to the silica fibre as well as the losses caused by
other optical components along the line. Electronic regenerators have two main
drawbacks: they are expensive and they limit the system’s performance since each
generator can operate at only one predetermined incoming bit rate, and on one
wavelength of a single channel.

Until the advent of the Erbium-doped fibre amplifiers (EDFAs), no practical all-
optical amplifier existed. Optical signals were, instead, regenerated electronically
and treated in the electronic domain to compensate for losses. The optical amplifier
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(OA) has made it possible to amplify all the wavelengths at once and without
optical-electrical-optical (OEO) conversion. In addition to being used on optical
links, optical amplifiers also can be used to boost signal power after multiplexing
or before demultiplexing, both of which can introduce loss into the system.

Since DWDM systems handle information optically rather than electrically, it is
important that long-haul applications do not suffer from the effects of dispersion
and attenuation. Erbium-doped fibre amplifiers (EDFAs) resolve these problems.
EDFAs are silica-based optical fibres that are doped with erbium, which is a rare
earth element with appropriate energy levels in its atomic structure for amplifying
light at 1550 nm. In order to inject energy into the doped fibre, a 980 nm “pump”
laser is used. When a weak signal at 1310 nm or 1550 nm enters the fibre, the light
stimulates the rare earth atoms to release their stored energy as additional 1310
nm or 1550 nm light. The process continues as the signal passes down the fibre,
repeatedly growing stronger. The EDFA contains several metres of silica glass
fibre that have been doped with ions of erbium. When the erbium ions are excited
to a metal stable energy state, a population inversion takes place that changes this
medium into an active amplifying medium. The amplifier will now accept paral-
lel optical signals at many different wavelengths and amplify them concurrently,
regardless of their individual bit rates, modulation formats, or power level [1, 15,
49–53].

By making it possible to carry the large loads that DWDM is capable of trans-
mitting over long distances, the EDFA is considered a key enabling technology.
At the same time, it has been a driving force in the development of other network
elements and technologies. The spontaneous emissions in the EDFA also add noise
to the signal. Figure 2.18 shows a simplified diagram of an EDFA.

Erbium-doped fiber (10-50m)

CouplerCouplerIsolator

Pump
Laser

Pump
Laser

Isolator

Figure 2.18 A simplified diagram of an erbium-doped fibre amplifier (EDFA).
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The key characteristics of optical amplifiers are: gain, gain efficiency, gain
bandwidth (flatness), gain saturation, amplified spontaneous emission (ASE), and
polarization sensitivity. The gain metric is defined as the ratio of output power of
a signal to its input power. EDFAs are normally capable of gains of 30 dB or more
and output power of +17 dB or more. The prime parameters that are considered
when selecting an EDFA, however, are low noise and flat gain. Gain should be flat
because all signals must be amplified uniformly. While the signal gain provided
with EDFA technology is inherently wavelength-dependent, it can be corrected
with gain flattening filters. Such filters are often built into state-of-the art EDFAs.

The gain efficiency is defined as the measure of the gain as a function of pump
power in decibels per milliwatt (dB/mW). The gain bandwidth is the range of
frequency over which the amplifier is effective and the gain saturation is the value
of output power over which the amplifier is effective. The amplified spontaneous
emission (ASE) is considered the dominant source of noise, which arises from the
spontaneous emission. Finally, the polarization sensitivity is the dependence of the
gain on the polarization of the signal; it is usually measured in dBs.

Low noise is an important requirement since noise, along with signal, is am-
plified. Due to the fact that this effect is cumulative, and cannot be filtered out,
the signal-to-noise ratio is an ultimate limiting factor in the number of amplifiers
that can be concatenated and, therefore, the length of a single fibre link. Generally,
signals can travel for up to 120 km (74.5 miles) between amplifiers. At longer
distances of 600 to 1000 km (372.6 to 621 miles) the signal must be regenerated
because the optical amplifier only amplifies the signals and does not perform the
3R functions (reshape, retime, retransmit). EDFAs are available for the C-band and
the L-band. It is worth mentioning that the amplification process is independent
of the data rate. Due to this advantage, upgrading a system means only changing
the launch/receive terminals.

The demand for wider bandwidth is growing at a super-exponential rate. This
means that there is a need for more efficient and reliable optical amplifiers. The
usable bandwidth of an EDFA is only about 30 nm (1530 nm–1560 nm), but the
minimum attenuation is in the range of 1500 nm to 1600 nm. The dual-band fibre
amplifier (DBFA) has the potential to solve the usable bandwidth problem. It is
divided into two sub-band amplifiers. The DBFA is similar to the EDFA, but it
has a wider bandwidth range, from about 1528 nm to 1610 nm. The first range
is similar to that of the EDFA and the second is known as extended band fibre
amplifier (EBFA). Among the features of the latter are flat gain, slow saturation,
and low noise. The EBFA can attain a flat gain over a range of 35 nm. EBFAs have
the advantage of reaching a slower saturation keeping the output constant although
the input increases [13, 15, 22, 27, 29, 27, 29–53].
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2.3.6 PASSIVE STAR COUPLERS

A coupler covers all devices that combine light into or split light out of a fibre.
It is a device that can distribute the optical signal (power) from one fibre among
two or more fibres. A fibre optic coupler can also combine the optical signal from
two or more fibres into a single fibre. Fibre optic couplers attenuate the signal
much more than a connector or splice because the input signal is divided among
the output ports. For example, with a 1 × 2 fibre optic coupler, each output is less
than one-half the power of the input signal (over a 3 dB loss).

Fibre optic couplers can be either active or passive devices. The difference
between them is that a passive coupler redistributes the optical signal with-
out optical-to-electrical conversion while active couplers are electronic devices
that split or combine the signal electrically and use fibre optic detectors and
sources for input and output. The number of input ports and output ports
vary depending on the intended application. Types of fibre optic couplers in-
clude optical splitters, optical combiners, X couplers, star couplers, and tree
couplers.

A splitter is a coupler that divides the optical signal on one fibre to two or more
fibres. The splitting ratio, α, is the fraction of input power that goes to each output.
Combiners have the reverse function of splitters, and when turned around can be
used as a splitter [26, 27]. Figure 2.19 shows a functional diagram of a passive star
coupler.

A passive star coupler is an optical coupler that has a number of input and
output ports, used in optical network applications. Note that an optical signal
introduced into any input port is distributed to all output ports. Because of the
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Figure 2.19 A passive star coupler.
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Figure 2.20 Two types of star coupler.

nature of the construction of a passive star coupler, the number of ports is usually a
power of 2.

Star couplers got their name from the geometry used to show their operation in
diagrams such as the one shown in Figure 2.20, which depicts two basic types of the
star couplers. The first type, see Figure 2.20(a), is directional, mixing signals from
all input fibres and distributing them among all outputs. This type is a bi-directional
device since it can also transmit light in the opposite direction. The second type,
see Figure 2.20(b), is non-directional. Instead it takes inputs from all fibres and
distributes them among all fibres, both inputs and outputs [15–19, 22–29].

The passive star coupler (PSC) is a multiport device in which the light coming
into any input port is broadcast to every output port. If Pout is the output power,
Pin is the input power introduced into the star coupler by a single node, and N is
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Figure 2.21 A functional diagram of a 2 × 2 directional coupler.

the number of output ports of the star, then:

Pout = Pin/N

Passive star coupler is usually implemented by using a combination of splitters,
combiners, and couplers.

2.3.7 DIRECTIONAL COUPLERS

In general, a directional coupler consists of two waveguides that are in close
proximity, and coupled to each other by evanescent fields. The separation between
the waveguides dictates the efficiency of coupling. The closer the waveguides are to
each other, the greater the coupling is. In a directional coupler that consists of two
completely identical waveguides, as much as 100% of the energy injected into one
waveguide can be transferred to the second waveguide after a specific propagation
distance L . For lengths less than L , the coupling is less than 100%, whereas for
lengths greater than L , energy is coupled back into the original waveguide and the
coupling is also less than 100% [15, 16, 18, 22, 23, 26–28].

A 2 × 2 directional coupler is shown in Figure 2.21. It has an optical four
port, with ports 1 and 2 designated as input ports and 3 and 4 designated as output
ports. Optical power enters the coupler through fibres attached to the input ports, is
combined and divided linearly, and leaves via fibres attached to the output ports. If
the signals entering each input port originate at distinct optical sources, the action
of the coupler can be represented in terms of input signal powers P1 and P2 and
output powers by P3 and P4. These relations can be expressed as below.

P3 = a11 P1 + a12 P2

P4 = a21 P1 + a22 P2

In the case of ideal symmetric couplers, the power transfer matrix A = [αi j] is
given in the following form:
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where α is a parameter that takes any value between 0 and 1. If the parameter
α is fixed, the device is called a static device. However, if α is varied using ex-
ternal electronic or mechanical means, then the device is considered dynamic or
controllable.

The majority of directional couplers are of the bi-directional type, which means
that they can transmit light in either direction. Generally, directionality or bidi-
rectionality is an advantage in couplers since it sends the signal in the required
direction [15–18].

2.3.8 WDM MULTIPLEXERS/DEMULTIPLEXERS

Wavelength Division Multiplexing, WDM, is considered an important technique
for utilizing the large available bandwidth in a single mode optical fibre system.
The total available bandwidth in a fibre channel is 30 THz. WDM combines a
number of wavelengths into the same fibre. The availability of practical wideband
optical amplifiers enabled the use of wavelength division multiplexers to multiplex
many wavelengths in the same optical fibre. WDM can improve the capabilities
of the optical system.

Due to the complex challenges of increasing the rate of information transfer and
efficiency, we need cost-effective techniques. One solution is to lay out more fibre;
however, laying new fibre will not necessarily enable the optimum utilization of the
bandwidth. Another solution could be the use of time division multiplexing (TDM),
which increases the capacity of a fibre by slicing time into smaller intervals so that
more bits (data) can be transmitted per second. This could be a reasonable solution,
but it is not efficient. A better solution is to use wavelength division multiplexing,
WDM, which increases the capacity of embedded fibre by first assigning incoming
optical signals to specific wavelength (λ) within a selected wavelength band and
then multiplexing the resulting signals out onto one fibre. WDM combines multiple
optical signals so that they can be amplified as a group and transported over a single
fibre in order to increase capacity and efficiency.

In order to show how WDM is superior to TDM, consider a highway analogy
where one fibre can be thought of as a multilane highway. Traditional TDM sys-
tems use a single lane of this highway and increase capacity by moving faster on
this single lane. In optical networking, utilizing WDM is analogous to accessing
the unused lanes on the highway (increasing the number of wavelengths on the
embedded fibre base) in order to gain access to the huge capacity in the fibre.
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Figure 2.22 A typical waveform division multiplexing, WDM, system.

Moreover, in optical networking this superhighway is blind to the type of traffic
that travels on it. Therefore, all types of traffic streams such as ATM, SONET, and
IP can be carried efficiently using WDM [3, 4, 7, 9, 12, 49, 50].

In WDM, discrete waveforms form an orthogonal set of carriers that can be
separated, routed and switched without interfering with each other. Of course, this
holds as long as optical intensity is kept sufficiently low to prevent non-linearity
such as Brillourin scattering and four-wave mixing process. Many light beams of
different wavelengths can travel along a single fibre carrying different modulated
data. Due to the fact that frequency and wavelength are inversely related since
c = λ f where c is the speed of light, f is the frequency and λ is the wavelength,
then we can say that WDM is a form of frequency division multiplexing, FDM.
Figure 2.22 shows a typical WDM system.

WDM has the potential to exploit the huge opto-electronic bandwidth mismatch
by requiring that each end-user’s equipment operate only at electronic rate. Mul-
tiple WDM channels from different end-users can be multiplexed on the same
fibre. By allowing multiple WDM channels to coexist on a single fibre, one can
efficiently utilize the huge fibre bandwidth, with the challenges of designing and
developing the appropriate network architectures, and control and management
protocols.

The main factors that affect the performance of a WDM system are: (a) fibre
chromatic dispersion; (b) nonuniform gain across the desired wavelength range in
Erbium-Doped Fibre Amplifiers, EDFAs; (c) scattering processes; (d) nonlinear
processes; and (e) reflections from splices and connectors.

WDM started with very wide wavelength spacing. Early systems carried two
wavelengths, 1310 and 1550 nm. The invention of the EDFAs has led to the
development of techniques to put wavelengths more closely together. Common
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spacing in traditional improved WDM are 1000, 400, 200, 100, and 50 GHz or 8,
3.2, 1.6, 0.8, and 0.4 nm in the 1550 nm band. In WDM terminology, when channels
are spaced at 200 GHz or less, they are often referred to as dense wavelength
division multiplexing, DWDM.

DWDM multiplexers and demultiplexers can handle closely spaced optical
wavelengths. These designs require narrow passbands, usually 0.4 nm wide, steep
roll-off to reject adjacent channels, and stable operation over increased tempera-
ture. Recently, multiplexers have gained versatility, moving beyond the wideband
wavelengths and into densely packed wavelengths that can be integrated into a
multiple high frequency [9, 15, 22–29, 39, 40]

DWDM systems send signals from several sources over a single fibre, therefore,
they must include some means to combine the incoming signals. This can be done
with a multiplexer, which takes optical wavelengths from multiple fibres and joins
them into one beam. At the receiving end, the system must be able to separate out
the components of the light so that they can be discreetly detected. This separation
function is performed by demultiplexers where the received beam is separated
into its wavelength components. The multiplexer also couples these wavelength
components to individual fibres. Demultiplexing must be done before the light
is detected, because photodetectors are inherently broadband devices that cannot
selectively detect a single wavelength. In a unidirectional system, a multiplexer
at the sending end and a demultiplexer at the receiving end are needed. Two
systems would be required at each end for bidirectional communication, and two
separate fibres would be needed. In a bidirectional system, there is a multiplexer/
demultiplexer at each end and communication is performed over a single fibre,
with different wavelengths used for each direction [9, 15, 22–29, 39, 40–53].

Multiplexers and demultiplexers can be either passive or active in design. Passive
designs are based on prisms, diffraction gratings, or filters. On the other hand, active
designs combine passive devices with tunable filters. The primary challenges in
the design of these devices are minimizing the cross-talk and maximizing channel
separation. Cross-talk is a measure that is used to measure how well the channels
are separated, while channel separation is used to measure the ability to distinguish
each wavelength.

A simple form of multiplexing or demultiplexing of light can be done using a
prism. A parallel beam of polychromatic light impinges on a prism surface; each
component wavelength is refracted differently. This is the “rainbow” effect. In the
output light, each wavelength is separated from the next by an angle. A lens then
focuses each wavelength to the point where it needs to enter a fibre. The same
components can be used in reverse to multiplex different wavelengths onto one
fibre. Figure 2.23 illustrates a prism refraction demultiplexing process.
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Figure 2.24 A waveguide grating diffraction process.

Another possible technique is based on the principles of diffraction and of optical
interference. When a polychromatic light source is applied on a diffraction grating,
each wavelength is diffracted at a different angle and therefore to a different point
in space. By using a lens, these wavelengths can be focused onto individual fibres;
see Figure 2.24.

Arrayed waveguide gratings (AWGs) are also based on diffraction principles. An
AWG device, sometimes called an optical waveguide router or waveguide grating
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router, consists of an array of curved-channel waveguides with a fixed difference
in the path length between adjacent channels. The waveguides are connected to
cavities at the input and output. When the light enters the input cavity, it is diffracted
and enters the waveguide array. The optical length difference of each waveguide
introduces phase delays in the output cavity, where an array of fibres is coupled. The
process results in different wavelengths having maximal interference at different
locations, which correspond to the output ports. Figure 2.25 shows an arrayed
waveguide grating.

There is also a third technique, which uses interference filters in devices, called
thin film filters or multilayer interference filters. By placing filters, consisting of
thin films, in the optical path, wavelengths can be demultiplexed. The property of
each filter is that it transmits one wavelength while reflecting others. By cascading
these devices, many wavelengths can be demultiplexed, see Figure 2.26.

Of these techniques, the AWG and thin film interference filters are the most
popular. Filters offer good stability and isolation between channels at reason-
able cost, but with a high insertion loss. The AWGs are polarization-dependent,
which can be compensated for, and they exhibit a flat spectral response and low
insertion loss. One potential disadvantage for AWGs is that they are tempera-
ture sensitive, which may limit their use for specific environments. Their chief
advantage is that they can be designed to perform multiplexing and demultiplex-
ing operations simultaneously. Moreover, the AWGs are better for large channel
counts, whereas the use of cascaded thin film filters is impractical [15, 24–27,
38–52].
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In a WDM system, there is an area in which multiple wavelengths exist between
multiplexing and demultiplexing points. It is often desirable to remove or insert
one or more wavelengths at some point along a length. This can be done using
an optical add/drop multiplexer (OADM). Instead of combining or separating all
wavelengths, the OADM can remove some while passing others on. They are
considered key enabling components toward achieving the all-optical networks
goal.

OADMs are similar in many respects to the SONET ADM, except that only
optical wavelengths are added and dropped, and no conversion of the signal from
optical to electrical takes place. Figure 2.27 shows a functional diagram of the
add-drop process. This example includes both pre- and post-amplification, which
may or may not be present in an OADM, depending upon its design [15, 29–31].

There are two general types of OADMs: (a) a fixed device that is physically
configured to drop specific predetermined wavelengths while adding others; and
(b) a second generation type that is reconfigurable and capable of dynamically se-
lecting which wavelengths to be added/dropped. Thin-film filters have emerged as
a preferred technology for OADMs in most current metropolitan DWDM systems.
This is due to their low cost and good stability. For the promising second genera-
tion of OADMs, other technologies, such as tunable fibre gratings and circulators,
are expected to be distinguished [15, 24–31, 38–53].
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2.3.9 APPLICATIONS OF DWDM

DWDM has a great potential to be used in many applications. It has already been
proven to be well suited for several vital applications such as long-reach high-
speed parallel interfacing. For example, certain computer applications require that
computer centres be interconnected with multiple high-speed channels that have
capacity and availability requirements, as well as interlink delay restrictions. If
we need to connect two mainframe computers over a long distance, and the high
rate of information being exchanged between the two computers requires multiple
parallel OC-N connections, then bits being transmitted at any instant in these lines
have a tight skew-delay requirement. In other words, they need to arrive at the far
end within a very short deterministic time, multiplexed to a higher SONET rate,
and then the randomness introduced by pointer processing in the SONET terminal
would introduce sufficiently high nondeterministic delay between channels. This
makes it impossible to meet this skew-delay constraint. However, if the OC-Ns are
wave division multiplexed onto the same fibre, the signals are guarded to traverse
the same physical path and, therefore, they have identical transit and processing
delays. Thus, the skew-delay requirement is met. DWDM optical transport benefits
all delay-sensitive applications such as real time voice and video that are also called
constant bit rate traffic (CBR).

ATM over DWDM has become popular recently due to the increasing demand on
bandwidth. Telecommunications service providers are faced with huge investments
in order to fulfil capacity demands. Moreover, the demand for Quality of Service
(QoS) has increased recently. There seems to be a general move towards providing
QoS, while still maintaining the same capacity. ATM over DWDM solves the
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bandwidth and QoS issues in a cost-effective manner. In DWDM networks, if
there is a carrier that operates both in ATM and SONET networks there is no need
for the ATM signal to be multiplexed up to the SONET rate. This is because the
optical layer can carry any type of signal without any additional multiplexing.
This results in the reduction of a lot of overlay network. While there are many
advantages in running ATM over DWDM, there are certain issues that should be
addressed. These are channel spacing and optical attenuation. Therefore, we need
good wavelength conditioning techniques to solve this problem. The techniques
used are the forward error correction and the pilot light schemes. By using the latter
technique network management systems are able to ensure connectivity, signal on
each channel and also identify faults [22–30, 39–52].

A good solution is to take IP directly over DWDM, which would bring about
scalability and cost-effectiveness. Currently, there exist commercial products that
actually implement IP over DWDM such as Monterey Networks (bought by Cisco
in August 1999) that has its own Monterey 20000 Series Wavelength Router. It
is claimed that by using their product, service providers can traffic-engineer and
rapidly scale up survivable mesh optical cores without using intermediate ATM
switches or increasing legacy SONET multiplexers and cross-connects. This means
that we are completely eliminating ATM and SONET layers from the networks.
The real assessment is whether it would be possible to create an end-to-end op-
tical Internet operating in the range between OC-3 and OC-48 and build systems
around an optical Internet infrastructure. With the development of erbium-doped
fibre amplifiers most systems that use IP over DWDM using SONET frames have
removed the SONET multiplexers. GTS Carrier Service launched a few years
ago the first high capacity transport platform in Europe that uses IP over DWDM
technology. Moreover, major carriers such as AT&T, Sprint, and others have all
started to realize the huge economic potential of IP over DWDM and there is no
longer any scepticism about the viability and reliability of this technology [24–30,
36–53].

2.3.10 WAVELENGTH ROUTERS

Any optical network consists of wavelength routers and end nodes that are con-
nected by links in pairs. The wavelength-routing switches or routing nodes are
interconnected by optical fibres. Despite the fact that each link can support many
signals, it is required that the signals be of distinct wavelengths.

Wavelength routers are found in the literature with various names such as opti-
cal switches, optical cross-connects, wavelength switches and wavelength cross-
connects. They typically inspect every packet so these packets can be forwarded
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in the correct direction. Coupling Internet protocol (IP) routers with wavelength-
selective optical cross-connects makes it possible to support existing Internet in-
frastructure in a wavelength division multiplexing (WDM) optical network. Since
optical wavelength routing is transparent to IP, it is possible to achieve a very high
throughput and low delay when packets are made to bypass the IP forwarding
process by being routed directly through the optical cross-connect. This scheme
is called packet over wavelength (POW ) [38–41].

WDM links have already been deployed and it is highly advantageous to use
these links to interconnect the routers that comprise the global Internet. The main
advantage of the POW architecture is to switch as much traffic as possible directly
by means of wavelength routers since IP forwarding is relatively expensive. POW
has some common features such as label switching. The latter is used when an
IP router includes a switching fabric that can be used to bypass IP forwarding.
Due to the fact that switching speeds are much greater than forwarding speeds,
one way is to place as large a fraction of packets as possible on the switched path,
leaving as small a fraction of packets as possible on the forwarded path. In order to
accomplish this, we need some good intelligence in the switch-router. The router
must have software that recognizes that a flow of packets can be passed through the
switching fabric. There is a need for a signalling protocol that assists in notifying
switches that the recognized flow should be carried over a switched path rather
than a routed path. Finally, a hop-by-hop sequence of switches carries the flow of
packets from one router to another [7, 13, 17, 19, 25, 26, 38, 39].

An optical network with scalability characteristics can be constructed by taking
several WDM links, and then connecting them with wavelength-selective switching
subsystems. The path of the signal through the network is individually determined
by the wavelength of the signal and the port through which it comes into the
network. There are two main types of wavelength switching: (a) one of which
dynamically switches signals from one path to the other by changing the WDM
routing in the network; and (b) the other type is basically wavelength conversion,
in which the information on a signal is transferred from an optical carrier at one
wavelength to another. In such cases, the same wavelength can be reused in some
other port of the network as long as both lightpaths do not use it on the same
fibre. Due to the fact that such a spatial reuse of wavelengths is supported by
wavelength routing networks, they are much more scalable. Another characteristic,
which enables these networks to cross long distances, is that the energy put in the
lightpath is not split to irrelevant destinations. The issue of routing and assigning
wavelengths to lightpaths in a network is a complex and necessary one. Intelligent
schemes are needed to ensure that this function is performed using a minimum
number of wavelengths.
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A router transmits signals on the same wavelength on which they are received.
An all-optical wavelength-routed network carries data across from one access
station to the other without any Optical/Electronic (O/E) conversions. The main
categories of Wavelength Switches are [14, 15, 37, 38]:

� Non-reconfigurable (or static) switches. In these types of switches, each input
port and each wavelength transmit onto a fixed set of output ports at the same
wavelength. These cannot be modified once the switch is built. Networks that
contain only such switches are called non-reconfigurable networks.

� Wavelength-independent reconfigurable switches. These types of switches have
an input-output pattern that can be changed dynamically. However, the input-
output pattern is independent of the wavelength of the signal.

� Wavelength-selective reconfigurable switches. These switches combine the fea-
tures of the first two categories.

The above three types of wavelength switches were also addressed in subsection
1.5.3 of Chapter 1; refer to Figures 1.17, 1.18 and 1.19 respectively. (Additionally,
a diagram of an example wavelength switch of the third type is provided later
in subsection 2.3.12 on wavelength converters.) Another classification of opti-
cal switches considers the following two types: optical-electrical-optical (O-E-O)
switches and the all-optical switches.

The all-optical switches are made possible due to the progress in a number of
technologies. Such technologies allow managing and switching photonic signals
without the need to convert them to electronic signals. Indeed, only a couple of
technologies are ready to make the move from laboratory environment to the real
network environment. The primary technology for developing an economically
viable, scalable all-optical switch is 3D MEMs (Micro Electro Mechanical Sys-
tems). MEMs technology currently provides the best opportunity of providing an
all-optical switch matrix, which can scale to the size needed to support a global
communication network’s node with multiple fibres, each carrying hundreds of
wavelengths.

An optical switch adds manageability to a dense wave division multiplexing
(DWDM) node that could potentially grow to hundreds of channels. It has the
potential of managing those light signals without the need to convert them to
electrical and then back to optical. Such switches are very appealing, especially to
those carriers that operate large offices where over 75% of the traffic is expected
to pass through the office on its way to locations around the world. The 3D MEM
devices use control mechanisms to tilt mirrors in 3 directions; hence the name 3D
MEM was given. This high level of control can direct light to a higher number
of ports with negligible impact on the insertion loss. This is considered the key
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to supporting thousands of ports with a single stage device. The 3D MEM-based
optical switches are expected to be produced in various sizes ranging from 256 ×
256 to 1000 × 1000 bi-directional port devices. Moreover, some early research and
development outcomes seem to indicate that 8000 × 8000 ports will be practical
within the near future.

The network management functions, which are considered an important part of
any network, are available today using optical switches that have an electronic-
based switching matrix. These intelligent optical switches address the need for
high bandwidth management while continuing the tradition of providing easy fault
location and performance monitoring information required for monitoring and
reporting on the status and reliability of the network. An intelligent optical switch
using an electronic fabric provides bandwidth grooming, which is not available in
an all-optical switch.

An intelligent optical-electrical-optical (OEO) switch can support a new class
of high bandwidth services. This is an incremental step in the operations and
maintenance of a new service class that is not troublesome to a carrier’s nor-
mal mode of operations. It addresses the need to manage a larger portion of
bandwidth. By utilizing an electronic-based fabric, the intelligent OEO switch
is able to overcome the network impairments that currently limit the use of an
all-optical switch in a dynamic mesh architecture. An OEO switch combines
the latest generation hardware with sophisticated software to better accommo-
date the data centric requirements of a dynamic optical network. The inherent
3-regeneration functions allow the intelligent optical switch to be deployed in dif-
ferent network environments. The intelligent optical switch therefore promotes
the use of mesh that is more bandwidth efficient and supports a flexible set of
bandwidth intensive services. The electronics used in an intelligent optical switch
also allow it to make use of the well-accepted evolution of the intelligent optical
switch including the support of evolving standards such as generalized multi-
protocol label switching (GMPLS). The latter is an emerging standard, which is
based on the well-accepted data oriented MPLS (multiprotocol label switching)
standard. MPLS is a standardized suite of commercially available data protocols
that handles routing in a data network [3, 9, 12, 13, 16, 18, 19, 22–24, 26, 27,
38–51].

2.3.11 COMBINERS/SPLITTERS

A combiner is defined as a passive device that combines optical power carried by
two input fibres into a single output fibre. On the other hand, a splitter is defined
as a passive device that splits the optical power carried by a single input fibre into
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two output fibres. Clearly, the function of a splitter is the reverse that of a combiner
[26, 38, 52].

Integrated optical polarization splitters are considered the fundamental elements
of the integrated acousto-optic circuits. Basically, they are either used to separate
or to recombine the polarization components TE and TM. In order to achieve a
wavelength independent operation, a passive directional coupler structure is used.
The operation principle of the polarization splitter is based on two-mode interfer-
ence: symmetric and asymmetric modes, which are guided for both polarizations.
The incoming wave stimulates these symmetric and asymmetric modes with equal
power, which then propagate at different speeds. The ratio of the power splitting
at the end of the structure is found by the relative accumulated phase difference
of these modes. In order to construct a polarization splitter, the structure has to
be dimensioned such that the phase difference results in either a coupling to the
cross-state output for TE and bar-state output to TM or vice versa (see Figure 2.28
and [3, 29, 37, 38]).

In order to design a directional coupler with almost ideal splitting performance,
the central section and the branching angle have to be optimized. One way is to
choose a central section with a width of twice the width of the incoming optical
waveguides. Optimization of the central section length, Lc, and the branching
angle, β, can be carried out.

2.3.12 WAVELENGTH CONVERTERS

The basic function of the wavelength converter is to convert an input wavelength to
possibly different output wavelengths within the operational bandwidth of DWDM
systems in order to improve their overall efficiency. Therefore, the reuse factor is
increased. Wavelength converters are one of the important building blocks of any
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DWDM system as they enable the reuse of wavelengths in the system. This process
is needed in order to increase the overall system bandwidth and for wavelength
routing.

There are four possible forms of waveform conversion: full conversion, limited
conversion, fixed conversion and sparse wavelength conversion. In the full conver-
sion type, any wavelength shifting is possible and therefore channels can be con-
verted regardless of their wavelengths. In the limited conversion type, wavelength
shifting is restricted so that not all combinations of channels may be connected.
In the fixed conversion type, restricted form of limited conversion that each node
has, each channel may be connected to exactly one predetermined channel on all
other links. Finally, in the sparse wavelength conversion, networks are comprised
of a mix of nodes having full and no wavelength conversion.

An ideal converter has the following characteristics [15–22]:

� transparent to bit rates and signal formats;
� ability to convert to both short and longer wavelength;
� has fast set-up time;
� has low chirp output and high signal-to-ratio ratio;
� simple to implement;
� polarization insensitivity;
� straightforward implementation.

As multiwavelength fibre optic systems proliferate, interest is growing in con-
verting signals from one wavelength to another. The simplest method to convert
wavelengths today is opto-electronically where the input signal is converted to
electronic form, and then is used to modulate a transmitter operating at the desired
wavelength. This process is common these days wherever wavelengths must be
converted, but like electro-optical repeaters, it is cumbersome and inefficient. In
order to convert the wavelength, we need a complete receiver-transmitter set. It
would seem better to convert wavelengths by purely optical means, but that is dif-
ficult in practice. However, this is changing as we start to see new developments in
this area. New schemes for wavelength conversion in the optical domain have been
developed recently. One approach is to use a process like four-wave mixing. In this
case, we combine the input signal with light at another wavelength to generate a
different wavelength. A second approach is to use light at one wavelength to control
a semiconductor laser operating at another wavelength. The input light changes the
population of current carriers in the laser, modulating its output. Although simple
in concept, it turns out to be difficult in practice. A third scheme is to build an op-
tically controlled gate, which is essentially a modulator controlled by the input of
light rather than by a voltage signal. It directly modulates a laser output or controls
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Figure 2.29 Illustration of the use of converters.

an external modulator that modulates another laser. Developers have demonstrated
several variations on this approach, some of them quite complex. Among these
are the schemes that are based on non-linear wave mixing effects (e.g., four-wave
mixing (FWM) and difference frequency generation (DFG) [15–19, 29].

In Figure 2.29, let us assume that there exists a path of wavelength λ1 between
nodes 1 and 2, a path of λ2 between nodes 2 and 3 and a path of λ1 between
nodes 3 and 4. It is not possible to establish a light path from node 1 to node 4
for wavelength λ2 since the wavelength has already been used between nodes 2
and 3. One solution to this is to use wavelength converters at nodes 2 and 3 to
convert the wavelength to λ1, which is an unused wavelength in this part of the
network. Functionally, such a network is similar to a circuit switched network.
Figure 2.29 shows an illustration of a switch that contains dedicated wavelength
converters, while Figure 2.30 depicts an illustration of a switch that has a dedicated
wavelength converter.

2.4 SUMMARY

This chapter presents the main enabling technologies for multiwavelength optical
local area networks (LANs). The chapter sheds some light on components used to
implement such a multiwavelength optical LAN system. Among the components
that are covered are: light-emitting diodes, photodiodes, optical filters, directional
couplers, passive star couplers, WDM multiplexers/demultiplexers, wavelength
routers, combiners/splitters, wavelength converters, and DWDM.

The capacity of fibre is assumed to be limited by the restrictions and short-
comings of optical transceivers, amplifiers and cross-connects. Such limitations
affect the maximum available spectrum, wavelength/waveband spacing, and max-
imum bit rate per channel. Trade-offs between optical and electronic methods of
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Figure 2.30 An illustration of a switch that has a dedicated wavelength converter.

implementing connectivity and routing are proposed in the literature. We reviewed
some of these approaches as they apply to individual components. The goal is to
reach an optimum design that provides a reasonable cost-performance ratio. After
about a decade of intensive research and development, photonic and optoelectronic
technology is now undergoing amazing achievements. We present in this chapter
the essential features and characteristics of the main building blocks for the im-
plementation of multiwavelength optical LANs. The goal is to communicate an
understanding of the fundamental functions of these components together with
some notion about their performance and structures. Of course, it is not easy to
give in one chapter all the details, but we believe we have presented a reasonable
coverage of the state-of-the art of current photonic and optoelectronic technology
as it applies to multiwavelength optical LANs [1–53].
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Medium Access Control
Protocols

The common strategy implemented in the network and adopted by all nodes in order
to communicate with each other comprises the so-called media-access control
(MAC) protocol. In a WDM broadcast-and-select network the above mentioned
‘media’ are in fact the various optical wavelengths (channels) available to the
network nodes for communication. Media-access control protocols are simply
methods or ways of accessing the available media and correspond to the Data
Link Layer of the OSI model; more precisely, they are protocols of the MAC layer
(sublayer of the Data Link Layer).

Since the time when WDM broadcast-and-select networks were introduced,
the subject of how nodes should access the various channels has received a great
deal of attention resulting in a vast amount of literature proposing and studying
MAC protocols. Most protocols, almost right from the start, assume tunability
on at least one side at each station (transmitters or receivers) and, in most cases,
they also consider that the tunability range of these devices includes all available
channels, so that there is full connectivity between every node-pair in just one hop.
In other words, single-hop WDM broadcast-and-select systems are considered and
the same applies for the protocols examined throughout this chapter too.

Clearly, the main objective of a protocol is to provide the way (or set of rules)
according to which stations have to regulate and perform their broadcast-and-select

Multiwavelength Optical LANs, G.I. Papadimitriou, P.A. Tsimoulas, M.S. Obaidat and A.S. Pomportsis.
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operations. In simple terms a good protocol is essential to coordinate transmissions
between various stations in the network and also, when necessary, to determine
how a node should select among various transmissions destined to it at the same
time. Assuming tunability of transmitters, it is obvious that two or more nodes
might transmit on the same channel at the same time. When this happens we say
that a channel collision (or just a collision) occurs, resulting in the corruption
of information and the need for retransmission; obviously, this would degrade
network performance. Moreover, in the case of a single tunable receiver per node,
when two or more stations transmit (on different wavelengths) messages destined
to the same station at the same time, we say that a receiver collision occurs. It may
be the case that before a node finishes receiving on a certain wavelength, another
message destined to it on another wavelength arrives. The latter message would
have to be ignored and transmitted by its source again later, unless some kind of
priority was defined in the framework of the MAC protocol, which determined that
the new incoming message is more important. If two or more messages arrived
at a destination simultaneously,1 a kind of a selection would have to be made,
e.g. selection of the wavelength with the smallest number, priority-based selection
or just random selection. A MAC protocol usually aims to prevent channel (and
possibly receiver) collisions from occurring and specify how selections should be
made when necessary.

Before proceeding to outline the basic features of certain interesting proto-
cols it would be helpful to discuss some fundamental parameters differentiating
protocols:

� Pre-transmission coordination or pre-allocation based. On the basis of this pa-
rameter, the most basic differentiation of MAC protocols is made. There are
protocols which require using (at least) one separate wavelength as a control
channel for coordination between nodes before actual transmission of data.
These protocols are generally called pre-transmission coordination-based pro-
tocols. When no control channel is used, the protocols are typically based on
some form of pre-allocation of wavelengths to transmitters or receivers; thus
we have the pre-allocation-based protocols. Accordingly, broadcast-and-select
systems employing pre-transmission coordination-based protocols are some-
times characterized as WPC (With Pre-transmission Coordination), while the
ones employing pre-allocation based schemes are termed WOPC (Without
Pre-transmission Coordination). As an exception to the above general def-
initions, however, note that a comparatively small set of pretransmission
coordination-based protocols do not entail any separate control channel, but
assume control packets are transmitted over the same channels used for data.
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� ‘Tell-and-go’ or reservation-based WPC protocols. When at least one separate
control channel is used (for pretransmission coordination), there are protocols
specifying that a node should first transmit a control packet on the control chan-
nel just to inform the potential destinations and then (immediately after that)
transmit the data. These protocols are said to have the tell-and-go feature and
their main advantage is the low access delays.2 On the other hand, there are
protocols according to which a node transmits the control packet and has to wait
for a round-trip delay from the star until it receives it back successfully. Then it
may be allowed to transmit or not. This results in higher network throughput, but
access delays get higher too. It should be noted that sometimes in the literature
the term ‘reservation protocols’ implies all pre-transmission coordination-based
protocols, even though the ones with the tell-and-go feature mentioned before
are not actually reservation-based in the strict sense. Among purely reservation-
based protocols, there are some schemes appropriate for circuit switched traffic
or traffic with long holding times. These might determine that a successful data
packet transmission on a channel actually reserves this channel for the corre-
sponding source node for a somewhat long period during which the node may
transmit a long message comprising many data packets.

� Number of data (and control if present) channels. Protocols may assume that the
overall number of channels is smaller than the number of nodes; or alternatively,
that the number of data channels equals the number of nodes. When pretransmis-
sion coordination exists, one could distinguish between using just one or more
control channels. In the former case and supposing that the number of nodes
is high, some amount of electronic bottleneck would probably be introduced as
each node would constantly have to process control information coming from
all nodes and being useless most of the time for an individual node. Processing
power can be saved if multiple control channels are used, but this comes at the
price of higher implementation costs.

� Scheduling transmissions. A significant part of the literature on pretransmission
coordination-based MAC protocols concerns schemes that involve scheduling
of packet transmissions and receptions in a way that (usually) both channel and
receiver collisions are avoided and the network throughput gets considerably
improved. To achieve this, they, first of all, abandon the tell-and-go feature, so
that all nodes have enough time to gather the necessary feedback (control infor-
mation) from the network before deciding the appropriate schedule each time.
Throughput performance improvement, however, is achieved at the cost of more
complexity, higher access delays and additional implementation cost, the exact
form of which depends on the specific scheduling scheme. If the scheduling
algorithm is distributed, which is quite a frequent case, all nodes of the network
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have to maintain some global information and update it every now and again,
according to information obtained by the shared control channel(s). A charac-
teristic form of global information is a traffic demand matrix D = [di j ], where
di j represents the number of data packets3 at node i that are destined for node j .
Other types of global status information include e.g. the tables receiver available
time (RAT ) and channel available time (CAT), with R AT [ j] = t meaning that
node j will be idle after t time slots and C AT [c] = t implying that channel
c will be available after t time slots [12]. All nodes run the same distributed
scheduling algorithm based on the same (global) data to decide how transmis-
sions and receptions should be made. In centralized scheduling schemes (e.g.
[29–31]) it is assumed that the hub is no longer passive, but except for the optical
passive star coupler it also includes a scheduler. Typically this scheduler accepts
requests for transmissions from nodes, schedules them and gives the necessary
directions back to nodes. The latter could possibly be done by means of two
control channels, one for accepting transmission requests and one for sending
back scheduling decisions (assignments). Scheduling algorithms will be further
discussed in the introduction to pretransmission coordination-based schemes
without receiver collisions, in Subsection 3.3.2.

� Synchronization. When nodes are synchronized according to a common clock
and data channels are time-slotted, the protocol is said to be synchronous (or
else, of course, asynchronous).

� Hardware equipment per node (node architecture). This relates to a discussion
in the introductory Chapter 1 about the number and types of transceivers per
node. Concerning the type, tunability is assumed on at least one side, either that
of transmitters or receivers.

� Active operations at the hub. Typically for broadcast-and-select networks the
case of a centralized passive hub (with just a passive star coupler) is considered.
However, several interesting protocols that have been developed recently assume
that the hub has some additional complexity and the responsibility to perform
certain active operations.

� Adaptation to network feedback. An interesting part of the above mentioned
protocols incorporating active operations at the hub are adaptive in that their
operation is based on network feedback information. Protocols entailing network
architectures which assume the hub remains passive could be adaptive too. In
both cases, by adapting their operation according to the current state of the
network, these protocols typically achieve a higher performance than several
other schemes. Such protocols will be studied in Chapter 4.

� Tuning (or switching) latencies of transceivers. This parameter refers to the time
the tunable transmitter(s) (and/or receiver(s)) need for tuning to the appropriate
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channel each time, before actual transmission (reception). Tuning latencies may
be assumed to be negligible or non-negligible by the various protocols.

� Tuning range. Usually taken to be wide enough to ‘host’ all available channels
of the network, but this may not be the case in some schemes.

� Packet length. May be assumed to be fixed (and, for example, equal to one data
slot, if the protocol is synchronous) or of variable-length.

� Network throughput performance. The use of each protocol brings about a certain
level of network throughput performance, i.e. determines how efficiently the
available bandwidth is used.

� Policy regarding collisions. There are schemes eliminating both channel and re-
ceiver collisions, avoiding only one collision type or allowing both. The latter two
cases usually imply simpler schemes (at the cost of lower throughputs in general),
which additionally have to specify what has to be done in case a collision occurs.

In this chapter we are going to describe the main features of several noteworthy
MAC protocols, which are chosen from the enormous set of protocols that have
been proposed for WDM broadcast-and-select networks throughout the years. The
proposed schemes vary greatly, extending from some early (from about the late
1980s) proposals that basically involve straightforward extensions of older single
channel-oriented schemes to the multichannel WDM case, up to more complicated
recent protocols whose operation is based on fairly intricate scheduling algorithms.

The structure of this chapter is based on the classification of MAC protocols
depicted in Figure 3.1. The two major categories of protocols are the pre-allocation

MAC Protocols

Pre-Allocation
based

(§3.1, §3.2)

Pre-Transmission
Coordination based

(§3.3)

Fixed Assignment
or  Static Access

(§3.1)

Random Access
(§3.2)

With Receiver
Collisions
(§3.3.1)

Without Receiver
Collisions

(§3.3.2)

Figure 3.1 Classification of MAC protocols according to the structure of this chapter.



134 Medium Access Control Protocols

based and the pre-transmission coordination based, as was already mentioned. The
former category is examined in Sections 3.1 and 3.2, while the latter is discussed
in Section 3.3.

In pre-allocation schemes the available wavelengths are used only as data chan-
nels and no wavelength serves as a shared control channel for pre-transmission
coordination purposes. The wavelengths are pre-assigned to transmitters or re-
ceivers in a fixed manner, and each wavelength comprises the so-called home
channel of the node it is pre-allocated to. If we assume that N and W denote the
number of network nodes and wavelengths respectively, two quite common home
channel allocation schemes are the following [37]:

� interleaved allocation: λi = i MOD W ;
� neighbour allocation: λi =

⌊
i

�N/W�
⌋

.

In the above home channel allocation schemes, node i is assigned channel λi as
its home channel, where 0 ≤ i ≤ N − 1 and 0 ≤ λi ≤ W − 1. Thus, assuming for
example TT-FR node architecture, it is obvious that a source node can determine
the home channel of a destination node through the destination node number (i),
the number of nodes (N ) and the number of wavelengths (W ).

Since we consider single-hop systems, each node must be capable of commu-
nicating with any other node of the network in just one hop. Thus, assuming the
number of nodes N is not too small to make a solution of N fixed-tuned transmitters
(or receivers) per node practical, it follows that either each node’s transmitter(s) or
receiver(s) are required to have tuning capabilities over all wavelengths in the sys-
tem. More specifically, it suffices that each node has either one tunable transmitter
or one tunable receiver, as long as it can tune over the whole range of wavelengths;
this assumption is a commonplace in many MAC protocols. An alternative would
be to equip each node with a small number of tunable transmitters (or equally
receivers) each one with limited tuning capability, which, however, can cover all
wavelengths in collaboration, so that single-hop communication is always possible
in the system. Using one tunable transmitter with limited tuning capability and a
small number of fixed-tuned receivers per node would be another solution (e.g. in
[15]). However, the simplest configuration remains either an FT-TR or a TT-FR
system, where the tunable device can tune over the entire spectrum range.

In the first approach, i.e. FT-TR, receivers are required to tune to the appropri-
ate home channel of a node transmitting to them (channels are pre-allocated to
transmitters). The problem here is how nodes should be notified of an oncoming
packet transmission destined to them so as to tune their receivers appropriately.
Obviously, some kind of coordination should exist, which is quite difficult in the
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absence of a control channel. One rather simplistic scheme in [14] determines that
each source node continuously transmits on its home channel, while the transmit-
ted data is collected by some idle receiver. Another pre-allocation based FT-TR
approach would require that each receiver tunes to all wavelengths in a round-
robin fashion, so that within a tuning period it always tunes to each channel for
some time.4 It can be noticed that no sophisticated coordination can exist, which
makes the second approach, i.e. TT-FR systems, rather more attractive when pre-
allocation schemes are implemented. In such systems channels are pre-assigned
to the receivers of nodes and each receiver is fixed-tuned to a home channel. In
this way, the decision of where to transmit (choice of a destination) made by a
source node actually entails the tuning decision of its tunable device (transmitter
in this case) to the home channel of the destination, which is known in advance;
thus, no coordination, as in the case of FT-TR, is required here. Besides being
simpler and inherently eliminating the coordination problem that exists in the
presence of tunable receivers, TT-FR systems also have the advantage of cost-
ing less in most cases, since tunable transmitters (TTs) are usually cheaper than
tunable receivers (TRs). For this reason, we shall mostly have to deal with pre-
allocation protocols that assume tunable transmitters and fixed-tuned receivers in
this chapter.

The category of pre-allocation based protocols can be further divided into
fixed-assignment (or static access) protocols and random access protocols, which
will be examined in Sections 3.1 and 3.2 respectively (see Figure 3.1). Fixed-
assignment schemes predetermine the exact time instants the nodes are allowed
to access the shared channels. Hence, they are also called static access protocols.
Channel collisions are avoided, since the prearrangement is done in a way that
prevents two or more stations from transmitting on the same channel at the same
time. This reminds us of time-division multiplexing presented in the first chapter
(Section 1.2). On the other hand, random access protocols allow nodes to access
the shared channels in a random way. This typically leads to collisions, whose
frequency depends on the offered traffic each time. Note that in both cases of
pre-allocation based protocols, if the number of wavelengths equals the number
of nodes in the system, optical self-routing [4] is achieved, that is to say each
node has its own home channel. If the wavelengths are less than the nodes, the
same home channel may be shared by two or more nodes, which implies partial
self-routing. Note also that in both Sections 3.1 and 3.2 we mainly concentrate on
protocols for non-experimental WDM optical LANs of the star topology. How-
ever, we also make brief reference to a couple of MAC protocols designed for the
folded bus topology (see Figure 1.29) or have been used in experimental systems
in practice.
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The other major category of MAC protocols includes pre-transmission coordi-
nation-based schemes and it is studied in Section 3.3 (see Figure 3.1). When
we presented the fundamental parameters of the various MAC protocols in the
beginning of this chapter, we saw that there are pre-transmission coordination-
based protocols that have the ‘tell-and-go’ feature and others that are reservation-
based. However, as we have noted before, it is quite customary in the literature
(e.g. [4], [37]) to use the term ‘reservation protocols’ for all pre-transmission
coordination-based schemes. These schemes differ from pre-allocation ones in
that they designate at least one wavelength (which is the most frequent case, but
may be two or more) to be used as a control channel that coordinates access to
the remaining data channels. Thus, it is often the case that nodes are additionally
equipped with a transmitter and a receiver, both fixed-tuned on the control channel.
As far as data channels are concerned, nodes may use tunable devices on both sides
or at least on one side (transmitting or receiving); the necessary coordination in
case tunable receivers are used for data is naturally provided here by making use
of the control channel(s).

