MAC PROTOCOLSFOR
OPTICAL PACKET-SWITCHED
WDM RINGS

Marcos Rogério Salvador

This research work was conducted within Dutch project FLAMINGO, and
it was funded by the Dutch Technology Foundation STW, applied science
division of NWO and technology programme of the Ministry of Economic
Affairs of The Netherlands, and by the Centre for Telematics and
Information Technology of the University of Twente, The Netherlands.

Centre for Telematics and Information Technology (CTIT)
University of Twente, P.O. Box 217, 7500 AE Enschede, The Netherlands



Graduation committee
Chairman/Secretary: prof.dr. W. H. M. Zijm (University of Twente, NL)
Supervisor: prof.dr.ir. 1. G. M. M. Niemegeers (Tech. Univ. of Delft, NL)
Assistant supervisor: dr.ir. S. Heemstra de Groot (University of Twente, NL)
Members: prof.ir. A. C. van Bochove (University of Twente, NL)
prof.ir. E. F. Michiels (University of Twente, NL)
prof.ir. A. M. J. Koonen (Tech. Univ. of Eindhoven, NL)
prof.dr.ir. L. J. M. Nieuwenhuis (University of Twente, NL)
prof.dr. H. R. van As (Tech. University of Vienna, AT)
prof.dr.ir. M. Pickavet (University of Gent, BE)

MAC protocolsfor optical packet-switched WDM rings/ M. R. Salvador
Ph.D. dissertation - with references; with preface in English; 192 pages
University of Twente, Enschede, The Netherlands

ISSN 1381-3617 (CTIT Ph.D.-thesis series number 02-47)

ISBN 90-365-1862-8

Cover design by Diego Rios.

Copyright © 2003 by Marcos Rogério Salvador, Enschede, The Netherlands.

All rights reserved. No part of this publication may be reproduced, stored in a
retrieval system, transmitted in any form or by any means, or adapted in any way
without the written permission of the author.



MAC PROTOCOLSFOR

OPTICAL PACKET-SWITCHED WDM RINGS

DISSERTATION

to obtain
the doctor’ s degree at the University of Twente,
under the authority of the rector magnificus,
prof.dr. F. A. van Vught,
on account of the decision of the graduation committee,
to be publicly defended
on Friday, January 31, 2003 at 16:45.

by
Marcos Rogério Salvador
born on August 28, 1972
in Americana (S.P.), Brazil.



This dissertation has been approved by:
Supervisor: prof.dr.ir. I. G. M. M. Niemegeers
Assistant supervisor: dr.ir. S. Heemstra de Groot



To my beloved wife, Graciela,
for her love, care, understanding, and support
during thisimportant and difficult period of our lives.

Thisis our achievement!



“1 have yet to see any prablem,

however complicated, which,

when you looked at it in the right way,
did not become still more complicated.”

-Poul Anderson



Preface

The ongoing convergence of applications, services, media, and specialised
networks to the Internet is posing new challenges for network architectures in
general. In existing network architectures electronics still plays a major role, even
though interfaces and wires use optics. Nevertheless, electronics is aready
struggling to keep up with the current capacity demands of the Internet. To cope
with the service demands of the Internet these architectures combine a
multiplicity of technologies, and such a combination makes these architectures
complex and difficult to manage and scale. Therefore, it is doubtful that existing
network architectures will be able to meet the demands of the future Internet at
reasonable complexity and cost, if at all.

Developments in optical networking technologies and the evolution in the
Internet technologies represent a window of opportunity to move from the
complex, inefficient, multi-layer electronics networking model to a much simpler,
more efficient, two-layer optica networking model, in which IP lies almost
directly on top of the optical layer.

The potential of such an optical Internet have attracted much attention of the
research community and led to the design of many candidate architectures.
Among them, ring networks using wavelength division multiplexing (WDM) and
optical packet switching (OPS) are prominent because they combine the
resilience and simplicity of the ring topology, the capacity, scalability, and
transparencies of WDM, and the robustness, transparencies, and node bypassing
capability of OPS.

Limitations in the state-of-the-art optical networking technologies, in
particular, the lack of optical random access memory, and the characteristics of
the Internet traffic, such as variable size packets, packet arrival burstness, non-
uniform traffic distribution patterns, and volatile traffic patterns make the
transport of Internet traffic in WDM rings that perform OPS challenging.

This work is concerned with medium access control (MAC) protocols for such
ring networks. It focuses on the efficient, high performance transport of Internet
traffic and proposes protocols that take the characteristics of the Internet traffic
into consideration to achieve that.

Two complementary sub-classes of MAC protocols are investigated in this
work: access control and access fairness. The access control protocols use the
destination removal slotted ring technique for high performance, and they aim at
the transport of variable size packets. The access fairness protocols use cyclic
reservations to adapt to the traffic conditions proactively, and they superpose the
access control protocols to enforce fairness.
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To evaluate the performance and the effectiveness of the protocols in the
transport of Internet-like traffic, this work uses data obtained in computer
simulators developed exclusively for this work.