A control packet typically contains the destination node and the desired data
channel for transmission. In ‘tell-and-go’ schemes, a control packet notifies all
other nodes, which monitor the common control channel, about the data packet
transmission that will follow immediately. On the other hand, in purely reservation
protocols it attempts to reserve access on the desired data channel. In the special
case of scheduling protocols, the control information is normally used to form the
necessary status information-input to the scheduling algorithm, which may also be
viewed as reservation for access. As we can note, in pre-transmission coordination
schemes, unlike pre-allocation ones, data transfer actually consists of two phases:
a reservation (or just notification in ‘tell-and-go’ protocols) and a data transmission
phase. Channel collisions may be allowed to occur in both phases (equivalently
both in control and data channels), only in one or in none of them, depending
on the protocols used. Note that the required MAC protocols for the control and
data channels are typically different; sometimes the symbolism X/Y is used to
denote that protocol X is used for the control channel and protocol Y for the data
channels. However in most cases, e.g. in scheduling schemes, the data channel
protocol is more complex and therefore will mostly draw our attention. As far as
receiver collisions are concerned (if we assume tunable receivers at nodes for data
reception), there are pre-transmission protocols that allow receiver collisions and
others that eliminate them. As Figure 3.1 shows, we shall deal with the former
type in Subsection 3.3.1 and with the latter in Subsection 3.3.2.

Comparing the two major protocol categories, we see that pre-allocation-based
protocols are generally much simpler in operation and more easily implemented.
Moreover, they do not have to waste any wavelengths for control purposes and they
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can operate efficiently with simple node configurations, e.g. with nodes having only
one tunable transmitter and one fixed-tuned receiver (TT-FR). Note that the latter
has been the main objective for the development of such protocols in order to
reduce implementation costs. Pre-transmission-based schemes, on the other hand,
are often capable of utilizing the available bandwidth more efficiently, i.e. lead the
network to higher performance levels. They are also the preferred choice when a
large and time-varying number of network nodes is considered, since they offer
more flexibility than pre-allocation schemes. Thus, a vast number of researchers
have been focusing on pre-transmission coordination-based MAC protocols
throughout the years, making the relative literature really huge. But before proceed-
ing to study noteworthy samples from this literature (Section 3.3), in the next two
sections we (respectively) explore some interesting fixed assignment (static access,
Section 3.1) and random access (Section 3.2) pre-allocation based protocols.

3.1 FIXED-ASSIGNMENT PROTOCOLS

In this section some of the most typical fixed-assignment protocols will be pre-
sented. We begin with I-TDMA.

3.1.1 I-TDMA

The most characteristic example of a fixed-assignment MAC protocol is I-TDMA
[4, 37] i.e. Time Division Multiple Access protocol, where ‘I’ stands for interleaved
home channel allocation, which was described before. The network model consid-
ered is a WDM Broadcast-and-Select optical network of the star topology with N
nodes and W wavelengths. Each node has one tunable transmitter capable of tuning
rapidly (i.e. tuning time assumed zero) over the whole range of the W wavelengths
and one receiver fixed tuned to its home channel; that is to say, the assumed node
architecture is TT-FR. Packets are taken to be of fixed-size and time is slotted so
that packet transmission lasts exactly one slot and is synchronized to begin at the
start of each time slot.

I-TDMA is actually an extension of the well-known Time Division Multiplexing
technique (proposed for a single channel) over a multichannel WDM environment.
Thus, time is divided into cycles and each node of the network is pre-assigned
exactly one slot per cycle to transmit on every channel. Each source node is assumed
to have a single queue for buffering the arriving packets and transmitting the packet
at the top of the queue (after the necessary tuning to the destination’s home channel)
when it is assigned to do so by the protocol. If the number of nodes is equal to the
number of wavelengths (N = W ), cycle length is considered to be N − 1 slots and
it follows that each node is essentially pre-assigned one slot per cycle to transmit
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Table 3.1 Sources/destinations allocation map for I-TDMA and I-TDMA∗ for
an example network with N = W = 5 and zero switching latency (α = 0).

Sources Destinations

0 1 2 3 4 1 2 . . .
1 2 3 4 0 2 3 . . .
2 3 4 0 1 3 4 . . .
3 4 0 1 2 4 0 . . .
4 0 1 2 3 0 1 . . .

Time slots: 1 2 3 4 1 2 . . .
Cycles: ← 1st cycle → ← 2nd cycle →

to every possible destination (except for itself). Moreover, as we explained before,
self-routing is achieved for N = W . An example sources/destinations allocation
map for a network with five nodes and five wavelengths applying the I-TDMA
protocol5 is illustrated in Table 3.1. In this example it is assumed that the switching
latency α is zero. As we can see, the cycle length is equal to four slots.

On the other hand, in the more general case where there are more nodes than
wavelengths in the network (N > W ), home channels should be shared by some
destinations and the cycle length is N slots. Each node has exactly one chance per
cycle to transmit on each possible home channel, while it is idle for N − W slots;
partial self-routing applies in this case. As an example, let us consider a network
with seven nodes and five available wavelengths. The channels/sources allocation
map for this network is depicted in Table 3.2(a), where it is obvious that the cycle
length is equal to seven time slots. From the sources/channels allocation map shown
in Table 3.2(b), it becomes clear that each node is assigned to transmit on W = 5
slots and remains idle for exactly N − W = 2 slots per cycle, in accordance to
what we said before. The same assumption about zero switching latency applies
here as well.

The performance of I-TDMA is generally high under heavy traffic conditions,
while it gets significantly worse in the opposite case; when there are not many new
generated packets for transmission and the number of nodes, which determines
the cycle length, is quite large, one source node that is ready may have to wait for
quite a long time before its turn to transmit comes. In other words, access delays
become considerably high under low load conditions. This explains why I-TDMA
performs poorly in this case.

Moreover, there is another factor contributing to the performance degradation
of I-TDMA protocol, which relates to the assumption of one queue (only) per
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Table 3.2 I-TDMA and I-TDMA∗ for an example network with N = 7, W = 5 and zero
switching latency (α = 0). (a) Channels/sources allocation map. (b) Sources/channels

allocation map.

Channels Sources

0 0 1 2 3 4 5 6 0 1 . . .
1 1 2 3 4 5 6 0 1 2 . . .
2 2 3 4 5 6 0 1 2 3 . . .
3 3 4 5 6 0 1 2 3 4 . . .
4 4 5 6 0 1 2 3 4 5 . . .

Time slots: 1 2 3 4 5 6 7 1 2 . . .
Cycles: ← 1st cycle → ← 2nd cycle →

(a)

Sources Channels

0 0 X X 4 3 2 1 0 X . . .
1 1 0 X X 4 3 2 1 0 . . .
2 2 1 0 X X 4 3 2 1 . . .
3 3 2 1 0 X X 4 3 2 . . .
4 4 3 2 1 0 X X 4 3 . . .
5 X 4 3 2 1 0 X X 4 . . .
6 X X 4 3 2 1 0 X X . . .

Time slots: 1 2 3 4 5 6 7 1 2 . . .
Cycles: ← 1st cycle → ← 2nd cycle →

(b)

transmitter. More specifically, using just one queue per transmitter for buffering
all generated packets independently of destinations, causes severe head-of-line
effects as explained in [24]. This further decreases network performance quite
considerably and has led to the development of an extension of I-TDMA proto-
col described next. More details about I-TDMA protocol along with a detailed
performance analysis can be found for example in [37].

3.1.2 I-TDMA∗

In an effort to eliminate the head-of-line effects of I-TDMA, [4, 36] proposed an
extension of it, denoted as I-TDMA∗, which assumes that the number of queues
of each transmitter is equal to the number of channels W . In fact, each queue
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corresponds to a different channel and buffers only the arriving packets that are
about to be transmitted on this channel.

The protocol remains channel collision-free on account of the allocation policy
of channels to source nodes used. In fact, allocation of channels to sources is
similar to I-TDMA when zero switching latency (α = 0) is considered. Thus,
the example allocations presented before for both networks, the one with equal
number of nodes and wavelengths (five) and the other with more nodes (seven) than
wavelengths (five), apply in this case too. These are shown in Tables 3.1 and 3.2
respectively.

The performance of I-TDMA∗ protocol is shown in [36] to be quite notably
improved as compared to that of I-TDMA, due to the addition of more queues
per transmitter. The highest performance levels are reached here under high traffic
conditions (again) and when zero switching latency is assumed. It is worth noting
that performance tends to degrade as switching latency (α) tends to increase. The
impact of switching latency on the performance of this protocol is studied in [36].
Here, we shall briefly describe how the allocation policies of channels to sources
are proposed to be modified when switching latency is non-negligible, which is
quite a realistic assumption.

In fact, there are three variations of I-TDMA∗, which are proposed for different
values of (actually relations between) switching latency α, number of nodes N and
number of wavelengths W [36]. Before describing them briefly, let us denote by T
the time slots that are required for a node to complete a packet transmission on a
certain channel. Thus, generally we have T = α + 1, since α time slots are needed
for tuning the transmitter to the channel and one slot for actual packet transmission.6

The first variation of I-TDMA∗ is called Scheme 0 in [36] and is also denoted by
I-TDMA∗

0. This is applied when WT ≤ N . As in the case of negligible switching
latency, the length of each cycle is equal to N time slots for W < N and N − 1 slots
for W = N , if we assume a source node transmits to all nodes except for itself. The
scheme tries to overlap switching latency with cycle synchronization. According
to the allocation scheme of this protocol, source node i (nodes are numbered 0, 1,
2, . . . , N − 1) is initially assigned to transmit on channel 0 (channels are numbered
0, 1, 2, . . . , W − 1) at time slot (i+1) MOD N . After that channel 1 is assigned
to this node T time slots later, so that it has just enough time (equal to α slots) to
tune on this channel and transmit immediately, since T = α + 1, and so on, each
subsequent channel up to channel W − 1 is allocated to node i after T time slots.
This allocation scheme determines also that node i will have to remain idle for
N − W T slots before it is assigned again to transmit on channel 0.

The allocation procedure becomes clearer if we consider an example network
with nine nodes (N = 9), four wavelengths (W = 4) and switching latency equal
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Table 3.3 I-TDMA∗
0 for an example network with N = 9, W = 4 and switching latency

α = 1 (thus T = 2). Obviously the case W < N and W T ≤ N is considered. (a)
Channels/sources allocation map. (b) Sources/channels allocation map.

Channels Sources

0 0 1 2 3 4 5 6 7 8 0 1 . . .
1 7 8 0 1 2 3 4 5 6 7 8 . . .
2 5 6 7 8 0 1 2 3 4 5 6 . . .
3 3 4 5 6 7 8 0 1 2 3 4 . . .

Time slots: 1 2 3 4 5 6 7 8 9 1 2 . . .
Cycles: ← 1st cycle → ← 2nd cycle →

(a)

Sources Channels

0 0 X 1 X 2 X 3 X X 0 X . . .
1 X 0 X 1 X 2 X 3 X X 0 . . .
2 X X 0 X 1 X 2 X 3 X X . . .
3 3 X X 0 X 1 X 2 X 3 X . . .
4 X 3 X X 0 X 1 X 2 X 3 . . .
5 2 X 3 X X 0 X 1 X 2 X . . .
6 X 2 X 3 X X 0 X 1 X 2 . . .
7 1 X 2 X 3 X X 0 X 1 X . . .
8 X 1 X 2 X 3 X X 0 X 1 . . .

Time slots: 1 2 3 4 5 6 7 8 9 1 2 . . .
Cycles: ← 1st cycle → ← 2nd cycle →

(b)

to one slot (α = 1). Notice that since T = α + 1 = 2, we are indeed in the case
WT ≤ N and also we have W < N , that is to say the cycle length has to be
equal to nine slots according to the discussion above. The channels/sources and
sources/channels allocation maps for this network applying the I-TDMA∗

0 protocol
are shown in Table 3.3(a) and Table 3.3(b) respectively. If we consider for example
source node 0, the protocol’s allocation policy determines it is assigned to transmit
on channel 0 at time slot 1, on channel 1 at time slot T + 1 = 3, on channel 2 at slot
2T + 1 = 5 and on channel 3 at slot 3T + 1 = 7. Thus, it always has just enough
time to tune to the appropriate channel before transmitting its packets. Also before
channel 0 is allocated again to it, it stays idle for N − W T = 9 − 4 · 2 = 1 slot, as
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Table 3.4 Channels/sources allocation map of I-TDMA∗
1 for an example network with

N = 9, W = 4 and switching latency α = 2 (implying T = 3). Thus, case W < N and
W T > N is considered.

Channels Sources

0 0 1 2 3 4 5 6 7 8 X X X 0 1 . . .
1 X X X 0 1 2 3 4 5 6 7 8 X X . . .
2 6 7 8 X X X 0 1 2 3 4 5 6 7 . . .
3 3 4 5 6 7 8 X X X 0 1 2 3 4 . . .

Time slots: 1 2 3 4 5 6 7 8 9 10 11 12 1 2 . . .
Cycles: ← 1st cycle → ← 2nd cycle →

is obvious from the tables (that is to say it is allocated again channel 0 after T + 1
slots and not just T ). The allocation of channels to the remaining source nodes is
done analogously. One idle slot for all source nodes is always present before the
(re-)allocation of channel 0 to them.

The two remaining variations of I-TDMA∗ are applied when W T > N . The
first one is called Scheme 1 in [36] and is also denoted by I-TDMA∗

1. This is
a straightforward extension of I-TDMA∗

0, which considers a longer cycle length
equal to WT time slots, maintaining the interleaving of I-TDMA∗

0. This is exactly
the time required for each source to tune and transmit on all channels7 available in
the system. For example in Table 3.4 we see the channels/sources allocation map
decided by I-TDMA∗

1 for a network with nine nodes (N = 9), four wavelengths
(W = 4) and switching latency equal to two time slots (α = 2, which implies
T = 3). According to the scheme, a cycle lasts exactly W T = 12 slots. It is quite
obvious that the scheme is an extension of the previous one, where, for example,
source 0 is given permission to transmit on channel 0 at time slot 1, on channel 1
at time slot 1 + T = 4 and so on for all channels and nodes.

The third variation of I-TDMA∗ is applied when W T > N as well. It is called
Scheme 2 in [36] and is also denoted by I-TDMA∗

2. This scheme aims at retaining a
shorter cycle length as compared to I-TDMA∗

1 so as to perform better under light
traffic conditions, since shorter cycle implies shorter access delays. On the other
hand, its disadvantage is that it has to abandon interleaving. The length of each cycle
is retained equal to N time slots as in the first variant. There is a fixed-assignment
of channels to sources as in the case of zero switching latency (see for example
Table 3.2(a) for the case N > W ). However, a source node may not be able to
transmit on a certain channel during a time slot in which it is allocated this channel,
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Table 3.5 Channels/sources allocation map for I-TDMA∗
2 applied by an example

network with N = 4, W = 3 and α = 1 (thus T = 2). Obviously, we have W T > N and
N > W .

Channels Sources

0 0 1 2 3 0 1 2 3 0 1 2 . . .
1 1 2 3 0 1 2 3 0 1 2 3 . . .
2 2 3 0 1 2 3 0 1 2 3 0 . . .

Time slots: 1 2 3 4 1 2 3 4 1 2 3 . . .
Cycles: ← 1st cycle → ← 2nd cycle → ← 3rd cycle →

even if it has a packet buffered in the corresponding queue; this is the case when it
does not have enough time to tune its transmitter to this channel, because switching
latency is non-negligible here. In this instance this slot should be left unused and
the source node must wait for a chance later. Generally, the important difference
of this scheme compared to the previous ones is that it is impossible for a source
node to transmit on all channels within just a cycle, even if it has packets in all of
its W queues. This is simply because it does not have enough time to tune to all
of them and transmit, since cycle length is N slots and W T > N .

Next we describe generally how the sources decide to tune to the channels and
then we present a simple example. Let us denote by c[i, j] the channel that is
allocated to node i at time slot j. Thus, c[i, j] = λ means that node i is assigned
to transmit on channel λ at time slot j , where 0 ≤ i ≤ N − 1, 1 ≤ j ≤ N and
0 ≤ λ ≤ W − 1. Also, c[i, j] = null quite obviously means that no channel is
allocated to node i at time slot j . Now assume that source node i does transmit
on c[i, j] at slot j . The protocol determines that after transmitting on channel
c[i, j], node i begins tuning its transmitter to channel c[i, 1 + ( j + α) MOD N ],
if c[i, 1 + ( j + α) MOD N ] �= null and if the node’s queue for this channel is not
empty. The time slots between slot j and slot 1 + ( j + α) MOD N are not used
(even if the node had some channel allocated to it) to allow enough time, i.e. at
least equal to α slots, for the node to tune its transmitter. Note that if either the
relevant queue was empty or c[i , 1 + ( j + α) MOD N ] = null, the node waits for
the next slot and checks again (apparently with j = j + 1).

The channels/sources allocation map for I-TDMA∗
2 when applied by an example

network with four nodes (N = 4), three channels (W = 3) and switching latency
equal to one time slot (α = 1 implying T = 2 slots) is shown in Table 3.5. We notice
that it the same as the case switching latency is taken to be negligible (zero) and
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N > W . Let us see for example, how source node 1 decides to tune its transmitter
according to the general scheme described in the previous paragraph. Initially we
have c[1, 1] = 1 and let us assume that node 1 transmits a packet on channel 1.
Since c[i, 1 + ( j + α) MOD N ] = c[1, 1 + (1 + 1) MOD 4]= c[1, 3] = null, it has
to wait for the next slot ( j = j + 1 = 2) to check again. Notice that even though
c[1, 2] = 0, node 1 does not have enough time to tune to channel 0 and cannot
transmit any packet that may be possibly waiting in its queue for channel 0; hence,
this slot has to be lost for node 1 this time. During time slot 2, node 1 checks and
sees that c[i, 1 + ( j + α) MOD N ] = c[1, 1 + (2 + 1) MOD 4] = c[1, 4] = 2.
Consequently, if it has at least one packet buffered for channel 2, it decides to start
tuning its transmitter to this channel; tuning will actually take place during slot 3
and the node will be ready to transmit at slot 4 as it should. If it had no packet for
this channel, it would just have to wait for the next slot to check again.

The scheme described so far could be unfair. Notice for example that if source
node 0 always had packets waiting for channel 0 and channel 2, it would never be
able to transmit on channel 1 even if it had packets for it as well (see Table 3.5).
This would be because it would always decide to tune and transmit successively
on these two channels (channel 0 and channel 2) and ignore channel 1. Generally
[36] suggests that if there is a positive integer x such that x(α + 1) = N , an extra
slot should be skipped when cycle boundaries are crossed, so that a situation where
the same set of channels is visited during each cycle is avoided and the protocol
remains fair. More details about I-TDMA∗ and the three variants, along with further
remarks regarding system throughput and a detailed performance analysis, may
be found in [36] and [4].

3.1.3 R-TDMA

R-TDMA (Random—Time Division Multiple Access) [15] is another noteworthy
variant of the general TDMA idea. This protocol quite realistically defines that
the tunable transmitter of each node has limited tuning capability and thus a node
can only transmit over a subset of the W available channels in the system. Con-
cerning the receiving part of a node’s optical component equipment, each node i
has ri fixed-tuned receivers, where generally ri �= r j for different nodes (i �= j).
Hence, the overall broadcast-and-select WDM star network can be characterized as
T T − F Rri (where ri is not fixed as explained above). The presence of (possibly)
more than one fixed-tuned receivers at a node, apparently allows it to receive
simultaneously on the respective wavelengths. Time is slotted across all channels
and synchronization is provided on the basis of packet transmission time, i.e. the
slot duration is equal to a packet transmission.
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The broadcast-and-select WDM system of the protocol is taken to be single-hop,
which is provided by the following assumptions:

1. Each channel is included in the transmitter’s tunability range of at least one
node in the system, i.e. there is at least one node that can transmit on it.

2. At least one node in the system has a receiver fixed-tuned to a channel, for all
channels, i.e. each channel can be received at least by one node.

3. For every possible pair of source-destination nodes, there is at least one chan-
nel on which they can communicate,8 i.e. the source can transmit on and the
destination can receive from. Let us call this a communication channel for this
source-destination pair.

Before the beginning of each time slot, every node runs the same distributed
algorithm which determines the nodes that will be scheduled for transmission
during the following slot. The same scheduling decisions are therefore made by all
stations and collisions are avoided as we will see. Before presenting the algorithm,
let us define the following:

� N : Number of nodes in the system.
� W : Number of available channels (wavelengths) in the system.
� C : Set of channels for which no node has been scheduled to transmit on yet.

Initially, when the algorithm starts running for an oncoming slot, the set contains
all channels i.e. C = {1, 2, . . . , W }.

� U j : Set of nodes, which are not scheduled for transmission yet (on any channel)
and are capable of transmitting on channel j . Initially, this set contains all nodes
of the system that have channel j in the tuning range of their transmitter.

The following algorithm determines the nodes that will transmit on each channel
[15]:

1. Initialize the sets Cand U j as described before.
2. Choose randomly one free channel k (without any node scheduled to transmit

on it yet), i.e. choose one k ∈ C .
3. Choose randomly one node i that is not scheduled to transmit on any channel

yet and is able to transmit on channel k, i.e. choose one i ∈ Uk .
4. Schedule node i to transmit on channel k.
5. Remove node i from all sets of unscheduled nodes: For j = 1 to W do U j =

U j − {i}.
6. Remove node k from the set of free channels: C = C − {k}.
7. If C �= Ø go to step 2.
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Notice that this algorithm is distributed; therefore, for an identical assignment
of channels to nodes by all stations running the algorithm, the same channels and
nodes should always be chosen in steps 2 and 3 respectively. This can be achieved,
according to [15], if the system’s nodes have the same random number generator
and the same seed. The algorithm ensures that each channel is assigned exactly
one transmitting node per slot and therefore at most W simultaneous transmissions
occur per slot. As is quite clear from the above algorithm, these transmissions
never collide, making R-TDMA a collision-free protocol, like all fixed-assignment
protocols described so far. When a node is scheduled to transmit on a certain
channel, it may choose from its buffer any of the packets that are destined for
nodes capable of receiving on this channel (have a receiver fixed-tuned on it).

The R-TDMA protocol’s performance is studied in [15] and compared to a
slotted Aloha protocol of the same network model presented later in Section 3.2.
Generally the protocol performs well under moderate to high traffic loads, which is
quite typical of fixed-assignment schemes. Its maximum performance is achieved
when the number of fixed-tuned receivers per node is equal to the available wave-
lengths, which, however, is not always feasible to implement. Thus, there is always
a trade-off between performance and number of fixed-tuned receivers used per
node.

Lastly, it should be pointed out that even though the assignment of channels to
nodes presupposes certain random choices9 (implying it is not fixed and repeated
identical over time), the assignment is still predetermined, since it is decided before
the beginning of each slot. Thus, the protocol cannot be characterized as random
access, which implies dynamic access of channels by nodes, and naturally falls
into the class of fixed-assignment or static access schemes.

3.1.4 TDMA AND VARIANTS BASED ON TT-TR NODE
ARCHITECTURES

The TDMA protocols described so far were based on the TT-FR node architecture,
which implied fixed (and repeated over time) allocation of home channels (each
pre-assigned to one or more destination nodes) to source nodes. The important
advantages of this architecture are simplicity and low implementation cost. How-
ever, some earlier schemes suggest using one tunable transmitter and one tunable
receiver per node i.e. are based on the TT-TR node architecture. The first one
described here is very similar to the previously presented protocols. Two variants
of it are also briefly presented. These variants are indeed fixed-assignment proto-
cols, but lose one key feature of the majority of these schemes as a trade-off of
shortening access delays; namely, they do not avoid channel or receiver collisions.
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Table 3.6 Channels/node-pairs allocation map for the TDMA
applied to an example network with N = 3 and W = 2. This is an

exemplar allocation map for this network.

Channels Node-pairs

0 (1,2) (1,3) (2,1) (1,2) . . .
1 (2,3) (3,1) (3,2) (2,3) . . .

Time slots: 1 2 3 1 . . .
Cycles: ← 1st cycle → ← 2nd cycle →

Hence, they could be more appropriately categorized as partial fixed-assignment
protocols as in [32].

In [10] the TDMA protocol is presented for networks whose nodes have one
tunable transmitter and one tunable receiver (TT-TR) capable of tuning over the
whole range of available wavelengths in negligible time. The actual difference
with the previous schemes is that here we have fixed allocation of channels to
node-pairs and not sources, since both transmitters and receivers are tunable.
When a node-pair denoted as (i , j) is assigned a certain channel at some time slot,
it follows that source node i has permission to transmit to node j on this channel
and during this specific time slot. This is better understood if we consider a simple
example of a network with three nodes (N = 3) and two wavelengths (W = 2)
[32]. A possible allocation map of channels to node-pairs for this network is shown
in Table 3.6. Of course, for communication between two nodes it is required that
both tune appropriately to the same channel, which is assumed to be done rapidly.
In [10] the allocation map is generalized for an arbitrary number of nodes and
channels.

The first variant of this scheme is the so-called Destination Allocation (DA)
protocol. According to this, during a time slot more that one node-pairs are given
permission to communicate per channel, with the limitation that they should deter-
mine the same node as destination; hence the name Destination Allocation. Note
that the same node is not included as a source in two or more different channels at
the same time slot. Thus, the total number of node-pairs that can communicate at
a time slot increases from W to N , which makes access delays shorter and is quite
beneficial for performance, especially under light traffic conditions. As a trade-off,
the eventuality of channel collisions is not avoided in this protocol, which is more
of a characteristic of random access schemes, as was discussed in the introduc-
tion of this chapter. Hence, DA protocol is classified as a partial fixed-assignment
protocol.
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Table 3.7 Channels/node-pairs allocation map for the Destination Allocation (DA)
protocol applied to an example network with N = 4 and W = 2. This is just one possible

allocation map for this network.

Channels Node-pairs

(1,2) (1,2)
0 (1,4) (1,3) (4,2) . . .

(3,2) (3,2) (1,4)
(2,3) (2,1) (3,4) (2,3) (2,1)

1 (4,1) . . .
(4,3) (3,1) (2,4) (4,3) (3,1)

Time slots: 1 2 3 4 1 2 . . .
Cycles: ← 1st cycle → ← 2nd cycle →

The allocation of channels to node-pairs determined by this scheme can be better
understood by an example. Let us consider a network with four nodes (N = 4) and
two channels (W = 2) applying the DA protocol. An exemplar allocation is shown
in Table 3.7. Notice, for example, that at time slot 1 four (N ) node-pairs are given
permission to communicate, which makes access delays for the corresponding
source nodes shorter, but introduces at the same time the possibility of channel
collisions. If, for instance, both source nodes 1 and 3 were ready to transmit on
channel 0 during slot 1, there would be a channel collision.

The second variant of TDMA is the so-called Source Allocation (SA) protocol,
which is essentially the opposite of DA. According to SA, during a time slot,
up to N − 1 node-pairs are allowed to communicate over the same channel. The
restriction for these pairs is that they should determine the same source node;
hence the name Source Allocation. Thus, the total number of node-pairs that may
be allowed to communicate during a single time slot rises to W · (N − 1). Channel
collisions cannot occur since only one source is allowed to transmit on a certain
channel each slot, but the eventuality of receiver collisions is introduced, because
more than one source nodes may choose to transmit to the same destination over
different channels simultaneously.

For example, let us consider the same network as above with four nodes (N = 4)
and two channels (W = 2), applying the SA protocol this time. One possible
allocation is shown in Table 3.8. Notice, for example, that at time slot 1 three
(N − 1) node-pairs are given permission to communicate over each of the two
available channels, all determining the same source and in total including all
possible destinations (except for the source itself). Thus, if for example at time
slot 2 both source nodes 3 and 4 were willing to transmit to destination node 1



Fixed-assignment protocols 149

Table 3.8 Channels/node-pairs allocation map for the Source
Allocation (SA) protocol applied to an example network with N = 4
and W = 2. This is just one possible allocation map for this network.

Channels Node-pairs

(1,2) (3,1) (1,2)
0 (1,3) (3,2) (1,3) . . .

(1,4) (3,4) (1,4)
(2,1) (4,1) (2,1)

1 (2,3) (4,2) (2,3) . . .
(2,4) (4,3) (2,4)

Time slots: 1 2 1 . . .
Cycles: ← 1st cycle → ← 2nd cycle →

over channels 0 and 1, respectively, there would be a receiver collision, since the
destination would not know where to tune; in the best case it could only accept
one transmission and ignore the other. Allowing receiver collisions is a significant
drawback that quite severely degrades the performance of this protocol. Note that
like in DA, other allocations would also be applicable.

As far as performance is concerned, the TDMA scheme is still performing
poorly under low traffic conditions, such as the interleaved home channel allocation
versions for TT-FR architectures. The two variants considered here, i.e. DA and
SA, are trying to cope with this deficiency, but introduce another, by allowing
either channel or receiver collisions to occur, respectively.

3.1.5 SPECIAL CASES OF FIXED-ASSIGNMENT PROTOCOLS

We consider schemes that are either proposed for another topology besides the
commonly assumed (by so many proposals) star or that have been applied in
practice for optical WDM network testbeds, as special cases of fixed-assignment
protocols.

In this part two fixed-assignment protocols for the folded unidirectional bus
topology are firstly described in brief. We have already referred to this topol-
ogy in Section 1.6 and presented it schematically in Figure 1.29. The first pro-
tocol is AMTRAC [9]. The title of the reference straightforwardly explains how
the name was formed. The network model of AMTRAC assumes each node is
equipped with one tunable transmitter and one receiver fixed-tuned to the home
channel of the node; that is to say, the system can be characterized as TT-FR,
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Table 3.9 Channels/sources allocation map for the
AMTRAC protocol applied to an example bus network with

N = 3 and W = 2. Cycle length is equal to four slots, as
expected (2(N − 1)).

Channels Sources

0 0 1 2 X 0 1 . . .
1 1 2 X 0 1 2 . . .

Time slots: 1 2 3 4 1 2 . . .
Cycles: ← 1st cycle → ← 2nd cycle →

but, of course, it differs from the systems described so far in the physical topol-
ogy. Transmitter tuning times are assumed to be negligible and the allocation of
home channels to nodes follows the interleaved allocation policy, as before. Let
us denote again by N and W the number of nodes and channels available in the
network, respectively. Time is slotted and synchronization across all channels is
provided on the basis of propagation delay � between adjacent nodes, i.e. the
length of each time slot is equal to �. The protocol is based on time-division
multi-channel access, that ensures each node is given permission to transmit ex-
actly once per cycle on each channel, quite like the TDMA schemes for star.
Thus, AMTRAC assumes fixed (and repeated over time) allocation of channels
to source nodes; however, cycle length here is taken to be quite long, equal to
2(N − 1) time slots. Moreover, there is another important difference from pre-
vious TDMA schemes. Since time is slotted on the basis of �, when a node is
assigned a time slot to transmit on a certain channel, it does not necessarily follow
that this channel will be free of uncompleted transmissions at this point. There-
fore, the protocol determines that each node willing to transmit on a channel has to
check whether this is free exactly one time slot before the actual slot pre-assigned
to it. If the channel happens to be free, the node proceeds on transmitting at its
pre-assigned slot (the next one) or otherwise it waits for a chance in the subsequent
cycle.

The allocation of channels to sources for an example bus network with three
nodes (N = 3) and two channels (W = 2) applying the AMTRAC protocol is
depicted in Table 3.9. Notice that for each channel one slot per cycle is not assigned
to any source node. Generally the number of wasted (not assigned) slots for each
channel per cycle is obviously equal to 2(N − 1) − N = N − 2, since N slots are
allocated to sources.
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The second protocol for the same bus topology is B-TDMA, which essentially is
an extension of AMTRAC. The same assumptions concerning the node architecture
(TT-FR) and tuning latencies of transmitters (negligible) hold in this scheme as
well. However, synchronization across all channels for B-TDMA is provided on
the basis of packet transmission time, i.e. one time slot is equal to the time required
for packet transmission. The length of each cycle is equal to N + 1 time slots if N
is an integral multiple of (1 + �) or N otherwise. Channels are allocated to source
nodes in the typical TDMA way.

Last of all, a scheme applied in practice in two optical LAN network testbeds,
which may also be considered as a special case of fixed-assignment protocols, is
described briefly. The testbeds applying the protocol in question are Rainbow I
[19] and its follow-up Rainbow II [17] developed by IBM. These networks con-
sider FT-TR node architectures, while they have 32 nodes and equal number of
channels. As was mentioned in the introduction, the FT-TR architecture intro-
duces some difficulties when pre-allocation protocols are considered. That is to
say, there is need for some coordination between sources and destinations that
would ensure the latter are notified about the channel they have to tune before
transmission begins, which happens to be quite tricky given the absence of a con-
trol channel. In order to provide a solution for this, these testbeds apply a protocol
determining that receivers have to perform a circular search among home channels
(pre-assigned to transmitters) in a round-robin fashion, looking for a possible con-
nection request by a transmitter. Note that nodes make full-duplex circuit switched
connections. According to the polling protocol used, a node sends a ‘connection-
request’ message for a predetermined time on its home channel, which somehow
determines the desired node it wants to connect to. It also tunes each receiver to the
home channel of the desired destination, so that it is able to receive a ‘connection-
accept’ message back from it. After waiting for the ‘connection-accept’ message
for a predetermined amount of time and assuming it receives this, it sends back a
‘connection-confirm’ message implying that the exchange of actual data may be-
gin. Quite obviously, the protocol results in considerably long connection set-up
times making it rather inappropriate for packet switched traffic. Notice that the
polling protocol used in Rainbow I and Rainbow II determines that receivers have
time-multiplexed access to the available channels in order to search for connection
requests, which in a way makes this approach complementary of having channels
pre-allocated for data packet reception with time-multiplexed access of transmit-
ters to each channel, as in I-TDMA [37]. That is why this protocol can be classified
as fixed-assignment. For additional details on these testbeds the reader may refer
to [17, 19].
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3.2 RANDOM ACCESS PROTOCOLS

As we saw in the introduction to this chapter, random access protocols generally do
not predetermine the way nodes access the available channels. In a slightly more
confining definition, they are schemes that allow each node to access a channel
at any time. Of course, schemes that allow stations access channels randomly
(with no predetermined order), but not exactly at any time, could be viewed as
random access too. Anyway these general observations will become clearer later.
The most characteristic example of a random access scheme for WDM optical
local area networks of the star topology is described first.

3.2.1 I-SA

I-SA [37] is a typical random access MAC protocol for broadcast-and-select net-
works. The initials stand for Slotted Aloha (SA) with Interleaved (I) home channel
allocation. It is essentially an extension of the original slotted Aloha (presented
along with pure Aloha as early as 1970 for a single-channel network [1]) over a
multi-channel environment. According to Aloha, each ready station transmits its
packet immediately, while slotted Aloha considers synchronization based on the
maximum size of a packet and determines that a ready node starts transmitting its
packet immediately at the start of the slot that follows packet generation.

I-SA extends this simple idea over a multi-wavelength environment. The nodes
of the network are assumed to be equipped with one tunable transmitter and one
receiver fixed-tuned to the appropriate home channel decided by the interleaved
allocation policy described before (TT-FR system). Based on this known allocation
policy, a source node tunes each transmitter to the home channel of the desired
destination and actually transmits the packet on this channel right in the next slot
after packet generation. Generated packets destined to any node are buffered in
a single queue and the top packet is chosen to be transmitted each time. Time is
slotted across all channels on data channel boundaries.

Note that in [13] this approach is named SA(4); an alternative considered in
this study assumes a packet transmission lasts L minislots and synchronization is
provided on the basis of these minislots; this implies that a ready station transmits
at the next minislot following packet generation. This alternative scheme is denoted
by SA(3) in [13] and shown to have poorer performance than SA(4). (That is why
we concentrate on SA(4) only.)

It is quite clear to see that if one channel is busy and some other node decides to
transmit on it as well or if two nodes start transmitting on the same channel simul-
taneously, a channel collision will occur. According to the protocol, packets have
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to be retransmitted in such an instance. The question is how transmitting stations
are informed about collision or success of a packet transmission. A straightforward
way to do this is to predetermine an amount of time a source node has to wait for
an acknowledgement sent back to it by the destination in the event of successful
reception. As we see in the next paragraph, in I-SA this timeout period is just in-
cluded on a single packet slot. Of course, if no such acknowledgement is received
within the predetermined period owing to a collided packet, the source node un-
derstands that its transmission was not successful. In this case, I-SA determines
that a source should retransmit the packet in the following slots with some back-
off probability denoted by pr , until it gets an acknowledgement back from the
destination.

Turning to the actual way of acknowledging transmitted packets, we already
mentioned that in I-SA the waiting time for acknowledgements is included in a
packet slot. Thus, a packet slot actually comprises a packet transmission subslot
and an acknowledgement subslot. The latter has to be long enough to include
packet header decoding, CRC verification, tuning to the source’s home channel
and transmitting the actual acknowledgement (which is really small in size) [35].
Therefore, each source node is aware of the result of its transmission by the end of
the packet slot, interpreting the absence of acknowledgement as collision and need
to retransmit. Note that when the number of nodes equals the number of channels,
acknowledgements never collide; otherwise, a time-multiplexing approach could
be used which, however, adds to the overall complexity of the protocol. This ac-
knowledgement scheme used by I-SA is called Extended Subslot Scheme (ESS)
[35]. Adoption of ESS by I-SA makes it really sensitive to propagation delay,
switching latency and protocol processing overhead. An alternative acknowledge-
ment scheme has also been proposed in [35], which is used by the next protocol.

As far as performance is concerned, it should be noted that a network applying
the I-SA protocol may suffer from a great number of collisions under heavy traffic
conditions. This comprises the weakness of slotted Aloha schemes and would
obviously degrade performance of I-SA severely. An analytic performance study
of I-SA along with comparisons to the performance of other protocols, like I-
TDMA and I-TDMA∗, are included e.g. in [4, 37].

3.2.2 I-SA∗

An improved version of I-SA, denoted as I-SA∗, has been proposed in [36]. The
improved version is not only denoted in the same way as I-TDMA∗, the improved
version of I-TDMA (i.e. using an asterisk), but it is also analogous in assuming W
separate queues per node—one per channel. The assumption of multiple queues
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per node copes with the head-of-line effects present in I-SA and contributes to the
overall performance improvement introduced by I-SA∗.

I-SA∗ also differs in the acknowledgement scheme it adopts; namely, it assumes
explicit acknowledgements [35]. This means that the acknowledgement subslot
(second part of the packet slot) of the ESS scheme is here eliminated. The length
of a packet slot is therefore shorter than I-SA (equal to the packet transmission
time only) and acknowledgements are transmitted explicitly like packets. Hence,
unsuccessful packet transmissions may be caused either by packet or acknowl-
edgement collisions. Since acknowledgements are no longer expected within the
same packet slot (like in ESS), a timeout period has to be defined by the protocol
during which a source node waits for acknowledgment and appropriately figures
out whether its packet transmission was successful or not. Note that when there
are more nodes than channels in the system, stations send acknowledgments upon
successful reception of packets destined only to them and not other nodes with the
same home channel.

It is worth observing that the scheme described thus far implies a kind of trans-
mitter contention among generated packets and acknowledgements that have to be
sent on the same channel at the same time. In [36] the I-SA∗ protocol intelligently
deals with this situation by allowing acknowledgements piggy-backed onto the
data packet that has arrived for transmission on the same channel. Acknowledge-
ments that are explicitly transmitted on empty slots like packets (without piggy-
backing, i.e. in the absence of transmitter contention with any data packet) are
called forced acknowledgements. The acknowledgement scheme adopted by I-SA∗

is especially more appropriate than ESS when there are much more nodes than
channels in the network. For example, it may allow that just one acknowledgment
is sent to nodes sharing the same home channel. Another interesting feature of
the protocol is that it provides stations with the ability to transmit a window of
packets after tuning to a channel. This may significantly reduce switching latency
per packet, but, on the other hand, a large window size may lead to more collisions.
That is why the size of the allowed window of transmitted packets must be carefully
selected.

More details about I-SA∗ and its acknowledgement scheme may be found in [36]
and [35], respectively, along with extended performance analyses. Performance of
I-SA∗ has been shown to be much better that I-SA for the following reasons:

� It eliminates the head-of-line effect of I-SA by using multiple (W ) queues per
node corresponding to the W available channels (one queue per channel).

� It assumes a shorter packet slot equal to the transmission of a data packet only,
i.e. it eliminates the extension of the packet slot to include an acknowledgement
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subslot (as in ESS scheme). This makes the protocol less sensitive than I-SA to
propagation delay, switching latency and protocol processing overhead.

� It allows transmission of a window of packets on a channel, which also re-
duces the impact of propagation delay and switching latency on the protocol’s
performance.

3.2.3 INTERESTING VARIANTS OF THE MULTICHANNEL
SLOTTED ALOHA

The multichannel slotted Aloha schemes discussed so far, i.e. I-SA and I-SA∗,
assumed a TT-FR system, where the tunable transmitter of each node is capable of
tuning over all available wavelengths. Some interesting variants that differ from
I-SA (and I-SA∗), e.g. in transceiver equipment per node or tunability range of
tunable components, are discussed in this subsection.

First of all, a generalization of multichannel slotted Aloha would be to consider
that each ready station transmits on the home channel of the destination with
probability p and suspends transmission with the remaining probability 1 − p.
Apparently, for I-SA and I-SA∗ p = 1. The retransmission probability pr (in case
of a collision) might differ from p or not. Under heavy traffic conditions a value
of p not very close to one might be preferred, in order to avoid an excessively high
number of collisions and bring about a more stable network operation.

Furthermore, one remarkable extension of the slotted Aloha protocols described
so far would be to assume each node is equipped with one tunable transmitter and
one tunable receiver (TT-TR). This would make the system much more flexible,
since the tunable receiver could also be used for sensing collisions over the trans-
mission channel. As a result, the acknowledgement schemes that contribute to the
degradation of the protocol performance would not be required in this architec-
ture. However, the system would evidently become more complex and expensive
to implement as a trade-off.

Another noteworthy variant of slotted Aloha defines that the tunable transmit-
ter of each node has limited tuning capability and thus a node can only transmit
over a subset of the W available channels in the system [15]. This assumption is
much closer to reality than other schemes assuming infinite tuning capability for
transceivers. Notice that this protocol is suggested in the same study as the pre-
viously described R-TDMA scheme and thus considers the same network model.
Specifically, it assumes a T T − F Rri system, implying that each node i has one
tunable transmitter and an array of ri fixed-tuned receivers. Transmitters have lim-
ited tuning capability (not over all available wavelengths W ), but the system is still
single-hop in exactly the same way as was explained for R-TDMA before.
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The operation of the slotted Aloha protocol is quite simple. When node i gets
ready to transmit to another node,10 it transmits with probability pi on the commu-
nication channel that exists for this source-destination pair (according to assump-
tion number three in Subsection 3.1.3 about R-TDMA). If there are more than
one communication channels, it randomly chooses one and transmits on it. As in
previous slotted Aloha schemes, channel collisions may occur when two or more
nodes transmit on the same channel simultaneously and collided packets should
persistently be retransmitted in subsequent slots until success of transmission.

The performance of this slotted Aloha scheme is analyzed in detail and com-
pared to R-TDMA protocol which assumes the same network model [15]. As was
expected, the slotted Aloha protocol has superior performance under low traffic
conditions and, like R-TDMA, achieves maximum performance when W fixed-
tuned receivers are used at each node, which, however, has a high implementation
cost.

3.2.4 MULTICHANNEL CSMA AND CSMA/CD

Besides slotted Aloha, another classic example of a random access protocol for
single-channel networks is the CSMA protocol, where the initials stand for Carrier
Sense Multiple Access. As was the case for slotted Aloha, it was attempted to extend
this scheme over a multichannel environment quite early [27]. The same happened
with an interesting extension of CSMA called CSMA/CD, where ‘CD’ stands for
Collision Detection.

According to CSMA, a station wishing to transmit first senses the channel
for carrier. If it finds the channel is idle at the moment, it begins transmission;
otherwise, it keeps on sensing until the channel becomes free. If two or more
stations happen to sense an idle channel at about the same time, they will all decide
to transmit and a collision will definitely occur. On the other hand, CSMA/CD im-
proves CSMA in the following way. During transmission, a node keeps on sensing
the channel for (possible) collisions with other transmitted packets. If a collision
is detected, further transmission is aborted and the other nodes are notified about
the fact until the channel becomes idle again. Retransmission may be decided by
each source node involved in a collision after a (different) random amount of time.

The extension of the above two single-channel random access schemes in a mul-
tichannel environment, such as a broadcast-and-select WDM optical LAN which
is our main focus, entails some problems. Specifically, in order for a node to be
able to sense every channel (and keeping in mind that sensing implies receiving
optical signal back from the star coupler), it surely has to be equipped with a tun-
able receiver as well. Since we are talking about pre-allocation based protocols
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where no control channel-based coordination exists, channels have to be pre-
assigned to receivers (for example) in a fixed manner. Assuming we do not want
transmission to depend on simultaneous desired reception (and vice versa) for a
node, the system has to be CC-TT-TR FR, where the fixed-tuned receiver is always
tuned to the home channel of the node and the tunable one senses a channel before
transmission; in the case of CSMA/CD the tunable receiver also detects collisions
on the channel just used by a certain node for transmission. Thus, the implemen-
tation cost for both schemes is quite considerable. Note that this would not be of
great importance if there was an analogous network performance improvement as
a trade-off. However, in realistic high-speed optical WDM local area networks,
the ratio of the channel propagation delay to packet transmission time is increased,
resulting in a poor performance of the above protocols. Hence, if we combine a
considerably high implementation cost with a poor performance, it follows that
CSMA and CSMA/CD may not be a practical solution for the high-speed optical
LANs considered in this book.

3.2.5 SPECIAL CASES OF RANDOM ACCESS PROTOCOLS

As special cases of random access, in this part we consider two schemes that
are proposed for the folded unidirectional bus topology (see Figure 1.29). These
schemes are not strictly random access in exactly the same sense as the slotted
Aloha-based protocols.11 In simple terms, nodes are not assumed to transmit at
any time (immediately) in the framework of these protocols, but they still access
channels randomly i.e. without a fixed predetermined order.

First, a sample protocol for the folded unidirectional bus topology (Figure 1.29)
that could be characterized as random access is presented in brief. The so-called
Fairnet [2] protocol assumes each node has one tunable transmitter with infinite
tuning capability and one fixed-tuned receiver (TT-FR architecture for the nodes).
Allocation of home channels to receivers is done according to the interleaved
allocation policy. The protocol determines that the head node, which is the first
from the left and is assumed to have special skills, generates data slots of fixed size
across all channels. Ready station i , after tuning to home channel c of the desired
destination, checks if the BUSY bit of a slot on this channel is set or not. If it is not
set, it transmits with probability pic and sets the BUSY bit for this slot. According
to Fairnet, transmission probabilities pic, i = 1, . . . , N and c = 1, . . . , W , can be
determined appropriately based on a priori traffic distribution. More details about
this scheme may be found in [2].

The second scheme is D-Net/C which is a generalization of the single-channel
oriented D-Net [44] protocol, also proposed for the folded bus topology. Note
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that this topology (Figure 1.29) comprises two parts—the outbound bus for trans-
mission (upper bus) and the inbound bus for reception (lower bus). According
to D-Net/C, a generator at the left end of the bus launches a locomotive on an
outbound bus channel when it senses an end-of-train (EOT) on the corresponding
inbound channel. A ready node waits for the locomotive on the right outbound bus
channel and transmits immediately. At the same time, the node senses for upstream
transmission which would imply a collision. If collision is detected, transmission
is aborted and the nodes have to wait for an end-of-carrier (EOC) on the same
outbound channel before attempting to transmit again.

Short descriptions of the above two protocols and performance comparison to
protocols for other topologies (star and double bus) may be found in [39].

3.3 PRETRANSMISSION COORDINATION-BASED PROTOCOLS

In this section we present protocols that are based on pretransmission coordination.
As we explained in the introduction to this chapter, these protocols make use of one
(or more) control channel(s) for coordination between the various nodes of the net-
work. It is recalled (from Figure 3.1) that in Subsection 3.3.1 we deal with schemes
that do not avoid receiver collisions, while in the following Subsection 3.3.2 we
focus on protocols that prevent the occurrence of receiver collisions. The protocols
outlined are only worth noting samples taken from a really vast relevant literature.

3.3.1 PROTOCOLS WITH RECEIVER COLLISIONS

In this subsection we present the main characteristics of several MAC protocols for
WDM broadcast-and-select star networks, which assume at least one control chan-
nel for coordination and do not prevent the occurrence of receiver collisions. The
described schemes include (among others) some of the earliest pre-transmission
coordination protocols, which were really innovative for their time (about the late
1980s). Most of them will be denoted as X/Y ; this symbolism was already intro-
duced in the beginning of this chapter and implies that protocol X is used for the
control channel and protocol Y for the data channels.

3.3.1.1 Aloha/Aloha
This scheme was originally proposed in [16] and deliberately lets overall through-
put be low, which is claimed to be tolerable on account of the really huge available
bandwidth of single-mode fibre, in an effort to achieve its main goal of mini-
mizing access delays. Indeed, the (unslotted or pure) Aloha scheme used in both
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Figure 3.2 Data packet and control packet with its contents (source address, destination
address and selected channel). Data packet is L time units and control packet is one time
unit long. An example with L = 3 is illustrated.

control and data channels minimizes access delays by considering transmission
of a control packet at any time (regardless of what other nodes do) and immedi-
ate transmission of the data packet afterwards; therefore it is clearly a tell-and-go
protocol. The destinations and transmission channels are chosen at random, which
adds to the overall simplicity. However, the protocol obviously allows both control
and data channel collisions and, as we will see, receiver collisions are not avoided
either.

The network model assumes a WDM broadcast-and-select star network with
N nodes that are generally more than the W available wavelengths.12 Each node
is equipped with one tunable transmitter and one tunable receiver, both capable
of tuning over all available wavelengths in negligible time. Thus, the system can
be characterized as CC-TT-TR, which is a common feature of most schemes in
[16]. It is also common among schemes of this study that the duration of a control
packet is one time unit, while a data packet lasts L time units. A control packet
contains the source address, destination address and channel number on which
the corresponding data packet transmission is desired to take place right after the
control packet (see Figure 3.2).

Figure 3.3 shows example transmissions on the control channel λ0 and on one
data channel λi according to the Aloha/Aloha protocol. Transmission on the control
channel starts at time instant t0 and lasts exactly one time unit, after which the data
packet is transmitted on the desired channel λi . This data packet along with its
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Figure 3.3 Aloha/Aloha protocol. Transmissions on the control channel λ0 and on one
data channel λi are shown. The vulnerable periods on which collisions may happen on both
channels are also depicted. For the control channel the vulnerable period is (almost) 2 time
units, while for the data channel (almost) 2L time units. The dashed rectangles show two
hypothetical packet transmissions that imply data packet collision; the two extremes are
shown, i.e. data packet transmissions starting right after time instant t0 − L + 1 and right
before time instant t0 + L + 1.

corresponding control packet that went before, are depicted with diagonal lines
inside. It is quite easy to note that the vulnerable period for the control channel, i.e.
the period in which a collision might occur, is (almost) two time units long. We say
‘almost’, since, according to the Aloha protocol, if a control packet is transmitted
by some other node just after time instant t0 − 1 or just before time instant t0 + 1, a
collision occurs, but this is not the case if the corresponding time instants are exactly
t0 − 1 or t0 + 1, respectively; hence, the vulnerable period is (t0 − 1, t0 + 1)13 for
the control channel. The rectangles with dashed-line edges show the two extreme
cases of data packet collision. They correspond to control packet transmission right
after time instant t0 − L or right before time instant t0 + L , which respectively
imply a data packet transmission beginning right after time instant t0 − L + 1
or right before t0 + L + 1. As shown in Figure 3.3, both extreme cases result
in a data channel collision; of course, all data packet transmissions in between
would have the same consequence. Hence, transmission of any data packet that
begins within the interval (t0 − L + 1, t0 + L + 1) would result in collision with
the initial data packet, making the duration of the overall vulnerable period for
data channel collision (almost) equal to 2L . Note that this implies control packet
transmission starting within the interval (t0 − L , t0 + L), as shown in Figure 3.3;
if we consider only the case of successful control packet transmissions preceding
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a data packet transmission, the data channel’s vulnerable period becomes 2L − 2
(as in estimations and analysis of [16]).

Turning to the other type of collisions (not explained in Figure 3.3) making this
scheme fall into the class of pre-transmission coordination-based protocols with
receiver collisions, it is quite easy to see how these might occur. Specifically in the
case of Figure 3.3, a receiver collision would occur, for example, if there was a con-
trol packet transmission by another source node starting within the interval (t0 − L ,
t0 + L), and designating the same node as destination and a wavelength λ j �= λi

for transmission. Generally, a receiver collision might also occur if a control packet
on λ0 is intended for a certain node, which happens to receive on some data channel
at the time. The latter is due to the relatively simple implementation (CC-TT-TR)
and could be avoided, if for example each node also used two fixed-tuned
transceivers dedicated for use on the control channel (CC-FTTT-FRTR). The main
argument for ignoring receiver collisions in [16] (and other related studies) is that
their impact could possibly be low for large population systems and, also, that they
might be taken care of by higher-layer protocols, if needed. More details about
Aloha/Aloha, especially concerning its (low) performance, can be found in [16].

3.3.1.2 Slotted Aloha/Slotted Aloha Protocols
A straightforward extension of the previously examined scheme is to use slotted
Aloha (on both control and data channels), which has been shown to have improved
performance as compared to the unslotted Aloha scheme. The slotted Aloha/Aloha
protocol was initially proposed in [16], considering the same network model and
time slotting as the Aloha/Aloha protocol. According to slotted Aloha/Aloha,
time is slotted on the control channel and one time slot is equal in length to the
transmission of one control packet. A data packet is taken to be L times the length
of a control packet, therefore lasting exactly L time slots. The system falls into
the same class of CC-TT-TR systems. The protocol determines that when a node
generates a packet for transmission, it transmits a control packet on channel λ0

right at the next time slot (after packet generation) and proceeds on transmitting the
actual data packet immediately after that (occupying time equal to the following
L time slots). Notice that in [16] the unslotted Aloha protocol was considered
for the data channels, which is quite the same as using slotted Aloha, especially
for L = 1. Thus, the slotted Aloha/slotted Aloha protocol will be considered here
regardless of the value of L , since, besides being quite similar in operation, it
has been extended in several ways by related work (e.g. [28, 42]). In this scheme
time is slotted across all data channels too, with one data slot lasting exactly L
control slots. The control and data packet transmissions are as described before for
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Figure 3.4 Slotted Aloha/slotted Aloha protocol. Transmissions on the control channel
λ0 and on one data channel λi are shown. The vulnerable periods on which collisions may
happen on both channels are also depicted. For the control channel the vulnerable period is 1
control slot long, while for the data channel 2L − 1 control slots. The dashed rectangles show
two hypothetical packet transmissions that imply data packet collision; the two extremes
are shown, i.e. data packet transmissions beginning at control slots [t0 − L + 2, t0 − L + 3)
and [t0 + L , t0 + L + 1).

slotted Aloha/Aloha, implying that successive data slots overlap (unlike several
extensions examined later in this part).

Figure 3.4 illustrates example transmissions on the control channel λ0 and
on one data channel λi according to the slotted Aloha/slotted Aloha protocol.
Transmission on the control channel starts at time instant t0 and lasts exactly one
control slot, while transmission of the data packet begins right in the following
control slot on the desired data channel (assumed to be λi ) and lasts L control
slots as stated before. This data packet and the corresponding control packet are
depicted with diagonal lines inside. It is quite easy to note that the vulnerable
period for the control channel is now exactly one time slot long, i.e. the vulner-
able period is [t0, t0 + 1). The rectangles with dashed-line edges show the two
extreme cases of data packet collision. They correspond to control packet trans-
mission at time slot [t0 − L + 1, t0 − L + 2) or at time slot [t0 + L − 1, t0 + L),
which respectively imply a data packet transmission beginning at control slots
[t0 − L + 2, t0 − L + 3) or [t0 + L , t0 + L + 1). Obviously, these extreme data
packet transmissions will respectively occupy data slots [t0 − L + 2, t0 + 2) and
[t0 + L , t0 + 2L). As shown in Figure 3.4, both extreme cases result in a data
channel collision. Of course, all data packet transmissions in between would have
the same consequence. Hence, the data channel’s vulnerable period is the interval
[t0 − L + 2, t0 + L + 1); observe that in order to estimate this we include all the
control slots at which transmission of a data packet that will collide with the initial



Pretransmission coordination-based protocols 163

one begins. Equivalently, we could consider the transmission interval of the cor-
responding control packets, namely [t0 − L + 1, t0 + L). If we consider only the
case of successful control packet transmissions preceding a data packet transmis-
sion, we have to subtract from 2L − 1 the length of the control channel vulnerable
period which is equal to one; thus the data channel’s vulnerable period becomes
2L − 2 (as in estimations and analysis of [16]).

Receiver collisions are not avoided in this scheme either. Concerning the ex-
ample of Figure 3.4, a control packet transmitted by any other node in control
slots included in the interval [t0 − L + 1, t0 + L), and designating the same node
as destination and a wavelength λ j �= λi for transmission, would imply a receiver
collision. In the simple CC-TT-TR system considered, a receiver collision would
also occur, if a control packet on λ0 was intended for a certain node which hap-
pened to receive on some data channel at the time. The latter receiver collision case
could be avoided e.g. in a CC-FTTT-FRTR system with dedicated transceivers for
the control channel. The same arguments as in Aloha/Aloha for ignoring receiver
collisions apply here as well, according to [16].

Several interesting extensions and modifications to the described basic slotted
Aloha/slotted Aloha protocol have been reported. For example, [42] proposes six
slotted Aloha/slotted Aloha protocols, which mainly differ in the way of slotting
the control and data channels; this has a significant impact on the behaviour of
the overall scheme. The proposed schemes are referred as ‘cases’ (one to six) of
slotted Aloha/slotted Aloha in [42] and will be denoted here as SA/SA(1) – SA/SA(6).
All these protocols assume exactly the same WDM optical broadcast-and-select
network with N nodes, W wavelengths and CC-TT-TR node architecture; the
latter can be extended to CC-TT-FRTR, if we want each node to monitor the
control channel constantly (by means of the FR), which helps to achieve full
synchronization [42]. Protocols SA/SA(1) – SA/SA(6) are briefly described next.

According to SA/SA(1), synchronization across the control and data channels is
provided on the basis of the same time reference, which is called a ‘cycle’ and is
shown in Figure 3.5. Within a single cycle, control packets may be transmitted only
on one of the W control minislots, while there is also one data slot for a data packet
transmission immediately after the W th control minislot. This means that there are
no control minislots available on the control channel after the W th control minislot
and this time (equal to L minislots) is wasted for the control channel within a cycle.
Analogously, the first W minislots are wasted for the data channels, which may
only transfer one data packet in the last L minislots (comprising one data slot). The
overall length of the cycle is therefore W + L minislots. The scheme determines
that the W control minislots of each cycle are assigned in a fixed manner to the
W data channels of the system, i.e. minislot number one to data channel λ1 and
so on. Thus, if, for example, a node has generated a data packet for channel λ3,
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Figure 3.5 The synchronization (common cycle used) across control and data channels
for SA/SA(1). Cycle length is W + L minislots (or time units). Only the first W minislots
per cycle are used in the control channel and only the last L minislots (one data slot) per
cycle are used in the data channels. Cycles i and i + 1 are shown as an example.
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Figure 3.6 The synchronization (common cycle used) across control and data channels
for SA/SA(2). Cycle length is L minislots (or time units). Only the first W minislots per
cycle are used in the control channel, while all of the L minislots (one data slot) per cycle
are used in the data channels. Cycles i and i + 1 are shown as an example.

it first transmits a control packet on the third minislot of cycle i14and then it
transmits the data packet on channel λ3 during the data slot of the same cycle i .
As a result of this fixed pre-assignment of minislots to data channels, if a control
packet is transmitted successfully in a control minislot (third control minislot in our
example), the corresponding data packet will also be transmitted successfully (on
channel λ3 in our example) in the data slot of the same cycle for sure (Figure 3.5).

The SA/SA(2) protocol of the same article [42] extends the previous scheme by
shortening the cycle length to L minislots in order to avoid the previously described
waste of minislots (Figure 3.6). The W control minislots are still pre-assigned to
data channels in the same fixed manner. The difference is that if for example a
node transmits a control packet during cycle i , it transmits the corresponding data
packet in cycle i + 1. Success of control packet transmission guarantees success
of the corresponding data packet transmission as before.



Pretransmission coordination-based protocols 165

Cycle i

(Control
minislots)

X
(Data slot)

L

(Control
minislots)

X
(Data slot)

L

Cycle i � 1

1 2 3 ... X1 2 3 ... X

Figure 3.7 The synchronization (common cycle used) across control and data channels
for SA/SA(3). Cycle length is X + L minislots (or time units). Only the first X minislots
per cycle are used in the control channel and only the last L minislots (one data slot) per
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Figure 3.8 The synchronization (common cycle used) across control and data channels
for SA/SA(4). Cycle length is L minislots (or time units). Only the first X minislots per
cycle are used in the control channel, while all of the L minislots (one data slot) per cycle
are used in the data channels. Cycles i and i + 1 are shown as an example.

Turning to SA/SA(3) protocol, synchronization is similar to the first protocol
but with two differences (see Figure 3.7). First, the number of control minislots
is now X making the cycle length equal to X + L and second, there is no fixed
pre-assignment of minislots to data channels. For the same example considered
in SA/SA(1) protocol, the node could transmit the control packet in one of the
Xminislots of cycle i chosen at random and then transmit the data packet on
channel λ3 during the data slot of the same cycle. Data packet collision may occur
even after a successful control packet transmission.

The SA/SA(4) protocol extends the previous scheme in the same way the second
protocol extends the first one. Thus, each cycle is shorter (L minislots long and
not L + X ) and the X minislots of the control channel are not pre-assigned to data
channels too (see Figure 3.8). A node chooses at random one of the X minislots
for the control packet and then it transmits the data packet on the desired channel



166 Medium Access Control Protocols

(Control minislots)
W

L � 1

Cycle i for 0

L
(Data slot)

1 2 3 ... W
0

2

Cycle i for 2�

�

�

�

Figure 3.9 Time slotting of the control channel λ0 and data channel λ2 for SA/SA(6)

protocol. Cycle i for each channel is shown. Obviously, cycles are asynchronous.

in the next cycle. The fifth protocol (SA/SA(5)) is simply a special case of this
scheme with X = L .

Finally, the SA/SA(6) protocol is somewhat different. It assumes asynchronous
cycles for the control and data channels, which, however, have the same length,
equal to L + 1 minislots. The control channel is divided into W minislots and
some wasted space after the W th minislot up to L + 1. The cycle for the i th data
channel begins concurrently with the i th control minislot and contains one unused
minislot followed by one data slot (equal to L minislots, thus, in total cycle length
is L + 1 minislots). The control channel cycle along with the cycle of data channel
λ2 (as an example) are shown in Figure 3.9. If a node wished to transmit on channel
λ2, it would just have to transmit a control packet in minislot number two of the
control channel and, immediately after that, send its data packet on λ2 during the
data slot of the corresponding cycle for this data channel. One unique feature of
this scheme is that retransmissions are assumed to be done always on the same
channel that was chosen in the initial attempt.

All of the extensions of the basic slotted Aloha/slotted Aloha schemes do not
prevent receiver collisions from occurring. In the analysis of [42] receiver collisions
are ignored for the same reasons that were previously mentioned for Aloha/Aloha
in Section 3.3.1.1. More details on the protocols along with a performance com-
parison with each other and the basic slotted Aloha/slotted Aloha scheme, may be
found in the same study.
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3.3.1.3 Slotted Aloha/Delayed Slotted Aloha Protocols
All of the slotted Aloha/slotted Aloha protocols presented before have the tell-and-
go feature, which has been mentioned in the introduction of this chapter. Thus,
each ready station first tells (announces to) the other nodes the destination and
channel of its transmission, and, immediately after that, it goes on to transmit the
data packet. Obviously, the transmission of the data packet is done blindly, i.e.
independently of the success of the corresponding control packet transmission. If
the control packet experiences a collision, the following data packet transmission
is done in vain and probably might just degrade channel throughput by colliding
with another data packet. Of course, the good point with tell-and-go schemes is
that access delays are very short.

In an effort to improve the throughput performance of the basic slotted
Aloha/slotted Aloha protocol of [16], [28] suggested that a source node should
first wait to see whether the control packet transmission was successful, before
proceeding to transmit the corresponding data packet. That is to say, the data
packet is not transmitted immediately, but it experiences a delay equal to the
round-trip propagation delay (time needed for the control packet to reach the star
coupler and arrive back to the source, according to the broadcast-and-select nature
of the network). If the source figures out that the control packet has experienced a
collision, it simply does not transmit the corresponding data packet and attempts to
retransmit the control packet in line with the retransmission strategy of the protocol
(e.g. after a random time interval).

As an example of this scheme, called slotted Aloha/delayed slotted Aloha due
to the delay introduced to the data channels as described before, let us refer to the
transmission of Figure 3.4. Let us also denote the round-trip propagation delay
by α. The control packet is transmitted in time slot [t0, t0 + 1), therefore the
result of this transmission is known to the source node by time instant t0 + α + 1.
Hence, in the event of a successful control packet, the corresponding data packet is
transmitted in data slot [t0 + α + 1, t0 + L + α + 1),15 instead of data slot [t0 + 1,
t0 + L + 1) of the tell-and-go scheme transmission shown in Figure 3.4.

This straightforward modification of the basic slotted Aloha/slotted Aloha pro-
tocol, also mentioned as the ‘wait-and-see’ modification, implies better utilization
of each channel’s bandwidth. On the other hand, access delays get longer as a
trade-off, since the protocol is no longer tell-and-go.

The idea of waiting to see the result of the control packet transmission [28],
was also adopted by [42] to propose the corresponding improved versions,
SA/delayed SA(1) to SA/delayed SA(6), of the six tell-and-go protocols (SA/SA(1) to
SA/SA(6)) that were presented before as extensions of the basic slotted Aloha/slotted
Aloha scheme. The results taken from the analysis show that the performance of
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SA/delayed SA(3), SA/delayed SA(4) and SA/delayed SA(5) is improved as com-
pared to the corresponding tell-and-go protocols. Furthermore, the delay versus
offered load performance characteristic of SA/delayed SA(2) is better than that of
the corresponding tell-and-go scheme [42].

It should be noted that all of the described slotted Aloha-based schemes that
adopt the wait-and-see modification do not avoid receiver collisions either. This
is easy to see, if someone notices that no special mechanism (as compared to the
previous protocols) is applied here to take care of receiver collisions. The impact of
receiver collisions on the performance of slotted Aloha/delayed Aloha protocol has
been studied for finite population systems and it was shown that this is significant
for relatively small numbers of nodes, as expected (since fewer nodes imply higher
probability of same destination selection by two or more transmitters at about the
same time). The appropriate number of data channels W , as a function of data slot
length L , for optimally dimensioning the available bandwidth of the network, has
also been determined. For more information on the last two issues the reader may
refer to [32].

3.3.1.4 Aloha/CSMA and Slotted Aloha/CSMA
In this part two additional pre-transmission coordination-based protocols with re-
ceiver collisions are presented, namely Aloha/CSMA and slotted Aloha/CSMA
[16]. The two schemes are very similar in operation. Both assume that the CSMA
protocol is used on the data channels, while the unslotted or slotted Aloha scheme
is applied, respectively, on the control channel. They assume the same broadcast-
and-select WDM optical local area network as Aloha/Aloha and basic slotted
Aloha/slotted Aloha protocols (presented in the same paper [16]). Thus, the net-
work has a star topology, N nodes and W + 1 wavelengths, λ0, λ1, . . . , λW , where
λ0 is used as a control channel.

According to the protocols, when a node generates at least one packet for trans-
mission, it senses the data channels in a round-robin fashion until it finds a free
channel, as the CSMA protocol determines. After that, the node transmits a control
packet on channel λ0 as determined by Aloha or slotted Aloha, while it jams the
data channel (found to be free) at the same time for a period equal to a control
packet transmission.16 This way all other nodes that are ready to transmit during
this period, find that the specific data channel is not free and keep on sensing other
data channels according to CSMA. Immediately after the control packet time, the
node transmits the corresponding data packet.

Notice that simultaneous control packet transmission and jamming of the data
channel actually require an additional transmitter per node, making the node
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architecture for these two protocols CC-FTTT-TR; the FT is assumed to be fixed-
tuned to the control channel. The authors in [16] propose an alternative operation of
the protocol that may still work in a CC-TT-TR system. Specifically, it is suggested
that the sensing and jamming period is longer than a control packet transmission,
which ensures that other ready nodes are still deterred from using the same data
channel that was found to be free by a certain station.

The remarks about the degraded performance of multichannel CSMA in re-
alistic high-speed optical LANs (Subsection 3.2.4) apply in the case of the two
protocols described here as well. Also observe that, like the previously examined
pre-transmission coordination-based schemes, receiver collisions are not avoided
by Aloha/CSMA and slotted Aloha/CSMA either.

3.3.1.5 Aloha/Slotted-CSMA
The Aloha/slotted-CSMA protocol [34] was proposed as an improvement of the
original Aloha/CSMA scheme of [16] presented before.

It assumes the same network architecture with N nodes and W + 1 wavelengths,
where W wavelengths are used as data channels and the additional one is the control
channel for pre-transmission coordination. Each node is assumed to have one
tunable transmitter and one tunable receiver, capable of tuning over all available
wavelengths.

The name slotted-CSMA for the protocol applied on the data channels is due to
the fact that carrier sensing of data channels is done at the beginning of CSMA slots;
the latter are assumed to be of length equal to the propagation delay. An idle node
(not transmitting or receiving) that has generated a packet for transmission senses
data channels—one at a time—at the beginning of each CSMA slot [34]. When
it finds a free channel, it sends a control packet on the control channel according
to the unslotted Aloha protocol. One notable improvement of the scheme is that
no jamming of the data channel is required, but the node tunes its receiver to the
control channel in order to figure out the result of the control packet transmission.
This tuning is done if the node is not requested to receive from some other station
in the mean time. Due to the broadcast-and-select nature of the network, the node
determines whether its control packet was transmitted successfully after a round-
trip propagation delay. If it did, it transmits the actual data packet immediately on
the data channel that was found to be idle before. If there was a control channel
collision, the user repeats the process from the beginning after some random time.
The idea of this improvement to the original Aloha/CSMA protocol is obviously
parallel to the improvement introduced by slotted Aloha/delayed slotted Aloha to
the basic slotted Aloha/slotted Aloha scheme.



170 Medium Access Control Protocols

The performance of Aloha/slotted-CSMA protocol is analyzed and compared to
the one of the original Aloha/CSMA [34]. It is found that, especially under heavy
traffic conditions and for large values of L ,17 there is a considerable performance
improvement in comparison to Aloha/CSMA. Another plus of the proposed proto-
col is that, since no simultaneous jamming of the data channel is required, it can eas-
ily be implemented with less costly transceiver equipment per node (CC-TT-TR).

More details on this scheme may be found in [34]. Note that the drawback
of general performance degradation on account of using carrier sensing in prac-
tical high-speed optical LANs still holds. Moreover, the occurrence of receiver
collisions is not avoided by Aloha/slotted-CSMA protocol either.

3.3.1.6 CSMA/Aloha and CSMA/Slotted Aloha
These two protocols make use of Aloha (or slotted Aloha) and CSMA schemes
just as the previous two in 3.3.1.4, but apply them in the opposite way, i.e. CSMA
on the control channel and Aloha (or slotted Aloha) on the data channels. Both
CSMA/Aloha and CSMA/slotted Aloha have been proposed for exactly the same
network model described before for the previous two protocols [16].

Each ready node first senses the control channel until it finds it free and then
transmits the control packet (CSMA). The data channel specified in the appropriate
field of the control packet is chosen at random. Transmission of the actual data
packet is done on the chosen data channel immediately after the control packet
transmission, either in the Aloha or slotted Aloha way. Control and data channel
collisions may obviously occur and receiver collisions are not avoided either.
Performance degradation owing to the use of CSMA in a high-speed optical LAN
environment is the main weakness of the schemes, as explained before.

3.3.1.7 CSMA/W-Server Switch
The CSMA/W-server switch protocol18 has been proposed in the same study [16]
and thus assumes the same network model and node architecture (CC-TT-TR) as
the previous schemes.

This protocol is quite innovative in determining that each idle (not receiving
or transmitting) station has to monitor the control channel for L consecutive time
units, which is the duration of a data packet transmission. Monitoring implies
examination of the control packets transmitted during this time interval, which
implies that each idle node obtains all the necessary information to know which
destinations and channels will be idle next. Let us consider a specific idle node that
performs this monitoring for L time units. Assuming a packet has been generated
by this node, the node will know whether the desired destination is idle and also
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whether there is any free channel for transmission. If this is the case, the source
node attempts to send a control packet to the destination in the CSMA way (by
first sensing the control channel). The control packet specifies a channel that was
found free by the prior control channel monitoring. Assuming the control channel
is sensed idle (as CSMA requires), the control packet is transmitted and the data
packet is sent immediately after that on the appropriate data channel.

Observe that this protocol is data channel collision free. If the data channels are
seen as servers [16], it can be said that they act as a W-server switch. When all data
channels are found busy (by the monitoring of the control channel), the protocol
determines that the ready node should not attempt to transmit. This can be seen as
if a W-server switch is blocked and turns away this node; hence the name of the
protocol used on data channels.

The CSMA/W-server switch protocol does not prevent control channel and
receiver collisions from occurring, similar to the previous pre-transmission
coordination-based schemes. The use of CSMA also degrades its performance
in realistic high-speed optical LANs as described earlier.

3.3.1.8 Slotted Aloha/W-Server Switch
The Slotted Aloha/W-Server switch protocol [28] was proposed as an improve-
ment of the previous scheme. Thus, it assumes the same network model and node
architecture. It tries to avoid the performance degradation due to carrier sensing,
by indicating that the slotted Aloha scheme should be used on the control channel
(instead of CSMA). The W-Server switch protocol is still used on data channels
(W is the number of available data channels).

As before, the protocol determines that an idle node, which is ready to transmit
(has generated a new packet), has to monitor the control channel for L consecutive
control slots, in order to acquire all the necessary information about idle channels
is the system. If no idle channels are found, the set of channels (servers) acts as
a W-server switch that is blocked, i.e. does not allow any other node to transmit
(get service). If at least one data channel is found to be idle, the node in question
transmits a control packet right in the following control slot (after the L control
slots) according to the slotted Aloha protocol. The control packet specifies that
data packet transmission will be done on the data channel found to be idle (or a
randomly selected among idle channels, if they are found to be two or more). The
node transmits the actual data packet only if the corresponding control packet was
transmitted successfully, as in slotted Aloha/delayed slotted Aloha schemes. Note
that in the original study [28] immediate (at the end of the control slot) feedback
about the result of the transmission is assumed. Hence, the actual data packet
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is transmitted immediately after successful control packet transmission. If either
the W-server switch is blocked (no idle data channels found) or the transmitted
control packet experiences a collision, the control channel monitoring process may
be repeated after a random number of time slots.

Just like the CSMA/W-Server switch, the slotted Aloha/W-Server switch pro-
tocol does not incorporate any special mechanism in order to eliminate receiver
collisions.

3.3.1.9 R-Aloha Protocols
In this section two reservation protocols are presented. These are denoted here
by R-Aloha(1) and R-Aloha(2), where ‘R’ stands for reservation. They combine the
idea of reserving data channels for a relatively long period (longer than a single
data packet transmission) with the slotted Aloha technique adopting at the same
time the slotting of channels present in the two previously presented schemes
[42]. Remember from the introduction to this chapter that all pre-transmission
coordination protocols are sometimes characterized as reservation protocols in the
literature, which may not be the case in the strict sense (e.g. for the tell-and-go
protocols). The protocols presented here, however, are purely reservation based.
The idea of allowing a node to reserve a certain data channel for quite a long
period, i.e. obtain the exclusive right to transmit on this channel, could be applied
to circuit switched traffic or traffic with long holding times.19

The R-Aloha(1) protocol resembles the SA/delayed SA(1) scheme described ear-
lier in Section 3.3.1.3, both in synchronization across control and data channels
and the fact that a data packet is transmitted only if the corresponding control
packet was successful. The same time reference (cycle) is used in the control and
data channels as explained for SA/SA(1) protocol and shown in Figure 3.5. The
additional feature of R-Aloha(1) is that successful transmission on the control and
on one data channel by a node essentially implies that this node makes a reser-
vation of the specific data channel for the following data slots, until it finishes
transmitting its ‘long message’. Note that according to the slotting of control and
data channels and the fixed pre-assignment of control minislots to data channels,
in order for a node to reserve data channel λi , it suffices to transmit a control
packet successfully in control minislot i of a cycle; this is because the latter en-
sures successful transmission of the corresponding data packet within the same
cycle.

Reservation of data channels is done as follows. Assume a node wishes to
transmit on a specific data channel and succeeds in transmitting a control packet in
the corresponding minislot of a cycle. This means that it also transmits successfully
the first data packet of its long message within the same cycle. In order to make the
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reservation, the node transmits a jam signal in the same minislot of all subsequent
cycles, until it finishes transmitting the entire (multi-data packet) message. This
guarantees reservation (exclusive use) of the data channel in question, since any
other control packet transmitted in the same minislot will collide with the jam
signal; hence the corresponding nodes will not proceed with transmitting the actual
data packets. After the session is finished, all other nodes will have a chance
to reserve this channel by attempting to transmit a control packet in the same
(contention-based) slotted Aloha fashion.

The second reservation protocol, R-Aloha(2), resembles SA/delayed SA(6) in
assuming asynchronous cycles for the control and data channels as described before
and also in adopting the idea of transmitting a data packet only after successful
transmission of the corresponding control packet. The slotting of the control and
data channels is described in Section 3.3.1.2 and an example is shown in Figure 3.9.

In order to describe how reservations are made, assume that a node transmits
successfully a control packet in the i th control minislot of one cycle of the control
channel. This implies that the node reserves data channel λi . Notice that the pre-
viously mentioned minislot coincides (in time) with the beginning (first minislot)
of a certain cycle of data channel λi . The first data packet will be transmitted
successfully on the same cycle of λi right in the following L minislots (data slot).
According to the protocol, the node has to transmit a jam signal in the i th minislot
of subsequent cycles of the control channel, for as long as it needs exclusive use of
this data channel. This guarantees reservation as explained before for R-Aloha(1).
It should be noted that R-Aloha(2) performs slightly better than R-Aloha(1), as
becomes evident after the necessary analysis [42].

Observe that jamming of the control channel is not done concurrently with
data transmission; hence, CC-TT-TR node architecture suffices to implement both
protocols. Notice also that both protocols reserve channels for a source node and not
destinations. This means that, although some bulk data transfer may be taking place
from a source node to a specific destination on a reserved channel, all other nodes
are not discouraged in any way from deciding to transmit to the same destination
on some other data channel. Thus, receiver collisions are not avoided by these
schemes; this is ignored by the analysis in [42], but might lead to considerable
performance degradation in practice, especially when relatively small population
systems are considered.

3.3.1.10 DT-WDMA
The Dynamic Time—Wavelength Division Multiple Access protocol [5] is another
remarkable protocol, which has received much attention from the research com-
munity and has motivated the development of several extensions.
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It assumes a star-coupled broadcast-and-select WDM optical LAN with equal
number of nodes and data channels, i.e. N = W , if we follow the previous notation.
The total number of available wavelengths in the system is actually W + 1, where
the additional wavelength is used as a control channel; hence, the protocol is pre-
transmission coordination based like all the schemes in Section 3.3. This protocol
entails a somewhat more costly implementation than schemes described thus far,
since each node is assumed to have two fixed-tuned transmitters, one fixed-tuned
receiver and one tunable receiver; therefore, DT-WDMA assumes a CC-FT2-FRTR
system. The higher implementation cost, however, as we will see, is balanced by
a considerable performance improvement in comparison to most of the previous
protocols.

The transceivers of nodes are used as follows. The first fixed-tuned transmitter
(FT) and the fixed-tuned receiver (FR) of each node are always tuned to the control
channel, while the remaining devices (second FT and TR) are used for the data
channels. Observe that, since the number of data channels is equal to the number of
nodes, each node is actually pre-assigned a home channel for transmission; thus,
its second fixed-tuned transmitter (FT) is always tuned to the home channel. The
node transmits all data packets (independent of destination) on this channel. Let us
denote the data channels as λ1, λ2, . . . , λN and assume that they are pre-assigned
to nodes 1, 2, . . . , N , respectively, i.e. one transmitter of node i is fixed-tuned
to data channel λi , for i = 1, . . . , N . Apparently, the protocol is data channel
collision-free.

As far as synchronization is concerned, the control and data channels have
the same time reference, which we call ‘cycle’ to keep uniformity with previously
presented schemes and is shown in Figure 3.10. Each cycle is divided into N control
slots on the control channel, pre-assigned to the N nodes in a TDM manner. Let
us assume that control slot j of each cycle is pre-assigned to node j , j = 1, . . . ,
N . This means that each node has one control slot for exclusive use per cycle and
control channel collisions are avoided. The entire cycle consists of one data slot
on each data channel, as shown in Figure 3.10.

According to DT-WDMA, a node which has generated a new data packet trans-
mits a control packet on the control channel in its pre-assigned slot. It transmits the
actual data packet on its home channel during the following cycle. For example,
let us assume that before the beginning of cycle i of Figure 3.10, node k already
has a data packet for node m, where k, m ∈ {1, . . . , N} and, of course, k �= m.
Considering the assumptions mentioned before, the protocol determines that node
k has to transmit a control packet in the kth control slot of cycle i and the actual data
packet on its home wavelength λk during cycle i + 1. Consequently, DT-WDMA
also has the tell-and-go property.
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Figure 3.10 The synchronization (common cycle used) across control and data channels
for DT-WDMA. Cycle length is N (= W ) control slots or one data slot. Each control slot
per cycle is pre-assigned to a node in a fixed manner. Cycles i and i + 1 are shown for
example. Transmission of a control packet by a node in its pre-assigned minislot of cycle
i implies transmission of the actual data packet (on the home channel of the node) during
cycle i + 1.

It should be noted here, that it suffices for the control packet to contain only the
desired destination address m, with no source address and data channel. After a
round-trip propagation delay, node m will have received the control packet from
the kth control slot designating it as a destination. Node m will therefore know
(just by the control slot number) that the source is node k and the data channel will
be λk . Hence, it tunes its receiver to this wavelength and receives the data packet
which comes next (after the same round-trip propagation delay).20 As mentioned
before and is also obvious from the example, the protocol is both control and data
channel collision free.

Observe that in the previous example, we did not consider the case where node
m receives at least one more control packet designating it as a destination within
the same cycle. This implies that two or more source nodes want to transmit on the
same destination (m) at the same time. The DT-WDMA protocol does not actually
include a receiver collision avoidance mechanism, but it has the innovative feature
(as compared to the previous schemes) determining that one of the sources will
be selected and its transmission will be fine. The selection of one specific source
(equivalently one data packet) and rejection of the rest are performed according
to an algorithm (e.g. priority-based) that is known by all nodes in the system.
Thus, the source nodes that were rejected will know that they have to retransmit
in subsequent cycles.

For more details and the relevant performance analysis of DT-WDMA, the reader
may refer to [5]. It should be noted here that the performance of DT-WDMA is
considerably improved as compared to most of the schemes described so far. On
the other hand, besides being quite costly in implementation, the scalability of the
DT-WDMA protocol is at least questionable, as a consequence of the requirement
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that the number of data channels in a network applying this protocol must be equal
to the number of nodes.

3.3.1.11 Quadro Mechanism
The Quadro mechanism was introduced in [8] as an extension to the DT-WDMA
protocol. It assumes the same network model and node architecture as DT-WDMA,
which were described before. It is more of a hardware enhancement to DT-WDMA
than a new protocol as we will see.

The motivation behind the development of this mechanism was to deal with
the considerable reduction of network throughput owing to receiver collisions.
DT-WDMA determines that if two or more sources transmit a data packet to the
same destination at the same time, one of the transmitted data packets is received
successfully and the other(s) are lost and have to be retransmitted at a later time;
an algorithm known and applied by all nodes of the system decides which packets
should be rejected each time. It is observed that the loss of the rejected packets quite
notably reduces network throughput, increases average delay and also requires
more buffers per node to store packets that need retransmission.

The Quadro mechanism essentially introduces optical buffering capability to
receiving stations. An optical delay line (ODL) block [8] is placed at the receiv-
ing part of each node, making it capable of optically queueing some data packets
that could not be received due to a receiver collision. Notice that these pack-
ets are just lost and have to be retransmitted according to DT-WDMA, as we
said before. However, the Quadro enhancement allows some of these packets to
be received by the destination node at a time slot during which the tunable re-
ceiver does not have to receive from another source. The number of lost packets
due to receiver collisions is reduced as the size of the optical buffering system
increases.

The design of the ODL block allows the implementation of different reception
strategies by the nodes. The FIFO (First In First Out) and LIFO (Last In First
Out) reception strategies are studied in [7–8], where the selected data packet for
reception is the first or last that was inserted in the ODL block, respectively. The
analysis and simulation show that the best throughput performance and lowest av-
erage packet delay are achieved when the FIFO reception strategy is implemented.
In any case, the Quadro mechanism significantly improves network throughput as
compared to the original DT-WDMA scheme. It should be noted that parallel to the
reception strategies mentioned before, two different transmission policies, namely
random and FIFO, are also studied and analyzed in [8]. Transmission policies
determine the way a source node selects generated packets from its buffer pool for
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transmission. Overall, the highest performance is achieved for the combination of
the random transmission with the FIFO reception strategy.

Notice that the Quadro mechanism falls into the class of pre-transmission
coordination-based protocols with receiver collisions, because it does not actu-
ally prevent receiver collisions from occurring. Its main achievement is to reduce
their impact on network performance, as compared to the original DT-WDMA
scheme, by means of optical buffering at the receivers.

3.3.1.12 Aloha/Delayed Aloha and Slotted Aloha/Delayed Aloha with
Multichannel Control Architecture (MCA)

The pre-transmission coordination protocols studied so far are based on the use
of a single control channel for coordination between the nodes of the network.
In this part, an example of a network architecture and protocol, which assumes
multiple control channels and appropriate structure for the nodes, is described in
brief.

The main motivation behind such schemes is to relieve part of the electronic
processing burden for control information at the nodes of a broadcast-and-select
WDM network. In pretransmission protocols a control packet is typically trans-
mitted for each data packet transmission that will follow. Each station is required
to process all control packets that are transmitted over the single control channel
and correspond to data packet transmissions on any of the available data wave-
lengths. The maximum processing rate is limited to the speed of the electronic
interface of a station, which causes the so-called electronic processing bottleneck
[18, 33]. The latter is closely related to the number of control channels and the
transceiver equipment of nodes. The relatively low cost implementations studied
before, assuming e.g. a single fixed-tuned receiver per node for the (only one)
control channel used, inherently restrain network performance to lower levels than
could possibly be reached otherwise.

Thus, [33], for example, proposes the so-called Multichannel Control Architec-
ture (MCA) assuming several control channels, appropriate transceiver equipment
per node and simple media access protocols used on control and data channels.
The network has N nodes and W + m wavelengths, where wavelengths λ1, . . . ,
λW (W in total) are used as data channels and the remaining wavelengths, λc1, . . . ,
λcm (m in total), are used as control channels. Each node is equipped with a tunable
transmitter capable of tuning over all available wavelengths in the system, m re-
ceivers fixed-tuned to the control channels (one receiver per channel) and a tunable
receiver capable of tuning over the entire range of available data channels (for data
packet reception). Hence the system can be characterized as CCm-TT-FRmTR.
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The optical signal coming from the star coupler to a node comprises the input of a
1 × (m + 1) WDM demultiplexer. The m outputs of the demultiplexer contain the
control channels and attach to the m fixed-tuned receivers of the node, while the
remaining output is connected to the tunable receiver which appropriately selects
the desired data channel each time. Control packet transmission is assumed to last
one time unit and data packet transmission L time units.

The operation of two simple media access protocols (examined before for single-
control channel networks) is studied in the framework of the MCA architecture,
namely Aloha/delayed Aloha and slotted Aloha/delayed Aloha. When a node has
generated a packet for transmission or wishes to retransmit a previously collided
packet, it first chooses one of the control channels at random and transmits the
control packet immediately (unslotted Aloha) or at the next time slot (slotted
Aloha). Note that in the case of slotted Aloha, control channels are synchronized
and slotted so that one control packet can fit in exactly one time slot. The data packet
is transmitted immediately in the following time units only if the corresponding
control packet was successful, according to the delayed Aloha scheme. It should
be noted that in the analysis of [33], propagation delays and tuning times are taken
to be negligible. Observe that all types of collisions may occur in both cases, i.e.
control channel, data channel and receiver collisions. A collision implies that the
corresponding source node has to wait for a random time and retransmit; in case
of a receiver collision this must be done only by the rejected nodes, since it is
assumed that one data packet is always received. There are various policies for
choosing one data packet for reception among two or more packets involved in a
receiver collision and [33] notes the example of accepting the packet transmitted
on the data channel with the lowest number (e.g. packet on λ2 is preferred to one
on λ5).

The performance of these protocols in the framework of the MCA architecture
is improved as compared to the single control channel case presented before and
in [28]. However, this comes at a considerably higher cost of more transceivers
per node and more channels dedicated for control purposes, as a trade-off. More
details on the architecture and the related performance analysis may be found
in [33].

3.3.1.13 N-DT-WDMA
Another example of a protocol assuming multiple control channels in the network is
considered in this section. It can be thought of as an extension of the DT-WDMA
scheme presented before, where N control channels are used for coordination
purposes. Hence the authors in [18] suggested the name N-DT-WDMA.
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The main objectives of this quite innovative scheme are the following:

1. Support of different traffic classes, including connection-oriented traffic besides
connectionless (datagram) traffic that was considered by most of the previous
schemes. Established connections may be simplex or full duplex.

2. Low electronic processing overhead, in order to relieve nodes from the bottle-
neck caused by control packet processing in single control channel protocols
(this was discussed in the previous protocol).

3. Support of some transport-layer functions in an effort to integrate the MAC
layer with the transport layer, since the intermediate network layer is essentially
absent in WDM broadcast-and-select LANs. This is in accordance with the
observation that fewer layers should be included in the layered architecture of
high-speed optical networks. The supported transport-layer functions include
connection set-up, disconnection, multiple traffic classes and transfer of data
[18].

There are two connection-oriented traffic classes supported by N-DT-WDMA,
one with guaranteed bandwidth (class 1) and the second without guaranteed band-
width (class 2); these may be proper for video and file transfer applications,
respectively, for example. The common connectionless traffic is still supported
(class 3).

As far as the second objective is concerned, this scheme follows the same ap-
proach as the previous one, i.e. determines that multiple control channels should
be used. In fact it determines that each node has a dedicated control channel,
while the data channels are the same as in DT-WDMA, hence 2N wavelengths
are needed, where N is the number of nodes in the system. This implies that each
node maintains and processes control information relating only to its own trans-
missions and receptions. However, keeping processing overhead at much lower
levels as compared to other schemes is costly; thus, the requirement of 2N wave-
lengths for a N -node network is an important disadvantage, considering also that
N wavelengths are actually used only for coordination.

The N-DT-WDMA protocol determines that each node is equipped with a fixed-
tuned and a tunable transceiver. The fixed-tuned transmitter (FT) and the tunable
receiver (TR) are used for data, while the fixed-tuned receiver (FR) and the tunable
transmitter (TT) are used for control information. Hence, the system can be char-
acterized as CCN-TTFT-TRFR. On each wavelength time is divided into cycles of
equal length. However, each cycle is divided into m slots on control channels and
n + 1 slots on data channels, where n ≤ m. Control slots are assigned to connec-
tions (up to m), while the free ones are also used for connectionless traffic. The n
data slots of a cycle are used for data transmission, while the remaining one (called
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status slot in the scheme) is used by nodes to transmit their assignments of control
slots (for traffic classes 1 and 2) and data slots (for traffic class 1) to connections.

The procedure of connection set-up is based on the status slot and the fact that
each node has a dedicated wavelength for transmitting data by means of its FT. It
is only outlined in brief here. The basic idea is that a station, say X , wishing to
establish a connection with another station Y , first examines the contents of the
status slot transmitted by Y , by tuning its TR to Y ’s data transmission wavelength.
Node X is informed in this way about current control slots (for class 1 and 2)
and data slots (only for class 1) that are not used by Y for its other connections.
From these slots, X suggests control slots, and for class 1 connection set-up also
data slots, that are convenient, i.e. not already used by it. One of the suggested
control slots, and additionally one of the suggested data slots for class 1 connec-
tions, may possibly be accepted by the other side (Y ); X will know about that by
checking again the contents of status slot transmitted by Y . In case it actually sees
assignments for it, connection is considered established and the contents of the
status slots are updated appropriately. Note that for full duplex connections, the
complement of the described procedure must also be followed by node Y in order
to set up a connection with X .

For class 1 traffic, the actual data packet transmission is done on the pre-assigned
data slot. In the case of class 2 traffic (no guaranteed bandwidth), a control packet
is transmitted from source to destination on the dedicated control slot assigned
to the connection. This informs the destination about the data slot that is about
to be used by the source. The actual data packet transmission is done on the
announced data slot of the following cycle (in a tell-and-go fashion). Receiver
collisions may occur when two or more nodes choose to transmit to the same
destination in the same data slot; they transmit by their FRs on their dedicated
wavelengths, therefore the destination can receive only one packet. The receiver
selection policy followed is accepted and known by all nodes, as in DT-WDMA.21

For class 3 traffic (connectionless) the same procedure as in case of class 2 is
followed, with the difference that control channel collisions may also happen,
since there is no dedicated control slot. Traffic class 3 data packets may participate
in receiver collisions with class 1 or 2 data packets. Note that control channel
collisions may also occur during connection set-up (for classes 1 and 2) but this is
rare in comparison to the uncollided control packet transmissions after connection
establishment.

The suggested protocol achieves high throughput performance and, as discussed,
has low processing requirements. However, it is expensive to implement both in
terms of number of wavelengths and transceiver equipment per node. Thus, the
authors in [18] attempt to generalize the protocol by suggesting ways of reducing
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the number of control channels to the desired degree (down to one channel, in
which case the protocol degenerates to DT-WDMA) and/or the number of trans-
mitters and receivers per node. The former is done by sharing control channels
among stations and increasing processing overhead as a trade-off. The latter is
achieved by increasing the length of each cycle to n + m + 1, thus allowing TT-TR
transceiver equipment per station; however, time has to be wasted in each cycle only
for control information exchange as a trade-off. Note that the two generalization
approaches for allowing less expensive implementations could be used in combi-
nation. More details about the protocol and its performance analysis may be found
in [18].

3.3.1.14 Random Scheduling Schemes for Multicast Traffic
The schemes presented up to now have considered unicast transmissions between
nodes, i.e. transmissions of data packets from one source node to a single des-
tination. Multicast transmissions (from one node to multiple destinations) have
been receiving much attention lately from higher layer protocols like IP; hence
they need to be studied in a WDM broadcast-and-select LAN environment too.
Remember that Figure 1.13 illustrates examples of unicast and multicast trans-
missions in such a network. As far as multicasting is concerned, all recipients are
required to be tuned to the wavelength the source node transmitted on, in order to
be able to receive the multicast message.

In this section, two simple scheduling schemes for multicast traffic are briefly
discussed as an example [29]. The presented schemes fall into the class of cen-
tralized scheduling, since they are applied by a relatively simple master/slave
scheduler,22 which is located at the star. Centralized scheduling generally has
the advantage of allowing simplicity at the network nodes, but the hub of the
network becomes quite more complex and costly to implement; however, note
that the added cost is shared among the various nodes of the network. Another
disadvantage of centralized scheduling is the additional delays introduced on ac-
count of the communication (including transmission requests in one direction and
transmission/reception decisions in the opposite) between the scheduler and the
network nodes. There are much more sophisticated scheduling schemes for multi-
cast traffic than the ones studied here. Nonetheless, for those pursuing optimality,
it should be noted that this may not be a feasible goal in practice, if we consider
e.g. that millions of transmission schedules may possibly have to be produced per
second.23

The network model considered by the schemes consists of a WDM broadcast-
and-select local area network with N nodes and W + 2 wavelengths. The nodes
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are equipped with a tunable transmitter and a tunable receiver capable of tuning
(almost) rapidly over all available wavelengths; consequently, the system is CC2-
TT-TR. W wavelengths are used as data channels and the remaining two wave-
lengths, denoted as λc and λc′ , are the control channels used for communication
between the nodes and the centralized scheduler. Specifically, control channel λc′

is used by source nodes to send their transmission requests to the scheduler, while
control channel λc is used by the scheduler to inform sources (destinations) about
when and on which channel to transmit (receive). Nodes need not use any synchro-
nization, but just have to execute the assignments decided by the scheduler imme-
diately after receiving them; absence of synchronization at the nodes is another
advantage adding to the overall simplicity at the network edges. The examination
of both scheduling schemes is based on the assumption that each multicast message
is destined to a fixed number of receivers (k), which are randomly selected from
the Nnodes. At each slot (time is slotted for the scheduler with each slot being of
length equal to a multicast message transmission) at most W nodes are scheduled
to transmit in total.

According to the first scheduling protocol, namely Random Selection with Per-
sistent Retransmission [29], whenever a data channel becomes idle, the scheduler
selects at random one multicast message from the sources that are both ready
to transmit and not busy with some other transmission. The protocol determines
that this message must be persistently retransmitted until it is received by all of
its intended recipients. Assuming the system is constantly backlogged (nodes are
always ready to transmit), if there is not any multicast message having been re-
ceived by all of its recipients yet (in a time slot), no new transmission is obviously
scheduled for the next time slot.

The problem with the approach above is a kind of HOL (Head-Of-Line) blocking,
that is to say a situation where a multicast message waits for some occupied
receiver(s) and thus prevents other messages (possibly with free recipients) from
being transmitted on its channel.

It has been observed that when a receiver is occupied in a time slot, the possibility
of being occupied again during the next time slot is high. Hence the second schedul-
ing protocol, namely Random Selection with Backoff Retransmission, tries to cope
with this problem by simply introducing a random delay between retransmissions
of a multicast message that has not been received by all intended recipients. This
way some new message with available recipients may be transmitted in the mean
time. Of course, the old message will have to be retransmitted again later until it
is fully received.24

Both scheduling schemes may result in receiver collisions which are the ones that
actually make retransmissions necessary. The study in [29] additionally proposes



Pretransmission coordination-based protocols 183

three receiver algorithms, i.e. algorithms which are applied by receivers in order
to select one message among multiple ones destined to them at the same time, and
studies the performance of the proposed scheduling schemes in conjunction with
the receiver algorithms. The proposed receiver algorithms are the following:

1. Priority selection algorithm, which determines that the message with the small-
est number of remaining intended recipients is selected.

2. Random selection algorithm, which apparently suggests that one message is
chosen at random by the receiver.

3. First-Come-First-Serve (FCFS) selection algorithm, which always decides that
the message originally transmitted in the earliest slot has to be chosen for
reception.

According to the performance analysis of [29], the Random Selection with Back-
off Retransmission scheduling scheme in conjunction with the first receiver
algorithm (priority selection) gives the best performance among other combi-
nations.

As far as access to the control channel is concerned, the protocol used is essen-
tially a variation of the unslotted Aloha scheme and works as follows. Nodes send
reservation requests (control packets) according to the unslotted Aloha scheme.
These requests have to be repeatedly retransmitted after a random delay until they
are answered by the scheduler. Since unslotted Aloha is applied, control packet
collisions may occur. When a node’s request is answered with the corresponding
assignments, the next request of the same node regards some new transmissions.
Sequence numbers are used for requests and assignments in order to keep syn-
chronization between the nodes and the scheduler. A more detailed description of
the control-channel access protocol may be found in [30].

The performance of the scheduling schemes in this framework is analyzed ex-
tensively and is found to be satisfactory, keeping in mind that one of the main
objectives is simplicity. Finally, it must be pointed out that the presented schemes
are not appropriate for transceivers incapable of tuning (almost) rapidly, nor for
circuit-switched traffic. For more details the reader may refer to [29].

3.3.2 PROTOCOLS WITHOUT RECEIVER COLLISIONS

Some of the schemes of the previous subsection determined that in case of a
receiver collision, one data packet is selected by the destination node according
to a receiver selection policy, while the remaining ones have to be retransmitted
(e.g. DT-WDMA). Transmission of the ‘rejected’ data packets obviously wastes
bandwidth and performance is considerably degraded, even though a policy of
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selecting one packet is kind of a solution to the receiver collision problem as
opposed to ignoring it completely (as other schemes do).

In this subsection we outline several pre-transmission coordination-based MAC
protocols with the virtue of preventing data packets that may participate in receiver
collisions from being transmitted; in this way, performance is improved. Some of
the presented schemes cannot avoid the wasteful transmission of control packets,
whose corresponding data packets are predicted to cause receiver collisions; these
control packets have to be transmitted again later. Note that we consider such
schemes fall into this class of protocols, i.e. without receiver collisions, because
data packets are not actually transmitted to the same destination on different
channels at the same time. However, there are several other protocols outlined in
this subsection that incorporate more straightforward ways of avoiding receiver
collisions, for example, a scheduling algorithm based on global status information
or a network architecture that intrinsically precludes any instance of receiver
collision.

Scheduling algorithms were briefly discussed in the introduction to this chapter.
As mentioned, if the scheduling algorithm is distributed, all nodes typically have
to maintain some global status information and update it every now and again,
according to info obtained by the shared control channel(s). A characteristic form
of global information is a N × N traffic demand (or backlog) matrix D = [di j ],
where di j represents the number of data packets at node i that are destined to
node j and N denotes the number of nodes in the system. The collapsed N × W
traffic matrix A = [aic] can easily be derived from D, where each element aic is
the number of data packets at source node i that are to be transmitted on channel
c (destined to stations ‘listening’ to this channel).

Scheduling algorithms can generally be classified as offline or online. Offline
algorithms do not compute the schedule until the entire matrix A is available, while
online scheduling schemes start building the schedule on the basis of partial con-
trol information available at the time. Online schemes usually have the advantage
of reduced delays between reservation and transmission, while, on the other hand,
their schedules may not be as efficient as those produced by offline algorithms.
Another classification of scheduling algorithms is derived if we consider how the
aic data slots required by source node i on channel c are allocated. Specifically,
if the required slots of each source node on a certain channel are allocated con-
tiguously, the scheduling algorithm requires that each node tunes to each channel
only once per schedule and is said to be non-preemptive; otherwise, the algorithm
allows more freedom in the allocation of slots (more tunings may be involved
as a trade-off) and is called preemptive. The huge number of pre-transmission
coordination-based protocols without receiver collisions allows us to outline only
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a few sample schemes incorporating scheduling algorithms, towards the end of this
chapter.

3.3.2.1 Modified Slotted Aloha/Delayed Slotted Aloha with Contention
Processing Schemes LCB and LCB-CR

A modified version of the slotted Aloha/delayed slotted Aloha scheme has been
proposed in conjunction with two novel contention processing schemes, namely
Local Collision Blocking (LCB) and Local Collision Blocking with Contention
Resolution (LCB-CR) [25]. These schemes are applied by means of appropriate
hardware at the hub of the network, which is no longer passive as a consequence.25

The main objective of contention processing schemes is to relieve some electronic
overhead from nodes by resolving contentions of control packets and, as opposed
to collisions which destroy all participating packets, possibly allowing one control
packet pass to the star coupler successfully.

The network considered is a star-coupled WDM broadcast-and-select optical
network with Nnodes and W + 1 wavelengths, where W wavelengths λ1, . . . , λW

are used as data channels and the remaining wavelength λ0 is used as a control
channel for coordination. The system can be characterized as CC-FTTT-FRTR,
since each node is equipped with a fixed-tuned transceiver for the control channel
and a tunable transceiver for data channels. The time slotting on the control and data
channels has some similarities with the one used for the SA/SA(6) protocol [42]
presented before, an example of which was shown in Figure 3.9. The differences
are that cycle length is equal to L time units and the control channel cycle is
further divided into exactly W minislots, while the cycle for each corresponding
data channel begins after the maximum round-trip propagation delay R. Note that
data packet transmission lasts exactly L time units; hence one data slot has length
equal to the length of a cycle. Time slotting of the control channel and data channel
λ2 for the proposed protocol is shown in Figure 3.11 as an example.

Control minislots are pre-assigned to data channels. A ready source node trans-
mits a control packet in one control minislot (chosen at random) of the following
cycle. Assume e.g. a source node transmits a control packet in minislot number two
of cycle i , which is shown in Figure 3.11. It should be noted that control packets
do not contain desired data channel as in Figure 3.2, since this is implied by the
chosen minislot. The corresponding data packet is transmitted in the respective
cycle of the selected data channel, i.e. immediately after the maximum round-
trip propagation delay.26 In our example, data packet transmission is done during
cycle i of data channel λ2 (Figure 3.11), if both the following two conditions are
satisfied:
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Figure 3.11 Time slotting of the control channel λ0 and data channel λ2 for the modified
slotted Aloha/delayed slotted Aloha protocol with contention processing schemes LCB and
LCB-CR. Cycle i for each channel is shown. Control minislots are pre-assigned to data
channels.

1. The control packet returned successfully, because either it was the only one
transmitted during this minislot or it was selected by the contention resolution
scheme among contenting packets.27

2. There was no successful transmission of another control packet designating the
same destination in an earlier minislot of the same cycle.

If both conditions are satisfied, the data packet will be transmitted successfully,
owing to the fixed pre-assignment of control minislots to data channels; hence,
the protocol is data channel collision-free. If one of the two conditions is not sat-
isfied, the procedure is repeated according to the retransmission strategy, e.g. the
control packet is transmitted again in the following cycle with a predetermined
retransmission probability. Observe that data packets are not transmitted if it is
predicted that they will cause a receiver collision; hence, we classify this scheme
as pre-transmission coordination without receiver collisions, even though the cor-
responding control packets are actually transmitted and thus some bandwidth is
wasted.

Turning to the contention processing schemes, the first one is the so-called Local
Collision Blocking (LCB). It is assumed that stations which are geographically
close are grouped into G separate groups; signals from nodes within each group
are multiplexed and then transferred to the hub by means of an optical fibre. The
control channel λ0 is extracted at the hub and examined separately for each group
by means of the appropriate hardware [25]. Control packets that are transmitted
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in the same minislot by nodes of a certain group are said to be locally collided.
On the other hand, a control packet is locally successful if it is the only one
transmitted in a control minislot. The locally collided packets are blocked by the
hardware mechanism at the hub, while the locally successful ones are allowed
to pass to the star coupler. A control channel collision occurs when two or more
locally successful packets are transmitted in the same minislot (obviously by nodes
belonging to different groups). The participating packets are destroyed and have
to be retransmitted.

The latter does not happen in the second contention processing scheme pro-
posed. The so-called Local Collision Blocking—Contention Resolution scheme
(LCB-CR) employs an additional mechanism which ensures that one locally suc-
cessful control packet always passes to the star coupler, while other locally suc-
cessful packets possibly transmitted in the same minislot have to be retransmitted.
This is done by a CRU (Contention Resolution Unit) which has G input ports.

The two schemes are compared to a pure contention scheme (applying no con-
tention resolution) and a CRU-only scheme, which assumes a CRU with N input
ports at the hub. As a consequence, in CRU-only, one control packet for each
minislot always passes to the star coupler, making this scheme an upper perfor-
mance bound. However, note that the significantly higher number of input ports
calls for much higher electronic processing requirements at the hub and additional
implementation cost. The two proposed schemes are more practical solutions that
improve network performance in comparison to pure contention. Additional de-
tails on the schemes, the required hardware and the performance analysis may be
found in [25].

3.3.2.2 TDMA-W
TDMA-W protocol28 is an interesting pre-transmission coordination-based proto-
col that avoids all types of collisions [3]. It considers a WDM broadcast-and-select
optical LAN of the common star physical topology with N nodes and W + 1 wave-
lengths, where wavelengths λ1, . . . , λW are used as data channels and the remaining
wavelength λ0 is used as a control channel. Each node is equipped with one tun-
able transmitter for both control and data packets and a fixed-tuned transceiver,
where the fixed-tuned receiver is always tuned to the control channel. The tunable
devices are capable of tuning over all available wavelengths (in fact it is not nec-
essary to tune the tunable receiver to λ0). Consequently, TDMA-W considers a
CC-TT-FTTR system.

Synchronization across all channels is provided on the basis of the control
packet transmission time (taken to be one time unit). The protocol has the virtue of
supporting variable data packet lengths. One data packet is generally assumed to
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last L control slots (time units), where L is a positive integer with variable value;
hence, data slots of fixed-length are not assumed, unlike many of the schemes
examined before. Time on the control channel is further assumed to be divided
in cycles, each one with N control slots. One fixed control slot per cycle is pre-
assigned to each of the N nodes in a TDM fashion, which implies elimination of
control packet collisions.

According to the protocol, a ready station has to transmit a control packet in its
slot of the control channel cycle and the corresponding data packet after α slots,
where α is the switching latency; α = max {ts , tr}, where ts is the tuning time
for the TT of the source node and tr is the time required by the destination to
receive and examine the control packet and also tune its TR to the proposed data
channel. Note that besides the three elements of Figure 3.2 (source, destination,
data channel) control packets additionally include a value L corresponding to the
size of the respective data packet (in time slots).

The key feature of the protocol is that each node maintains two status tables,
which respectively help in avoiding data channel and receiver collisions. The first
table has W entries, one for each data channel, while the second has N entries,
one for each destination node. These are similarly updated by each node at the
end of each control slot after examining the received control packet. Specifically,
L + α is added to both entry i of the first table and entry j of the second, where
λi is the data channel, j is the destination and L is the packet length that were
declared in the control packet; obviously, i ∈ {1, . . . , W ) and j ∈ {1, . . . , N}.
All other positive entries in the tables are decreased by one at the end of each
slot.

If we suppose a node is ready to transmit, at the beginning of its control slot it
checks in the second table if the entry of the desired destination is less than or equal
to zero (idle destination, no receiver collision) and then it scans the first table for a
data channel entry with value less than or equal to α (idle channel, no data channel
collision). Note that if a data channel is busy only for the next α slots, it can be
used since actual transmission of the new data packet will start after the switching
latency α, as described before; this overlapping reduces the performance penalty
of large switching latencies. If either the destination is not idle or there is not any
idle data channel, the node retries in the next cycle.

The performance of the TDMA-W protocol is analyzed and it is shown that it
generally performs better than DT-WDMA, even though it requires fewer wave-
lengths (W ≤ N as opposed to W = N for DT-WDMA). Yet, an array of VLSI
chips per node for keeping the two status tables is required, as proposed in [3].
In the same paper, the interested reader may find more details on the protocol’s
architecture and performance analysis.
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3.3.2.3 RCA
The first scheme employing relatively simple node architecture and avoiding the
wasteful transmission of data packets predicted to participate in receiver collisions
is probably the Receiver Collision Avoidance (RCA) protocol [21]. Unlike most
pre-transmission coordination-based schemes without receiver collisions, this one
only requires each node be equipped with one tunable transmitter (TT) and one
tunable receiver (TR), each used both for control information and data; hence, it
is considerably less expensive to implement than other protocols of this category.
One wavelength is used as control channel for coordination between the N nodes
of the system, while W additional wavelengths are used as data channels; thus, the
system assumed by RCA is characterized as CC-TT-TR. Note that the absence of an
additional receiver fixed-tuned to the control channel in such systems, introduces
one more eventuality for receiver collisions. Specifically, receiver collisions may
also occur when a control packet cannot be received by a node, because the tunable
receiver of the node is receiving data at that time.29

The RCA protocol assumes time is slotted across all channels on the basis
of control packet transmission time, i.e. one slot is equal to the control packet
transmission time. Data packets are taken to be of fixed length (unlike TDMA-W)
exactly equal to W slots. Moreover, time on the control channel is divided into
cycles of length W slots too, each pre-assigned to a data channel in a fixed manner.
Note also that the protocol has the advantage of making realistic assumptions about
round-trip propagation delay and tuning times of transceivers, both considered
non-negligible and respectively equal to R and T slots.

Access to the control channel is provided via a modification of the slotted Aloha
scheme. The difference with the original slotted Aloha is that a node wishing to
transmit first checks some appropriate values in two data structures maintained
by each node. The first data structure is a so-called Node Activity List (NAL),
which keeps entries for the most recent 2T + W slots; for slots that contained
an uncollided control packet, it has the corresponding destination (found in the
control packet). Observe that this list may not be properly updated at times the TR
is receiving data, hence not tuned to the control channel. The second data structure
maintained by each node is a so-called Reception Scheduling Queue (RSQ); this
has entries for each scheduled reception for the node. Namely, for each scheduled
reception, it has the data channel and the time the node must start tuning its TR
to it.

A control packet is transmitted according to slotted Aloha scheme, if NAL does
not contain any entry for successful control packet with the same destination for
the past 2T + W slots and the RSQ at the source has been empty for the same
time interval (no scheduled receptions for source, TR has been on control channel
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implying NAL values are updated). Notice, for example, that if there was at least
one entry with the same destination in NAL, the TR of the destination node would
not have enough time to tune back to the control channel and receive the transmitted
control packet (data packet transmission lasts T + W slots and T more slots are
needed to tune back to control channel). Control packet is transmitted if the above
are true; otherwise, the structures are checked again at the beginning of the next
slot.

The RCA protocol’s access policy for the data channels is similar to delayed
slotted Aloha in that the data packet is not actually transmitted until the control
packet arrives back successfully. In addition to original delayed slotted Aloha,
RCA determines that receiver collisions are detected by the source (by means of
its TR) in the period in-between control packet transmission and reception back
from the star after a round-trip propagation delay. The TR of the source has to
be constantly tuned to the control channel in the above mentioned period for this
purpose.

For example, if the original control packet was transmitted by node i in time slot
[0, 1) it will arrive at all nodes (destination too, say node j) in slot [R, R + 1). Let
us estimate by what time the TR of j must be tuned to the selected channel, in order
to receive the corresponding data packet without a problem. Tuning at source node
i is done in time interval [R + 1, R + T + 1) and data packet is transmitted during
interval [R + T + 1, R + T + W + 1), which implies it arrives after a round-trip
delay to node j in [2R + T + 1, 2R + T + W + 1). Hence, the TR of j must
already be tuned to the selected data channel by time 2R + T + 1.

It can be observed that if another control packet is successfully received in a
slot of time interval [R − T − W + 1, R), a receiver collision will occur. Let us
take the extreme case of a successful control packet, which designates the same
destination j and is transmitted by another source node k, is received by j (and all
nodes) in time slot [R − T − W + 1, R − T − W + 2), i.e. in the leftmost slot of
[R − T − W + 1, R). Node k will have to tune to the right channel for data packet
transmission in time interval [R − T − W + 2, R − W + 2). Data transmission by
k is done during time interval [R − W + 2, R + 2) and arrives after a round-trip
from the star to destination j at time interval [2R − W+ 2, 2R + 2). In order to
receive the data packet from i too, the destination node j has to additionally tune
to the right channel in interval [2R + 2, 2R + T + 2). But we saw before that it
should have been tuned to the data channel by time 2R + T + 1, hence a receiver
collision is predicted to occur.

Generally, for a control packet transmitted by node i at time slot [t , t + 1),
receiver collision is detected if a successful control packet with the same destination
is received in a slot of time interval [t + R − T − W + 1, t + R); this may be seen
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by node i in the (constantly updated) NAL, until its transmitted control packet gets
back, in time slot [t + R, t + R + 1). In this case the actual data packet is not
transmitted by node i , which will have to retry accessing the control channel in
the following slot according to the modification of the slotted Aloha (described
before). Assuming no receiver collision is detected, source i learns in slot [t + R,
t + R + 1) whether its control packet experienced a control channel collision, If
so transmission of data packet is aborted; otherwise, it transmits the data packet
during interval [t + R + T + 1, t + W + R + T + 1), i.e. after a tuning period of
T slots. This will arrive at the destination after R slots.

In an analogous way, a node has to detect whether uncollided (successfully
received) control packets declaring it as a destination, imply receiver collisions.
Such control packets are simply ignored so as to avoid unnecessary tuning. The
last entry of the RSQ list is helpful for this. Specifically, it is examined for a certain
control packet, if the corresponding data packet can be received after a round-trip
propagation delay without a receiver collision with the last scheduled reception in
RSQ. If receiver collision is ascertained, the control packet is ignored; otherwise,
a new entry is placed in RSQ, since we have a new scheduled reception for the
node.

The protocol’s performance is not very high; anyway it is satisfactory, especially
if we consider the limitations due to the simple node architecture and the realistic
assumptions about tuning and propagation delays. For additional details about
RCA and its performance, please consult [21].

3.3.2.4 WDM/SCM (NG-TDMA)
The WDM/SCM [45] or Node Grouping-Time Division Multiple Access (NG-
TDMA) protocol [46] (old version of WDM/SCM) is a pre-transmission
coordination-based scheme without receiver collisions. It assumes a slightly dif-
ferentiated physical topology, namely a double star topology, which is different
from the classic star topology of Figure 1.11 in that, instead of nodes, passive-star
subnetworks are interconnected through the central star coupler. Let the number of
subnetworks (groups of nodes) be G. Each subnetwork is assumed to comprise M
nodes, physically located close to each other; note that the scheme takes advantage
of the latter, as we will see.

The number of wavelengths is G, equal to the number of groups (subnetworks),
with each wavelength pre-assigned to a certain group and comprising the group’s
dedicated home channel for data reception, as in some pre-allocation schemes,
e.g. wavelength λ1 is the home channel of group 1, wavelength λ2 is the home
channel of group 2, and so on. Even though there is no separate wavelength used
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as a control channel for coordination, the protocol is pretransmission coordination
based. This is achieved by means of the subcarrier multiplexing (SCM)30 technique,
which allows the placement of control and data SCM channels within the same
wavelength. Specifically, the home wavelength λi of group i , is subdivided into
M + 1 SCM channels, f0, f1, . . . , fM, where channel f0 is used as a control
channel for the group and the rest are pre-assigned to the M nodes of the group
for reception. It is sufficient for each node to have one tunable transmitter capable
of tuning to the control WDM/SCM channel of the group and all WDM/SCM
data channels in the system, and two fixed-tuned receivers; one is assumed fixed-
tuned to the control WDM/SCM channel and the other fixed-tuned to the node’s
WDM/SCM data channel (home channel for reception), both contained within the
home wavelength of the group. It is worth noting that since each node has fixed-
tuned receivers only and one dedicated home WDM/SCM channel for reception,
receiver collisions are intrinsically avoided.

All wavelengths are divided into TDM-frames (cycles), where each frame con-
sists of exactly G slots, one for each group; hence, the name NG-TDMA. This
results in the elimination of collisions between data packets transmitted by nodes
belonging to different subnetworks. The elimination of collisions between data
packets transmitted by nodes of the same group is explained later. Observe that
access delays are significantly shorter in this protocol than in I-TDMA, where
each cycle consists of more slots (N = G · M), one for each node. Each slot is
further divided in a control sub-slot and a data sub-slot for control and data packets,
respectively, transmitted by nodes within the corresponding group. Each control
sub-slot is additionally divided into M minislots, one for each node within the
group. Consequently, control packet collisions are also eliminated.

The WDM/SCM protocol works as follows. Each ready node attempts to reserve
the destination group’s home wavelength for transmission (either its own group’s
home channel or not), by means of a control packet transmitted on the control
WDM/SCM channel f0 (contained within its own group’s home wavelength).
This is done in order to avoid collision with data packets transmitted by nodes of
the same group to the same destination group, that is to say on the same home
wavelength. The control packet is received by all nodes of the same group after a
round-trip propagation delay from the group’s local star coupler. Therefore, notice
that the protocol generally determines that control packets are only ‘travelling’
within groups and not within the entire system, which implies significantly less
impact of control packet propagation delays on network performance than other
schemes (because nodes within a group are geographically located close to each
other). The group’s round-trip propagation delay is known and nodes transmit their
control packets (in their pre-assigned minislots) in a previous slot, so that there is
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enough time for all control packets to be received back just before the group’s own
slot in the TDM cycle.

After receiving control packets back, the protocol decides which node will
transmit in a way that eliminates collisions. If only one node of the group wishes
to transmit on a specific wavelength, it is given permission to transmit. If two or
more nodes of the group want to transmit on the same wavelength (i.e. to nodes
belonging to the same group), the protocol determines that only the source node
with the earliest packet-generation time should transmit. The same decision is made
by all nodes; therefore nodes that were not allowed to transmit have to try again in
the group’s slot of the next TDM cycle. Note that the data packet’s generation time
is assumed to be included in control packets (besides source node and destination
group).

The protocol’s performance is analyzed and it is shown to be improved, in
comparison to the previously examined I-TDMA and TDMA-W protocols. More
details may be found in [45–46].

3.3.2.5 MAC Protocol with Centralized Scheduling Based on a
Look-Ahead Capability

The protocol presented here comprises a centralized scheduling scheme based on a
look-ahead capability [30]. It assumes exactly the same network model, number of
nodes and wavelengths as the centralized scheduling algorithms for multicast traffic
of [29], which were presented in 3.3.1.14 before; hence, these characteristics are
not repeated here. The node structure can be TT-TR. However, in order to achieve
full utilization of available bandwidth, it will be assumed that the system is CC2-
TTFR-TRFR, i.e. each node has also one FT fixed-tuned to control channel λc for
transmitting requests and one FR fixed-tuned to control channel λc′ for receiving
assignments from the centralized master/slave scheduler.

The nodes of the network are assumed to tune and transmit/receive data immedi-
ately after receiving the corresponding assignment from the scheduler. Therefore,
they do not need to maintain any synchronization and operate asynchronously,
which makes them simpler than nodes of most other schemes. In a way that
resembles the one described in the RCA protocol but implemented differently
(in a centralized manner), the scheduler takes into account the round-trip propa-
gation, tuning and processing delays of nodes and issues the assignments just in
time so that nodes have enough time to tune and transmit/receive. In this way, the
impact of these delays on performance is reduced. The overall delays may vary
from node to node (since non-equidistant stations from the hub are assumed) and
are estimated by the scheduler by measuring the amount of time it takes for nodes
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to respond to its assignments. Nodes access the control channels via a modifica-
tion of the unslotted Aloha protocol, which is identical to the one described before
in 3.3.1.14 for the case of centralized scheduling algorithms for multicast traffic
of [29].

The scheduling algorithm adopted by the protocol is based on N input queues
(one for each node) that keep the incoming requests of nodes. Even though nodes
operate asynchronously, the centralized scheduler assumes time is slotted and pro-
duces one schedule per slot. The scheduler selects a request queue at random and
examines whether the request at the top of the queue can be scheduled, i.e. checks if
it regards a transmission to a receiver that has not been assigned yet. According to
the plain First-Come-First-Serve (FCFS) algorithm, only the head of the queue is
examined; the so-called Head-Of-Line (HOL) effect limits performance, as a con-
sequence, for FCFS. The scheduling algorithm of the proposed protocol, however,
is assumed to have a look-ahead capability, i.e. it may look ahead into each queue
until a certain depth k. This means that it is capable of searching each queue for
a request that can be scheduled until depth k. The algorithm continues examining
input queues, until either all available wavelengths have been assigned or there
are no queues left to examine. Of course, at most one transmission is scheduled
in each slot. Furthermore, the algorithm ensures that each destination is assigned
to receive from at most one source node per slot. Hence, the protocol is both
data channel and receiver collision-free. It should be noted that the implemented
scheduling algorithm brings about a considerable performance improvement while
it is only a bit more complex than the basic FCFS.31 Of course, there are much more
sophisticated scheduling algorithms that achieve full utilization of bandwidth,
but most of them come with rather impracticable computational requirements, if
we consider that the scheduler may have to produce millions of schedules per
second.

The performance analysis, simulation and the corresponding results of the de-
scribed protocol, as well as additional details about its operation, may be found
in [30]. Finally, a notable advantage of the scheme that is worth mentioning is
that it may be applied in WDM passive optical networks (PONs),32 owing to the
assumed simple implementation of nodes.

3.3.2.6 Contention-Based Reservation Protocol with Load Balancing
The protocol outlined in this section33 is presented as a sample pre-transmission
coordination-based scheme without receiver collisions, which makes some realistic
assumptions that are usually absent from several other schemes [20]. Namely, the
scheme assumes the following:
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� Nodes have arbitrary distances from the star coupler, implying different propa-
gation delays, which are non-negligible.

� Traffic offered by nodes is generally non-uniform (asymmetric) and comprises
variable-length messages. The protocol adopts a load balancing technique in
order to deal with this problem, as we will see.

� The tuning times of lasers and filters used by the stations are non-negligible.

The number of nodes and wavelengths in the WDM broadcast-and-select net-
work is taken to be N and W + 1, respectively, where, like in many previous
schemes, one wavelength is used as the control channel and the remaining W as
data channels. Time is slotted across all channels and one time slot is assumed
equal to one data packet transmission time; moreover, each time slot in divided
into L minislots on the control channel. In order to deal with the problem of varying
distances of stations from the star coupler, the protocol provides synchronization
of nodes by generally assuming that, for stations located closer to the hub, the
same slot begins later than for stations located further from the hub. That is to
say, the stations wait for an appropriate time interval so that they are synchronized
with the station located furthest than all from the star (i.e. the corresponding slots
are delayed appropriately). This is done, because all stations must use the same
control information at the same time in order to produce a schedule for using data
slots. Each station is assumed to have a buffer for storing control packets, which,
as expected, arrive back from the star earlier than all stations located further than it
from the star. A certain control packet is retrieved from the buffer and processed by
a node, only after the appropriate synchronization waiting time, which is twice the
difference of its distance from the furthest distance from the hub of the network.
The furthest distance is R/2, if R denotes the round-trip propagation from the star
coupler to the furthest station in slots. Consequently, control packets transmitted in
the L minislots of slot x are only retrieved from buffers and processed just before
slot x+ (R + 1); control packets transmitted during slot x+ (R + 1) are processed
by all nodes just before slot x+ 2(R + 1) and so on. This can be seen as a division
of the control channel into R + 1 subchannels, S0, S1, . . . , SR [20].

The system considered by the protocol is CC-FTTT-FRTR, where the fixed-
tuned transceiver is constantly tuned to the control channel. The protocol has the
following two operation modes:

1. Normal operation mode: during this, the system behaves as CC-FTTT-FR2,
since the TR for data of each node is assumed to be constantly tuned to a
certain data channel decided in the second mode. The period in which the
protocol operates in normal mode, is fixed and known in advance by all nodes.
After this, the system enters the second operation mode for a while, before
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returning again to normal operation mode and so on (it alternates between these
modes).

2. Wavelength adjust mode: this starts after a normal operation mode. During
this mode, the nodes adjust their tunable receivers, i.e. decide where to tune
them for the next normal operation mode. The decisions are based on history
(load destined to each station in the previous normal operation mode), which
is maintained by means of appropriate variables (N load counters). Note that
during this mode no control packets are transmitted, but unfinished data packet
transmissions from the previous mode are completed; when this happens (the
tuning decisions are made in the mean time) the system returns to normal mode.
Apparently, the objective of introducing the wavelength adjust operation mode
is to balance the offered load, which was originally assumed to be non-uniform.
Details on the load balancing algorithm are found in [20].

Next, we briefly describe how the protocol operates in the normal mode. Each
ready station is assumed to choose one of the R + 1 control subchannels at random
and transmit a control packet according to the slotted Aloha protocol with some
transmission probability34 in the next minislot (after packet generation) of a slot
belonging to the selected subchannel. The control packet contains source address
(SA), destination address (DA) which also implies the data channel (remember
that in normal mode TRs are fixed-tuned to data channels known by all nodes),
and number of packets (NPK) since variable-length messages are assumed.

If the control packet is successfully received, the protocol assures a reservation
is made for the corresponding data message in the following way. Each node main-
tains W separate counters, each for the length of the corresponding data channel’s
‘virtual queue’ (the queue length for a channel is actually the number of slots
after which the channel will be available). Obviously, these lengths are reduced
by one after each slot by all nodes. Furthermore, each source node maintains
three arrays CH, CD and RC for its own successfully transmitted control packets
(i.e. its own reservations). For its i th successful reservation, CH(i), CD(i) and
RC(i) respectively represent the reserved data channel, the number of slots after
which transmission should start (also reduced by one after each slot and implying
transmission when zero) and the length in slots of the corresponding message.
According to the protocol, a control packet that was received successfully by all
nodes is retrieved from the nodes’ buffers and examined (after the synchronization
waiting time, which varies from node to node) at the same time. If this is the kth
successful reservation for the source node, it performs the following operations:
CH(k) = λ j (if λ j corresponds to the DA of the control packet), CD(k) = length
of virtual queue for λ j and RC(k) = NPK of the control packet. In addition, the
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length of the virtual queue for channel λ j is incremented by NPK slots by all
nodes, including the source node, which does this after setting the value for CD(k)
as described above.

Notice that since the TRs are essentially fixed-tuned to a certain wavelength
during normal operation mode, the protocol intrinsically avoids receiver colli-
sions. However, a certain station may be scheduled to transmit to different desti-
nations during overlapping time intervals.35 In this case, it can only choose and
transmit one message through its TT and reattempt to make reservations for the
non-selected messages in subsequent slots. This introduces additional delays for
the transmissions that were not selected. Moreover, when non-negligible tuning
time is assumed for the TT, a source node may possibly not use slots reserved for a
certain transmission, because it tunes its laser at that time. Reservations have to be
made again for the corresponding transmissions and, consequently, additional de-
lays are introduced. The protocol’s performance is analyzed and found to be good;
however, note that this comes at the cost of considerable processing requirements
and a quite expensive node structure.

3.3.2.7 MAC Protocol with Guaranteed Bandwidth Provision Capability
The pre-transmission coordination-based protocol outlined here has the additional
capability of providing bandwidth guarantees to certain nodes of the network
[11].36 Like many other protocols, this scheme assumes one separate control
channel shared by all nodes (λ0), W data channels (λ1, . . . , λW ), N nodes and
a FTTT-FRTR node structure where the fixed-tuned transceiver is always tuned to
the control channel. However, it innovates by requiring that there is an additional
control node, whose task is described later on.

Time is slotted across all channels in the same way and one time slot is equal to
a data packet transmission; this may include tuning also, if non-negligible tuning
times are considered. One slot is further divided on the control channel in X bits
followed by m minislots. The X -bit pattern comprises the reservation informa-
tion. Generally, it is assumed that a variable part of the available bandwidth is
dynamically allocated to some nodes for guaranteed bandwidth services (called
‘guaranteed nodes’ from now on) through reservation and the remaining part is
left for all other nodes to make use of it on a contention-basis for their on-demand
service requirements. Each bit is assigned by the control node to a guaranteed
node; thus, the maximum number of such nodes in the system is fixed and equal to
X . The status of each bit is dynamically set by the control node37and determines
whether a control minislot is reserved for the corresponding guaranteed node or
not (let us assume that a value of 1 implies reservation of a minislot). The first
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control minislots (of the m, in total, minislots of a slot) are called reservation min-
islots and are allocated to guaranteed nodes. Their number is not fixed, but changes
according to the number of reservation bits that were set to 1 by the control node
for the specific slot. Minislots are allocated to guaranteed nodes in the order that
1s appear in the X -bit reservation pattern. The remaining minislots of a slot are
shared by all remaining nodes (including guaranteed nodes whose assigned bit
was 0 in the X -bit reservation information) in a contention-basis (hence called
contention minislots). Thus, priority is given to guaranteed nodes, whose control
packet transmissions are always uncollided. On the other hand, other nodes have
to choose randomly one of the remaining minislots and transmit without being
sure about success or collision of their transmission.

Transmitted control packets (which always include source and destination ad-
dress) within a certain slot are received by all nodes after a round-trip propagation
delay. A data channel is allocated for the data packet transmission corresponding
to an examined control packet, if the latter satisfies the following two conditions:

1. The control packet returned successfully, i.e. without a collision. Note that this
is always the case for control packets transmitted in reservation minislots, as
mentioned before.

2. There was no successful transmission of another control packet designating the
same destination in an earlier minislot of the same slot. In this way receiver
collisions are eliminated.

The above access mechanism is actually a modification of delayed slotted Aloha for
the data channels, very similar to the one adopted by the protocol in Section 3.3.2.1.
According to the protocol, data channels are allocated to transmissions in the
order that the corresponding control packets are found to satisfy the above two
conditions. Hence, λ1 is allocated to the data packet transmission corresponding
to the first acceptable control packet, λ2 is allocated to the data packet transmission
corresponding to the second acceptable control packet and so on. This allocation
eliminates data channel collisions as well. The actual data packet transmissions
begin in the following slot.

It remains to comment on the different ways the control node may manage reser-
vations, i.e. determine how the bits should be set in the reservation information of
each slot. The simplest policy would be some fixed predetermined setting of reser-
vation bits, which is constantly repeated. One step ahead is a measurement-based
policy, where the control node sets the bits according to the usage of reservation
minislots in prior slots. The most efficient policy would be to have the reservation
bits directly managed by the guaranteed nodes themselves according to their needs;
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however, this is currently infeasible, as it requires bit-by-bit synchronization at the
optical layer [11].

One advantage of the protocol is that, even at extremely high load conditions, it
sustains a satisfactory throughput level, because it ensures that guaranteed nodes
always have a certain amount of bandwidth for their needs. The remaining band-
width is fairly shared by all other nodes in a contention-basis, as we said before.
Moreover, the protocol assures that when the reserved bandwidth is not used by
certain guaranteed nodes, instead of just being wasted, it is also added to the
amount of bandwidth that is shared by all other nodes. This is achieved because
control minislots, not data channels, are actually reserved for guaranteed nodes.
Additional details, performance analysis and the related simulation results for the
protocol may be found in [11].

3.3.2.8 AP-WDMA
Another interesting protocol that avoids receiver collisions is the Accelerative
Pre-allocation—Wavelength Division Multi-Access (AP-WDMA) protocol [43].
This has several common features with pre-allocation schemes, such as the pre-
assignment of home channels to transmitters and the fixed assignment of slots to
home channel-destination pairs. However, it differs in making use of a separate
control channel for accelerating (when possible), i.e. rescheduling earlier, cer-
tain transmissions that would take place later according to the fixed assignment
of slots to channel-destination pairs in a typical pre-allocation based scheme.
This improves performance of AP-WDMA in comparison to the corresponding
pre-allocation based protocols. At the same time, the scheme retains the main ad-
vantages of pre-allocation schemes and avoids the increased complexity noticed
in several other pretransmission coordination-based protocols.

The protocol assumes a WDM broadcast-and-select star-coupled network with
N nodes, W data channels (λ1, . . . , λW ) and one control channel (λ0), where gen-
erally N ≥ W . Each node is equipped with a transceiver for control information
fixed-tuned to λ0; note that control information comprises control packets, through
which sources request permission from destinations to transmit, and acknowledge-
ments sent back from destinations to sources and implying that they should proceed
to the actual data transmission. Besides the fixed-tuned transceiver, each node has
a fixed-tuned transmitter and a tunable receiver for data; hence, the system be-
comes CC-FT2-FRTR. AP-WDMA adopts the fixed allocation of home channels
to transmitters (FTs) encountered in FT-TR pre-allocation-based schemes. Pre-
allocation of home channels follows some policy (known in advance by all nodes,
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e.g. interleaved allocation), which determines how the available home channels
are shared among source nodes, when N > W .

Synchronization is provided across all channels in the system. One time slot can
host a packet transmission on the data channels (besides some additional time for
tuning purposes). For the control channel the same time slot hosts a control frame
and an acknowledgement frame, during which control packets and acknowledge-
ments are transmitted, respectively. Each control and acknowledgement frame are
further divided into (control and acknowledgement) minislots in a time-interleaved
fashion, such that e.g. the i th control minislot may be used only by station i to
transmit its control packet. Note that both the control and acknowledgement frames
along with the necessary round-trip propagation delays are included in a single
time slot. In the general case of non-negligible (and relatively long) propagation
delays, the information in a time slot of the control channel corresponds to data
transmission during the next time slot on data channels.

In the general case N > W , channels are pre-assigned to destinations for recep-
tion in an analogous way channels are pre-assigned to sources for transmission
in I-TDMA (as shown in the example of Table 3.2(a)). Notice that the disagree-
ment in the assignments is because I-TDMA assumes TT-FR node structure, while
FT-TR is the case for AP-WDMA (concerning data only, of course). Thus, each
node of the network is pre-assigned exactly one slot per cycle to receive from
every channel (every source, for the N = W case of self-routing).38 As mentioned
in the previous paragraph, however, AP-WDMA requires that, for transmission
in any time slot, the relevant control and acknowledgement information should
be exchanged in the previous slot among source and destination. The key idea of
the protocol is that if it is observed by the absence of control packets (requests)
that the following time slot will not be used by a destination for reception on its
pre-assigned channel, another transmission (originally scheduled for later) may
take place earlier to avoid waste of bandwidth.

This becomes clearer if we consider the protocol’s channels/destinations allo-
cation map of Table 3.10 for the same example network examined for I-TDMA
with N = 7 and W = 5. Nodes and channels are numbered from zero to N − 1
(6) and W − 1 (4), respectively. For example, destination node 3 may receive on
channel 2 (from source nodes that have it as home channel) during the second
time slot of each cycle. In the table the shaded cells relate to the control infor-
mation of time slot 1 of the 1st cycle. Slots that were found to be idle are shown
in light shade (five in total). For example, there was not any control packet for
destination node 1 transmitted during time slot 1 by a source with channel 0 as
home channel. According to the protocol an early transmission is possible. Each
source node transmitting on this home channel (0) can send in its control minislot
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Table 3.10 Channels/destinations allocation map of AP-WDMA for an example
network with N = 7, W = 5. The shadowed cells relate to the control information of time
slot 1 of the 1st cycle. Idle slots are shown in light shading and the pre-allocated slots that

can be moved earlier (in time slot 2) are shown in dark shading.

Channels Destinations
0 0 1 2 3 4 5 6 0 1 . . .
1 1 2 3 4 5 6 0 1 2 . . .
2 2 3 4 5 6 0 1 2 3 . . .
3 3 4 5 6 0 1 2 3 4 . . .
4 4 5 6 0 1 2 3 4 5 . . .

Time slots: 1 2 3 4 5 6 7 1 2 . . .
Cycles: ← 1st cycle → ← 2nd cycle →

(of time slot 1) one control packet indicating the earliest next possible pre-allocated
destination.

Suppose source nodes 0 and 5 share channel 0 for transmission. Suppose also
that during time slot 1, both have no packet for destination 1 and one packet
for destination 2, which is the earliest next pre-allocated destination and thus,
transmit a control packet indicating 2 as destination in their control minislots of
time slot 1. Now both have to look at acknowledgement minislot number 2 (used
by node 2) included in the acknowledgment frame of time slot 1 too, as explained
before. According to AP-WDMA, in this case destination node 2 has to choose one
source at random and acknowledge its request. The result will be that destination
2 is in fact rescheduled in an earlier time slot (2 instead of 3). Such rescheduled
destinations are shown in dark shading in our example. Notice that on channel
1, destination 4 cannot be moved from time slot 4 back to time slot 2 (therefore
not in dark shading), because it has a pre-allocated reception on channel 3 in slot
2. Thus, receiver collisions are avoided. Note that advanced destinations 2 and 0
(dark shading) can be replaced by the corresponding stations of the next cycle.

11111111111111
The key mechanism that determines the actual rescheduling of transmissions in

earlier slots (acceleration) is request acknowledging, which is generally outlined
next. Each destination examines all requests and acknowledges only one corre-
sponding to the earliest next pre-allocated time slot. If two or more requests imply
the earliest next pre-allocated slot, one request is acknowledged at random (this is
essentially a selection of the corresponding source node for transmission). Thus,
in the example of Table 3.10, destination 4 chooses to acknowledge in time slot 1
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a request by a node transmitting on channel 3, because this request corresponds to
the earliest next pre-allocated slot (i.e. slot 2). It should be noted that to implement
this mechanism, each node needs N memory spaces to store the ids of source
nodes requesting transmission to it. Each destination node simply sends at most
one acknowledgement per slot to a source node selected appropriately, in the way
described before.

All in all, AP-WDMA indeed accelerates transmissions to a certain extent by
avoiding what a purely pre-allocation based FT-TR scheme would do, i.e. waste
pre-allocated slots. The performance of AP-WDMA is analyzed for various pa-
rameters and traffic types and is compared to the one of I-TDMA∗ in [43]. In the
same article the reader may find a more detailed presentation of the protocol and a
discussion on the effect of the policy used for allocating channels to destinations
(three allocation schemes are considered) on the performance of the protocol and
the degree of load balancing among available channels.

3.3.2.9 DAS and HTDM
In this section we consider two sample pre-transmission coordination-based
schemes that incorporate an offline scheduling algorithm, that is to say an al-
gorithm which computes a schedule when the entire traffic matrix is available (in
contrast to online scheduling algorithms, according to the relevant discussion of
the introduction to this subsection in 3.3.2).

Both schemes consider the same network model as the DT-WDMA protocol
and could be viewed as an extension of it. Hence, a WDM broadcast-and-select
optical LAN with N nodes, W = N wavelengths used as data channels and one
wavelength used as control channel for coordination are assumed. The node struc-
ture is also the same as in DT-WDMA, i.e. a fixed-tuned transceiver per station for
transmission/reception of control information, a tunable receiver capable of tuning
over all data channels for data packet reception and a fixed-tuned transmitter for
data transmission over a home channel available to each station for exclusive use
(since W = N ). Consequently, the system is classified as CC-FT2-FRTR. Syn-
chronization is assumed over all channels (including the control channel) with one
time slot being equal to the data packet transmission time (for simplicity taken to
be fixed). On the control channel each time slot is further divided into N minis-
lots, each pre-assigned to a distinct node for control packet transmission. Thus,
access on the control channel is TDM-based and therefore collisionless. Round-
trip propagation delay is generally assumed to be non-negligible and equal to
R time units (anyway note that the protocols’ performance is also examined for
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zero propagation delay in [6]). Another common assumption made by both schemes
is that each source station maintains N queues, one for each possible destination
including itself for simplicity.

The first protocol is the so-called Dynamic Allocation Scheme (DAS) [6], which
dynamically allocates time slots to source-destination pairs according to the sched-
ule computed by a relevant (scheduling) algorithm. The core of DAS39 is the al-
gorithm itself, namely Random Scheduling Algorithm (RSA), which is executed at
the beginning of each time slot. This is done by all nodes in the system,40 which
therefore compute an identical schedule determining for each node, which packet
(if any) should be selected (among the available ones in its N destination queues)
for transmission in the upcoming slot. More specifically, during each step RSA
chooses at random a source node and one of its non-empty queues corresponding
to a destination that was not selected in any previous step (in order to eliminate
receiver collisions). Random choices of source node and destination queue during
each step are the same at all nodes, assuming all use a common random number
generator and the same seed.41 If all destination queues are empty or correspond to
destinations that were previously selected by the algorithm, no packet is scheduled
for transmission for this node; otherwise, the packet at the head of the queue is
scheduled for transmission in the upcoming slot. The algorithm continues until a
decision is made for all nodes.

Obviously, each station needs global queue status information in order to be
able to execute the RSA algorithm. That is to say, in the beginning of each slot,
every node should somehow know the status of all (N ) destination queues main-
tained by every other node in the system (a total of N 2 queues including its
own). This can be seen as a N × N traffic demand matrix D = [di j ], where di j

is the number of packets that source node i has in its destination queue for node
j(i , j = 1, . . . , N ). The necessary information to construct and update the traffic
demand matrix is transferred over the control channel. This control information
essentially consists of N 2 bits per time slot, where N bits are transmitted by each
node in its pre-assigned control minislot. If the i th bit transmitted by a certain node
is one, this means that a new packet was generated in its queue for destination i ,
while a zero would imply no new packet arrival.42 Every node processes all N con-
trol packets (N 2 bits) during each slot and updates (increments some values of)
the traffic demand matrix appropriately. The correct values of the traffic matrix are
decreased after scheduling of the corresponding transmissions.

The second protocol, namely Hybrid TDM (HTDM) [6], tries to reduce the pro-
cessing requirements, which are obviously very high for DAS. It considers that
time slots are pre-assigned to source-destination pairs, such as in I-TDMA for
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Table 3.11 Sources/destinations allocation map of HTDM protocol for
an example network with four nodes and data channels (N = W = 4).

Parameter M is taken to be equal to two making each cycle six slots long.

Sources Destinations
1 1 2 3 4 1 2 . . .
2 4 1 2 3 4 1 . . .
3 3 4 1 2 3 4 . . .
4 2 3 4 1 2 3 . . .

Time slots: 1 2 3 4 5 6 1 2 3 . . .

Cycles: ← 1st cycle → ← 2nd cycle →

N = W (with the slight difference that here each node is assumed to transmit to
itself also). However, HTDM considers a longer cycle length equal to N + M
slots, where M is an integer. It is assumed that after �N/M slots (pre-assigned
to source-destination pairs) within a cycle, one slot is left open i.e. available for
transmission to any destination. An example source/destination allocation map for
HTDM is illustrated in Table 3.11 for N = W = 4 and M = 2. We observe that
cycle length is six slots (N + M) and an open slot follows after two (�N/M)
pre-assigned slots; overall there are two open slots per cycle, namely slots 3
and 6. The RSA algorithm is invoked by each node in the beginning of each
open slot (only) to determine an appropriate schedule for transmissions in this
slot.

According to HTDM, control information is transmitted only at the end of each
open slot by the nodes. This information regards the status of destination queues
at the time, considering also the transmissions that are pre-assigned for the next
R time units (time for the control information to reach all nodes in the system).
This information may not be perfectly updated when RSA is executed, but it is
observed that the errors caused are generally not significant. The good thing for
HTDM is that control signalling overhead and processing requirements at the nodes
are noticeably reduced in comparison to DAS. Also, for a certain packet size, the
HTDM scheme generally allows more nodes in the system.

Even though HTDM performs worse than DAS, it is proposed as a more prac-
tical solution, since it has more reasonable processing requirements. Note that the
performance of HTDM is still found to be higher than I-TDMA, especially for
non-uniform traffic (when uniform traffic is considered, it is higher only under low
loads). For more details on the schemes and their performance analysis the reader
may refer to [6].
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3.3.2.10 EATS, RO-EATS and MSL
The pre-transmission coordination-based protocols presented here assume the
same network model and data structures maintained by each node. Based on these
data structures, each protocol follows a different (scheduling) policy in order to
determine how transmissions of variable-sized messages should be made.

Specifically, it is assumed that the protocols are applied to a WDM broadcast-
and-select local area network with N nodes, W data channels (λ1, . . . , λW ) and one
control channel (λ0) for coordination. Each node is equipped with a transceiver
fixed-tuned on λ0 and a tunable transceiver for data; hence the system is CC-FTTT-
FRTR for the three schemes. Each data message is assumed to consist of one or
more fixed-size data packets, where each data packet transmission time is equal
to one data slot (time is slotted across all data channels). The control channel is
divided into frames with length generally independent from the length of a data slot.
Each control frame is further subdivided into N control minislots, which implies
that the control channel is accessed in a TDM-fashion (i th minislot is pre-assigned
to node i). Furthermore, each node is assumed to have one queue for storing all
of its generated messages before transmission to the appropriate destinations. All
schemes consider non-negligible round-trip propagation delay and tuning time for
the tunable transceivers, taken to be R and T time slots respectively.

Before outlining the three schemes, let us describe the data structures (global
status information) maintained and updated by each node of the network, which
are common for the three protocols. The first is the Receiver Available Time (RAT)
table, which is an array of N elements: RAT[ j] = t implies destination node j
will be available (idle) after t time slots, where j ∈ {1, . . . , N }. The second data
structure is the Channel Available Time (CAT) table, an array of W elements:
CAT[c] = t implies that channel c will be available (idle) after t time slots, where
c ∈ {1, . . . , W }. Obviously, after each time slot the values of all elements in both
tables are reduced by one.

The Earliest Available Time Scheduling (EATS) [22] protocol determines that
each node examines the control packets one-by-one by means of its FR and sched-
ules the corresponding transmissions to the earliest available channel (derived
from the CAT table) just at the time the corresponding receivers will be available
(this is derived from the RAT table). The same scheduling decisions are made by
each node for every control packet received (including those transmitted by other
nodes). Hence, every station in the system knows exactly when and on which
channel to transmit its own messages and the protocol becomes free of any type
of collisions.

More specifically, the scheduling decision for a transmission corresponding to
a received control packet, i.e. the choice of a data channel c and the earliest time
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Table 3.12 Example control packet transmissions for two
control frames in a network with N = 4, W = 3 applying one

of the three schemes (EATS, RO-EATS, MSL). Control
packet (l, j) means the corresponding data message is l slots
long and is destined for node j . Source nodes are implied by
the control minislots (node i transmits in the i th minislot).

1st Control Frame (8,3) (2,1) (4,3) (7,2)
2nd Control Frame (2,2) (5,3) (10,4) (8,1)

Minislots: 1 2 3 4

slot ts(c) during which the source node can start transmitting on c, is done in the
following way. Assume the control packet indicates message length equal to l slots
and node j as destination. According to EATS, the data channel with the minimum
value in the CAT table is selected to host the transmission; let this be channel c.
The destination node will be able to receive at time RAT[ j] + T (tuning to chan-
nel c is necessary). Thus, so far as the receiver is concerned, a transmission could
start at time slot t1 = RAT[ j] + T − R, since R slots is the round-trip propagation
delay. However, ts(c) might have to be set equal to CAT[c], if the channel actually
becomes available later than t1. Hence, the transmission of the message is actually
scheduled at time slot ts(c) = max {t1, CAT[c]}. After the scheduling of a mes-
sage, it remains for each node to update the two tables: CAT[c] = ts(c) + l and
RAT[ j] = ts(c) + l + R.

Table 3.12 shows example control packet transmissions for two control frames
in a network with four nodes (N = 4) and three wavelengths (W = 3) applying the
EATS protocol.43 Control packet (l, j) means that the corresponding data message
is l slots long and is destined for node j . Notice that the source nodes are implied
by the control minislots as explained before, e.g. source node 2 always transmits
in the second minislot of each control frame.

The final schedule of the corresponding data messages decided by EATS is
shown in Figure 3.12(a). Note that this is computed step-by-step (separate schedul-
ing decision for each received control packet). Length and destination of each
data message are shown above it in parentheses (in fact this is the correspond-
ing control packet of Table 3.12 for each message). The numbers in grey font
indicate wasted slots on each channel. Tuning time of transceivers is assumed
to be one time slot (T = 1), while the round-trip propagation delay is taken to
be two time slots (R = 2). Scheduling is computed as described before, consid-
ering that the initial value of all elements in tables CAT and RAT is zero. Note
also that the initial wasted slots for tuning on each channel are not shown for
simplicity.
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Figure 3.12 Scheduling of data messages corresponding to the control packets of
Table 3.12 according to: (a) EATS, (b) RO-EATS, and (c) MSL. It is assumed that T = 1 slot
and R = 2 slots. The numbers in parentheses above each message represent its length and
destination, while numbers in grey font indicate wasted slots for a channel. Initial wasted
slots because of tuning are not depicted.

The Receiver Oriented—Earliest Available Time Scheduling (RO-EATS) scheme
[26] comes as an extension of EATS considering not only the channel that should be
selected for transmission, but also the order in which the corresponding messages
declared in a control frame should be scheduled. It is assumed that the RO-EATS
scheduling algorithm is executed by all nodes, when they receive the entire control
frame (not a single control packet like EATS).

The main idea of the protocol is to schedule first messages that are destined
for the least used destination nodes (destinations with lowest value in RAT table).
More specifically, the RAT table is sorted in ascending order (lower values first).
It is examined whether there is any control packet in the control frame indicating
the first destination in the sorted RAT table (the one which will become available
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sooner, i.e. with the lowest value). If so, the corresponding message is scheduled
first according to EATS (RAT and CAT tables are updated accordingly) or else
the next destination in the sorted RAT is examined and so on until a destination
that is indicated in some control packet is found; the corresponding message for
this destination is scheduled first according to EATS (RAT and CAT tables are
updated accordingly). This process continues until all messages referred in the
current control frame are scheduled.

As an example, the scheduling of data messages corresponding to the same
control packets of Table 3.12 according to RO-EATS is shown in Figure 3.12(b).
As we said, RO-EATS is executed when the entire control frame is received and
probably schedules messages in an order different from the arrival order of the cor-
responding control packets in the frame. In our example, messages are scheduled
in the following order:

� (8,3), (2,1), (7,2) and (4,3) for the first control frame, and
� (10,4), (8,1), (2,2) and (5,3) for the second control frame.

Notice that, unlike EATS, the RO-EATS protocol tries to avoid scheduling mes-
sages destined for the same node consecutively, because each message in such a
row (allowed by EATS) has to wait for the previous one to stop keeping the cor-
responding destination busy, and, consequently, slots are wasted on the selected
channel. For that reason, RO-EATS achieves higher throughput and lower average
message delay than EATS (which in turn outperforms many other schemes, such
as TDMA-W presented before). Note that this is also the result of the performance
analysis in [26] and it is also obvious from the example of Figure 3.12, where
only seven slots are wasted (as compared to 14 for EATS) and the schedule is
shorter. However, complexity of RO-EATS is a bit higher, as it requires sorting the
RAT table after each message is scheduled. It should be noted that the authors in
[26] extend the protocol by allowing each source node to make reservations for l
messages in its queue by means of a single control packet; l obviously determines
the control packet length and is a system design parameter (in our example it was
taken to be one).

Last of all, we shall consider the Minimum Scheduling Latency (MSL) scheme
[12]. Like EATS, the corresponding MSL algorithm is executed by all nodes af-
ter the reception of each control packet. MSL tries to cope with the previously
described drawback of EATS not by appropriately modifying the order in which
messages are scheduled (as RO-EATS does), but by modifying the actual choice
of data channel. Remember that EATS first selects a channel c (the one with the
lowest value in CAT table) and then computes the earliest time slot during which
the source node can start transmitting on this channel ts(c). MSL determines that
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ts(c) should be computed for all channels first (c = 1, . . . , W ), in the way described
for EATS before. The channel with the minimum earliest time the source can start
transmitting its message (ts) is selected. If more than one channel has the minimum
ts , the one with the maximum value in the CAT table is selected. Let the selected
channel be k. Transmission of the message is scheduled on this channel at time slot
ts(k) and after that the values of RAT and CAT tables are updated. This protocol
essentially selects the channel with the minimum scheduling latency, i.e. the one
for which the shorter time interval will pass from the time it becomes available till
the time ts(c) it can actually start transferring the message.

The scheme has higher processing requirements but improves the performance of
EATS quite considerably. Its operation and the performance improvement become
clearer if we consider the scheduling of messages corresponding to the same
control packets of Table 3.12. The messages are scheduled in the order of control
packet arrival like EATS, but the schedule is much better (Figure 3.12(c)). The
performance of the scheme is analyzed and compared to EATS in [12], but not RO-
EATS. Hence, even though MSL performs better than RO-EATS in our example,
this may not be considered a formal conclusion for all possible traffic loads and
network parameters. More details on the three schemes may be found in [22], [26]
and [12] respectively.

Next we outline two protocols proposed in [12] as well, which are intended to
handle real-time traffic and are respectively based on EATS and MSL for channel
selection.

3.3.2.11 PDS-EAC and PDS-MSL
The two schemes presented here consider networks that provide service to both
nonreal-time and real-time traffic. Their main objective is to handle real-time traffic
in a way that helps in meeting the related quality of service (QoS) requirements.44

The proposed protocols try to cope with the head-of-line blocking of new (un-
scheduled) real-time packets caused by already scheduled nonreal-time packets;
e.g. this blocking occurs when a real-time packet finds the desired destination is
already scheduled to receive a nonreal-time packet. This would clearly block the
real-time packet until completion of the scheduled packet transmission, which is
generally undesirable.

The proposed solution in favour of real-time traffic is to allow real-time packets
to preempt nonreal-time ones and be transferred earlier. After a packet is pre-
empted, the real-time packet is scheduled appropriately and the preempted packet
is rescheduled for transmission at a later time. The distinction between packets is
implemented by assigning priorities: high to real-time packets and low to others.
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Priority is an additional element included in each control packet and, along with
the values in tables RAT and CAT (described in the previous schemes and used
here as well), comprises the basis of scheduling decisions.

The proposed protocols are called Priority Differentiated Scheduling—
Earliest Available Channel (PDS-EAC) and Priority Differentiated Scheduling—
Minimum Scheduling Latency (PDS-MSL) [12]. They are respectively based
on the EATS45 and MSL schemes for channel assignment, but addition-
ally incorporate priority differentiation since they are intended to handle
real-time traffic. The network model, node structure (FTTT-FRTR), message
length (variable), time-slotting of channels, control channel access protocol (TDM)
and data structures (tables CAT and RAT) described for the previous three pro-
tocols are assumed to be identical by these schemes. Therefore we only describe
an additional data structure, namely Scheduled Packet Job List (SPJL), which is
assumed to be maintained and updated by each node in the context of PDS-EAC
and PDS-MSL. The SPJL list contains the details of each scheduled transmission,
that is to say source and destination ids, message length l, selected data channel c,
transmission starting time ts(c), transmission ending time and priority.

The operation of PDS-EAC and PDS-MSL can be outlined as follows. Each
node executes the PDS-EAC (PDS-MSL) algorithm upon reception of every single
control packet. If it is a low priority packet, it is scheduled exactly in the same way
as EATS (MSL) protocol determines and, moreover, one new entry is added in the
SPJL list. Otherwise, the following procedure is followed for a high priority packet.
First, all values in tables CAT and RAT are reset (i.e. set to zero) since packets have
to be rescheduled and, additionally, the SPJL list is sorted in ascending order of
transmission starting time ts(c). The values of tables RAT and CAT are calculated
again according to entries of the sorted SPJL only for packets that should not be
preempted by the high-priority packet; these include packets with high priority,
or low-priority packets for which at least tuning of the TT has already started
(i.e. packets with ts(c) < T ). Subsequently, the high-priority packet is scheduled
according to EATS (MSL) taking into consideration the new values of tables RAT
and CAT, and a new entry in the SPJL list is added for it. It remains to reschedule
all the packets whose entry in the SPJL had transmission starting time ts(c) ≥ T ,
i.e. the preempted low-priority packets. This is done according to EATS (MSL)
and an entry in SPJL is added after each packet is scheduled. It should be noted
that after a low-priority packet is preempted for a predetermined number of times,
its priority is set high by the protocols, so that additional preemptions are avoided.
Obviously, this improves the fairness of the schemes.

The performance of PDS-EAC and PDS-MSL is analyzed and compared to the
one of EATS and MSL in [12]. It is found that the PDS protocols handle real-time
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packets better than the two other schemes (which were not designed to do so in
the first place). Observe from the relevant descriptions of the protocols, however,
that this comes at the cost of higher processing requirements as a trade-off. If we
consider traffic as a whole, i.e. without distinction between high and low priority
packets, the highest performance in terms of throughput and mean packet delay
is achieved by PDS-MSL followed by MSL. For a more detailed description of
PDS-EAC and PDS-MSL along with a performance analysis and simulation under
various parameters, the reader may consult [12].

3.3.2.12 FATMAC, HRP/TSA, OIS and POSA
The protocols outlined in this section are examples of schemes incorporating on-
line scheduling algorithms. As discussed in the introduction to this subsection,
on-line scheduling schemes start building the schedule before the entire traffic
matrix is available, as opposed to offline scheduling ones that require complete
global status information before producing a schedule.

The presented schemes assume a WDM broadcast-and-select local area network
with N nodes and W wavelengths. Even though there is no separate control channel
used for coordination, the protocols are still pre-transmission coordination based.46

Each node is assumed to be equipped with an array of W fixed-tuned transmitters
(or equivalently a tunable transmitter) and a fixed-tuned receiver, used for both
control and data packets. Channels are pre-allocated to receivers according to
some policy, e.g. interleaved channel allocation as in I-TDMA, and time is assumed
slotted across all channels on control packet boundaries. Furthermore, transmission
is organized into cycles, where each cycle consists of a control (or reservation)
phase and a data transfer phase. During the control phase of each cycle taken
to be N slots long, each source node is assigned a unique slot for broadcasting
its control packet to all channels (simultaneously) by means of its transmitter
array (hence access is TDM-based). Control packets are received by all nodes on
their corresponding home channel by means of their FR and are assumed to make
reservations for the data phase. The actual way of scheduling the corresponding
data packets is the main difference between the schemes.47

The FATMAC protocol [38] assumes that each source node has only one queue
and is able to reserve access during the control phase only on one channel, i.e. only
for one data packet transmission during the subsequent data phase. The arbitration
mechanism of FATMAC determines that the nodes which reserved access on the
same channel should transmit in the order of the transmitted control packets. Thus,
data channels provide First-Come-First-Serve (FCFS) service to reserved data
packet transmissions. Observe that a predetermined assignment of control phase
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slots to nodes would be a bit unfair to nodes that transmitted in the last slots of
the control phase. Therefore the assignment of control phase slots to nodes should
preferably vary with time. Since all nodes employ the same arbitration mechanism
and examine all control packets, each node can easily estimate by the end of the
preceding control phase exactly when it should start transmitting within the data
phase. The length of the data phase depends on the number of control packets
within the previous control phase and the actual destinations (home channels)
indicated in the control packets. For example, if N control packets designating the
same home channel are transmitted in the control phase, the subsequent data phase
will have maximum length.

The Hybrid Random Access/Time Slot Assignment (HRP/TSA) scheme [40]
extends FATMAC by allowing a node to place reservations for access to multi-
ple channels in the same control phase. For this purpose, each node maintains W
queues for data packets and one queue for control packets. Similar to FATMAC, by
the end of the control phase, all nodes compute in a distributed manner an identical
transmission schedule for the data phase, which is free of collisions and entails min-
imum number of transmitter tuning operations. The latter is implied by the fact that
HRP/TSA produces non-preemptive schedules48 by means of an online schedul-
ing algorithm, which is slightly more sophisticated than the plain FCFS reserva-
tion service policy of FATMAC. The basic input to this algorithm is the N × W
(collapsed) traffic matrix49 A = [aic], where aic is the number of slots demanded
from source node i on channel c (1 ≤ i ≤ N and 1 ≤ c ≤ W ). The algorithm
is based on decomposition of traffic matrix A into n transmission matrices Sk ,
A = ∑n

k=1 Sk , where each one has at most one non-zero entry in each row and
each column. Note that rows and columns of transmission matrices correspond
to source nodes and channels, respectively, as in the original traffic matrix. Each
transmission matrix represents a separate schedule, which is a part of the overall
schedule for A. The length of each partial schedule is equal to the largest entry of
the corresponding transmission matrix. Hence, the overall schedule is the partial
schedule of transmission matrix S1 followed by the one of S2 and so on up to Sn .

Since we are considering online scheduling, notice that execution of the algo-
rithm begins when the first reservation arrives (entire traffic matrix not available
yet). Thus, the algorithm begins by processing the reservation requests of node 1
sequentially, a11, . . . , a1W (first row of traffic matrix A), continues with requests of
node 2, a21, . . . , a2W (second row), and so on, up to the last node’s requests which
arrive last in the TDM access-based control phase.

The key idea of the algorithm is the following. For each request aic it searches
(using one of two methods outlined later) for an already created transmission
matrix Sk , which can include aic, i.e. equivalently, has zero entries for all elements
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in row i and column c. If one such transmission matrix Sk is found, element aic

is added to it and node i is considered to have reserved aic slots on channel c
during the partial schedule (corresponding to the transmission matrix). Otherwise,
a new transmission matrix is created and aic is added to it. The above mentioned
‘searching’ for an appropriate already created Sk is performed consistent with one
of the following two methods [40]:

� First fit. Sequential search (starting from S1) until the first applicable transmission
matrix is found.

� Best fit. Search for the ‘best’ transmission matrix for request aic, where ‘best’ is
considered to be the transmission matrix with corresponding (partial) schedule
of length closest to the value aic. This method implies less wasted slots for
the partial schedule than first fit, at the cost of some additional computational
complexity.

As an example, consider the decomposition of the following 3 × 3 traffic matrix
(corresponding to a network with three nodes and three wavelengths) according to
the HRP/TSA protocol, when the scheduling algorithm applies the first fit method:

A =
∣∣∣∣∣∣
2 4 3
2 3 0
5 1 0

∣∣∣∣∣∣ =
∣∣∣∣∣∣
2 0 0
0 3 0
0 0 0

∣∣∣∣∣∣
︸ ︷︷ ︸

S1

+
∣∣∣∣∣∣
0 4 0
2 0 0
0 0 0

∣∣∣∣∣∣
︸ ︷︷ ︸

S2

+
∣∣∣∣∣∣
0 0 3
0 0 0
5 0 0

∣∣∣∣∣∣
︸ ︷︷ ︸

S3

+
∣∣∣∣∣∣
0 0 0
0 0 0
0 1 0

∣∣∣∣∣∣
︸ ︷︷ ︸

S4

.

When the scheduling algorithm applies the best fit method, the same traffic matrix
is decomposed into transmission matrices in the following way:

A =
∣∣∣∣∣∣
2 4 3
2 3 0
5 1 0

∣∣∣∣∣∣ =
∣∣∣∣∣∣
2 0 0
0 3 0
0 0 0

∣∣∣∣∣∣
︸ ︷︷ ︸

S1

+
∣∣∣∣∣∣
0 4 0
0 0 0
5 0 0

∣∣∣∣∣∣
︸ ︷︷ ︸

S2

+
∣∣∣∣∣∣
0 0 3
2 0 0
0 1 0

∣∣∣∣∣∣
︸ ︷︷ ︸

S3

.

The corresponding schedules produced by HRP/TSA with the first fit and the best
fit methods are shown in parts (a) and (b) of Figure 3.13 respectively. Observe
that they consist of the partial schedules corresponding to the transmission ma-
trices generated by decomposition of the original traffic matrix A. For example,
the partial schedules for best fit are three (since three are the generated transmis-
sion matrices) and have lengths equal to three, five and three slots respectively
(Figure 3.13(b)). Note that in Figure 3.13 the two numbers (s, l) in parentheses
above each packet correspondingly denote the source node and message length
in time slots.50 Observe that best fit generally leads to shorter schedules and less
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Figure 3.13 Example of scheduling according to the three presented protocols: (a)
HRP/TSA with first fit; (b) HRP/TSA with best fit; (c) OIS. The two numbers in parentheses
(s, l) above each message correspond to the source node and the length in time slots respec-
tively. Numbers in-between several messages (rectangles) represent wasted time slots.

wasted slots (i.e. lower delay and higher throughput). It should be noted that for
different numbers, the produced scheduling would most probably be somewhat
improved, but the example was chosen such that the performance difference be-
tween HRP/TSA with first fit and HRP/TSA with best fit (and also from OIS
presented next) becomes clear for a small number of nodes and channels.

The HRP/TSA protocol’s performance is analyzed for uniform and non-uniform
traffic and compared to that of FATMAC. HRP/TSA generally performs better but
not in all cases; for the corresponding analytical and simulation results, please refer
to [40]. As far as computational complexity is concerned, it should be recalled that
the principal objective of these online scheduling protocols is a good performance
(as high as possible channel throughput and as low as possible packet delay) using
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practical scheduling algorithms that run in linear51 time in terms of the number
of nodes N . For a description of the data structures that make time complexity
of both first fit and best fit algorithms of HRP/TSA drop from quadratic to linear
time in terms of N , please consult [40].

The third protocol examined in this part is called Online Interval-based Schedul-
ing (OIS) [41] and is based on the same assumptions as the previous protocols
(network model, node structure, etc.). Moreover, like HRP/TSA, OIS assumes
each can place reservations for access to multiple channels in the same control
phase; hence, a collapsed traffic matrix A is input to the scheduling algorithm (like
for HRP/TSA). As the name suggests, this scheme incorporates online scheduling
on the basis of available time intervals on channels and for each examined node
that requests reservation. All requests of each node (row of A) are examined se-
quentially before proceeding to the next node (row), as in the previous scheme.
The OIS protocol innovates in abandoning the practice of traffic matrix decompos-
ing (into transmission matrices) adopted by HRP/TSA and many other scheduling
schemes; this approach was originally proposed for Satellite-Switched/TDMA sys-
tems and is not necessary in WDM broadcast-and-select star networks. We focus
on the main idea of OIS, whose operation will become clear if we consider the
same example traffic matrix used for HRP/TSA before. Details of the actual data
structures necessary for the protocol’s implementation by each node may be found
in [41].

As before, each node runs the same scheduling algorithm and needs to maintain
the same status information (distributed scheduling). Hence, all nodes eventually
arrive at identical scheduling decisions and the protocol is free of collisions. Exe-
cution of the online scheduling algorithm begins upon reception of the first request
(entire traffic matrix not available).

In order to be able to execute the scheduling algorithm of OIS, each node needs
to maintain a list of time intervals that are available on every data channel. For
example, the list of available intervals for a certain channel c at some specific time
might contain intervals [3, 5], [8, 12] and [15, ∞); this implies that intervals [1, 3]
[5, 8] and [12, 15] have been assigned to source nodes and no slot included in
any of these should be assigned to any other transmission during the oncoming
reservation phase. Furthermore, for each node whose request is being processed,
nodes maintain one additional list of intervals that have not yet been assigned to
the specific node for transmission. For example, let the list of intervals for node i
contain [9, 13] and [15, ∞), which means that node i has already been scheduled to
transmit at intervals [1, 9] and [13, 15]. If we assume request aic = 4 is processed,
i.e. node i requests four slots on channel c, and considering the list of intervals
given for channel c before, notice that node i cannot be scheduled to transmit during
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[8, 12] even if it is available on c, because this overlaps with interval [1, 9] already
assigned to i for transmission. Hence, the transmission is eventually scheduled
during interval [15, 19] which is free for both channel c and node i . After that, the
lists are updated appropriately.

Note that at the beginning of a control phase and before any request is processed,
all lists are initialized to contain interval [1, ∞) only. As mentioned before, all
requests of each node (row of traffic matrix A) are examined sequentially before
proceeding to the next node (row).

The operation of OIS becomes clearer if we consider for example the 3 × 3 traffic
demand matrix A that was also used for the scheduling example of HRP/TSA
before (implying a network with three nodes and three wavelengths):

A =
∣∣∣∣∣∣
2 4 3
2 3 0
5 1 0

∣∣∣∣∣∣
Scheduling of the reservation requests (elements of A) according to OIS is

illustrated in Figure 3.13 (c). After the first request of the first row (node 1) is
processed, both the list of available intervals for channel λ1 and for node 1 become
[3, ∞). The second request is for four slots on channel λ2. Since the node will
be busy for the first two slots, the corresponding transmission is scheduled for
interval [3, 7] making the list of intervals for channel λ2 contain [1, 3] and [7, ∞).
The list for the node 1 now contains [7, ∞). After the third request, the list for
channel λ3 contains [1, 7] and [10, ∞) and we are finished with node 1 for this
cycle. Subsequently, the second row of A is processed (requests of node 2). After
the first request for 2 slots on λ1, the list of intervals for λ1 is [5, ∞), while for
node 2 the list contains [1, 3] and [5, ∞). The second and final request of node
2 is scheduled for interval [7, 10] which makes the list of intervals for λ2 contain
[1, 3] and [10, ∞). Since no slots are requested on λ3, node 2 is satisfied and we
proceed to the next row corresponding to requests of node 3. The first request for
five slots on channel λ1 is scheduled at [5, 10]; notice that we are finished with this
channel and its list need not be updated any more. The list of available intervals
for node 3 contains [1, 5] and [10, ∞). The second and final request of node 3 on
channel λ2 is scheduled at [1, 2] which was available on this channel. Thus, the
protocol arrives at the final schedule depicted in Figure 3.13 (c).

Observe that the schedule computed by OIS is shorter in length than the two
variants of HRP/TSA (9 slots instead of 13 slots for HRP/TSA with first fit and
11 slots for HRP/TSA with best fit) and results in a reduced number of wasted slots
(7 wasted slots instead of 18 for HRP/TSA with first fit and 13 for HRP/TSA with
best fit).52 Performance of the scheme is generally higher than protocols which
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apply decomposition of the traffic matrix into transmission matrices. Performance
analysis of OIS and comparison with such schemes may be found in [41]. It should
be noted that the scheme runs in linear time in terms of the number of nodes (N ),
which makes it computationally feasible. For the proof of this along with more
details on OIS and a slight modification when the tuning latency is assumed to be
non-negligible, the reader may consult [41].

Finally, we consider a scheme called Predictive Online Scheduling Algorithm
(POSA) [23], which is essentially an extension to OIS based on traffic prediction
according to the history of recent reservation requests. The main objective of this
scheme is to eliminate the possible delay introduced by the scheduling computa-
tion between the control and data phases of each cycle. For this purpose, POSA
assumes the reservation information of each control phase is input to a predictor
whose operation is mainly based upon the Hidden Markov chain Model (HMM).53

After an initial learning period of several cycles for the duration of which the pro-
tocol operates just like OIS (with the enhancement that the predictor is informed
about reservation requests as we said), the network uses one cycle to transit to the
prediction period. During this period, the schedule computed for the data phase of
a certain cycle, instead of taking into account the reservation requests of the same
cycle’s control phase (as in OIS), is based on the predicted reservations (output
of the predictor) provided to the scheduling algorithm in the previous cycle. The
current control phase is used to train the predictor and affects scheduling decisions
for subsequent cycles. As a result of applying POSA, during the prediction period
the scheduling algorithm has more time to compute every schedule. The schedule
is generally available by the start of the data phase consistent with the algorithm’s
objective and POSA brings about some performance improvement (presupposing
adequate accuracy of predictions which is claimed in [23] based on empirical re-
sults), if the average duration of the control and data phases is at least equal to the
time needed for predicting reservations and computing the corresponding schedule.

For the related performance analysis, simulation and experimental results please
refer to [23]. In the same study, the reader may find an analysis of POSA’s time
complexity and a complete description of the predictor along with the necessary
discussion on implementation issues.

NOTES

1 A more appropriate term to use instead of receiver collision here is ‘contention’
of the arriving messages.

2 Access delay is defined as the delay between the time a packet arrives for
transmission at a node and the time it is actually transmitted.
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3 Time slots needed for transmissions from i to j may be considered instead,
which is equivalent (since actually one data packet lasts one time slot). The
matrix may also be referred to as a backlog matrix.

4 This inband polling protocol has been used in Rainbow I and Rainbow II
optical WDM network testbeds. Some additional information concerning these
systems will be given later in Section 3.1.

5 The same allocation map applies also for I-TDMA∗ with the same assumption
of zero tuning latency. I-TDMA∗ is an extension of I-TDMA which will be
discussed later.

6 Obviously, T was equal to one in the cases examined so far, since packet
transmission (of duration equal to one slot) was the only time-consuming
process.

7 We assume that W < N which is the most usual and general case.
8 We imply communication in a single hop of course.
9 This is obvious from the algorithm and particularly steps 2 and 3.

10 If it is ready to transmit to more that one node, i.e. its queue has more than one
packet buffered, it chooses to transmit the packet at the head of the queue.

11 Refer also to the short introduction to Section 3.2.
12 The notations used in [16] are slightly different, but we will keep on using the

same notations for nodes and wavelengths as in previous schemes.
13 That is to say, points (t0 − 1) and (t0 + 1) are not included.
14 We assume that cycle i is the current cycle.
15 As in the basic slotted Aloha/slotted Aloha scheme, we assume that a data

packet transmission (and slot) is L control slots long.
16 This period is obviously a control slot for slotted Aloha/CSMA.
17 One data packet is assumed L times a control packet as in previous schemes.
18 In [16] it is actually called CSMA/N-Server switch, since the number of data

channels is denoted there by N . We renamed the data channel scheme as
W-Server switch to keep uniformity with our symbolism of the number of data
channels as W .

19 For example, it is appropriate for file transfers and generally long ‘messages’
that can be broken up into several data packets.

20 This presupposes negligible (zero) tuning times for the tunable receiver of each
node. The protocol can also support tuning times that are a part of the cycle
duration [5].

21 Unacknowledged transmissions, possibly due to a receiver collision, have to be
retransmitted. The way of acknowledging transmissions is discussed in [18].

22 This scheduler is also used in [30–31].
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23 This is the case for a network operating at 10 Gb/s per WDM channel [29].
24 Note that the impact of the HOL blocking on network performance could

be alleviated as well by applying a more costly (hardware) solution, namely
equipping each node with additional receivers.

25 Several adaptive protocols assuming the hub performs active operations are
examined in Chapter 4. The random scheduling schemes for multicast traffic
outlined before also assume the hub is not passive but includes a master/slave
scheduler [29].

26 Note that network processing delays, like the delays introduced by the con-
tention processing schemes implemented at the hub, are included; the actual
contention processing schemes applied in the framework of this protocol are
described later.

27 Waiting for a successful control packet before proceeding to transmit the data
packet resembles the original slotted Aloha/delayed Aloha scheme.

28 The original name is TDMA-C, where C is the number of data channels in the
system. However, here we use W to denote this, in order to keep uniformity
with the notations used in previous schemes.

29 This is called receiver collision on control packet in [21], contrary to the usual
receiver collision on data packet, where data packets are only involved.

30 The SCM multiplexing technique was briefly described in Section 1.2.
31 In an example network analyzed and simulated in [30], it is observed that a

look-ahead window of just four packets increases throughput performance to
over 80% as compared to the FCFS algorithm.

32 WDM Passive Optical Networks were briefly introduced in Subsection 1.5.4.
33 Unfortunately it was not given a name in [20].
34 If p is the transmission probability, the node postpones control packet trans-

mission with probability 1 − p; in the latter case it reattempts to transmit in
the next slot of the chosen control subchannel. The transmission probability
updating scheme is not discussed here. Anyway its main idea is that transmis-
sion probabilities have to be decreased when an increased number of control
channel collisions are observed and vice versa.

35 This is called a source conflict [20], because the source node can only tune
and transmit one of the scheduled messages. In fact, it is the complementary
to a receiver collision, where a destination node can only tune and receive at
most one of the data packets destined to it. However, the difference is that in
a receiver collision there is wasteful transmission of data packets, while in a
source conflict a delay is only introduced for the packets that could not be
transmitted.
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36 Remember that the N-DT-WDMA protocol supported traffic with bandwidth
guarantees, as well.

37 The general approaches to the reservation bits actual management and setting
by the control node are discussed later.

38 The discussion on optical self-routing and partial self-routing (for N = W and
N > W respectively) of the chapter’s introduction and Subsection 3.1.1 apply
in this case as well.

39 This also applies for the next protocol (HTDM), as we will see.
40 Hence we have distributed scheduling.
41 Notice that a common random generator with the same seed is also used

by the R-TDMA protocol (presented in Subsection 3.1.3) and also by LABP
(presented in 4.1.2), CPF (4.4.2) and CWC (4.4.3); moreover, in reference [15].

42 One bit is enough to indicate an arrival for a destination queue, if we assume
that at most one new packet per time slot may be generated by each source
node for a certain destination.

43 The same values will be used as an example for RO-EATS and MSL too.
44 We have already considered a couple of schemes that ensure higher priority

is given to certain traffic types than others, such as N-DT-WDMA in 3.3.1.13
[18] and the protocol in 3.3.2.7 [11].

45 The first scheme could be called PDS-EATS, but the original name in [12] is
more preferable in order to avoid using the word ‘scheduling’ twice.

46 The schemes are applicable to environments where the number of wavelengths
is relatively small and it is crucial to use all wavelengths for data transmission.
When control information is transferred via the same channels used for data,
we say that we have in-band control signalling (as opposed to out-of-band in
case separate control channels are used).

47 Note that there are other differences too, for example as far as the assumed
number of queues per node is concerned.

48 Preemptive and non-preemptive scheduling was discussed in the introduction
to this Subsection in 3.3.2.

49 The simple data structures needed to be maintained by each node to represent
the collapsed traffic matrix are described in [40]; however, we focus only on
the scheduling algorithm itself.

50 This is different from Figure 3.12 where numbers in parentheses above each
message represent its length and destination respectively. That is because
the protocols presented in this part have different node structure with a FR
for data, which means that the destination is implied by the transmission
channel. Hence, the important information is the source node, the length of
the message and the data channel.
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51 For a survey on several earlier scheduling schemes which produce better
schedules but at the cost of much higher computational complexity, please
refer to [40]. Such solutions are obviously impractical for the networks
considered in this book, at least with current technology.

52 Note that the improvement may not always be that dramatic as in this numerical
example; anyway, performance is quite considerably improved in most cases.

53 For information and references on this model, which are obviously beyond
the scope of this book, please consult [23].
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4

Adaptive Protocols

In this chapter we are going to examine an individual category of relatively recent
protocols, which are proposed for media access control (MAC) in the wavelength-
division multiplexed (WDM) broadcast-and-select architecture for optical local
area networks. The special characteristic that distinguishes this class of protocols
and applies to all of the representative examples we are about to explore, is that
during network operation (i.e. in real-time) some form of feedback depending on
the individual scheme is received from the network and comprises the basis upon
which behaviour of the various individual stations is determined, e.g. exactly which
stations should transmit and on which particular channels at the next time slot.1 In
some of the protocols that will be examined last, this feedback could essentially
degenerate to some control information about the source and destination nodes of
the various packets; this information, as we will see, may be received and used by
some centralized mechanism in order to decide which packets should be allowed
to pass through the star coupler of the broadcast-and-select architecture at the next
time slot. However, for most of the schemes that will be presented in this chapter,
the above mentioned network feedback could actually be the state of the individual
channels (wavelengths) of the network, e.g. idle or busy, which is determined by
examining a very small percentage of the same overall signal broadcast to every
receiving station.

Multiwavelength Optical LANs, G.I. Papadimitriou, P.A. Tsimoulas, M.S. Obaidat and A.S. Pomportsis.
C© 2003 John Wiley & Sons, Ltd. ISBN 0–470–85108-2.
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In both cases described, we say that the protocols are adaptive in that they
involve mechanisms enabling them to adapt (their behaviour) according to network
feedback information they receive and process in a proper way, representative of
the individual protocol. Such mechanisms provide a so-called learning capability
to the protocols; thus ‘adaptation’ is the result of a learning process incorporated
in the various protocols of this category.

This is especially true and more obvious (as we mentioned in the first paragraph)
when the state of the individual channels is examined. In this case, as a rule, the
operation of the protocols is based on the use of stochastic learning automata.
Before generally identifying what a stochastic learning automaton is, let us first
define the concept (and process) of learning. Learning can be defined as any perma-
nent change in behaviour, as a result of past experience. A learning system should
therefore have the ability to improve its behaviour with time, toward a final goal. In
a purely mathematical context, the goal of a learning system is the optimization of
a function not known explicitly [15]. The idea behind designing a learning system
is to guarantee robust behaviour without complete, or even partial, knowledge of
the system/environment to be controlled [38]. Such learning systems are required
to be designed in the context of the so-called stochastic control theory, which is a
differentiation of the classical control theory. In the latter the control of a process
is based on complete knowledge of the process/system. The mathematical model
is assumed to be known and the inputs to the process are deterministic functions
of time. On the other hand, in stochastic control theory the uncertainties present in
the system/environment are also considered. Assumptions on those uncertainties
and/or input functions to the system may be insufficient to control the system
in the presence of various changes. It is then necessary to observe the operation
of the system in real-time and obtain further useful knowledge, since a priori
assumptions are not sufficient [38].

In our case the system/environment considered is actually a WDM Broadcast-
and-Select network where the traffic demands of the various nodes are not known
a priori. For example, in a network considering tunable transmitters and fixed-
tuned receivers (TT-FR) we simply could not know in advance the amount of
traffic (in packets) that would demand service, i.e. transmission on the various
channels; at a particular time slot, none, only one or more than one nodes might
tune their transmitters on a certain wavelength implying a particular station was
their desired destination (in fact the one having this wavelength as its ‘home
channel’ for reception). Thus, in this case stochastic control theory may apply and
it would be sensible to make use of stochastic learning automata.

An automaton is a machine or control mechanism designed to automatically
follow a predetermined sequence of operations or respond to encoded instructions.



Adaptive Protocols 229
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Stochastic Environment

Learning Automaton

Figure 4.1 Learning automaton that interacts with stochastic environment, where β(t) is
the response of the environment that consists of the input to the automaton and α(t) is the
action or output of the automaton at the time instant t .

The term stochastic emphasizes the adaptive nature of the automaton; that is to say,
the automaton does not follow a set of predetermined rules but adapts to changes
in its environment. It attempts a solution of a problem without any information
on the optimal action and thus initially assigns equal probabilities to all actions.
It then selects one action at random, observes the response from the environment
and updates the action probabilities based on that response. This procedure, which
obviously incorporates the concept of learning, is repeated and, consequently, the
automaton can be characterized as a stochastic learning automaton [38]. A general
depiction of the interaction between such a learning automaton and its environment
is depicted in Figure 4.1. The response from the environment at time instant t ,
denoted by β(t) in the figure consists of the input to the learning automaton. The
output of the automaton is the action decided after examining the environment’s
response. This is denoted by α(t) in Figure 4.1. The set of actions or outputs of the
automaton is finite, while the set of responses of the environment or inputs to the
automaton may be either finite or infinite [38].

As we mentioned before, most of the protocols examined throughout this chap-
ter make use of such stochastic learning automata. This way, they are capable of
adapting better to the varying traffic demands of the nodes in an optical WDM
local area network, thus generally achieving higher network performances than
many other previously proposed solutions. It should be recalled, however, that
some of the schemes, actually the ones proposed in Section 4.4, may still be char-
acterized as adaptive without using learning automata in their internal operation
mechanism. On the other hand, throughout Sections 4.1–4.3 several interesting
Adaptive TDMA (Time Division Multiple Access), Adaptive Random Access and
Adaptive Pretransmission Coordination protocols, respectively, will be described,
which all make use of stochastic learning automata in order to improve network
performance.
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4.1 ADAPTIVE TDMA PROTOCOLS

We will begin our exploration of adaptive protocols by putting at the centre of
our attention noteworthy schemes based on the Time Division Multiple Access
(TDMA) method and, in parallel, making use of learning automata. Apparently,
TDMA implies that we are talking about synchronous protocols (considering the
discussion in the introduction of Chapter 3), where data channels are time-slotted
and permission for transmission is generally assigned in a cyclic manner to all
(or a proper subset) of the nodes, but always taking into account at the same time
the network feedback information and the exact results of its processing by the
learning automata used. Another common feature of these protocols is the hardware
equipment used in each node in terms of transmitters and receivers, which actually
comprises one tunable transmitter and one receiver fixed-tuned in a predetermined
home channel. Thus we are generally considering WDM broadcast-and-select
architectures that can be characterized as TT-FR, according to the discussion in
Subsection 1.6.2. Moreover, transmitters are assumed to be capable of tuning over
the entire range of wavelengths used in the network. Therefore, the optical local
area networks considered in the context of the proposed protocols are single-hop.

4.1.1 SALP

In this subsection we present the Self-Adaptive Learning Protocol (SALP) which
is capable of operating efficiently under bursty and correlated traffic [32–33]. By
‘correlated’ we imply that destinations of the various packets transmitted by a
particular node within the network are not absolutely arbitrary, but have some kind
of relationship between them.

Generally, it has been noticed that traffic in high-speed LANs (e.g. gigabit LANs
as in the case of optical implementations) is highly bursty [11]. This is a straight-
forward consequence of the fact that most of the load in such networks is data
traffic, which is known to be intrinsically bursty. Optical LANs offer the potential
for higher speeds and therefore users’ demand for service (i.e. transmission of
their packets) may arrive at much higher peak rates in short time intervals, before
ceasing again for a while (as usually happens with data traffic). In this way traffic is
becoming even burstier in optical LANs and therefore only protocols that can han-
dle this type of traffic well may achieve satisfactory performance. Moreover, the
destinations of packets transmitted by a particular node in the network are highly
correlated, since most of them are fragments of large messages [2]. Under these
conditions, pure TDMA-based schemes are certain to suffer from low performance,
since they would waste a considerable amount of time-slots for idle stations.
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For example, let us consider R-TDMA and I-TDMA∗ which are compared to
SALP in [33]. As described in Chapter 3, in R-TDMA [7] at each time slot the W
available wavelengths are assigned to W different transmitting stations at random,
while in I-TDMA∗ [1] the wavelengths are assigned to the transmitting stations in
a round robin fashion. In a gigabit LAN with highly bursty and correlated traffic,
the waste of a considerable amount of time slots would be inevitable (even though
I-TDMA∗ would generally perform better than R-TDMA). This would be true even
when W separate fixed length queues were used, each for one of the W available
wavelengths, which has been shown [1] to favour the operation of these schemes
in comparison to using just a single queue for buffering. The SALP protocol is
proposed as an alternative, handling bursty and correlated traffic much better and
leading to a significant improvement of network performance.

4.1.1.1 Network Model of SALP
The SALP protocol considers a network model comprising a WDM passive star
broadcast-and-select network, like the one depicted in Figure 4.2. Let us define
the set of stations as U = {u1, u2, . . . , uN } and the set of wavelengths as � =
{λ1, λ2, . . . , λW }, where N and W are the number of stations and wavelengths
respectively. Each station is provided with a transmitter, which is a tunable laser
that can be tuned over the whole range of the W available wavelengths. Optical
fibres are used to connect the outputs of the lasers to the network hub. The N × N
passive star coupler included in the hub broadcasts all incoming optical signals to all
output ports. Each output port of the star coupler is connected to the corresponding
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Figure 4.2 The WDM passive star network considered in SALP.
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station by means of an optical fibre (other than the one used for transmission-
input to the hub). Each station is also provided with a receiver. Actually this is
a fixed-tuned optical filter that passes only one wavelength λik , where λik is an
element of set � and is called the ‘home channel’ (or ‘home wavelength’) of sta-
tion uk(k = 1, . . . , N ). The scheme for allocation of wavelengths-home channels
to users considered in SALP is the so-called interleaved allocation2 [1], where
generally ik = ((k − 1) MOD W ) + 1 for home channel λik of user uk . Since
N ≥ W , it may be the case that more than one user is assigned the same wave-
length as the home channel for reception. However, it should be noted that with
interleaved allocation, sharing of same wavelengths between various stations is
minimized. Apparently the system considered in SALP is TT-FR, therefore each
station is capable of receiving only those packets transmitted on its home channel.
The output of the optical filter is connected to a photodetector, which performs
O/E (optoelectronic) translation of the incoming signal, before it reaches (the
electronics of) the corresponding user. In Figure 4.2 the input ports of the hub
(connected to the lasers) are shown on its left, while the output ports (connected to
the fixed-tuned filters) on its right. However, the physical placement of the tunable
laser and the fixed-tuned filter of a particular user must be considered ‘inside’ the
same station.3

4.1.1.2 Detailed Description of SALP
As was mentioned in the introduction to this section, the operation of the SALP pro-
tocol is based on the use of learning automata. That is to say the WDM broadcast-
and-select network, and more specifically the varying traffic demands of its N
nodes, can be considered as a stochastic environment with which the learning au-
tomata are requested to interact. The actions of the automata will essentially be
decisions determining which station is granted permission to transmit on each of
the available wavelengths, at each time slot. That is why a set of exactly W learn-
ing automata L Ai (i = 1, . . . , W ) are needed for each station in order to enable
it (based on their decisions) to identify which stations are granted permission to
transmit at the next time slot, on each of the W wavelengths. If the station itself is
included in the transmitting nodes then it will have to prepare by tuning its laser
appropriately. Each automaton L Ai corresponds to a specific wavelength λi and
determines which station is granted permission to transmit on this wavelength.
Note that for the specific wavelength λi , all in all there are exactly N automata
L Ai , one for each station. As we will see, the N automata corresponding to the
same wavelength (one automaton for each station) make the same decision (choice
of a unique transmitter for the specific wavelength) at each time slot and thus the
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protocol becomes fully distributed and collision-free. But let us examine in more
detail how the transmitting stations are selected every time.

Each learning automaton L Ai contains a probability distribution Pi (t) over the
set of stations. Thus, Pi (t) = {Pi,1(t), Pi,2(t), . . . , Pi,N (t)}, where Pi, j (t) is the
basic choice probability of station uj for wavelength λi at time slot t . The selection
of the single station that is granted permission to transmit on each wavelength is
based on these basic choice probabilities, i.e. the station with the biggest value of
the relevant choice probability is selected. The selection of transmitting stations is
described in the following algorithm.4

{ *** Basic Notations ***
U :set of nodes = (u1, u2, ..., uN) - constant.
� :set of wavelengths = (λ1, λ2, ..., λW ) - constant.
G :set of stations that have not been granted

permission to transmit - variable.
R :set of wavelengths for which no source station has

been selected - variable.
Ci(t):station selected to transmit on λi at time slot t -

variable.
}

PROCEDURE SALP STATION SELECTION;
BEGIN
G := U ;
R := �;
WHILE R �= Ø DO
BEGIN

Choose at random one wavelength λi ∈ R;
Choose as source station the station uj ∈ G with the
biggest value of normalized choice probability

�i,j = Pi,j(t)∑
um ∈G Pi,m(t)

;

Ci(t) := uj;
G := G − {uj};
R := R − {λi};

END;
END;

After presenting the station selection algorithm, it is time to discuss the way the
choice probabilities are updated every time. The probability updating scheme is
very important, since it is in fact the heart of the learning process incorporated in
the protocol.
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As was mentioned in the introduction to SALP, this protocol is destined to handle
the bursty and correlated traffic that is typically present in gigabit LANs better than
other non-learning-based schemes. Taking burstiness of traffic and correlation of
destinations into account, it can be said that if a station transmitted a packet during
the last time slot, it is probable that it will have packets to transmit to the same des-
tination (same wavelength accordingly) at the next time slot too. Thus, the proba-
bility updating method used in SALP increases the basic choice probability of such
a station. On the contrary, when a selected station was idle in the last time slot, it is
likely to remain so at the next slot too. So, its choice probability has to be decreased.

All stations have (the same) knowledge of exactly which stations were selected
to transmit during the last time slot. In order to decide how to update the choice
probabilities for the next time slot (increase or decrease), the stations have to
be informed about the state of each wavelength during the last time slot. That
is to say, they have to know if the selected stations actually transmitted or not,
or, equivalently, whether the corresponding wavelengths were busy or idle. This
information actually comprises the input from the stochastic environment to the
W learning automata of each station.

The mechanism of SALP that provides stations with this necessary network
feedback information is illustrated in Figure 4.3. A small fraction ε of the optical
signal coming from the passive star coupler to each station is fed to a WDM
Demultiplexer, which separates the different wavelengths. The output ports of
the Demultiplexer are fed to an array of W photodetectors that detect whether
the corresponding wavelength is idle (no packet transmission) or busy (a packet
transmission is taking place). All this information determines the appropriate inputs
to the array of W learning automata L Ai , i = 1, . . . , W of the station. It should be
noted that no full reception of the incoming signals is performed in the feedback
mechanism. Only a detection of the presence or absence of optical signal power on
each wavelength is required. Accordingly, the splitting ratio ε can be very small.
Therefore, the power of the incoming signal that is guided to the receiver (fixed-
tuned filter) of the station (equal to (1 − ε) × Pin) remains practically unaffected,
i.e. approximately equal to Pin .

Let SLOTi (t) ∈ {busy, idle} be the state of wavelength λi at time slot t . Obvi-
ously, considering the discussion in the previous paragraph, the feedback mecha-
nism of Figure 4.3 provides each station exactly with this value of SLOTi (t) at each
time slot t . Now let us see next just how this information is used by the W learning
automata L Ai , i = 1, . . . , W of each station for updating the choice probabilities.
The probability updating scheme is the following:

Pi, j (t + 1) = Pi, j (t) + L(1 − Pi, j (t)),

if Ci (t) = u j and SLOTi (t) = busy.
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Figure 4.3 The feedback mechanism of SALP located in each station [29].( C© 2001 Wiley)

Pi, j (t + 1) = Pi, j (t) − L(Pi, j (t) − a),

if Ci (t) = u j and SL OTi (t) = idle.

In the above equations, Pi, j (t) is the basic choice probability of station u j , for
wavelength λi at time slot t . By Ci (t) we denote the station that is selected (granted
permission to transmit) on wavelength λi at time slot t . Furthermore, α and L are
special parameters of the protocol, with L , α ∈ (0, 1) and Pi, j (t) ∈ (α, 1) for all t .
The role of parameter α is to prevent the basic choice probabilities of stations from
taking values in the neighbourhood of zero, in order to increase the adaptivity of the
protocol. The exact values of parameters α and L depend upon the environment,
where the automata operate. When the environment is slowly switching or when
the environmental responses have a high variance, α and L must be very close to
zero in order to guarantee high accuracy. On the contrary, in a rapidly switching
environment or when the variance of the environmental responses is low, higher
values of α and L may be used so as to increase the adaptivity of the protocol.
Thus when the burst length is high or when the queue length is low, small values
of α and L must be selected. On the other hand, when the burst length is low or
when the queue length is high, α and L can be much higher.

4.1.1.3 Overview of Analytical and Simulation Results for SALP
One of the most important characteristics of SALP protocol is derived by analysis,
as provided in [33]. According to this characteristic, if we suppose that di, j is the
probability that station u j has one or more packets waiting to be transmitted on
wavelength λi , then, by using the probability updating scheme described in the
previous subsection, SALP ensures that the probability of a station being granted
permission to transmit asymptotically tends to be equal to di, j . That is to say, it
can be proved that for any station u j ∈ U and any wavelength λi ∈ � we have:

lim
t→∞,L→0,α→0

Pi, j (t) = di, j
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Details of the proof of the above limit can be found in [33] (proof of Theorem
1). Considering this argument, for any two stations u j , uk and any wavelength λk

(with dk, j �= 0), SALP asymptotically tends to satisfy the relation:

Pk,i

Pk, j
= dk,i

dk, j

That is to say the ratios of the basic choice probabilities asymptotically tend to be
equal to the ratios of the probabilities that there are packets for transmission. An
analogous relation also holds for the normalized choice probabilities:

�k,i

�k, j
=

Pk,i∑
um∈G Pk,m

Pk,i∑
um∈G Pk,m

= Pk,i

Pk, j
= dk,i

dk, j

This key characteristic of SALP suggests that, although the traffic parameters are
unknown and time-variable, the bandwidth of each wavelength is allocated by
SALP to the stations according to their needs. In this way the number of idle slots
is reduced, resulting in a significant improvement of network throughout.

The improvement of network throughput gained by using SALP has also been
proved by simulation and comparison of SALP with I-TDMA∗ and R-TDMA
(as mentioned in the introduction to this protocol) [33]. The same queuing model
was used for all three protocols, so that we have a fair comparison of them. It
was assumed that we have W separate queues of fixed length, one for each wave-
length. As was mentioned in the introduction, this queuing approach favours the
operation of R-TDMA and I-TDMA∗ in comparison to using just a single queue
for all wavelengths.5 If we denote the fixed length of each queue by Q, we ob-
serve that the total buffer size of each station rises up to W × Q, since there
is one queue for each channel. The performance metrics used for the compari-
son are the popular delay versus throughput and throughput versus offered load
characteristics.

For the corresponding graphs the reader may consult [32–33]; we selectively
present diagrams with performance results of SALP later on, when this is compared
to protocol APS in Subsection 4.1.3. Here, we only outline the main conclusions
from the comparison of SALP with R-TDMA and I-TDMA∗:

� The use of the learning automata-based mechanism incorporated by SALP leads
to a really notable improvement of the network performance. SALP outper-
forms the other two schemes when operating both under bursty and correlated
traffic.
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� SALP outperforms I-TDMA∗ and R-TDMA at a greater extent as the traffic gets
burstier. In fact the operation of SALP, supported by the learning mechanism, is
practically unaffected in terms of performance by the extent of traffic burstiness
and correlation of destinations, while the performance degradation suffered by
I-TDMA∗ and R-TDMA becomes much higher when burstier and correlated
traffic is considered, since the number of idle slots increases dramatically due to
the inflexible allocation of time slots to stations used by these schemes.

� By comparing the delay versus throughput and throughput versus offered load
of the protocols for networks with different queue lengths (Q), we observe that
when the queue length is low, each station has packets only for a small number of
wavelengths and, apparently, this favours an intelligent assignment of channels
(wavelengths) to transmitting stations like the one incorporated by SALP, rather
than the inflexible (‘blind’) assignment of wavelengths to stations applied in the
context of I-TDMA∗ and R-TDMA.

4.1.1.4 Concluding Remarks about SALP
Thus, we have seen that SALP is a relatively recent adaptive protocol that improves
network performance in comparison to other non-adaptive schemes like I-TDMA∗

and R-TDMA, because of the learning-automata based mechanism of each station
that adds intelligence to the assignment of wavelengths to transmitting stations;
i.e. SALP is capable of adapting better to unknown and time-variable traffic condi-
tions. The performance improvement it introduces is even greater when the traffic
becomes burstier, the destinations of the packets transmitted by a single station
more correlated and when the length of the queues used for each wavelength is
short. In SALP there is no centralized control, but W learning automata control-
ling the W wavelengths are located in each station. The learning automata of all
stations always select the same station as a source (transmitting station) for each
wavelength at each time slot, i.e. they make exactly the same decisions all the time.
Therefore the protocol is fully distributed and consequently it is also fault-tolerant,
since the failure of one station would not affect its operation. Also, it should be
noted that the only additional hardware required is the feedback mechanism of
Figure 4.3 for each station, which cannot be considered to increase significantly
the implementation cost of the SALP protocol.

4.1.2 LABP

In this subsection another self-adaptive learning automata-based protocol for
WDM passive star networks of the broadcast-and-select architecture is presented.
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This protocol is called Learning-Automata-Based Protocol (LABP) [34] and has
several similarities with the previously examined SALP protocol. That is to say
LABP is also fully distributed, collision-free and destined to handle better than
other non-learning-based schemes the gigabit LANs traffic, considering its par-
ticularity of being bursty and correlated (as far as the destinations of a single
transmitter are concerned). The burstiness and correlation of gigabit LANs traffic
were discussed in the previous subsection about SALP, so we shall not extend
the discussion about this subject here. LABP uses a probability updating scheme
(different from the one used by SALP), which enables it to allocate the bandwidth
of each channel to transmitting stations according to their needs and, thus, lead
network operation in the desirable state where the number of idle slots tends to be
minimized.

4.1.2.1 Network Model of LABP
The LABP protocol assumes a WDM passive star network where each station
is equipped with one tunable laser and one filter for reception, fixed-tuned to a
predetermined ‘home wavelength’. Thus it is applied to a TT-FR system according
to the relevant discussion of Chapter 1. Such a network was also assumed in the
case of SALP and is illustrated in Figure 4.2.

Let us define here as well the set of stations to be U = {u1, u2, . . . , uN} and
the set of wavelengths as � = {λ1, λ2, . . . , λW}, where N and W are the number
of stations and wavelengths respectively. The lasers are assumed to be capable of
tuning over the whole range of �. They are connected to the hub by means of a
separate optical fibre which is the case as well with fixed-tuned filters.

4.1.2.2 Detailed Description of LABP
The operation of LABP is based on the use of ‘discretized’ learning automata [17].
Specifically, each station has to be provided with a set of W discretized learning
automata L Ai (i = 1, . . . , W ) that respectively control each one of the W available
wavelengths; automaton L Ai is supposed to control wavelength λi and allocate
the bandwidth of this wavelength to the appropriate transmitting station at each
time slot. Thus, actions of the automata are in fact decisions determining which
station is granted permission to transmit on each of the available wavelengths,
at each time slot. The N automata corresponding to the same wavelength (one
automaton for each station) make exactly the same decision (choice of a unique
transmitter for the specific wavelength) at each time slot and thus LABP becomes
fully distributed and collision-free.
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Each learning automaton LAi contains a probability distribution Pi (t) over the set
of stations. Thus, Pi (t) = {Pi,1(t), Pi,2(t), . . . , Pi,N (t)}, where Pi, j (t) is the basic
choice probability of station u j for wavelength λi at time slot t . The selection
of the single station that is granted permission to transmit on each wavelength is
based on these basic choice probabilities. If we denote by Ci (t) the station that is
granted permission to transmit on wavelength λi at time slot t , then its selection
by LAi is generally carried out as follows:

If
∑N

m=1
Pi,m(t) = 0 then Ci (t) is selected at random.

If
∑N

m=1
Pi,m(t) > 0 then Ci (t) is selected according to the normalized choice

probabilities �i, j (t) = Pi, j (t)∑N
m=1 Pi,m(t)

, j = 1, . . . , N .

As in the case of SALP, considering that gigabit LANs traffic is bursty and there
is correlation among the destinations of a single transmitter, it can be supported
that if a station transmitted a packet during the last time slot, it would be probable
that it will have packets to transmit to the same destination (thus wavelength) at the
next time slot as well. Therefore the probability updating method used in LAPB
increases the basic choice probability of such a station. On the other hand, if a
selected station was idle in the last time slot, it would be probable to remain idle at
the next time slot too. Consequently, LAPB decreases its basic choice probability.
Since the learning automata of all stations make the same decisions, each station is
aware of exactly which stations were selected as transmitters for each wavelength
at each time slot. It remains to know whether they actually transmitted or not,
i.e. accordingly whether the corresponding wavelength was busy or idle at each
specific time slot. As in the case of SALP, let us denote by SLOTi (t) ∈ {busy, idle}
this information regarding wavelength λi . The mechanism of LAPB that provides
stations with this necessary network feedback information is exactly the same as
the one used in SALP and is shown in Figure 4.3. The probability updating scheme
of LAPB that uses this information is quite different from SALP and is described
by the following equations:

Pi, j (t + 1) = Pi, j (t) + 1

k
,

if Ci (t) = u j , SLOTi (t) = busy and Pi, j (t) ≤ 1 − 1

k
.
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Pi, j (t + 1) = Pi, j (t) − 1

k
,

if Ci (t) = u j , SLOTi (t) = idle and Pi, j (t) ≥ 1

k
.

It should be noted here that initially the basic choice probabilities of every
station, regarding choice for transmission on every wavelength, are set to 1/k, i.e.
Pi, j (t) = 1/k, ∀i, j. Parameter k is a parameter of the protocol and determines the
size of the probability quantity that comprises the step of increment or decrement
every time. Obviously, a large value of k would result in small changes of the
selected stations’ basic choice probabilities at each time slot, thus high accuracy
of LAPB, and, conversely, a small k would make the step of probability update big,
thus LAPB would adapt more rapidly to changes in the environment. By carefully
looking at the above probability updating scheme, it is obvious that the basic choice
probabilities take values from a finite set, specifically we have: Pi, j (t) ∈ {0, 1/k,
2/k, . . . , 1}.

Both the proper update of the basic choice probabilities and the selection of a
transmitter for every wavelength at each time slot are tasks performed by the learn-
ing automata that are located in each station.6 Actually, in the beginning of each
time slot the former task is carried out first and the latter second. In the case of SALP
we presented only the implementation (in form of pseudocode) for the procedure of
station selection and omitted the pseudocode for the probability updating scheme.
Here we shall present in detail an interesting implementation of both the previously
mentioned tasks performed by the learning automata in the context of LAPB.

The algorithm is based on keeping a variable-sized array A, which contains
‘probability cells’, with each cell representing a probability mass equal to 1/k. Each
cell belongs to a specific station. The actual content of the array in each position
is a station number that is actually an identifier of the station. Thus, if for example
the number of a certain station is present three times in the array, this implies that
its choice probability is equal to 3/k. Therefore, the choice probability of each
station is proportional to the number of cells it has in array A. Consequently, in order
to select a station according to the present probability distribution, it suffices to
select at random the content (station identifier) of one of the array’s positions (with
uniform distribution). This would mean that the corresponding station is granted
permission to transmit. Accordingly, when the learning automata wish to increase
the basic choice probability of a specific station, they just have to add one more
‘cell’ for this station in the array, i.e. the number of the station in one additional
position. On the other hand, decreasing the choice probability of a station would
just require removing one of the station’s cells from the array. The implementation
of the algorithm that each learning automaton must run is presented next in detail:
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{ *** Basic Notations ***
A[] :array which contains ‘probability cells’

for stations - variable.
asize :current size of array A - variable
index :index of currently selected cell (and

thus station) in array A - variable.
t :current time slot - variable.
sloti(t) :can be either busy or idle according to

the network feedback information -
variable flag.

number of cells[N]:array containing the current number of
probability cells for each station -
variable.

Ci(t) :station selected to transmit on λi at
time slot t variable.

}
PROCEDURE LABP LAi;
BEGIN
REPEAT

t := t+1;
j := Ci(t);

(* Update the choice probability of the selected station *)
IF (sloti(t) = busy) AND (number of cells[j] < k) THEN
BEGIN

inc (asize);
A[asize] := j;
inc (number of cells[j]);

END
ELSE IF (sloti(t) = idle) AND (number of cells[j] > 0)
THEN
BEGIN

A[index]:= A[asize]; (* overwrite last value
of A *)
dec (asize);
dec (number of cells[j]);

END
(* Select a station for the next time slot *)

IF (asize > 0) THEN
BEGIN

index := 
random * asize�;
Ci(t+1) := A[index];

END
ELSE Ci(t+1) := 
random * N�;

FOREVER;
END;
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The network feedback information regarding the state (busy or idle) of each wave-
length is provided by the mechanism of Figure 4.3 to the learning automata at
the beginning of each time slot. Each learning automaton has to update the prob-
ability distribution Pi (t) based on this information and then select a station as
a transmitter for the channel it controls, according to the new probability distri-
bution; however, it is crucial that both of these tasks are performed within the
interval of one time slot. Otherwise, a longer computational time would result in
considerable performance degradation, since it would cause time gaps between
packets. The implementation presented above is indeed sufficiently fast. In [34]
it is assumed, for example, that a really slow, according to today’s standards,
Pentium/166MHz microprocessor is used for the implementation of the W learn-
ing automata in assembly language. The required clock cycles for execution are
110. All the variables of the above algorithm are stored in the internal cache of
the microprocessor, due to the spatial and temporal locality of reference. As a
result, there are no wait states and 0.663 × Wµs are enough for the execution of
the algorithm. Considering that each station has a bit rate of 2 Gb/s and that the
packet length is equal to 4 KB [4], the slot duration becomes 16 µs. Consequently,
even with such a slow microprocessor, the network is capable of supporting up to
24 wavelengths and an overall network capacity of 48 Gb/s.

4.1.2.3 Overview of Simulation Results for LABP
In [34] the LABP protocol is simulated and compared to the well-known R-TDMA
protocol for bursty and correlated traffic.

References [6] and [14] were used as exemplars for modelling bursty traffic.
According to them, each station may either have no packet arrivals (i.e. packets
having ‘arrived’ for transmission) thus be in state X0 or may have one packet arrival
at each time slot, thus be in state X1 with probability Z . The transition probabilities
are P01 for transition from state X0 to state X1 and P10 for the opposite transition.
Assuming a network load equal to L packets/slot and a mean burst length of B
slots, it can be shown that P01 = L/B(NZ − L) and P10 = 1/B.

The correlation of packet destinations for a single transmitter was modelled with
reference [23] as an exemplar. Specifically, it is assumed that the destination of a
newly arriving packet is selected at random among all destinations with probabil-
ity R and it is the same as the previous packet’s destination with the remaining
probability (1 − R).

We shall present from [34] simulation results of the comparison of the LABP and
R-TDMA protocols when applied to the following two network configurations:

1. Network N1: N = 10, W = 5, Q = 10, B = 20, Z = 1.0, R = 0.05.
2. Network N2: N = 50, W = 10, Q = 10, B = 5, Z = 1.0, R = 0.2.
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Figure 4.4 Results taken from simulation and comparison of LABP with R-TDMA [34]
for two network configurations N1(N = 10 nodes, W = 5 wavelengths, W queues with
length Q = 10, mean burst size B = 20, traffic parameters Z = 1.0 and R = 0.05) and N2

(with N = 50, W = 10, Q = 10, B = 5, Z = 1.0 and R = 0.2). Figure shows delay versus
throughput characteristic of protocols (a) for N1 and (b) for N2. ( C© 1999 IEEE)

Parameters B, Z and R are traffic parameters as described above. N , W and Q
are the number of stations, wavelengths and the queue size, respectively. The
delay versus throughput characteristic of the two compared protocols for network
configurations N1 and N2 is depicted in Figure 4.4(a) and Figure 4.4(b) respectively.

It is obvious that the LABP protocol significantly outperforms R-TDMA espe-
cially for bursty and correlated traffic.

4.1.2.4 Concluding Remarks about LABP
Concluding LABP, we have seen that it is also a relatively recent adaptive pro-
tocol that improves network performance in comparison with other non-adaptive
schemes like R-TDMA, because of the learning-automata based mechanism of
each station that adds intelligence to the assignment of wavelengths to transmit-
ting stations. As in SALP, there is no centralized control, but W learning automata
controlling the W wavelengths are located in each station. The learning automata
of all stations always select the same station as a transmitter for each channel dur-
ing each time slot, i.e. they make exactly the same decisions all the time. That is
because they always contain the same choice probabilities and, moreover, because
the same random number generator and the same seed is used by all stations (in the
part of the implementation of the algorithm executed by each automaton that calls
for a random number, please refer to the pseudocode of Section 4.1.2.2). Taking all
these into account, it is obvious that the protocol is collision-free, fully distributed
and, by extension, it is also fault-tolerant, since the failure of one station would
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not affect the overall network operation. As far as LABP’s implementation cost
is concerned, it should be noted that the only additional hardware required is the
feedback mechanism of Figure 4.3 for each station, which does not increase the
implementation cost really much.

4.1.3 APS

We close the discussion about adaptive TDMA protocols by examining here an-
other learning automata-based protocol for WDM passive star networks of the
broadcast-and-select architecture. The new protocol seems to bring about further
improvements in terms of performance, as compared to the first studied SALP
protocol. It is called Adaptive Passive Star (APS) [29] protocol and has quite a
few similarities with the two previously examined protocols. That is to say, APS
is also fully distributed, collision-free and destined to handle better than other
non-learning-based schemes the bursty and correlated gigabit LANs traffic. APS,
however, is quite innovative in the way it selects stations as transmitters on each
wavelength at each time slot. As we will see, a set of stations which are expected
to have packets for each wavelength is maintained by the protocol (one set for
each wavelength) and the transmitter is commonly (but not always as we will see
later) selected in a round robin fashion among the stations in the set. Thus, APS
is capable of allocating the bandwidth of each channel to transmitting stations
according to their needs and, therefore, tends to minimize the number of idle slots.
This implies that a notable improvement in network throughput is brought about
by the use of the protocol in question.

4.1.3.1 Network Model of APS
The APS protocol assumes a WDM passive star network where each station is
equipped with one tunable laser and one filter for reception, fixed-tuned to a
predetermined ‘home wavelength’. Thus, it is applied to a TT-FR system according
to the relevant discussion of Chapter 1. Such a network was also assumed in the
case of SALP and LABP and is illustrated in Figure 4.2.

Let us define here, as well, the set of stations to be U = {u1, u2, . . . , uN} where
N is the number of stations in the network and the set of wavelengths as � =
{λ1, λ2, . . . , λW} where W is the number of available wavelengths. The lasers are
assumed to be capable of tuning over the whole range of �. They are connected to
the hub by means of a separate optical fibre which is the case as well with fixed-
tuned filters. It should be noted that each station is assumed to have a waiting queue
of length Q, where all the arriving packets are buffered before actual transmission.
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4.1.3.2 Detailed Description of APS
The operation of APS is based on the use of learning automata, exactly as is the
case for SALP and LABP. The WDM broadcast-and-select network, and more
specifically the varying traffic demands of its N nodes, can be considered as a
stochastic environment with which the learning automata are requested to inter-
act. The actions of the automata are in essence decisions about which station is
granted permission to transmit on each of the available wavelengths, at each time
slot. Thus, a set of exactly W learning automata LAi (i = 1, . . . , W ) is needed
for each station in order to enable it (based on their decisions) to identify which
stations are granted permission to transmit at the next time slot, on each of the
W wavelengths. Each automaton LAi controls a specific wavelength λi and de-
termines which station is granted permission to transmit on this wavelength. As
in the previous protocols, for the specific wavelength λi , all in all there are ex-
actly N automata LAi , one for each station. The N automata corresponding to the
same wavelength (one automaton for each station) make the same decision, i.e.
choose a unique transmitter for the specific wavelength at each time slot. There-
fore, the APS protocol becomes fully distributed and collision-free. Traffic in the
context of APS is considered to be bursty and the packet destinations of a sin-
gle transmitter correlated; the packets included in a burst are actually considered
fragments of larger messages with each message, of course, heading to the same
destination.

In the context of APS each station can either be in active or idle state, i.e. it may
respectively have one or no packet arrivals, at each time slot. More specifically,
for a certain wavelength λi , we can characterize a station as active for λi , if it has
one or more packets to transmit on this wavelength; otherwise, the station may be
characterized as idle for λi . The fundamental characteristic of APS protocol is that
the learning automata maintain and update (at each time slot according to network
feedback information) a set of stations, which are expected to be active for the
wavelength they control. To be exact, the learning automaton LAi (as we saw in
total there are N such identical automata, one located at each station) maintains a set
Ai of stations that are expected to be active for wavelength λi and also updates this
set at each time slot by adding or removing stations from it according to network
feedback. The selection of the station that is granted permission to transmit on
λi is carried out in a round robin fashion from set Ai . A central point in APS
protocol is to determine exactly which stations should be considered applicable to
enter the sets Ai , i = 1, . . . , W . Since the offered traffic is assumed to be bursty
and all packets in a burst are considered fragments of large messages, thus are
typically destined to the same recipient, it follows that the packets arriving to a
certain transmitter are waiting to be forwarded on the same wavelength towards the
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same destination node. Consequently, if a station given permission to transmit on
a wavelength λi was active, it is highly probable that it will remain active for this
wavelength in the near future. Therefore it is included in set Ai . On the contrary, if
it was granted permission to transmit but was idle for wavelength λi , it is probable
that it will remain idle for the specific wavelength in the near future, thus it is not
included in set Ai .

However, it is easy to see that the APS protocol would be neither efficient nor fair
if it was exactly as described so far. Stations that were idle for a specific wavelength
for a long time would never have a chance to enter the corresponding set of
‘expected-to-be’ active stations for this wavelength (from which, only, transmitters
are supposed to be chosen), even if they actually wanted to transmit something on
this wavelength at some time, which is very natural to happen. For example, if a
station u j /∈ Ai was continuously idle for wavelength λi but at some point in time
it actually wanted to transmit a burst of packets on it (i.e. it became active), the
APS protocol would be incapable of sensing such a transition from idle to active
state. In order to overcome this important deficiency, APS grants transmission
permissions to stations outside the corresponding sets Ai after a certain timing
threshold. Specifically, APS keeps track of the time di, j that passed from the last
time each station u j ∈ U was granted permission to transmit on wavelength λi ,
for i = 1, . . . , W . In practice, APS maintains W sets of these times (one set per
wavelength) which are defined as Di (t) = {di,1(t), di,2(t), . . . , di,N (t)}, i = 1, . . . ,
W , for time slot t . For each station u j , when di, j exceeds a predefined threshold �,
the protocol grants to u j permission to transmit on wavelength λi at the next time
slot, even if u j /∈ Ai . This feature of APS ensures that no station has to wait more
than � time slots before it is granted permission to transmit on any wavelength
and, apparently, it makes the protocol capable of adapting better to varying traffic
conditions, more effective and fair.

Before proceeding to the algorithmic description of the protocol it should be
noted that, as in the case of SALP and LABP, the learning automata that per-
form all the previously described operations must be informed of the state of the
wavelength they control at each time slot, i.e. for wavelength λi , LAi must know
the value of SLOTi (t) ∈ {busy, idle}. This information is provided by a network
feedback mechanism located at each station, which is identical to the two previ-
ously described protocols and is illustrated in Figure 4.3. Based on this network
feedback information, the learning automata update the sets Ai in the proper way,
as described above. In the following, the algorithm which the learning automaton
LAi runs in order to determine the transmitter for wavelength λi at each time slot
is presented:
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{ *** Basic Notations ***
t :time slot - variable.
Ai(t) :set of stations that are expected to be active

for wavelength λi at time slot t - variable.
sloti(t):can be either busy or idle according to the

network feedback information - variable flag.
di,j(t) :time slots passed since uj was granted

permission to transmit on λi, at time slot t -
variable.

si(t) :number of station that was granted permission to
transmit on λi, at time slot t - variable.

Usi(t) :station that was granted permission to transmit
on λi, at time slot t - variable.

k :auxiliary variable.
}

PROCEDURE APS LAi;
REPEAT

t:= t+1;
FOR each wavelength λi ∈ � DO
BEGIN

k :=si(t);
(* Update vector Di *)
FOR all j �= k DO di,j(t) := di,j(t−1)+1;
di,k(t) := 0;
(* Update the set of active users Ai *)
IF (sloti(t) = busy) AND (uk /∈ Ai(t−1)) THEN

Ai(t) := Ai(t−1) ∪ {uk};
IF (sloti(t) = idle) AND (uk ∈ Ai(t−1)) THEN

Ai(t) := Ai(t−1) − {uk};
(* Select station usi(t + 1) which is granted permission to

transmit *)
Select k such that di,k(t) = maxj{di,j(t)};
IF (di,k(t)≥ �) THEN si(t+1) := k
ELSE IF (Ai(t) = Ø) THEN si(t+1) := (k mod N)+1
ELSE
BEGIN

REPEAT
k := (k mod N) + 1;

UNTIL uk ∈ Ai(t);
si(t+1) := k;

END
END

FOREVER;
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4.1.3.3 Overview of Simulation Results for APS
In [29] the operation of the APS protocol is simulated and its performance is
evaluated. For the sake of this evaluation APS is compared to the SALP protocol
(described in a previous subsection). These protocols have many similarities, e.g.
they are both self-adaptive, learning automata-based, applied to the same network
model and assume the same network feedback mechanism at each station. Thus a
comparison would be very helpful in order to evaluate the possible performance
improvements introduced by APS.

Traffic was assumed to be bursty and correlated as is the case for gigabit LANs.
The burstiness of the offered traffic was modelled in a way identical to the one used
for the simulation of SALP, i.e. using the packet train model, which is also applied
in [6, 10, 13–14]. According to it, each station alternately produces a ‘train’ (i.e.
burst) of packets with the same destination followed by one or more empty slots.
The bursts contain a geometrically distributed number of packets. The mean burst
length B is one of the parameters of the packet train model.

We shall present from [29] the results from the simulation and application of
APS and SALP to the following three network configurations:

3. Network N1: N = 40, W = 20, Q = 20, B = 20.
4. Network N2: N = 100, W = 20, Q = 20, B = 20.
5. Network N3: N = 100, W = 20, Q = 40, B = 40.

Parameters N , W , Q and B are the number of stations, available wavelengths,
queue size and mean burst length, respectively. The performance metric used
was the delay versus throughput characteristic. It should also be pointed out that
the special parameter � of the APS protocol was taken to be equal to 500 time
slots.

The delay versus throughput characteristic of protocols APS and SALP for net-
works N1, N2 and N3 are shown in parts (a), (b) and (c) of Figure 4.5, respectively.

It is obvious that APS introduces a significant improvement in performance for
networks with bursty traffic and correlated packet destinations, as far as the pack-
ets of a single transmitter are concerned. However, as was described extensively
before, both protocols refer to the same network model and make use of the same
network feedback mechanism. In an effort to explain why APS outperforms SALP
we could note the following:

� In the context of APS once a station enters the set of active stations for a specific
wavelength, it is guaranteed that it is going to be granted permission to transmit
on it within the next few time slots. Thus APS is a deterministic protocol. On the
other hand, in the context of SALP it is possible for a station having packets for
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Figure 4.5 Results taken from simulation and comparison of APS with SALP [29] for
three network configurations: N1(N = 40 nodes, W = 20 wavelengths, W queues with
length Q = 20, mean burst size B = 20), N2 (with N = 100, W = 20, Q = 20, B = 20)
and N3 (N = 100, W = 20, Q = 40, B = 40). Figure 4.5 shows the delay versus throughput
characteristic of the protocols: (a) for N1, (b) for N2 and (c) for N3. ( C© 2001 Wiley)

a certain wavelength to be forced to wait for an arbitrary number of time slots
before being granted permission to transmit. This is because of the stochastic
nature of SALP.

� APS provides better for the case where a station is continuously idle for a certain
wavelength and suddenly forms a burst of packets destined for a station having
this wavelength as home channel, i.e. transits from idle to active state for this
wavelength. This situation is not an exception during typical operation of a
WDM broadcast-and-select LAN, but may appear quite often if we consider
the operation in the long run. As we saw, APS periodically grants transmission
permissions to stations that were not selected for quite a long time (determined
by parameter �). On the other hand, SALP does not sense efficiently enough
(in comparison to APS) the transition of a station from idle to active state for a
specific wavelength.
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In the subsection where SALP was examined we saw that SALP brings about
significant performance improvement in a network with bursty and correlated
traffic in comparison to I-TDMA∗ and R-TDMA protocols. Consequently, APS
also outperforms these protocols, since it clearly outperforms SALP, as is shown
in Figure 4.5.

4.1.3.4 Concluding Remarks about APS
Concluding APS, we have seen that it is also a recent adaptive protocol that im-
proves network performance in comparison to other both non-adaptive schemes,
such as R-TDMA and I-TDMA∗, and adaptive ones, such as the previously de-
scribed SALP. As in SALP, there is no centralized control, but W learning automata
controlling the W wavelengths are located in each station. The learning automata
of all stations always select the same station as a transmitter for each channel
during each time slot, i.e. they make exactly the same decisions all the time. This
is because they always run the same algorithm presented in form of pseudocode
before and always have common feedback information on account of the broad-
cast nature of the network. Consequently, APS protocol is collision-free, fully
distributed and, by extension, it is also fault-tolerant, because a possible failure of
one station would not affect the overall network operation. As far as the imple-
mentation cost of APS is concerned, as in the previous schemes, APS does not
require significant additional cost, since the only additional hardware required is
the feedback mechanism of Figure 4.3.

4.2 ADAPTIVE RANDOM ACCESS PROTOCOLS

We have already referred to random access MAC protocols designed for WDM
local area networks of the broadcast-and-select architecture in Chapter 3. In ran-
dom access protocols like slotted ALOHA, for example, each ready station trans-
mits with a fixed transmission probability p and postpones transmission with the
remaining probability 1 − p in the general case. Thus, it is obvious that such pro-
tocols do not provide any solution for the case where two or more stations choose
to transmit on a specific wavelength at the same time; in other words, collisions
are allowed to occur and exactly this is the cost of these protocols’ comparative
simplicity. In this section two random access schemes that make use of learning
automata will be presented. By using learning automata, these protocols turn out
to be adaptive in that they become capable of dynamically determining the trans-
mission probability p for each wavelength, which is no longer fixed. In fact this
probability is properly adapted close to an optimal value according to the current
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network traffic conditions with the help of the learning automata. The eventuality
of collisions is not eliminated, however, since due to the random access nature of
the protocols, two or more stations may still choose to transmit on a certain chan-
nel at the same time slot. Still, these new self-adaptive random access schemes
introduce a significant improvement in network performance, as will be shown in
more detail in the following subsections.

4.2.1 LABRA

We begin the presentation of adaptive random access protocols for WDM passive
star networks of the broadcast-and-select architecture with the so-called Learning
Automata-Based Random Access (LABRA) protocol [22, 24]. The LABRA protocol
can be considered an extension of the well-known slotted ALOHA protocol which
was examined in Chapter 3. Thus, LABRA considers the same network model
as slotted ALOHA considers time-slotted data channels (synchronous) and is not
collision-free, i.e. it does not eliminate the eventuality of concurrent transmissions
on the same channel (collisions). The difference is that LABRA is capable of
operating efficiently under any load conditions, because it is based on the use of
learning automata.

We have already mentioned that, in the context of the slotted ALOHA protocol,
each station which is ready to transmit on a certain wavelength chooses to transmit
with a fixed transmission probability p and postpones transmission with probability
1 − p. It is apparent that if two or more stations chose to transmit over the same
channel at the same time slot, the transmitted packets would be destroyed, i.e. we
would have a collision. Each of the transmitted stations that caused the collision
would sense that a collision had occurred and, according to slotted ALOHA, would
have to retransmit its packet at the next time slot with the same fixed transmission
probability p. A very important deficiency of slotted ALOHA protocol, especially
if it is considered to operate in gigabit local area networks like the multiwavelength
optical LANs we consider, is that the assumption of a fixed transmission probability
for each wavelength does not comply well at all with the variable traffic conditions
that are encountered in practice.

This can easily be explained if we examine the probability of a successful
transmission Psucc(t) on a specific wavelength λi at time slot t under the slotted
ALOHA protocol. Let M be the number of stations that are ready to transmit on λi

at time slot t . This probability is equal to the probability that only the first station
(out of the M) transmits and all others postpone transmission, or only the second
(out of the M) transmits and all others postpone transmission, and so on, until
the case only the M th station (out of the M) transmits and all others postpone
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transmission. Thus, we have:

Psucc(t) =
M∑

k=1

p(1 − p)M−1 = Mp(1 − p)M−1.

It is desirable to maximize this probability of successful transmission. By taking
the first derivative of the right-hand side of the above relation and making it equal
to zero we find that the probability of successful transmission would be maxi-
mized if we took p = 1/M , i.e. we have maximum throughput if the transmission
probability is taken to be equal to the inverse of the number of ready stations for
the specific wavelength λi at the specific time slot t . Generally, we notice that the
optimum value of the transmission probability p on a certain wavelength depends
on the number of users waiting to transmit on this wavelength at each time slot; in
other words, it depends on the offered load to the specific wavelength. The follow-
ing two observations can be made on the offered load of each specific wavelength
of the networks we examine:

� Since we consider gigabit LANs, it has already been shown that traffic in such
networks in highly bursty.7 A high burstiness of offered traffic implies a high
variability of the load offered to each wavelength.

� Even if we assume that generally the load offered to a WDM passive star network
is stable, the load of each specific wavelength is time-variable. This is because at
a certain time instant a large percentage of the (overall stable) offered load may
be destined for the same wavelength. Under slotted ALOHA, this wavelength
would suffer from a large number of collisions that would probably make the
transmission rate much lower than the arrival rate of packets for this wavelength.
As a result, the number of waiting packets would further increase and obviously
the situation would form a vicious circle. In this case we say that the wavelength is
overloaded. Wavelength overloading is a really undesirable situation that brings
about a dramatic decrease in network throughput.

Since the load offered to each wavelength is variable, it follows that a choice of
a fixed transmission probability for each wavelength does not comply well at all
with this fact. In practice, a fixed transmission probability means that the protocol
in question (e.g. slotted ALOHA) is incapable of adapting to the varying load
conditions and thus it is highly probable that it will bring the network throughput
down to extremely low levels, especially if we consider the highly bursty gigabit
LAN traffic and the eventuality of wavelength overloading discussed above.

The operation of the examined LABRA protocol is based on the use of learn-
ing automata in order to properly adapt to the variable offered load conditions by
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dynamically determining the transmission probability p for each wavelength at
each time slot. As we will see, in the context of LABRA the transmission proba-
bility asymptotically tends to take its optimum value presented above. Therefore,
the protocol in question is capable of operating efficiently under any load condi-
tions.

4.2.1.1 Network Model of LABRA
The LABRA protocol considers a network model comprising a WDM passive
star broadcast-and-select network like the one depicted in Figure 4.2, which was
also used in the previous adaptive schemes. Let us define here as well the set of
stations as U = {u1, u2, . . . , uN} and the set of wavelengths as � = {λ1, λ2, . . . ,
λW}, where N and W are the number of stations and wavelengths respectively.
Each station is provided with a transmitter which is a tunable laser capable of
tuning over the whole range of the W available wavelengths. Optical fibres are
used to connect the outputs of the lasers to the network hub. Each station is also
provided with a receiver, which actually is a fixed-tuned optical filter that passes
only one wavelength called the ‘home wavelength’ of the station, as we have seen.
Obviously the system considered in LABRA is TT-FR; therefore, each station is
capable of receiving only those packets transmitted on its home channel.

Of course, it should be noted that Figure 4.2 only illustrates the general network
model used by LABRA. As we describe in the following subsection and the next
figure, there is a slight variation in the receiving part of each station. Specifically,
stations no longer need to have fixed optical filters for receiving the optical signals
transmitted on their home wavelengths. This is because the operation of each filter
is replaced in LABRA by directly connecting the corresponding photodetector to
the appropriate output of a WDM demultiplexer, which has to be included in the
internal architecture of each station. However, Figure 4.2 still generally depicts
the network model used, as it shows a TT-FR system operating under the slotted
ALOHA protocol, which is the base of LABRA as well. All the details of LABRA
including the variation mentioned before are presented extensively in what follows.

4.2.1.2 Detailed Description of LABRA
As was stated in the introduction to LABRA, the optimum transmission probabil-
ity varies with time and wavelength, since it depends on the number of packets
waiting to be transmitted on each wavelength during each time slot. In order to
dynamically determine, as optimally as possible, the transmission probabilities
for each wavelength, an array of W learning automata LAi where i = 1, . . . , W ,
has to be placed at each station uk . Each learning automaton corresponds to a
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specific wavelength. In general LAi corresponds to wavelength λi and determines
the transmission probability Pi (t) at each time slot t for this wavelength. Apart
from this important differentiation, the operation of LABRA remains similar to
that of slotted ALOHA. Thus, at each time slot t , each station uk which is ready to
transmit on wavelength λi , transmits its packet with probability Pi (t) and postpones
transmission with the remaining probability 1 − Pi (t). Therefore, we still have a
random access protocol, but with suitably varying transmission probabilities.

The central issue in LABRA is how to determine transmission probabilities.
A high value of transmission probability Pi (t) would commonly result in a large
number of collisions on wavelength λi . On the other hand, a relatively small value
of Pi (t) would generally mean that the number of idle slots on λi is increased.
Both cases are undesirable, since they lead to a decreased throughput of channel
λi . As discussed in the introduction to LABRA, the ideal value of the transmission
probability at each time slot is equal to 1/M , where M denotes the number of users
that are ready to transmit on this wavelength. The problem is that M varies with
time and is generally unknown. Next, let us describe in detail just how LABRA
protocol tries to deal with this situation, i.e. how the learning automata of LABRA
update the transmission probabilities for each wavelength at each time slot.

Since the protocol is not collision-free, there are three possible events that may
take place for wavelength λi at time slot t ; namely, we may have a successful
transmission of a single packet, no transmission at all (wavelength stays idle) or
a transmission of at least two packets which inevitably leads to a collision. If we
denote by M the number of users ready to transmit on wavelength λi at time slot
t , the probabilities of these three events respectively are:

Psucc(t) =
M∑

k=1

Pi (t)(1 − Pi (t))
M−1 = MPi (t)(1 − Pi (t))

M−1;

Pid (t) = (1 − Pi (t))
M ;

Pcol(t) = 1 − Pid (t) − Psucc(t) = 1 − (1 − Pi (t))
M − MPi (t)(1 − Pi (t))

M−1.

The main objective of the learning automata used by LABRA is to determine
the transmission probability as near as possible to the optimal Pi (t) = 1/M , so
that Psucc(t) always tends to be maximized. In this direction, if the wavelength
was idle at the last time slot (t − 1), the learning automata decide to increase
probability Pi (t), because an idle slot is probably due to a relatively small value of
the transmission probability. Accordingly, if a successful transmission took place
at the last time slot (t − 1), it is concluded that this probably occurred due to the
small number of packets waiting to be transmitted on wavelength λi . That is why
the transmission probability Pi (t) is also increased. Thus, in both the events of
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successful and no transmission at all, the N identical learning automata LAi which
are located at the N stations decide to increase the transmission probability Pi (t)
for wavelength λi . On the contrary, a collision during the last time slot (t − 1) can
be ascribed to a high value of transmission probability; consequently, the learning
automata LAi choose to decrease the transmission probability Pi (t) on λi for the
next time slot.

Let us denote by SLOTi (t) ∈ {SUCCESS, IDLE, COLLISION} the state of
wavelength λi during time slot t . The previous observations imply that the learning
automata should generally update the transmission probabilities as follows:

Pi (t + 1) = Pi (t) + �1,

if SLOTi (t) = SUCCESS or SLOTi (t) = IDLE.

Pi (t + 1) = Pi (t) − �2,

if SLOTi (t) = COLLISION.

In the above equations, we have 0 < �1 < 1 − Pi (t) and 0 < �2 < Pi (t). Thus,
the main objective of LABRA reduces to an appropriate choice of �1 and �2, so
that Pi (t) tends to be equal to 1/M .

In the direction of finding the appropriate values of �1 and �2, we could no-
tice that if Pi (t) = 1/M, limM→∞{Psucc(t) + Pid (t)} = limM→∞ di (t) = 2e−1 =
0.736, where di (t) denotes the probability of either having a successful or no trans-
mission at all; since, according to the general probability updating scheme, this
implies that the transmission probability should be increased, probability di (t) is
also called ‘reward probability’. Moreover, we notice that for small values of M
(M ≥ 2), the reward probability di (t) takes values very close to 2e−1 = 0.736. For
example, considering the relations of Psucc(t) and Pid (t) presented before and bear-
ing in mind that di (t) = Psucc(t) + Pid (t), we have that M = 2 ⇒ di (t) = 0.750,
M = 3 ⇒ di (t) = 0.741, M = 4 ⇒ di (t) = 0.738, M = 5 ⇒ di (t) = 0.737, etc.
This important observation guarantees that the unknown optimal value of Pi (t) =
1/M corresponds to a known value of di (t) = 2e−1 = 0.736 = v.

Furthermore, we could notice that for any wavelength λi (with M ≥ 2) the
reward probability di (t) is a monotonically decreasing function of the transmission
probability Pi (t). Indeed, if we consider the reward probability as a function of the
transmission probability Pi and take its first derivative, for Pi ∈ (0, 1) and M ≥ 2
we have that:

d ′
i (Pi ) = [

(1 − Pi )M + MPi (1 − Pi )
M−1

]′ = −(M − 1)MPi (1 − Pi )
M−2 < 0.

This fact implies that the wanted value v of the reward probability di (t) can be
achieved by increasing or decreasing the value of Pi (t) appropriately. Specifically,
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if we had di (t) > v and therefore wanted the reward probability to be decreased
(i.e. δdi (t) = di (t + 1) − di (t) < 0) so that it gets closer to v, we would just have
to increase the transmission probability i.e. δPi (t) = Pi (t + 1) − Pi (t) > 0. And
inversely, if we wanted di (t + 1) − di (t) > 0, i.e. a higher value for the reward
probability, we would have to decrease the transmission probability thus get Pi (t +
1) − Pi (t) < 0. If we further analyse the general updating scheme presented before,
we get the following equation (4.1):

E[δPi (t)] = E[Pi (t + 1) − Pi (t)] = di (t)�1 − (1 − di (t))�2

= (
�1 + �2

) (
di (t) − �2

�1 + �2

)
(4.1)

In order to asymptotically converge to the desirable point where di (t) = v, the
probability updating scheme used by the learning automata LAi must satisfy the
following three properties:

1. If di (t) > v then the transmission probability must be increased, i.e. we should
have E[δPi (t)] > 0 and consequently E[δdi (t)] < 0 (due to the fact that di (t)
is a monotonically decreasing function of the transmission probability Pi (t)).

2. If di (t) < v then the transmission probability must be decreased, i.e. we should
have E[δPi (t)] < 0 and consequently E[δdi (t)] > 0.

3. If di (t) = v then the transmission probability must remain the same, i.e. we
should have E[δPi (t)] = 0 and consequently E[δdi (t)] = 0.

Since from equation (4.1) (�1 + �2) is always positive, the sign of E[δPi (t)]
is determined by the difference di (t) − �2/(�1 + �2). It is easy to see that all
the three previous properties are satisfied if �2/(�1 + �2) = v or equivalently if
�1 = ((1 − v)/v)�2. By denoting ((1 − v)/v) as h, it would suffice to have �1 =
h�2, where h = ((1 − v)/v) = (1 − 2e−1)/2e−1 = 0.359. If we set �2 = �, the
general probability updating schemes changes to the following:

Pi (t + 1) = Pi (t) + h�,

if SLOTi (t) = SUCCESS or SLOTi (t) = IDLE.

Pi (t + 1) = Pi (t) − �,

if SLOTi (t) = COLLISION.

In this probability updating scheme 0 < � < (1 − Pi (t))/h and 0 < � < Pi (t).
Now, the problem of how the learning automata should update the transmission
probabilities reduces to the appropriate choice of parameter �. In [22, 24] a
first attempt for this is to select � = L Pi (t)(1 − Pi (t)), where 0 < L < 1. The
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probability updating scheme would then become:

Pi (t + 1) = Pi (t) + hL Pi (t)(1 − Pi (t)),

if SLOTi (t) = SUCCESS or SLOTi (t) = IDLE.

Pi (t + 1) = Pi (t) − L Pi (t)(1 − Pi (t)),

if SLOTi (t) = COLLISION.

However, a serious weakness of this scheme led the authors in [22, 24] to
appropriately modify it; it can be noticed that when the transmission probability
takes values very close to zero or one, the probability updating step becomes too
small. This implies that the adaptivity of the corresponding learning automata
would decrease dramatically and, accordingly, this would be the case as well for
network throughput. Thus, the probability updating scheme is eventually proposed
to be the following:

Pi (t + 1) = Pi (t) + hL Pi (t)(1 − Pi (t)) + aL2(1 − Pi (t))
2,

if SLOTi (t) = SUCCESS or SLOTi (t) = IDLE. (4.2)

Pi (t + 1) = Pi (t) − L Pi (t)(1 − Pi (t)) − bL2(Pi (t))
2,

if SLOTi (t) = COLLISION.

In this scheme parameter L ∈ (0, 1) and, also, for the two new parameters a and
b we have a, b ∈ (0, 1/L). As we shall see when we report the main results from
the analysis of LABRA, the above mentioned probability updating scheme tends
to assign an optimal value to the transmission probability of each wavelength at
each time slot.

As far as the actual implementation of LABRA is concerned, we notice that the
W learning automata located at each station only require knowing the value of
SLOTi (t) at each time slot t , because in this case they would know exactly how
to update the transmission probabilities according to the scheme above. It is easy
to notice that the learning automata actually need to know whether there was a
collision or not during the last time slot.8 This information is provided to them
by the network feedback mechanism included in the internal architecture of each
LABRA station, as illustrated in Figure 4.6.

Each station operating under the LABRA protocol is provided with a WDM
demultiplexer, which gets the optical signal from the star coupler as input and
separates the individual wavelengths. Each one of the separated wavelengths is
then detected for collision. The collision detection operation can be implemented
either by computing the checksum of the packet’s header or by measuring the
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Figure 4.6 The internal architecture of a station with wavelength λi as its home channel
in the context of LABRA protocol [22]. ( C© 1993 IEEE)

optical power of the signal by means of a photofet. As is shown in Figure 4.6
and described in the previous paragraph, the output of each collision detection
mechanism is fed to the corresponding learning automaton, since it provides the
learning automaton with all the necessary information needed in order to update
the transmission probability of the wavelength it controls for the next time slot.
It should be noted here that the end-to-end propagation delay is assumed to be
negligible; thus the network feedback information concerning the presence or
absence of a collision during the last time slot is immediately available to the
corresponding learning automata.9

Figure 4.6 also shows why the stations using the LABRA protocol no longer
need to have fixed optical filters to receive the optical signals transmitted on their
home wavelengths. This statement was first made when we examined the network
model of LABRA in the previous subsection. By looking at the figure, it is clear
that the operation of each filter is replaced in LABRA by directly connecting the
corresponding photodetector to the appropriate output of the WDM demultiplexer.
Figure 4.6 depicts a station having wavelength λi as its home wavelength for
reception. Thus it is obvious that the role of the WDM demultiplexer is twofold.
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Given that all stations have the same architectural structure shown in Figure 4.6,
that the network feedback is common for every one and that all learning automata
use the same scheme for updating the transmission probability of the wavelength
they control, it follows that the N learning automata LAi always contain the same
transmission probability for wavelength λi , for all i , i.e. for i = 1, . . . , W . There-
fore, since there is no central coordination of the learning automata, the LABRA
protocol has the virtue of being fully distributed. This feature also implies that
LABRA is fault-tolerant; the network feedback and the operation of the learning
automata are not influenced by the failure of a single station, thus the overall
operation of the LABRA protocol remains practically unaffected in such an event.

4.2.1.3 Overview of Analytical and Simulation Results for LABRA
In this subsection an overview of the main results taken from the analysis and
simulation of the LABRA protocol is presented.

The final probability updating scheme represented by relations (4.2) of the
previous subsection is analyzed in [22, 24] and it is proved that for small values
of parameter L , the transmission probability Pi (t) asymptotically tends to take its
optimum value, i.e. it tends to be equal to 1/M , where M represents the number
of stations that are ready to transmit on wavelength λi . Thus, we have:

limL→0,t→∞ Pi (t) = 1

M
,

if we suppose that the probability updating scheme given by relations (4.2) is used.
Of course, this is the case for all wavelengths, where M has different values from
wavelength to wavelength and is also slowly varying with time. Details of the proof
of this result can be found in [24].

As far as simulation of the protocol’s behaviour is concerned, LABRA is sim-
ulated and compared to the slotted ALOHA protocol in [24]. As described in the
introduction, the LABRA protocol is a random access protocol that applies to
exactly the same network model as the slotted ALOHA protocol. Also, its opera-
tion is identical besides the fact that the transmission probabilities are not fixed as
slotted ALOHA assumes, but they are determined in a dynamic way according to
the relevant decisions of learning automata. Hence, LABRA can be considered an
extension of slotted ALOHA protocol and a comparison of these schemes would
visibly reveal the performance improvement introduced by LABRA.

For each simulated network in [24], the slotted ALOHA protocol was simulated
for certain different values of the fixed transmission probability p. At any rate, the
objective of each selection was to ensure that there is no other value of p, which
may lead to a considerably higher throughput of the slotted ALOHA protocol.



260 Adaptive Protocols

Next we only summarize the simulation results from the comparison between
the two protocols; we defer the presentation of a diagram illustrating the perfor-
mance difference between LABRA and slotted ALOHA until the next subsection.
(Figure 4.8 there actually illustrates the performance comparison of slotted
ALOHA with a protocol performing just like LABRA, namely LABON.) It is
observed [22, 24] that LABRA achieves a lower delay and a higher throughput
than the slotted ALOHA protocol. All in all, the simulation result can be summa-
rized in that the throughput of the LABRA protocol is higher than that of slotted
ALOHA under any load conditions. That is to say, LABRA outperforms slotted
ALOHA regardless of considering high or low load conditions, or assuming the
load is fixed or variable. Of course, it should be noted that under gigabit LAN traffic
(with the attributes already described) the improvement in throughput introduced
by LABRA becomes even more remarkable.

4.2.1.4 Concluding Remarks about LABRA
In conclusion, we have seen that it is a relatively recent random access self-
adaptive protocol that improves network performance in comparison with other
non-adaptive random access schemes. In the context of LABRA, there is no central-
ized control, but W learning automata dynamically determining the transmission
probabilities of the W wavelengths are located in each station. The learning au-
tomata of all stations in the TT-FR system assumed by LABRA, always contain
the same transmission probabilities; hence, LABRA is fully distributed and, by
extension, it is also fault-tolerant as explained before. On the other hand, due to
its random access nature, LABRA is not collision-free, like the schemes that had
been described so far. However, the LABRA protocol still significantly improves
the network throughput on account of the learning mechanism of each station,
which adapts the values of the transmission probabilities for each wavelength in
such a way that they asymptotically tend to take their optimum values.

4.2.2 LABON

In this section another relatively recent random access MAC protocol that is based
on the use of learning automata is presented. The proposed protocol is also destined
to be applied in WDM passive star networks of the broadcast-and-select architec-
ture. As we mentioned before, the following two observations can be made about
gigabit LAN traffic which is considered to be the case in such networks; these ob-
servations mainly relate to schemes suggesting that the various stations attached
to the network should access the shared medium in a random access fashion:
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� Gigabit LAN traffic is highly bursty, thus the offered load to the network is
intrinsically variable with time.

� Even if the overall offered load was considered stable, this would not imply that
the load offered to the individual wavelengths would be stable as well. Indeed,
as we described in the section about LABRA protocol, it is possible to have
many stations wanting to transmit over the same wavelength at the same time.
Random access schemes would suffer from a high number of collisions in this
case and, since collided packets typically have to be retransmitted, it follows that
the packets waiting to be transmitted over the specific wavelength would grow
even more; hence we say that the wavelength would be overloaded in such a
case.

In traditional random access protocols like slotted ALOHA, the selection of
a fixed transmission probability p according to which stations should transmit
over a wavelength is in full contradiction to the variability of the offered load (at
least for individual wavelengths) described in the above observations. Therefore,
wavelength overloading turns out to be really disadvantageous for the throughput
of the network and generally such schemes are not recommended for high speed
(gigabit) local area networks.

In this context, random access protocols would benefit a lot if they could some-
how adjust the transmission probabilities of individual wavelengths according to
the variations of the offered load. As we saw, LABRA is a protocol that achieves
such an adaptivity of the transmission probabilities by incorporating a learning
mechanism to the internal architecture of each station attached to the network.
Thus, the adaptivity is included in the hardware implementation of the protocol in
a distributed fashion.

The protocol proposed here attempts to achieve analogous results in a some-
what more centralized fashion, i.e. by incorporating a learning mechanism into
the network hub. As a consequence the network hub is no longer passive and the
protocol should be supported by a fairly modified architecture, especially as far
as the hub is concerned. The protocol is called Learning Automata-Based Optical
Network (LABON ) protocol [21, 26] and in fact, apart from the learning algo-
rithm, it includes the design of a specific architecture supporting its operation, the
so-called LABON architecture. It should be noted, however, that LABON is still
based on the same network model (as we will see) that is used by LABRA or
slotted ALOHA. Actually, given that LABON is a random access protocol which
makes use of learning automata in order to dynamically determine the transmis-
sion probabilities for each wavelength, we could also consider it an extension of
the slotted ALOHA scheme, as we did LABRA. There are several similarities
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of the proposed LABON protocol with the previously described LABRA proto-
col, especially as far as the learning algorithm is concerned. Both the similar-
ities with previous schemes and the innovations of LABON will become clear
when we examine in more detail the LABON architecture and learning protocol.
But before that, let us first describe the network model comprising the basis of
LABON.

4.2.2.1 Network Model of LABON
The general network model considered by LABON can be described by the WDM
passive star broadcast-and-select network shown in Figure 4.2, which was also
used by the previous adaptive protocols. The set of stations may also be defined
as U = {u1, u2, . . . , uN} and the set of wavelengths as � = { λ1, λ2, . . . , λW},
where N and W are the number of stations and wavelengths respectively. Each
station is provided with a transmitter which is a tunable laser capable of tuning
over the whole range of the W available wavelengths. Optical fibres are used to
connect the outputs of the lasers to the network hub. Each station is also pro-
vided with a receiver, which actually is a fixed-tuned optical filter that passes
only one wavelength called the ‘home wavelength’ of the station, as we have
seen. As a result, the stations are capable of receiving only those packets trans-
mitted on their home wavelength. Clearly, the system considered in LABON is
TT-FR too.

The network of Figure 4.2, however, only comprises a depiction of the general
network model upon which LABON is based. As we mentioned in the introduc-
tion to LABON, the hub of the network is no longer a N × N passive star coupler.
Actually, the hub includes a N × N passive star coupler, but it also incorporates a
learning mechanism which determines in a dynamic way the transmission probabil-
ities of each wavelength according to network feedback information. The internal
architecture of the hub will be described further in the following subsection.

4.2.2.2 Detailed Description of LABON Architecture and Protocol
As we saw, under the slotted ALOHA scheme the probability of a successful
transmission Psucc(t) on a specific wavelength λi at time slot t depends on the
number of stations waiting to transmit on this wavelength at this particular instant.
Let us denote the number of ready stations for wavelength λi at time slot t as M
and the fixed transmission probability of slotted ALOHA as p. The probability of
successful transmission was explained to be equal to the probability that only the
first station (of the M) transmits and all others postpone transmission or only the
second (of the M) transmits and all others postpone transmission and so on up to
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the case where only the M th station (of the M) transmits and all others postpone
transmission. Thus, we have:

Psucc(t) =
M∑

k=1

p(1 − p)M−1 = Mp(1 − p)M−1.

We have shown that the probability of successful transmission would be maxi-
mized if we took p = 1/M . Since the offered load in gigabit local area networks
was shown to be variable with time and wavelength, it follows that M varies ac-
cordingly; thus the optimal transmission probability cannot be effectively captured
by a fixed value.

In order to dynamically determine the transmission probabilities for each wave-
length, the LABON protocol assumes that additional functionality is placed at the
hub of the network. First of all, an array of W learning automata LAi , i = 1, . . . ,
W , is placed at the network hub. In the context of LABON, unlike slotted ALOHA
and LABRA, when a station has a packet to transmit on a certain wavelength, it
transmits this packet with probability one immediately in the next time slot. The
learning automata control the passing of the transmitted packets to the star coupler
also included in the hub. Specifically, learning automaton LAi controls wavelength
λi and determines in a random access manner (that will be explained in a short
while) exactly which packets transmitted on this wavelength will make it to the star
coupler. Obviously, if two or more packets are allowed to pass on the same wave-
length at the same time we will have a collision, i.e. the random access nature of
the protocol implies that the eventuality of collisions is not eliminated. Given that
each packet is transmitted with probability one and its passing to the star coupler is
probabilistically decided at the network hub, it would be more appropriate to use
the term ‘passing probability’ instead of the term ‘transmission probability’ in the
context of this protocol. At each time slot t the learning automaton LAi contains
the passing probability Pi (t) for wavelength λi . Therefore a packet transmitted on
this wavelength will either pass to the star coupler with probability Pi (t) or be
blocked with the remaining probability 1 − Pi (t).

The passing and blocking of packets is a task carried out in practice by Acousto-
Optic Tunable Filters (AOTFs), which are known to have multiple wavelength
selection capability [4]. In point of fact, the number of filters used in the LABON
architecture is equal to the number of stations. Thus, there is an array of N acousto-
optic tunable filters Fk (k = 1, . . . , N ) placed at the network hub as well, where
filter Fk corresponds to user uk . Actually, the output of the tunable laser of user
uk is connected to filter Fk by means of an optical fibre, for all k. An example
of the LABON architecture for a simple network with four stations and three
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Figure 4.7 Hub of a network with four stations and three wavelengths for the LABON
protocol. (Reprinted from [26], copyright 1996, with permission from Elsevier)

wavelengths is illustrated in Figure 4.7. The architecture will be further explained
in the following.

At any time slot t , each filter Fk (k = 1,. . . , N ) is tuned by the learning automata
to pass only a subset of wavelengths �k(t) (with �k(t) ⊆ �). Let us assume that
user uk transmits a packet on wavelength λi at time slot t . If λi ∈ �k(t), the packet
will be allowed by filter Fk to pass to the star coupler. On the other hand, if
λi /∈ �k(t), the packet will be blocked by the filter. A key issue in the LABON
architecture and protocol is how the learning automata tune each optical filter in the
beginning of each time slot, i.e. how they determine the subsets�k(t), k =1, . . . , N .
Since each wavelength is controlled by one separate learning automaton, it follows
that the determination of the particular subset �k(t) requires control information
by all the W learning automata. Hence, appropriate control information must be
provided by each LAi , (i = 1, . . . , W ) to the single filter Fk at each time slot. This
is also depicted in Figure 4.7, where outputs of each learning automaton comprise
inputs of control information for each filter.

The control information provided by the learning automata LAi (i = 1, . . . ,
W ) to the filter Fk at the beginning of each time slot is actually a decision on
whether wavelength λi should be included in subset �k(t) or not, or accordingly
whether the filter should select wavelength λi or block it. In the former case, if
the corresponding station uk actually transmits a packet on λi at this time slot,



Adaptive random access protocols 265

the packet will pass to the star coupler, while in the latter case the packet will be
blocked. Of course, if the station does not actually transmit on this wavelength,
the specific decision about wavelength λi would be of no interest to it. In order to
see how the decisions are made by the learning automata, let us assume that each
automaton LAi (i = 1, . . . , W ) contains the passing probability Pi (t) of wavelength
λi at each time slot t , without worrying now about the way this is determined.11

At the beginning of each time slot, the automaton LAi chooses N random numbers
r1,i (t), r2,i (t),. . . , rN ,i (t) uniformly distributed in the range of (0, 1). For k = 1,
. . . , N , the decision of LAi that regards filter Fk is the following:

� If rk,i (t) < Pi (t) then λi ∈ �k(t), i.e. the filter Fk allows the wavelength λi to
pass to the star coupler.

� Otherwise, if rk,i (t) ≥ Pi (t) then λi /∈ �k(t), i.e. the filter Fk blocks the wave-
length λi .

Obviously, the way these decisions are made explains the random access charac-
ter of the LABON protocol. According to the above decision scheme at a specific
time slot t , the higher the value of Pi (t), the more filters are probable to be tuned
to pass wavelength λi ; and conversely, the lower the value of Pi (t), the less filters
are likely to be tuned to pass λi . Hence, this decision scheme complies well with
the definition of Pi (t) as the ‘passing probability’ of wavelength λi .

The final fundamental issue of the LABON protocol that remains to be discussed
is the learning algorithm used by the learning automata LAi in order to determine
the passing probabilities Pi (t) of wavelengths λi , i = 1, . . . , W , at each time slot
t . According to the discussion in the beginning of this subsection, the probability
of a successful transmission on wavelength λi at time slot t , and therefore the
throughput of wavelength λi , is maximized when the passing probability takes
the optimum value Pi (t) = 1/M , where M denotes the number of stations that
are ready to transmit on λi at time slot t . It would be ideal to always choose
Pi (t) = 1/M , but, since the value of M is unknown, the objective of the learning
process included in LABON reduces to determining passing probabilities as close
as possible to the optimum value. The learning process used by the LABON
protocol is identical to the one presented in the context of the previously described
LABRA protocol. Thus, the probability updating scheme used is the following:

Pi (t + 1) = Pi (t) + hL Pi (t)(1 − Pi (t)) + aL2(1 − Pi (t))
2,

if SLOTi (t) = SUCCESS or SLOTi (t) = IDLE.

Pi (t + 1) = Pi (t) − L Pi (t)(1 − Pi (t)) − bL2(Pi (t))
2,

if SLOTi (t) = COLLISION,

where L ∈ (0, 1) and a, b ∈ (0, 1/L).
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From the probability updating scheme above, it becomes clear that in order
to determine the passing probability for the next time slot Pi (t + 1) the learning
automata need to know whether we had a success, an idle slot or a collision
during the last time slot t , i.e. the value of SLOTi (t). What is enough, more
specifically, is to know whether there was a collision or not. In the former case
the passing probability has to be increased and in the latter it must be decreased,
according to the scheme above. This update of the passing probabilities takes
place at the end of each time slot. The feedback mechanism used to provide
the automata with the necessary information is also illustrated in Figure 4.7. We
notice that one of the output ports of the star coupler is connected to a WDM
demultiplexer which separates the individual wavelengths. Each wavelength is
then detected for collision by computing the checksum of the packet’s header. The
feedback information produced is fed to the corresponding learning automaton,
which updates appropriately the passing probability of the wavelength it controls.
Subsequently, i.e. at the beginning of the new time slot, each learning automaton
generates N random numbers and compares them to the value of the passing
probability in order to make a decision about how it should tune each filter with
regard to the wavelength it controls. This process was described in detail before.

One last point that has to be made about the operation of LABON regards the
way transmitting stations are informed about the results of their transmissions.
Considering the fact that stations always transmit with probability one and deci-
sions about the blocking or passing of packets to the star coupler are made in a
centralized fashion (inside the network hub), it becomes clear that there has to be
some way for the stations to discover the results of their transmissions. Apparently,
this is necessary since a blocked or collided packet always has to be retransmitted;
if not, the packet would get lost, which is absolutely undesirable if we wish reliable
network operation. The following two methods might be used for this purpose:

1. The transmitter could ‘hear’ the wavelength on which it transmitted, by using
a tunable filter that should be tuned at the transmitting wavelength each time.

2. A short acknowledgement subslot could follow the data transmission slot. This
subslot should be accessed in a time-division multiplexing fashion by the receiv-
ing stations. Because of this, the acknowledgements sent back by the receiving
stations to the corresponding transmitting ones would never collide.

By making use of one of the above methods, if a station uk realizes that the packet
it transmitted did not reach its destination (because it was blocked by filter Fk or
collided with another packet), it retransmits the packet at the next time slot (again
with probability one according to LABON).
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4.2.2.3 Overview of Analytical and Simulation results for LABON
In this subsection an overview of the main results taken from the analysis and
simulation of the LABON architecture and protocol is presented.

The probability updating scheme presented in the previous subsection is ana-
lyzed in [21, 26] and it is proved that for small values of parameter L , the passing
probability Pi (t) asymptotically tends to take its optimum value, i.e. it tends to be
equal to 1/M , where M represents the number of stations that are ready to transmit
on wavelength λi at time slot t . Thus, we have:

limL→0,t→∞ Pi (t) = 1

M
,

if the probability updating scheme of LABON is used. The analysis and proof of
this claim are identical with the analogous ones for LABRA protocol and can be
found in [26].

As far as simulation is concerned, LABON is simulated and compared to the
slotted ALOHA protocol. As described in the introduction, the LABON proto-
col is a random access protocol that applies to the same network model as the
slotted ALOHA one. Hence, LABON can be considered an extension of slotted
ALOHA protocol and a comparison of these schemes would clearly demonstrate
the performance improvement introduced by LABON.

Suggestively, we present from [26] the simulation results for a network with
N = 16, W = 8. Details considering the exact values of the total bandwidth, packet
size, queue size and the allocation scheme of home channels to stations assumed
for the real network that was simulated, can be found in [26]. Parameters L , a and
b of the LABON protocol were taken to be equal to 0.3, 0.1 and 3.0 respectively
for the sake of simulation.

The slotted ALOHA protocol was simulated for three different values of the
fixed transmission probability p; specifically, p was alternately chosen to be 0.15,
0.20 and 0.25. The objective of each selection was to ensure that there is no other
value of p which may lead to a considerably higher throughput of the slotted
ALOHA protocol. Details on how and why these values were selected (for this
and other simulated network configurations) may also be found in [26].

The throughput versus offered load characteristic of the compared protocols for
the considered network is illustrated in Figure 4.8. From Figure 4.8 it becomes
clear that LABON achieves a higher throughput than the slotted ALOHA protocol.
In [26] the delay versus throughput characteristic of these protocols for the above
network (and other configurations) is also illustrated.12

The overall simulation result can be summarized in that the throughput of the
LABON protocol is higher than that of slotted ALOHA under any load conditions.
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Figure 4.8 Results taken from simulation and comparison of LABON with slotted
ALOHA, showing the throughput versus offered load characteristic of the protocols for
a network with N = 16 nodes, W = 8 wavelengths. Curve 1: LABON, 2: s. ALOHA with
p = 0.20, 3: s. ALOHA with p = 0.15 and 4: s. ALOHA with p = 0.25. (Reprinted from
[26], copyright 1996, with permission from Elsevier)

That is to say, the LABON protocol outperforms slotted ALOHA regardless of
considering high or low load conditions, or assuming the load is fixed or variable.
Of course, it should be noted that under gigabit LAN traffic (with the attributes
already described) the improvement in throughput introduced by LABON be-
comes even more remarkable. Note that the simulation results concerning LABON
are identical to the ones for the (previous) LABRA protocol (thus, curve 1 of
Figure 4.8 above represents the performance of both LABON and LABRA).

4.2.2.4 Concluding Remarks about LABON
In conclusion, we have seen that it is a relatively recent random access self-adaptive
protocol that improves network performance in comparison to other non-adaptive
random access schemes. In the context of LABON, W learning automata dy-
namically determining the passing probabilities of the W wavelengths to the star
coupler are located in the network hub. The learning automata always contain
the same passing probabilities and at the beginning of each time slot they choose
N random numbers (one for each station), which they compare to the passing
probabilities. Next, they tune N acousto-optic tunable filters (also located at the
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network hub and connected to the N stations) to allow or block the corresponding
wavelengths, according to the results of the comparison mentioned before. The
centralized nature of LABON results in the relevant simplicity and lower cost
of the stations’ implementation (e.g. a feedback mechanism is not required for
each station as in the previous schemes, since it is included at the hub). The ad-
ditional implementation cost required by LABON is the array of AOTFs and the
feedback mechanism. However, both costs are only located at a single place (the
hub) of the network. One disadvantage of LABON, like all centralized schemes,
is that a possible failure inside the hub would bring about serious problems in the
overall operation of the network. Furthermore, due to its random access nature
LABON is not collision-free. Nonetheless, the LABON architecture and proto-
col still significantly improve the network throughput on account of the central
learning mechanism, which adapts the values of the passing probabilities for each
wavelength to the star coupler, in such a way that they asymptotically tend to take
their optimum values.

4.3 ADAPTIVE PRETRANSMISSION COORDINATION
PROTOCOLS

In this section we consider the use of learning mechanisms in protocols that are
based on pretransmission coordination. In Chapter 3 we presented pretransmission
coordination-based protocols for WDM passive star networks of the broadcast-
and-select architecture. One of the first and more characteristic protocols of this
category is the DT-WDMA protocol. As we saw, this is a ‘tell-and-go’ scheme,
since each station first announces in a control channel that it is about to transmit
to a specific destination and immediately after that (in the next slot) it begins
transmission. In what follows we shall present an adaptive scheme which enhances
the capabilities of DT-WDMA protocol. According to this adaptive scheme, each
station is equipped with a learning automaton, which helps it to decide which of the
packets waiting for transmission should be transmitted next, so that the network
throughput is led to higher levels than several non-adaptive protocols. The protocol
is distributed and it assumes that the network hub still remains passive, contrary to
LABON (Subsection 4.2.2) and the adaptive protocols presented in Section 4.4.

4.3.1 RCALA

In this section a relatively recent adaptive pretransmission coordination protocol for
multiwavelength optical LANs is presented. The main objective of this protocol
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is to reduce the number of receiver conflicts that may be present in networks,
where each node has one fixed-tuned transmitter and one tunable receiver for
data packets.13 For this purpose, the protocol uses the so-called Receiver Conflict
Avoidance Learning Algorithm (RCALA) [23] and thus will be referred as the
RCALA protocol from now on. Before introducing the protocol let us recall what
a receiver conflict is.

In the network considered, each station has its own unique home wavelength
for transmission, as we will see. Since each destination node is provided with only
one tunable receiver, it is impossible to receive two or more packets transmitted
to it at the same time. This is because it can only tune to only one wavelength at
each time slot, and thus receive only one packet; the other packets inevitably are
lost. This situation is called a receiver conflict and contributes to the degradation
of the network performance if present frequently. The RCALA protocol aims to
prevent this from happening, i.e. it does not completely eliminate receiver conflicts,
but it attempts to restrict their occurrence, so that network performance is kept at
relatively high levels.

The RCALA protocol considers that the frequency of receiver conflicts strictly
depends on the transmission strategy, i.e. the policy used by each station for choos-
ing which of its waiting packets will be transmitted at each time slot. In the context
of this protocol, a new transmission strategy is proposed, which is based on the use
of learning automata. Specifically, each station is assumed to have one learning
automaton, which decides which of its waiting packets should be transmitted ev-
ery time according to network feedback information. This adaptive transmission
strategy performs better (as we will see) than other more traditional strategies,
such as first-in-first-out (FIFO) and random. The FIFO strategy [3] designates that
each station should transmit the packet that first entered the waiting queue, i.e. the
oldest. On the other hand, according to the random strategy [5] the station chooses
to transmit one of the waiting packets at random. Note that the random strategy
generally performs better than the FIFO one, as far as the number of receiver
conflicts is concerned.

4.3.1.1 Network Model of RCALA
The network model considered by RCALA can be described by the WDM passive
star broadcast-and-select network shown in Figure 4.9, which is also used by the
DT-WDMA protocol. The set of stations may be defined as U = {u1, u2, . . . , uN}
and the set of available wavelengths for data as � = {λ1, λ2, . . . , λN}; thus the
number of data wavelengths is taken to be equal to the number of stations, as in
DT-WDMA. Since the protocol is pretransmission coordination-based, a control
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Figure 4.9 The network model of RCALA [23]. ( C© 1996 IEEE)

wavelength, denoted as λc in the figure, is also assumed to be used by all stations
in order to preannounce their transmissions. Each station is provided with two
fixed-tuned transmitters (lasers), one for data and one for control packets. These
are connected to a 2 × 1 combiner before reaching the N × N passive star coupler
via an optical fibre. The N outputs of the star coupler are connected via N separate
fibres to the receiving parts of stations. These include 1×2 splitters that separate the
data wavelength from the control wavelength. The former is led to a tunable receiver
(filter) capable of tuning over the whole range of available data wavelengths,
while the latter is connected to a receiver (filter) that is fixed-tuned to the control
wavelength. Thus, the system considered in RCALA is a CC-FT2-TTFR system,
according to the relevant discussion of Chapter 1. Obviously, each station has a
unique wavelength (‘home wavelength’) on which it always transmits its packets
independently of destination.

As we described in the introduction to RCALA, receiver conflicts occur when
two or more stations choose to transmit to the same destination at the same time
slot. The transmitted packets are carried on separate wavelengths (the home wave-
lengths of the transmitters) and, since there is only one tunable filter available
for data per station, the receiving station can only tune and collect one of the
packets.

Each station has also one learning automaton, which determines which of the
packets waiting for transmission will actually be transmitted at each time slot.
The way these decisions are made is a key issue for RCALA protocol and will be
described next.
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4.3.1.2 Detailed Description of RCALA
RCALA is a pretransmission coordination-based adaptive protocol with the ‘tell-
and-go’ feature. This means that a common control channel is used, where stations
preannounce their transmissions before actually transmitting; transmissions take
place right after the corresponding preannouncements, i.e. right in the next data
slot. Let us assume that the round-trip propagation delay from a station to the
network and back is exactly td slots for all stations. Let us also consider a specific
time slot in which all transmitters preannounce their transmissions on the control
wavelength (in N separate control minislots lasting in total as one data slot). After
a delay of td slots, this control information will arrive at all stations due to the
broadcast character of the network; that is to say, each station will be aware of the
occurrence or not of receiver conflicts at each one of the destinations (conflicts
concerning the transmissions that were announced before).

This information is used as network feedback information by the learning au-
tomaton of each station, in order to update the so-called ‘basic transmission prob-
ability’ Pj (t) of each possible destination node j( j = 1, . . . , N ). As we will
describe later, the choice of a waiting packet is based on these basic transmission
probabilities of destinations; this is because RCALA actually tries to select the
most appropriate destination node each time, in an effort to reach its objective of
limiting the frequency of receiver collisions. The basic transmission probabilities
of possible destinations are updated by the learning automaton after each time slot
on the basis of network feedback information, according to the following scheme
( j = 1, . . . , N ):

Pj (t + 1) = Pj (t) − L · Pj (t),

if a receiver conflict has occurred at destination node j during the (t−td )th time
slot.

Pj (t + 1) = Pj (t) + ε · L · (1 − Pj (t)),

if no receiver conflict has occurred at destination node j during the (t −td )th time
slot.
In the above scheme, L ∈ (0, 1) is the ‘step size parameter’ (an internal parameter
of the automaton) and ε is a very small positive real number 0 < ε � 1.

Parameter ε must be small enough in order to guarantee the accurate convergence
of the automaton. The L parameter determines the step size of the probability
update. A high value of L makes the automaton adapt rapidly to changes of the
network state. However, it also results in a degradation of its accuracy. For example,
an accidental receiver conflict at a relatively unloaded destination node j would
probably decrease Pj (t) more than it should. On the other hand, a relatively low
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Table 4.1 RCALA performance for network N1 for various values of parameter L and
ε = 0.025 [23]. ‘Thr.’ stands for throughput and ‘del.’ for delay. The column

corresponding to the value of parameter L that maximizes performance has grey shading.
( C© 1996 IEEE)

L = 0.0
LOAD (dt-wdma,
(p/slot) random tr.) L = 0.1 L = 0.2 L = 0.3 L = 0.4 L = 0.5

thr. del. thr. del. thr. del. thr. del. thr. del. thr. del.
1.0 0.559 18.9 0.604 17.6 0.608 17.4 0.609 17.4 0.607 17.5 0.604 17.6
0.8 0.557 16.9 0.595 15.7 0.598 15.6 0.599 15.5 0.597 15.6 0.596 15.6
0.6 0.526 11.8 0.544 10.8 0.545 10.6 0.545 10.6 0.545 10.6 0.544 10.6
0.4 0.396 5.3 0.397 4.9 0.397 4.9 0.397 4.9 0.397 4.9 0.397 4.9
0.2 0.200 2.3 0.200 2.3 0.200 2.3 0.200 2.3 0.200 2.3 0.200 2.3

value of parameter L results in high accuracy but low adaptation rate. Hence, there
is a trade-off between adaptation speed and accuracy in the choice of parameter
L , which calls for a careful selection that would maximize network performance
each time.

Let us study how the choice of parameter L affects network performance through
an example. Assume we want to choose L for a network14 N1 with 40 stations (and
wavelengths), maximum queue length Q = 10 for each station, zero propagation
delay and highly correlated destinations of the transmitted packets. The way the
choice of parameter L affects network performance is shown in Table 4.1.

We notice that, initially, performance is gradually improving as L increases
(due to the resulting increase in the adaptation speed) until it reaches a maximum,
which corresponds to L = 0.3 in our example. After this value, network perfor-
mance gradually decreases as L further increases (due to the parallel reduction
of the automaton’s accuracy). Generally, it should be pointed out that network
performance is modified slowly with L , since it depends on both adaptation speed
and accuracy of the automaton. Notice also that L = 0 implies that the protocol
degenerates to DT-WDMA with the random transmission strategy, because prob-
abilities of all destinations are always the same and never updated; thus RCALA
is clearly an extension of the DT-WDMA protocol.

In order to see how the actual selection of a waiting packet for transmission is
made by each learning automaton at each time slot, let us denote by Qi (t) the queue
with the waiting packets of source node i at time slot t . Also, let Qi, j (t) be the
set of packets in Qi (t) which are destined for node j( j = 1, . . . , N ), zi, j (t) be the
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number of these packets (for node j) at time slot t i.e. zi, j (t) = |Qi, j (t)| and Di (t)
be the set of destination nodes for which source node i has at least one waiting
packet at time slot t , i.e. Di (t) = {node k |Qi,k(t) �= Ø}. Each waiting packet
in Qi (t) corresponds to an action of the learning automaton. The probability of
selecting a packet in Qi (t) depends on the destination node of this packet; therefore,
each packet in Qi, j (t) is selected with the same probability π i, j (t). The choice
probability π i, j (t) is computed by scaling [37] the basic transmission probability
Pj (t) in the following way:

πi, j (t) = Pj (t)∑
k∈Di (t) zi,k(t) × Pk(t)

for j ∈ Di (t).

Thus at each time slot t , the learning automaton of each station i contains a
probability distribution over the set Qi (t), i.e. a probability π i, j (t) for each of
the waiting packets, with packets destined to the same destination (e.g. j) being
assigned the same probability (i.e. π i, j (t)). The packet to be transmitted is chosen
according to these scaled probabilities π i, j (t). The probability ri, j (t) that station
(source node) i transmits to station (destination node) j at time slot t is computed by
multiplying the number of waiting packets for j times the same choice probability
π i, j (t) of each one, i.e. it is the following:

ri, j (t) = zi, j (t) × πi, j (t) = zi, j (t) × Pj (t)∑
k∈Di (t) zi,k(t) × Pk(t)

for j ∈ Di (t).

4.3.1.3 Overview of Analytical and Simulation Results for RCALA
As far as the performance analysis of RCALA protocol is concerned, let us assume
that a receiver conflict at station (destination) j at time slot t occurs with probability
c j (t). Accordingly, the probability that there is no such conflict is 1 − c j (t). It can be
proved that c j (t) is a monotonically increasing function of the basic transmission
probability Pj (t) for this station. Furthermore, it can be proved that the basic
transmission probability of each station asymptotically tends to be proportional to
(1 − c j (t)), i.e. to the probability that there is no conflict, and inversely proportional
to the probability c j (t) that there is a conflict. This can be formally expressed as
follows:

Pi (t)

Pj (t)
=

1−ci (t)
ci (t)

1−c j (t)
c j (t)

.
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This means that if a receiver conflict probability of a destination node is relatively
low (because the number of packets destined for it is low), RCALA tends to
increase the basic transmission probability for this destination, i.e. tends to select
waiting packets that are destined for this node. The opposite would be decided
by RCALA, if the receiver conflict probability of the node was assumed to be
relatively high.

Next, we selectively present a part of the extensive simulation results from
[23]. As discussed in the previous subsection, RCALA can be seen as an ex-
tension of DT-WDMA; that is why the latter was chosen for performance com-
parison with our protocol. In fact, separate simulations results about the FIFO
and the random strategy are presented. The performance metrics used are the
mean number of packets which are destroyed due to receiver conflicts and the
delay versus throughput characteristic. We shall selectively present only the re-
sults for the following three network configurations (for more the reader may refer
to [23]):

1. Network N1: N = W = 40, Q = 10, td = 0, L = 0.3, P12 = 1.0 and P21 = 0.1.
2. Network N2: N = W = 40, Q = 15, td = 5, L = 0.2, P12 = 1.0 and P21 = 0.1.
3. Network N3: N = W = 50, Q = 3, td = 0, L = 0.4, P12 = 0.5 and P21 = 0.5.

Let us explain the symbols in the descriptions of the three configurations above:
N and W are the number of stations and wavelengths respectively, taken to be
equal in the context of both RCALA and DT-WDMA protocols; Q is the maxi-
mum length (in packets) of each station’s queue for packets waiting to be trans-
mitted, including transmitted but unacknowledged ones; td is the propagation
delay in time slots; L is the step size parameter discussed before; and finally,
P12 and P21 are the probabilities that a source node being in state S1 will transit
at state S2 at the next time slot and vice versa, respectively. A station is said to
be in state S1, when the destination node of a newly arriving packet (for trans-
mission) is selected at random among all other nodes; on the other hand, it is
said to be in state S2, when the destination node of a newly arriving packet is
the same with the destination node of the previously arrived packet. Thus, prob-
abilities P12 and P21 are expressions of the correlation of packet destinations.
Accordingly, for the first two networks we assume high correlation of traffic (see
values of probabilities above), while the correlation is taken to be significantly
less for the third network. Finally, it should be noted that the choice of parameter
L was made after testing a large number of possible values in a way similar to
the one we presented in Table 4.1, while parameter ε (see probability updating
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Table 4.2 Packet losses due to receiver conflicts for
the three networks N1, N2 and N3 [23]. ( C© 1996 IEEE)

Packet losses due to receiver conflicts
(node traffic = 1 packet / slot)

Network FIFO RANDOM RCALA

N1 19.5 17.6 15.6
N2 18.4 17.1 15.6
N3 22.9 20.5 18.8

scheme of previous subsection) was assumed to be equal to 0.025 for all net-
works.

The results for the first metric, i.e. the mean number of packet losses due to
receiver conflicts, for the three networks are shown in Table 4.2.

Clearly, there is a reduction in the number of lost packets, if the proposed
adaptive protocol is used; this reduction is overall (taking into account all re-
sults from [23]) up to 20% as compared to DT-WDMA with the FIFO trans-
mission strategy and up to 11% as compared to DT-WDMA with the random
strategy.

The delay versus throughput characteristic of the protocols for networks N1, N2

and N3 is presented in Figure 4.10.
From Figure 4.10 it becomes clear that RCALA outperforms DT-WDMA with

either the FIFO or the random strategy. Specifically, the performance improvement
in comparison to the random strategy of DT-WDMA is approximately equal to the
one that the random strategy introduces in comparison to the FIFO strategy of
DT-WDMA. Also, by studying both Figure 4.10 and the characteristics of each
simulated network, it becomes clear that RCALA performs better in networks
with low propagation delay and relatively high correlation of traffic; however, the
performance is still improved in networks which do not satisfy one of the above
conditions (or even both of them).

4.3.1.4 Concluding Remarks about RCALA
We close the discussion about RCALA by making some concluding and summa-
rizing remarks about it. It is a new adaptive scheme that is based on the use of
one learning automaton per station in order to reduce the number of receiver con-
flicts that occur in WDM broadcast-and-select star networks that assume tunable
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Figure 4.10 Delay versus throughput characteristic of the compared protocols [23]: (a)
for network N1, (b) for network N2 and (c) for network N3. In all three parts of the figure,
curve number 1 is for RCALA, curve number 2 for DT-WDMA with the random strategy
and curve number 3 for DT-WDMA with the FIFO strategy. ( C© 1996 IEEE)

receivers for nodes. More specifically, it is applied to the same network model as
the well-established DT-WDMA protocol, i.e. to a CC-FT2-TRFR system. Thus,
it is a pretransmission coordination-based scheme, which in fact uses the control
information transferred through the common control channel as network feedback
information to update the basic choice probabilities of destinations for each source
node. RCALA actually introduces a new strategy for choosing which of the wait-
ing packets at each source node should be transmitted at the next time slot. For
this purpose, it assigns selection probabilities to packets according to the basic
choice probabilities of destinations and picks one packet for transmission (for
each source at each time slot) according to these probabilities contained in each
learning automaton. The result of the application of RCALA to multiwavelength
optical LANs is a considerable performance improvement.
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4.4 CENTRALIZED PACKET FILTERING PROTOCOLS

Throughout this section we will focus on some representative examples from
a relatively new family of MAC protocols for WDM broadcast-and-select star
networks. The base of these schemes is the centralized filtering of transmitted
packets before they reach the star coupler, where they are broadcast back to every
station. The term ‘centralized’ implies that the filtering function is carried out
inside the network hub; thus, the hub is no longer considered to be passive.15

The benefits from filtering packets in a centralized fashion may include, for
example, depending on the scheme, the elimination of collisions, the more effi-
cient handling of bursty and correlated traffic and the balancing of the offered load
between available wavelengths. In general, it has been proved that the protocols
of this family achieve a significantly higher performance than the well-known
contention-oriented or round-robin protocols. The control of the filtering function
may be based on network feedback information from e.g. a common control chan-
nel; thus, the decided filtering function every time can be seen as an adaptation to
the variable offered traffic conditions.

Four protocols of this category will be presented: the Hybrid random Access and
Reservation Protocol (HARP), the Centralized Packet Filtering Protocol (CPF),
the Centralized Wavelength Conversion (CWC) protocol and the Optically Con-
trolled Optical Network (OCON) protocol. The first three assume an electronic
centralized packet filtering mechanism, while the latter makes use of purely optical
technology for this purpose.

4.4.1 HARP

The first proposed centralized packet filtering-based protocol is called Hybrid
random Access and Reservation Protocol (HARP) [20, 25]. The operation of the
protocol is based on the use of polarization-independent acoustically tunable op-
tical filters (PIATOFs) inside the network hub. The result of the filtering is that at
most one packet per wavelength is selected to pass to the star coupler each time,
hence, HARP is collision-free. The passing packet (or equivalently station) for a
wavelength, is selected in a random access fashion from those stations, which have
tried to transmit in the last time slot, but whose transmissions were blocked by the
filters. If there were no blocked transmissions, the transmitting station would be
selected randomly among all stations. Thus, in the context of HARP the role of a
packet transmission is twofold (one of the two applies for a specific transmission):

1. To transport data.
2. To make a reservation for the next time slot.
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If a packet transmission fails to play the primary role (1), the secondary role (2) is
activated. Hence, the name of the protocol can be explained, since HARP combines
the characteristics and advantages of both random access and reservation-based
schemes.

4.4.1.1 Network Model of HARP
The network model considered in HARP is generally depicted in Figure 4.2. How-
ever, as was already mentioned, the network hub is no longer passive, but includes
a packet filtering mechanism that will be described later.

The set of stations can be defined as U ={u1, . . . , uN} and the set of wavelengths
as � = {λ1, . . . , λW}, where N and W are the number of stations and wavelengths
respectively. Each station is equipped with a tunable laser for transmission and a
filter fixed-tuned to home wavelength for reception, as Figure 4.2 shows; thus the
system considered is TT-FR. Next, the HARP protocol and the proposed internal
architecture of the hub are described in more detail.

4.4.1.2 Detailed Description of HARP
According to the HARP protocol, an array of N PIATOFs Fk (k = 1, . . . , N ),
one for each station, must be placed at the network hub. At each time slot t ,
each filter Fk is tuned to pass only a subset of wavelengths �k(t) ⊆ �. Note that
analogous filters were used in the LABON protocol and it was mentioned that
they are indeed capable of selecting multiple wavelengths from an optical signal.
If the corresponding user uk transmits on one of the passing wavelengths, i.e.
λi ∈ �k(t) where λi is the wavelength used by uk , the packet passes to the star
coupler. Otherwise, i.e. if λi /∈ �k(t), the packet is blocked.

The set of passing wavelengths �k for each filter Fk is generally constructed
by adding to it every wavelength on which the station uk was chosen to be the
passing station at a specific time slot. Note that the same station may be selected
as the passing station for more than one wavelength, if e.g. it makes a successful
reservation through a previously blocked transmission on a certain wavelength and
it is also selected for other wavelengths on which there were no previous blocked
transmissions.16 Thus, in order to see how �k is constructed (for all possible k),
it suffices to examine the way the passing packets (or stations equivalently) are
selected for each wavelength at each time slot. This task is performed by a control
circuit, which is used for each wavelength and will be described in the following.

Within each time slot t , for each wavelength λi (i = 1, . . . , W ), a separate
control circuit determines the passing station psi (t + 1) for the next slot according
to the following algorithm:
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Figure 4.11 The hub of an example network with three stations and two wavelengths
operating under the HARP protocol. (Reprinted from [25], copyright 1996, with permission
from Elsevier)

1. Determine the set Bi(t) of stations which transmitted
a packet on wavelength λi, but their transmissions were
blocked by filters at time slot t.

2. IF (Bi(t) �= Ø) THEN
Choose psi(t+1) at random among stations in Bi(t)

ELSE (* i.e. if Bi(t) = Ø *)
Choose psi(t+1) at random among all stations;

After the various control circuits determine the passing stations psi (t + 1)(i =
1, . . . , W ), the sets �k(t + 1) of passing wavelengths for each filter Fk(k =
1, . . . , N ) are constructed as follows:

�k(t + 1) = {λi: psi (t + 1) = uk for i = 1, . . . , W }.
One key issue in the HARP protocol is how the first step of the above algorithm is

actually performed, i.e. how the set of stations Bi (t), which transmitted a packet on
each wavelength λi (i = 1, . . . , W ) but had their transmission blocked by filters,
is determined. In order to see this more clearly, let us consider the hub of an
example network with three stations and two wavelengths operating under the
HARP protocol and shown in Figure 4.11.
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An important feature of the PIATOFs is that they have a second output port where
the blocked wavelengths are sent.17 The second port of each filter is connected to
a WDM demultiplexer (there are in total N WDM demultiplexers, one for each
filter), which separates the individual wavelengths. Each wavelength is detected
for transmission by means of a photodetector, the output of which is connected
to the control circuit corresponding to the specific wavelength. Thus, N × W
photodetectors are required in total, six in our case as shown in the figure. In this
way, the control circuit of each wavelength λi is informed about which stations
have tried to transmit on this wavelength at each time slot t without success, hence
the set Bi (t) is determined. This feedback information is enough to choose the
passing stations for the next time slot, as we described (previous algorithm).

Note that in the above description of HARP, the round-trip propagation delay
from a station to the hub and back was taken to be negligible. Therefore, it is
assumed that all transmitters can ascertain the result of their transmissions (by
using e.g. one of the methods in [36]) very quickly, i.e. quickly enough to know
whether they should retransmit during the next time slot or not. Generally, the
stations operate in a slotted ALOHA fashion with p = 1, that is to say they transmit
a packet immediately in the next time slot with probability one. From then on, the
HARP protocol undertakes the task of allowing at most one packet per wavelength
to pass to the star coupler.

If the round-trip propagation delay was assumed to be non-negligible in com-
parison to the data slot, HARP would have to be slightly modified and applied to
(symmetric) networks by making use of pipelining. The above algorithm deter-
mining the passing stations should be modified so that the passing stations for slot
t + 1 are determined according to the set of blocked stations of time slot t − td
(and not t), where td is the round-trip propagation delay. Also, the use of pipelining
calls for additional buffers. More details of the extension of HARP to networks
with large propagation delays can be found in [25].

4.4.1.3 Overview of Simulation Results for HARP
The HARP protocol is simulated and compared to the slotted ALOHA and the
TDMA protocols in [25]. An overview of the simulation results is presented in this
section.

The slotted ALOHA protocol was chosen to test the performance of HARP
protocol under low-load conditions, where slotted ALOHA is known to perform
well due to its random access nature. On the other hand, TDMA was chosen to
test the performance of HARP under high-load conditions, where it is known to
achieve a good performance owing to the fact that it is collision-free.
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It can be understood that the performance of HARP depends on the tuning time
of the PIATOFs and more specifically on the ratio of the tuning time to the packet
transmission time (or data slot). The normalized tuning time of the PIATOFs was
given values from 0 slots up to 0.4 slots, i.e. 0, 0.1, 0.2, 0.3 and 0.4 slots, in order
to study the difference in performance [25]. Note that for uniformity among the
protocols, by ‘slot’ we mean the packet transmission time in all protocols, i.e. in
the HARP protocol the tuning time for the PIATOFs is not included in it.

Also, it should be noted that the values of the transmission probability for
the slotted ALOHA protocol were selected carefully so that it achieves a high
performance. For more details about this choice and about other characteristics
of the simulation (such as the transmission rate at each wavelength, packet size,
allocation of home wavelengths to stations and queue size of each station), the
reader may refer to [25].

From the simulation [25] it becomes clear that the HARP protocol achieves a
lower delay than slotted ALOHA and TDMA under low load conditions, since only
one or two attempts would be enough for successful transmission in the context
of HARP. Furthermore, HARP achieves a higher throughput-delay performance
than the other protocols under high load conditions, because of the elimination
of collisions and the incorporated intelligent reservation mechanism based on the
centralized filtering module. We also notice that the performance of HARP remains
significantly higher than slotted ALOHA and TDMA, even when the tuning time
of the PIATOFs is taken to be relatively high.

A diagram illustrating the throughput versus offered load performance char-
acteristic of HARP for an example network (and considering two values for the
tuning time) will be presented in Subsection 4.4.3 about OCON protocol, where
the two protocols are compared.

4.4.1.4 Concluding Remarks about HARP
Finally, let us make some concluding and summarizing remarks about the HARP
protocol. We have seen that HARP is a protocol that uses a packet filtering mech-
anism in the network hub in order to allow at most one packet per wavelength
to pass to the star coupler during each time slot, thus eliminating collisions. The
selection of packets at each time slot is carried out by using principles of both
random access and reservation based schemes. That is to say the selection of a
passing station for each wavelength at a specific time slot, is done, as we saw, in a
random access manner among those stations that failed (were blocked by filters)
to transmit on the specific wavelength at the previous time slot; hence, blocked
transmissions are always used as reservations for the near future.
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Since HARP stands between random access and reservation-based schemes,
it can achieve a very high throughput-delay performance under both high and
low load conditions. Furthermore, we could notice that the stations transmit in
a slotted ALOHA fashion, which implies that HARP can be applied in existing
WDM passive star networks operating under slotted ALOHA protocol by adding
the filtering mechanism at the network hub. Since the hub has almost all the
responsibility for implementing HARP, it follows that the operation of the various
stations attached to the network can be very simple; the latter is an important
advantage of HARP that is also encountered in most of the centralized schemes.

The drawbacks of HARP, on the other hand, include the common disadvantage
of centralized schemes that the hub of the network is no longer a passive device. A
possible failure at the hub would affect the operation of the entire network. More-
over, HARP requires additional implementation cost at the network hub, namely
the cost of adding N PIATOFs, N WDM demultiplexers, N × W photodetectors,
W control circuits and all the necessary connections as illustrated in the exam-
ple of Figure 4.11. However, the cost is limited by the fact that all the PIATOFs
are placed at the same site and, consequently, they can be arrayed in a common
device [4].

4.4.2 CPF

A new protocol for WDM star networks of the broadcast-and-select architecture,
which is based on the centralized filtering of packets as well, is presented here.
The proposed Centralized Packet Filtering (CPF) protocol [18–19, 30] achieves
a high network performance owing to a packet filtering mechanism placed at the
network hub, which allows at most one packet per wavelength to pass to the star
coupler at each time slot. The basis of the filtering mechanism is an array of electro-
optic tunable filters. Furthermore, according to CPF, the selection of the passing
packets is performed in such a way that receiver conflicts are avoided; note that,
as in the case of RCALA protocol (which aims at reducing the number of receiver
conflicts), tunability is assumed at the receiving part of stations. Thus, overall,
the CPF protocol eliminates both channel collisions and receiver conflicts, which
explains the significant increase in network performance.

Another important feature of the CPF protocol is that, unlike RCALA and other
important schemes proposed for an analogous network model18 (as the DT-WDMA
protocol), CPF removes the important limitation that the number of wavelengths
should be equal to the number of stations. Thus, it allows the sharing of a specific
wavelength among two or more stations. Next, let us present the network model
on which the proposed CPF protocol is based.
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4.4.2.1 Network Model of CPF
The network model considered by CPF can be described by the WDM passive
star broadcast-and-select network shown in Figure 4.9, which is also used by
the RCALA and DT-WDMA protocols. Let us define the set of stations as U =
{u1, u2, . . . , uN} and the set of available wavelengths for data as � = {λ1, λ2, . . . ,
λW}, where N and W are the number of stations and wavelengths respectively.
We notice that actually there is a small modification of the model considered in
Figure 4.9 by DT-WDMA and RCALA, in that the number of available wave-
lengths may not necessarily be equal to the number of stations; in other words,
a limited number of wavelengths may be shared by an arbitrary number of sta-
tions. This is an important advantage of the CPF protocol, as we mentioned in the
introduction.

Since the protocol is pretransmission coordination-based, a control wavelength,
denoted as λc in the figure, is also assumed to be used by all stations in order to
preannounce their transmissions. Each station is provided with two fixed-tuned
transmitters (lasers), one for data and one for control packets. These are connected
to a 2 × 1 combiner before reaching the N × N passive star coupler via an optical
fibre. The N outputs of the star coupler are connected via N separate fibres to
the receiving parts of stations. These include 1 × 2 splitters that separate the data
wavelength from the control wavelength. The former is led to a tunable receiver
(filter) capable of tuning over the whole range of the W available data wavelengths,
while the latter is connected to a receiver (filter) that is fixed-tuned to the control
wavelength. Thus, the system considered in CPF is CC-FT2-TTFR, according to
the relevant discussion of Chapter 1. Like RCALA and DT-WDMA, the CPF
protocol has the tell-and-go feature, i.e. each station having a packet to transmit
first sends a control message on the common control wavelength containing the
source and destination node of the packet, and then it transmits the data packet
immediately in the next data slot.

Obviously, each station has a home wavelength on which it always transmits its
packets independently of destination, which, however, is not unique, but may be
used by other stations as well. The allocation of home wavelengths to transmitters is
done in the following way: for each source node uk(k = 1, . . . , N ) data wavelength
λik is allocated, where ik = 
kW/N�; thus 1 ≤ ik ≤ W . We shall assume that N/W
is an integer in order to simplify the presentation of the protocol. Accordingly, each
data wavelength is shared by exactly N/W stations.

The round-trip propagation delay from a station to the hub and back is assumed
to be equal to D slots for all stations, where D is taken to be an even integer
number, so that the time required for a packet to reach the hub is exactly D/2
slots.
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Figure 4.12 An example of a network with four stations and two data wavelengths oper-
ating under the CPF protocol [30]. ( C© 1999 Wiley)

4.4.2.2 Detailed Description of CPF
The hub of a network operating under the CPF protocol is embellished with a
packet filtering mechanism. Specifically, an array of N electrooptic tunable filters,
which control the passing of packets to the star coupler, are placed at the network
hub. Each filter Fk(k = 1, . . . , N ) corresponds to a specific station uk and controls
its transmitted packets. The output of the 2 × 1 combiner of uk , which is an optical
signal containing both the control and data wavelengths (λc and λik respectively),
is connected via an optical fibre to filter Fk . An example of a network with four
stations and two data wavelengths operating under the CPF protocol is depicted in
Figure 4.12.

At each time slot t , each filter can be in one of two states, namely either in
the ON or in the OFF state. If Fk = ON, both wavelengths are allowed to pass;
otherwise, if Fk = OFF, only the control wavelength is allowed to pass. Notice
that the common control wavelength is always allowed to pass to the star coupler
by each filter of this mechanism.

Electro-optic tunable filters were chosen to implement the protocol, because they
provide for a separate output port, where the unselected wavelengths are driven [8].
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The OFF state is implemented by tuning the filter at wavelength λik and using as
an output port (which is connected to the star coupler via an optical fibre) the port
with the unselected wavelengths described before; thus, the control wavelength λc

is allowed to pass, but not the selected λik . The ON state is implemented by tuning
the filter to any other wavelength except for λik and λc, in order to have both λik

and λc wavelengths in the output port used. Thus, the filters can be tuned to the
ON or OFF state by appropriately tuning them to (i.e. selecting) a wavelength as
described before.

A controller, also placed at the network hub, undertakes the task of tuning the
filters to the ON or OFF state at each time slot. Note that a unique controller is
used for all the N available filters. Tuning of filters should ensure the following:

1. At most one packet per data wavelength is allowed to pass to the star coupler
so that channel collisions are eliminated.

2. All the passing packets have different destination nodes, so that receiver con-
flicts are eliminated too.

In addition, the tuning operation must be implemented by a relatively simple
algorithm so as to introduce the less possible computational overhead to the con-
troller and not affect negatively the overall implementation and performance of
CPF. The algorithm for tuning the filters (hence selecting the passing packets) that
is used by the controller in order to meet all the previously described requirements
is presented below:

{ *** Basic Notations ***
t :time slot - variable.
Xi,j(t):set of stations that have transmitted on wavelength

λi a packet destined to node uj at time slot t -
variable.

Sj(t) :set with the following wavelengths as elements:
{wavelength λk: Xk,j(t) �= Ø} - variable.

Di(t) :set with the following destinations as elements
{destination node uk: Xi,k(t) �= Ø} - variable.

G :set of unmatched wavelengths - variable.
R :set of unmatched destinations - variable.

* The algorithm selects one destination uj for each
wavelength λi, *

* such that uj ∈ Di(t) and allows only one source node
uk ∈ Xi,j(t) to *

* access the star coupler. *}
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PROCEDURE PACKET SELECTION;
BEGIN
FOR k := 1 TO N DO Fk := OFF;
G := {wavelength λi: Di(t) �= Ø};
R := {destination node uj: Sj(t) �= Ø};
WHILE G �= Ø DO
BEGIN

Select randomly a wavelength λi ∈ G ;
G := G − {λi};
IF (R ∩ Di(t)) �= Ø THEN
BEGIN

Select randomly a destination node
uj ∈ (R ∩ Di(t));
R := R - {uj};
Select randomly a source node uk ∈ Xi,j(t);
Set Fk := ON;

END;
END;

END;

As is shown in the example of Figure 4.12, one of the output ports of the
star coupler is connected to a fixed filter which is tuned to always pass the control
wavelength. The output of the filter is connected to a photodetector, which performs
the necessary optoelectronic conversion before the signal reaches the controller.
In this way, the controller receives a control packet containing information about
the source and destination nodes of the transmissions that were announced by
all stations D/2 slots before. Note that one control slot is assumed to include N
minislots that are accessed in a TDM manner by all stations and also is taken to
be equal to one data slot in length (thus, a control packet includes N transmission
announcements and is equal in length to a data packet). Since the controller is
aware of the source nodes, it can straightforwardly derive the wavelength where
each packet is transmitted, because allocation of wavelengths to source nodes is
known. Hence, the controller has all the required information in order to run the
packet selection algorithm previously presented.

It should be pointed out that the same algorithm is executed by all the stations
when the control information arrives at them, i.e. after a round-trip propagation
delay of D slots. By executing the algorithm and figuring out how the filters were
tuned, the stations that had transmitted a packet should know whether they should
reschedule their packets for transmission (in the event of a blocked transmission)
or just delete them from the buffers that keep the transmitted but unacknowledged
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packets (in the event of a successful transmission). Furthermore, the destination
nodes realize how they should tune their filters for reception.

Another observation that must be made is that the packet selection algorithm
uses random numbers. Since it is assumed to run at all stations and at the controller
of the hub as well, it is understood that in order to give the same results as needed,
it is necessary to ensure that the same random numbers are used each time by
every station and by the controller. For details on two satisfactory solutions of this
problem, please refer to [19]. Finally, for a discussion on the run-time of the packet
selection algorithm and a relevant numeric example the reader may refer to [19]
as well.

4.4.2.3 Overview of Simulation Results for CPF
The CPF protocol is simulated and compared to the slotted ALOHA and TDM pro-
tocols in [19]. The former generally performs well under low load conditions due
to the comparably low waiting time before transmission, while the latter performs
better under high load conditions owing to the absence of channel collisions and
the fact that there are few or no idle slots (which favours its operation). However,
both suffer from receiver conflicts, and also the performance of slotted ALOHA
is poor under high load conditions due to the channel collisions.

For the slotted ALOHA protocol the transmission probability p was taken to be
equal to W/N [19] because this is the optimum value under medium or high load
conditions, where the number of stations waiting to transmit on each wavelength
is exactly N/W ; recall that N/W was assumed to be an integer and also that in
slotted ALOHA, the optimum value of p for a wavelength is equal to 1/M , if we
let M denote the number of waiting transmitters for this wavelength. However, it
should be noted that this value of transmission probability results in high packet
delays, when the network operates under low load conditions.

The performance of slotted ALOHA is generally found to be lower than the
other two protocols [19]. Furthermore, the proposed CPF protocol outperforms
TDM under any load conditions. Note that the performance of the latter two proto-
cols and the next presented scheme (CWC) was simulated and compared in [30].
Representative results and diagrams from [30] are presented in Subsection 4.4.3
(about CWC). There, we will also see schematically the performance advantage
of CPF over TDM for some example network configurations.

4.4.2.4 Concluding Remarks about CPF
The second protocol belonging to the family of centralized packet filtering proto-
cols that we examined, i.e. CPF, is a new protocol for WDM star networks of the
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broadcast-and-select architecture. As we saw, its operation is based on an array of
electro-optic tunable filters which are placed at the network hub and control the
passing of the packets to the star coupler. CPF was shown to be both channel col-
lision and receiver conflict-free, i.e. at most one packet per wavelength is allowed
to pass to the star coupler by the filters and, also, the selected destination for each
packet is always unique. It is applied on the same CC-FT2-FRTR system assumed
by DT-WDMA and RCALA, but CPF has the additional virtue of allowing the
sharing of each wavelength by two or more stations.

It was shown that the performance of CPF is very high under any load conditions,
mainly due to the intelligent filtering mechanism that prevents channel collisions
and receiver conflicts from occurring. The only additional hardware needed is
the centralized packet filtering mechanism that has to be placed at the network
hub; therefore, a DT-WDMA network can be transformed to a CPF network quite
easily. Filters may be arrayed in a common device. This limits the additional
implementation cost, as discussed in the previous protocol. The main disadvantage
of CPF is the common one for centralized schemes, i.e. the fact that a failure in a
single point (the hub) would affect the operation of all stations.

4.4.3 CWC

Another recent MAC protocol for multiwavelength optical LANs is presented
here. The proposed Centralized Wavelength Conversion (CWC) protocol [30–31,
35] achieves a high network performance owing to a wavelength conversion mech-
anism placed at the network hub, which allows at most one packet per wavelength
to pass to the star coupler at each time slot. The basis of the conversion mechanism
is an array of tunable wavelength converters. Moreover, according to CWC, the
selection of the passing packets is performed in such a way that receiver conflicts
are avoided (note that, as in the case of RCALA protocol, tunability is assumed at
the receiving part of stations). Hence, the CWC protocol eliminates both channel
collisions and receiver conflicts, which explains the important increase in network
performance.

Another important feature of CWC is that, unlike RCALA and other important
schemes proposed for an analogous network model (as DT-WDMA), CWC takes
out the important restriction that the number of wavelengths should be equal to the
number of stations, as the previous CPF protocol and therefore allows the sharing
of a specific wavelength between two or more stations.

Besides the previous benefits acquired by the application of CWC to WDM star
networks, it should be noted that the proposed scheme also takes into account the
bursty nature of traffic in gigabit LANs and achieves a balancing of the offered
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load between the available wavelengths, so that the number of idle slots tends to
be minimized. This contributes to the performance improvement as well. Next, let
us present the network model considered by the CWC protocol.

4.4.3.1 Network Model of CWC
The network model considered by CWC can be described by the WDM passive
star broadcast-and-select network shown in Figure 4.9, which is also used by
the RCALA, DT-WDMA and CPF protocols. Let us define the set of stations
as U = {u1, u2, . . . , uN} and the set of available wavelengths for data as � =
{λ1, λ2, . . . , λW}, where N and W are the number of stations and wavelengths
respectively. We notice that, as in the case of CPF, there is a small modification
of the model considered in Figure 4.9 by DT-WDMA and RCALA, in that the
number of available wavelengths may not necessarily be equal to the number
of stations; specifically, a limited number of wavelengths may be shared by an
arbitrary number of stations. This is an important advantage of the CWC protocol,
as we mentioned in the introduction.

Since the protocol is pretransmission coordination-based, a control wavelength,
denoted as λc in the figure, is also assumed to be used by all stations in order to
preannounce their transmissions. Each station is provided with two fixed-tuned
transmitters (lasers), one for data and one for control packets. These are connected
to a 2 × 1 combiner before reaching the N × N passive star coupler via an optical
fibre. The N outputs of the star coupler are connected via N separate fibres to
the receiving parts of stations. These include 1 × 2 splitters that separate the data
wavelength from the control wavelength. The former is led to a tunable receiver
(filter) capable of tuning over the entire range of the W available data wavelengths,
while the latter is connected to a receiver (filter) that is fixed-tuned to the control
wavelength. Thus, the system considered in CWC is a CC-FT2-TTFR system,
according to the relevant discussion of Chapter 1. As in RCALA, DT-WDMA and
CPF, the CWC protocol has the tell-and-go feature.

Obviously, each station has a home wavelength on which it always transmits its
packets independently of destination, which, however, is not unique, but may be
used by other stations as well. The allocation of home wavelengths to transmitters
is done in a similar way to the CPF scheme: for each source node uk (k = 1, . . . , N )
data wavelength λik is allocated, where ik = 
kW/N�; thus 1 ≤ ik ≤ W . We shall
assume that N/W is an integer in order to simplify the presentation of the protocol.
Thus each data wavelength is shared by N/W stations.

The round-trip propagation delay from a station to the hub and back is assumed
to be equal to D slots for all stations, where D is taken to be an even integer
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Figure 4.13 The internal architecture of the converters Ck(k = 1, . . . , N ) used by CWC
[30]. Each converter is capable of converting the data wavelength λi as required, but always
preserves the control wavelength λc. ( C© 1999 Wiley)

number, so that the time required for a packet to reach the hub is exactly D/2
slots.

4.4.3.2 Detailed Description of CWC
The hub of a network operating under the CWC protocol is embellished with a
wavelength conversion mechanism. Specifically, an array of N tunable wavelength
converters Ck (k = 1, . . . , N ), is placed at the network hub. The converters are
capable of converting the wavelengths of the transmitted packets, while preserving
the control wavelength λc, as shown in Figure 4.13. Each converter Ck(k = 1, . . . ,
N ) corresponds to a specific station uk and controls its transmitted packets. The
output of the 2 × 1 combiner of uk , which is an optical signal containing both the
control and data wavelengths (λc and λik respectively), is connected via an optical
fibre to converter Ck . An example of a network with four stations and two data
wavelengths operating under the CWC protocol is depicted in Figure 4.14.

Generally, wavelength converter Ck may be tuned to convert the fixed incoming
λik wavelength to any other of the available wavelengths. From here on, by Ck =
λ jk , we imply that Ck converted wavelength λik to wavelength λ jk . An additional
characteristic assumed for the converters of CWC, is that they may block the
incoming data signal by converting it to an unused wavelength λ0 /∈ �. If we would
not like to waste a wavelength for this purpose, we could place an optical switch
for blocking the incoming signal when desired, after each wavelength converter.
However, we will assume in our presentation of CWC that blocking is done by
using the extra wavelength λ0. The output port of each converter is connected to
the star coupler, as illustrated in the example of Figure 4.14.
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Figure 4.14 An example of a network with four stations and two data wavelengths oper-
ating under the CWC protocol [30]. ( C© 1999 Wiley)

A controller, also placed at the network hub, undertakes the task of determining
the outputs of each converter at each time slot. Note that a unique controller is
used for all the N available wavelength converters. The decisions made by the
controller about the conversions should ensure the following:

1. At most one packet per data wavelength is allowed to pass to the star coupler,
so that channel collisions are eliminated.

2. All the passing packets have different destination nodes, so that receiver con-
flicts are eliminated too.

3. The number of idle slots tends to be minimized.

In addition, the control of the converters must be implemented by a relatively
simple algorithm so as to introduce the less possible computational overhead to the
controller and not negatively affect the overall implementation and performance
of CWC. The algorithm used by the controller in order to meet all the previously
described requirements is the following:
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{ *** Basic Notations ***
t :time slot - variable.
Xj(t):set of source nodes that have transmitted a

packet destined to node uj at time slot t-
variable.

λ0 : unused wavelength for blocking as described
above - constant.

� :set of available wavelengths - constant.
G :set of unmatched source nodes - variable.
R :set of unmatched wavelengths - variable.

* The algorithm selects one source node ux ∈ Xj(t) for each *
* destination node uj with Xj(t) �= Ø. Then it distributes *
* the selected source nodes to the available wavelengths and *
* tunes each converter to the corresponding wavelength *

PROCEDURE WAVELENGTH CONVERSION;
BEGIN

G := 0;
FOR i := 1 TO N DO Ci := λ0;
FOR j := 1 TO N DO IF Xj(t) �= Ø THEN
BEGIN

Select randomly a source node ux ∈ X j(t);
G := G ∪ {ux};

END;
R := �;
WHILE G �= Ø AND R �= Ø DO
BEGIN

Select randomly a source node uy ∈ G ;
Select randomly a wavelength λz ∈ R;
G := G − {uy};
R := R − {λz};
Set Cy := λz;

END;
END;

As is shown in Figure 4.14, one of the output ports of the star coupler is connected
to a fixed filter that is tuned to always pass the control wavelength. The output of
the filter is connected to a photodetector, which performs the necessary opto-
electronic conversion before the signal reaches the controller. In this way, the
controller receives a control packet containing information about the source and
destination nodes of the transmissions that were announced by all stations D/2
slots before. Note that one control slot is assumed to include N minislots that are
accessed in a TDM manner by all stations and also is taken to be equal to one data
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slot in length (thus, a control packet includes N transmission announcements and is
equal in length to a data packet). Since the controller is aware of the source nodes,
it can directly derive the wavelength where each packet is transmitted, because
the allocation of wavelengths to source nodes is known. Hence, the controller has
all the required information, in order to run the wavelength conversion algorithm
presented above.

It should be pointed out that the same algorithm is executed by all stations when
the control information arrives at them, i.e. after a round-trip propagation delay
of D slots. By executing the algorithm and figuring out how the wavelength con-
verters were tuned, the stations that had transmitted a packet should know whether
they should reschedule their packets for transmission (in the event of a blocked
transmission) or just delete them from the buffers that keep the transmitted but
unacknowledged packets (in the event of a successful transmission). Furthermore,
the destination nodes realize how they should tune their filters for reception.

Another observation that must be made is that the wavelength conversion algo-
rithm uses random numbers. Since it is assumed to run at all stations and at the
controller of the hub as well, it is understood that in order to give the same results
as needed, it is necessary to ensure that the same random numbers are used each
time by every station and the by the controller. This problem was present in the
CPF protocol as well. For details on two satisfactory solutions of this problem,
please refer to [19].

4.4.3.3 Overview of Analytical and Simulation Results for CWC
The performance of the proposed CWC protocol is analyzed and a noteworthy
result is obtained [35]; to be exact, the CWC protocol achieves higher throughput
than any protocol which does not use wavelength conversion. For details on how
the previous statement can be proved, please refer to [35].

The CWC protocol was simulated and compared to the TDM and the CPF
protocols. Both protocols are channel collision-free, while the CPF is also receiver
conflict-free, as we described in section 4.4.2. A performance comparison with
these protocols, especially with the CPF one which has been shown to lead to a
high network performance, would be very helpful for realizing the improvement
introduced by CWC.

Selectively, we shall present the simulation results for the following two network
configurations from [30, 35]:

1. Network N1: N = 100, W = 20, D = 0 and Q = 5.
2. Network N2: N = 160, W = 20, D = 5 and Q = 10.
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Figure 4.15 Delay versus throughput characteristic of TDM, CPF and CWC for two
example network configurations [30]. (a) Delay versus throughput of the three protocols for
network N1. (b) Delay versus throughput of the protocols for network N2. ( C© 1999 Wiley)

N and W are the number of stations and wavelengths respectively. The round-trip
propagation delay is denoted by D, while the maximum length of each station’s
queue is denoted by Q.

The protocols are simulated under both bursty and non-bursty traffic. The offered
traffic is modelled in a way similar to the one used in [14]. More details can be
found in [35].

The performance metric used is the delay versus throughput characteristic. Parts
(a) and (b) of Figure 4.15 illustrate the delay versus throughput characteristic
of the three compared protocols for networks N1 and N2 respectively. The de-
lay versus throughput characteristic was constructed by using 21 points in all
graphs. Each point corresponds to a different value of the offered load, from 0.005
up to 1.00 packets per wavelength per slot. Additional simulation results along
with the corresponding graphs for more network configurations may be found in
[30, 35].

By looking at the graphs of Figure 4.15, we observe that the performance of
CWC is very high and remains at about the same level. CPF outperforms TDM but
not CWC, because it lacks the virtue of wavelength conversion. Note that some
additional results from [30] for these two and other network configurations show
that both the TDM and CPF protocols are negatively affected by the presence of
bursty traffic. However, even when the offered traffic is assumed to be non-bursty,
the CWC protocol achieves a considerably higher performance than the other
two schemes. This is explained by the fact that CWC, apart from being channel
collision and receiver conflict-free, also tends to minimize the number of idle slots
by using the centralized wavelength conversion mechanism in a way that balances
the offered load between available wavelengths.



296 Adaptive Protocols

4.4.3.4 Concluding Remarks about CWC
The CWC protocol is a new powerful MAC protocol for WDM star networks
of the broadcast-and-select architecture. As we saw, its operation is based on an
array of tunable wavelength converters, which are placed at the network hub. This
centralized wavelength conversion mechanism balances the offered load between
available wavelengths, so that the number of idle slots tends to be minimized. CWC
also controls the passing of packets to the star coupler in a way that makes it both
channel collision and receiver conflict-free, i.e. it always allows at most one packet
per wavelength pass to the star coupler and, also, the selected destination for each
packet is always unique. It is applied on the same CC-FT2-FRTR system assumed
by DT-WDMA and RCALA, but CWC has the additional virtue of allowing the
sharing of each wavelength by two or more stations (like CPF).

It was shown that the performance of CWC is very high under both bursty
and non-bursty traffic conditions. The only additional hardware needed is the
centralized wavelength conversion mechanism that has to be placed at the network
hub. Therefore, a DT-WDMA network can be transformed to a CWC network
quite easily. The wavelength converters may be arrayed in a common device and
this limits (to a certain extent) the additional implementation cost, as discussed in
the section about HARP protocol. The main disadvantage of CPF is the common
one for centralized schemes, i.e. the fact that a failure in a single point (the hub)
would affect the operation of all stations.

4.4.4 OCON

We will close the discussion about centralized packet filtering protocols with a
recent scheme for WDM star networks of the broadcast-and-select architecture,
which is quite innovative and different from the others, as far as implementa-
tion technology is concerned. The proposed Optically Control Optical Network
(OCON) protocol [27–28], as the name suggests, is a powerful scheme that is
exclusively based on optical technology.

The centralized filtering protocols described so far indeed achieve a high net-
work throughput as compared to other well-known contention-oriented (like slotted
ALOHA) or round-robin (like R-TDMA) schemes, owing to the filtering mecha-
nism applied in each case. Yet, there is still scope for additional improvements, if
we consider for example the limits imposed on the performance by the (typically)
quite slow tuning times of filters and the extensive use of electronics in a single
point (hub), which implies an overall questionable reliability of the system.

The OCON architecture and protocol suggest some noteworthy improvements
in both the performance and reliability of the network. It is based on optical
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technology, thus overall we have an all-optical centralized packet filtering scheme.
The passing of packets to the star coupler is controlled by means of optical logic
circuits (OLCs) described later, which allow at most one packet to pass to the star
coupler at each time slot. The need for electronic processing of network feed-
back and for optoelectronic (O/E) translation, found in other schemes, is therefore
eliminated. As a consequence, the proposed protocol accomplishes a notable im-
provement of network performance and, furthermore, increases the reliability of
the system. Next, we will focus on the network model of OCON before describing
it in more detail.

4.4.4.1 Network Model of OCON
The network model considered by OCON is generally described by the network
of Figure 4.2. Of course as we mentioned in the introduction, the hub does not
comprise only a passive star coupler, but it is embellished with an all-optical packet
filtering mechanism.

The protocol assumes tunability in the part of the transmitters (lasers) of stations.
The set of stations can be defined as U = {u1, u2, . . . , uN}, while the set of
wavelengths is defined as � = {λ1, λ2, . . . , λW}; thus N and W are the number
of stations and wavelengths respectively. The lasers are assumed to be capable of
tuning to any one of the available wavelengths, so that full connectivity is ensured
for the network. Another difference in comparison with the network of Figure 4.2
is that each station is equipped with R fixed-tuned filters, which accept distinct
wavelengths. Hence, each station can receive up to R packets carried on different
wavelengths, at the same time slot, i.e. has R home wavelengths for reception.
Note that R is generally assumed to be very small, e.g. up to three, in order to
maintain a relative simplicity as far as the hardware implementation is concerned.
Consequently, the system may be characterized as TT-FRR according to the relevant
discussion of Chapter 1.

It should also be noted that the round-trip propagation delay is assumed to be
negligible. This implies that source nodes can be immediately informed about the
success or blocking of their transmissions (using one of the methods in [36]) and,
accordingly, choose to delete the transmitted packet from their buffers or reschedule
it for transmission in the near future. At any time they get ready to transmit,
they tune their lasers to one of the R home channels of the desired destination
and transmit the packet (with probability one) in the next time slot. If they have
two or more waiting packets they choose one in random. Thus, source nodes
transmit in a slotted ALOHA fashion (with p = 1) with the random transmission
strategy.
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Figure 4.16 Example of the hub of a network with four stations and three wavelengths
operating under the OCON protocol [28]. ( C© 1998 IEEE)

4.4.4.2 Detailed Description of OCON
In this section we focus on two key issues about OCON, i.e. on how the optical
filtering mechanism operates and on how it is implemented. During the description
of the operation of the packet filtering mechanism, the reader may refer to Figure
4.16, which illustrates the hub of an example network with four stations and three
wavelengths operating under the OCON protocol.

The optical filtering mechanism comprises, first of all, an array of N WDM
demultiplexers (each one corresponding to a transmitting station), which sepa-
rate the different wavelengths from the source nodes. At each time slot, only one
wavelength is used by a source node; thus, at most one output of each WDM
demultiplexer contains an optical signal. The separated wavelengths are driven
appropriately to an array of W OLCs, so that the outputs with the same wave-
length of all the WDM demultiplexers are connected to a single OLC controlling
this wavelength. At each time slot, each OLC allows just one packet, i.e. from only
one of its inputs, to pass to the star coupler; therefore collisions on the correspond-
ing wavelength controlled by the OLC are eliminated. All the packets which are
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possibly carried on other input ports are blocked by the OLC. Finally, an array of
N WDM multiplexers combines the optical signals back as shown in Figure 4.16
and drives each combination to the appropriate input of the star coupler.

Next, let us see how an OLC is implemented, which is obviously of critical
importance for the OCON protocol. We shall focus on the implementation of
OLCs at a logic gate level, while the discussion on the actual implementation of
the utilized logic gates with optical technology will be brief and deferred till later.

According to the description above and Figure 4.16 as well, each OLC must
have exactly N input and N output ports. Moreover, at each time slot, it should
allow only one of the input signals to pass to the corresponding output port. Let us
describe the OLC structure that should be used in the example network of Figure
4.16, i.e. an OLC with four input and four output ports.

First, let us consider the simplified version depicted in Figure 4.17. We notice
that the OLC has N AND-NOT gates Hk , (k = 1, . . . , N ), where N = 4 in our
example. These gates undertake the task of blocking or allowing the incoming
packets to pass to the corresponding outputs. The OLC has also N control ports
Ck , actually the ‘NOT’ input ports of the AND-NOT gates Hk , N input ports Ik and
N output ports Ok (k = 1, . . . , N ). Obviously Ok = Ck Ik , therefore the AND-NOT
gates allow an input to pass to the corresponding output if Ck = 0. Otherwise, i.e.
for Ck = 1, the input port is blocked. Since only one of the outputs should contain
an optical signal (or equivalently be equal to 1), it follows that the control ports
must be defined in such a way that for only one passing signal we have output
Op = C p Ip = 1, while for all other outputs we have Om = Cm Im = 0, for all
m �= p. As it is obvious in the example of the Figure 4.17, in the simplified version
of the OLC the control ports Ck are in fact the outputs of an array of N OR gates
Gk (k = 1, . . . , N ) that are serially connected; i.e. Ck is the output of OR gate Gk

and so on. In the simplified version of OLC it is assumed that C1 = 0, while for
k =2, . . . , N we have:

Ck = Ck−1 + Ik−1 = (Ck−2 + Ik−2) + Ik−1 = · · · = I1 + I2 + · · · + Ik−1.

(4.3)

Thus:

Ok = Ck Ik
(4.3)−→ Ok = I1 + I2 + · · · + Ik−1 Ik = I1 I2 · · · Ik−1 Ik . (4.4)

According to this scheme we get the desirable Ok = 1, only when Ik = 1 and all
the previous inputs are zero, i.e. Im = 0 for all m < k. Note also that, since Ik = 1,
the complement will be zero and according to Equation (4.4) it will give On = 0, for
all n > k. Hence, indeed only this output port will have a signal. The scheme above
suggests essentially a way to sense the input ports serially, starting always from
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Figure 4.17 A simplified version of the structure of the OLC that should be used in the
example network of Figure 4.16 [28]. ( C© 1998 IEEE)

input port I1, until we reach an input port equal to one. The corresponding output
becomes one, since all previous input ports where equal to zero and, therefore,
from Equation (4.3) the corresponding control port is also set to zero, hence giving
output a value equal to one, if we consider Equation (4.4). Moreover, according to
Equation (4.3), since an input equal to one was encountered, all subsequent control
ports will be set to one; thus, from Equation (4.4), all subsequent outputs become
equal to zero, as desired.

This simplified version of the OLC has a serious drawback, namely it lacks
fairness. Indeed, we mentioned that the serial search for an active input port always
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begins from port I1, which obviously is not fair. This limitation can be overcome, if
we cyclically connect the OR gates and place an AND-NOT gate Fk(k = 1, . . . , N )
between each pair of consecutive OR gates. For a schematic representation of this
please refer to Figure 4.18. In this figure, the laser diode which controls the AND-
NOT gates transmits a light pulse every N time slots, while each pulse is delayed
for a time slot before reaching the next gate, by means of a delay line (optical
buffer). In this way, only one AND-NOT gate F(t) is disabled at each time slot t .
Also, the disabled gate is cyclically shifted at each time slot. Thus, if F(t) = Fm ,
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then F(t + 1) = F(m mod N )+1. If F(t) = Fm , the serial search for an active input
port begins from port Im . We notice that, since Fm is cyclically shifted at each
time slot, the OLC does not favour any input port (unlike the simplified version);
hence, it becomes fair.

Details about the actual implementation of the described OLC (and thus the
OCON protocol) by making use of directional couplers can be found in [27]. It
should be noted that this implementation calls for electronic control of some optical
devices, thus the overall scheme is all-optical in the sense that the signal remains
on optical form throughout the network; however, due to the limits imposed by
present-day technology, the control of the OCON centralized filtering mechanism
is decided to be electronic.

4.4.4.3 Overview of Simulation Results for OCON
The OCON protocol was simulated and compared to protocols R-TDMA and
HARP. The reasoning behind this choice is that both of these schemes are applied
to the same TT-FR network model and are collision-free, like OCON.

We shall present simulation results regarding only one performance metric
(namely delay versus throughput) of the protocols for no more than two (out
of the six overall considered in [27–28]) network configurations:

1. Network N1: N = 40, W = 20, Q = 5 and R = 2.
2. Network N2: N = 60, W = 20, Q = 10 and R = 3.

Parameters N , W and Q are the number of stations, wavelengths and packets that
can fit in each station’s queue, respectively. Parameter R stands for the number of
fixed-tuned receivers available at each station. Note also that the tuning time of the
acousto-optic filters for HARP was given two values, i.e. T = 0 and T = 0.2 slots.
Separate results were obtained for each value of the tuning time. The performance
characteristic was constructed using 21 points, with each point corresponding to
a value for the offered load ranging from 0.005 up to 1.00 packets per wavelength
per slot.

The delay versus throughput characteristic of the simulated protocols for net-
works N1 andN2 are illustrated in parts (a) and (b) of Figure 4.19 respectively.
From the graphs shown here (as well as the additional ones in [27]), it becomes
obvious that the OCON protocol achieves a significantly higher performance than
R-TDMA and HARP protocols under any load conditions. The performance im-
provement as compared to HARP becomes even higher as the tuning time for the
acousto-optic filters of HARP increases (i.e. equal to 0.2 slots in the figure).
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Figure 4.19 Delay versus throughput characteristic of R-TDMA, HARP and OCON for
two example network configurations [28]. (a) Delay versus throughput characteristic of the
protocols for network N1. (b) Delay versus throughput characteristic of the protocols for
network N2. ( C© 1998 IEEE)

4.4.4.4 Concluding Remarks about OCON
The proposed OCON protocol was shown to be a quite innovative scheme with
important differences as compared to the other centralized packet filtering proto-
cols described earlier. As we saw, the most crucial innovation is the introduction
of optical technology at the network hub for the implementation of the packet
filtering mechanism. This mechanism was shown to be based on optical logic cir-
cuits, the design of which (at a logic gate level) was presented extensively. It was
explained how the design of the filtering mechanism ensures that only one packet
per wavelength is allowed to pass to the star coupler each time. The latter implies
that OCON has the virtue of eliminating collisions. Furthermore, OCON proto-
col significantly improves network performance owing to the absence of slowly
tunable optical filters (that were included in the previous schemes). Finally, we
should point out that OCON has another very important advantage: it minimizes
the use of electronics at the network hub and therefore its application results in a
significant increase of the overall system’s reliability, as compared to the previous
centralized packet filtering schemes.

NOTES

1 We assume synchronous protocols where data (and any control, if present)
channels are time-slotted.

2 The neighbour allocation, for which ik =
⌊

k−1

N/W�

⌋
+ 1, is also proposed

in [1].
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3 That is why the same set of stations, u1 through uN , appear both in the left and
right side of the hub in Figure 4.2.

4 The algorithm is quite similar to the one in [7]. The latter differs only in that it
selects stations randomly and not by considering any choice probabilities, as
is the case for SALP.

5 However, even under these queuing conditions, we shall shortly see that SALP
still outperforms both of these schemes by far.

6 As we saw the results (decisions) of the learning automata are exactly the same
in every station.

7 Refer to the relevant discussion in the introduction to SALP and also in [11]
for example.

8 The absence of a collision is enough information for the learning automata to
know that they should increase the transmission probability for the next time
slot; i.e. the learning automata do not care to additionally know whether the
transmission was actually successful or the wavelength was idle, as is obvious
from the probability updating scheme.

9 However, it is noted in [24] that the LABRA protocol can be applied to networks
with non-negligible propagation delays by making use of pipelining, see e.g.
[3, 24].

10 Note that in [24] an additional network configuration is considered and thus
the delay versus throughput and throughput versus offered load characteristics
of the protocols are presented for four networks in total. The results, however,
do not differ as they are always in favour of the LABRA protocol.

11 The learning algorithm that determines the passing probabilities for each wave-
length will be presented later in this subsection.

12 Note that in [26] three additional network configurations are considered and
thus the delay versus throughput and throughput versus offered load char-
acteristics of the protocols are presented for four networks in total. The re-
sults, however, do not differ as they are always in favour of the LABON
protocol.

13 The exact network model of the RCALA protocol will be presented in the
following subsection. Note that tunability is assumed at the opposite side (i.e.
receivers) unlike all the adaptive protocols examined so far, which considered
a TT-FR network model.

14 Network N1 will be described in more detail later, when we present an overview
of the simulation results for RCALA from [23].

15 Actually, we have already described one protocol that uses centralized packet
filtering, namely the LABON protocol, in Section 4.2. However, due to its
purely random access nature and its many similarities with the adaptive random
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access LABRA protocol, LABON was presented in Section 4.2 about adaptive
random access schemes, right after LABRA.

16 We mentioned in the introduction that in this case the choice is made among
all stations randomly.

17 For the three-port operation of the PIATOFs considered in the context of HARP,
as shown for example in Figure 4.11, the reader may also refer to [9].

18 The network model of CPF will be presented in detail in the next subsection.
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Quality of Service (QoS), 49, 59, 77, 81,
86, 115, 116, 209

Queueing, 138–9, 143, 152, 153, 194,
195–6, 212

Rainbow I & II testbeds, 151
Random number generator, 146, 156, 203,

220, 243
Ratio, signal-to-noise, 105, 121
Reception (or receiver selection) strategy.

See Packet, selection (reception)
strategy

Reconfiguration of:
virtual topology, 66–7, 69
wavelength crossconnect, 38, 39, 40,

118, 122 (Fig.), 123 (Fig.)
wavelength routing network, 39

Regeneration, light signal 14–15, 21, 29,
30, 89, 103, 105. See also Amplifier

Reservation protocols, 131, 136, 172–3,
182–3, 194–9, 278–83

Restoration (of network operation), 18, 20,
21

Ring topology. See Topology, ring
Router, passive. See Waveguide, grating

router (WGR)
Routing and wavelength assignment

problem (RWA). See Problem,
routing and wavelength assignment
(RWA)

Sattelite switched/TDMA systems, 215
Scalability, 28, 34, 86, 116, 117, 175
Scheduler, 132, 181–3, 193–4
Scheduling protocols, 131–2, 136, 184–5

centralized, 132, 181–3, 193–4
distributed, 131, 145, 202–17

SCM. See Multiplexing, subcarrier (SCM)
Second generation optical networks,

ix, 15, 20, 85, 86
classes of, xi, 21–59, 81–5
optical burst switching (OBS),

22 (Fig.), 58–9, 84–5
photonic packet switching, 22 (Fig.),

45–58, 84–5
WDM, 8–9, 22–45

broadcast-and-select. See
Broadcast-and-select network

linear lightwave (LLN), 41
passive optical network (PON). See

Passive optical network (PON)
point-to-point link, 22–4, 28, 81, 84,

88 (Fig.), 117
waveband routing, 22 (Fig.), 40–1
wavelength routing. See Wavelength,

routing network
Selection:

of packet, strategy. See Packet, selection
(reception) strategy

of station, algorithms, 233, 239, 241,
247, 274, 280, 286–7, 293

of wavelength, algorithm, 265
Service:

best-effort, 11
CBR, 115
circuit-switched, 32, 33, 63, 81
connection-oriented, 81, 82
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Service: (cont.)
with guaranteed bandwidth, 179, 180,

197–9
without guaranteed bandwidth, 179,

180
connectionless, 81, 82, 179, 180
fibre, 21
multicast, 26, 27 (Fig.), 83 (Fig.), 181,

193. See also Multicasting
nature of, 4
packet-switched, 11, 65, 81, 151
quality of (QoS). See Quality of service

(QoS)
unicast, 26, 27 (Fig.), 83 (Fig.), 181
virtual circuit, 45
wavelength, 21, 27, 31, 86

Shufflenet, 66
Signal (optical):

power, 6, 52, 60, 61, 62, 91, 92
attenuation, 14, 53, 89, 90, 91, 106,

116
gain, 24, 98, 105. See also Amplifier
splitting, 25, 27, 41, 44, 106, 234, 235

(Fig.). See also Coupler; Splitter
quality, 6, 77, 88
-to-noise ratio, 105, 121

Single-hop network. See Network,
single-hop

Skew delay, 115
Soliton, 90
Source:

allocation (SA), 148–9
conflict, 219
of light. See Light sources

Splitter, 60, 87, 119–20. See also Coupler
Sprint, 116
Stack-graph, 70
Stack-ring, 70
Stack-torus, 71
Star coupler. See Coupler, star
Star topology. See Topology, star
Subcarrier multiplexing (SCM). See

Multiplexing, subcarrier (SCM)
Switch, x, 34, 39

electronic, 21, 38, 39
optical, 38, 40, 41

packet. See Packet, switch, optical
W-server, 170, 171, 172

Synchronous digital hierarchy (SDH), 14,
16–18, 31–2, 34, 41, 78, 79

synchronous transport module (STM)
levels, 17

transmission rates, 17 (Tabl.)
Synchronous optical network (SONET),

14, 16–19, 31–2, 34, 41, 78, 79
configurations:

linear, 18, 19 (Fig.)
point-to-point, 18, 19 (Fig.)
ring, 18, 19 (Fig.)
See also Topology, physical

elements:
terminal multiplexer (TM), 18
line terminal (LT), 18
add/drop multiplexer (ADM), 18, 34,

35, 114
digital crossconnect system (DCS),

18, 34, 86
optical carrier (OC) levels, 17, 18, 115,

116
synchronous transport signal (STS)

levels, 17
transmission rates, 17 (Tabl.)

TCP, 1, 11
TDM. See Multiplexing, time division

(TDM),
Technology, enabling, x, xi, 77–123
Tell-and-go feature (of protocols), 131,

136, 159, 167, 174, 180, 272, 284,
290

Theory, control, 228
Topology:

physical, 29 (Fig.), 31, 33, 64, 65, 66,
68, 150

bus, 60–2, 70, 135, 149–51, 157–8
double bus, 14, 20, 158
double star, 191
linear, 18, 19 (Fig.)
mesh, 28, 29 (Fig.), 32, 50, 116, 119
point-to-point, 15, 18, 19 (Fig.), 22–4,

88 (Fig.)
ring, 18, 19 (Fig.), 20, 32, 60–2, 86
star, 25 (Fig.), 27, 40, 60–2, 64, 68, 70
tree, 60, 61 (Fig.)
virtual. See Virtual topology

Torus, 66
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Traffic:
bursty, 11, 230, 244, 245, 248, 252, 261

modelling of, 248
correlated, 230, 244, 245, 248, 273, 278

expression of, 275
dynamic, 33
growth, 3, 4 (Fig.)
matrix. See Information, global status,

traffic demand matrix
multicast. See Service, multicast
prediction, 217
real-time, 209, 210
static, 33
unicast. See Service, unicast

Transmission, 90
asynchronous, 14, 85–6
bidirectional, 9, 10 (Fig.), 23, 30, 35
guided, 5, 13
standardization of, 14, 86
strategy. See Packet, transmission

strategy
synchronous, 86
unguided, 5, 13
unidirectional, 9, 10 (Fig.), 23, 30, 40
velocity, 13, 14
See also Fibre, optical, transmission

Transceivers:
block diagram of, 82 (Fig.)
node equipment, 62–3. See also

Protocols, MAC
See also Light sources; Photodetector

Transparency:
bit-rate, 46, 83, 84, 121
data, 4, 15, 30, 54, 59, 63, 121
protocol, 86

Tree topology, 60, 61 (Fig.)

Unguided system, 5, 78

Virtual topology, 29 (Fig.), 31, 64
diameter, 69
embedding (over physical topology), 31,

65, 66–71
graph-based, 68, 69

complete-graph, 68, 69
de Bruijn graph, 66
hypercube, 66, 68, 69, 71
mesh, 68, 69

ring, 70
torus, 66, 71

hypergraph, 69–71
hypertorus, 71
stack-graph, 70
stack-graphs, Cartesian product of, 70
stack-ring, 70
stack-torus, 71

irregular, 65
reconfiguration, 66–7, 69
regular, 65–6, 67, 68

de Bruijn graph, 66
dual-ring, 67
GEMNET, 66
hypercube, 66, 68, 69, 71
linear dual-bus, 66, 67
Shufflenet, 66
torus, 66, 71

VLSI chips, 188
Voice traffic growth, 3, 4 (Fig.)

Wait-and-see feature (of protocols), 167,
168

WAN, 22, 27, 86
Waveband:

reuse, 40
routing network, 22 (Fig.), 40–1

constraints, 40
Waveguide, 13

grating router (WGR), 38, 43, 44,
112–13

Wavelength:
add/drop multiplexer. See Multiplexer

(MUX), wavelength add/drop
(WADM)

assignment (WA) problem. See Problem,
wavelength assignment (WA)

continuity constraint (for RWA
problem), 33

converter, 36, 39, 78, 84, 87, 120–22,
289–94

desirable characteristics, 121
tunable optical (TOWC), 49, 50, 52,

53
crossconnect (WXC), 34–9, 40, 79, 81,

83, 116–19
dynamic (or reconfigurable), 38, 39,

40, 118, 122 (Fig.), 123 (Fig.)
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Wavelength: (cont.)
electronic, 39
implementation, 118
static, 37 (Fig.), 38, 39, 118
See also Wavelength, router

overloading, 252, 261
reuse, 28, 30, 31, 40, 117, 120, 122
router, 78, 87, 116–19, 122. See also

Wavelength, crossconnect (WXC)
routing network, 22 (Fig.), 28–39, 41,

83–4, 85, 86, 117
architecture in optical packet

switches, 54, 55, 56 57 (Fig.)
building blocks of, 34–6

dynamic (or reconfigurable), 39
multi-hop, 83
passive optical, 44–5. See also Passive

optical network (PON)
single-hop, 83
static, 39

selection, algorithm, 265
WDM. See Multiplexing, wavelength

division (WDM)
WOPC system, 130. See also

Pre-allocation based protocols
WPC system, 130. See also

Pre-transmission coordination based
protocols
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