This dissertation is structured into seven chapters. Chapter 1 elaborates on the
motivations of this work and defines precisely the goals to achieve. Chapters 2, 3,
and partly 5 present the state-of-the-art on the subject. Chapters 4 and 5 introduce
four access control protocols and two access fairness protocols. Chapter 6
evaluates comparatively the performance of the protocols. Chapter 7 elaborates
on the obtained results and points to further investigations.
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Chapter 1
| ntroduction

This dissertation is concerned with high performance medium access control
(MAC) protocols for multiple-wavelength optical packet-switched (MOPS) rings
carrying Internet traffic. The focus of the dissertation is on access control protocol
to transport variable size packets and access fairness protocols to enforce fairness
under various traffic conditions.

This chapter provides an overview of this dissertation. It includes background
information, explains the main motivations and objectives of this work, and
describes how this dissertation is organized.

1.1 Background

The convergence of applications, services, media, and specialized networks to the
Internet is changing the world and the way people do things. Although with
limitations, distributed computing, teleconferencing, tele-education, listening to
radio, watching television, and playing games over the Internet are all a redlity
today. In the near future, such limitations will disappear, and it will be possible to
support more sophisticated applications over the Internet, such as virtua reality
collaborative design work and tele-surgery.

For such afuture Internet to become a complete reality, network infrastructures
at all levels, and metropolitan area network (MAN) infrastructures, in particular,
have to meet requirements such as:

o Scalability: as the Internet evolves applications running over it tend to
become more diversified and sophisticated, consequently attracting more
users. Nevertheless, growth in the number of users and higher
sophistication of applications demand more network capacity. Therefore,
the sustained evolution of the Internet depends on the sustained increase in
the capacity of network infrastructures,

» Robustness: for sophisticated applications to move to the Internet network
infrastructures should guarantee that failures rarely occur and that those
applications will continue to work when failures do occur;

» Security: security is inherent to commercial and military applications, just
to name a few. Therefore, the convergence of such applications to the
Internet is conditioned to the provision of secure communications,

e Quality of service (Qo0S): applications have diverse requirements.
Therefore, providing applications with services that meet their requirements
is necessary for those applications to run smoothly and, ultimately, for user-
satisfaction;
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» Efficiency: efficiency in the utilisation of network resources reduces the
need of over-provisioning and constant upgrades. Efficiency also
contributes towards increasing the network performance and improving the
QoS perceived by applications,

» Simplicity: network infrastructures should strive for simplicity. Simplicity
brings many benefits, the ultimate being the contribution to the acceptance
of these infrastructures and their underlying technologies.

Operational MAN infrastructures fail to meet many of the requirements listed
above, and that happens for two primary reasons. First, the technologies
underlying such infrastructures are essentially electronics, which has struggled to
achieve bit rates of a few tens of gigabit per second (Gb/s). Second, there is no
single networking technology that can provide services such as QoS, security, and
virtual private networking (VPN). To provide such services, MAN infrastructures
combine technologies such as the Internet protocol (IP) suite [Postel981,
Deeri1995], asynchronous transfer mode (ATM) [Duttol1995], synchronous
digital hierarchy (SDH) [ITUT2000], and synchronous optical network (Sonet)
[ANSI2001]. Combining technologies, however, results in complex and
inefficient infrastructures that are difficult to manage and scale.

Recent developments in optical networking technologies and the evolution in
the Internet technologies represent a window of opportunity to move from the
complex, inefficient, multi-layer electronics networking model to a simpler, more
efficient, two-layer optical networking model in which IP lies aimost directly on
top of the optical layer. Figure 1.1.1 shows the network-layering trend.

_
Lower cost, complexity, and overhead
P Thin
ATM P P layer
SDH/Sonet ATM SDH/Sonet P /
WDM

Figure 1.1.1 - Network-layering trend

Optical networking technologies alow for transmission, multiplexing,
amplification, and switching in the optical domain, hence exploiting the full
potential of optics and avoiding the so-called electronics bottleneck. Internet
technologies, in turn, are evolving from the single, insecure, best-effort service to
services with QoS and security (e.g., [Blake1998, Atkin1995]).

The potential of the optical Internet have attracted much attention of the
research community and led to the design of many candidate architectures.
Among them, ring networks using wavelength division multiplexing (WDM)
[Ramas1998] and optical packet switching (OPS) are prominent, for they
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combine the resilience and simplicity of the ring topology with the robustness of
packet switching and the high capacity and transparency of optical networking
technologies (see Section 1.1.1).

1.1.1 MOPSrings

A MOPS ring relies on WDM. WDM exploits the frequencies of the light in the
low loss region of optical fibbers to create severa Gb/s capacity wavelength
channels. Independent from each other, these channels can be added gracefully as
needed, and can be multiplexed in paralel to provide atotal capacity of up to few
tens of terabit per second (Th/s) per optical fibre.

Figure 1.1.2 illustrates how WDM works. In the example, a WDM multiplexer
sitting at the entrance of a fibre link multiplexes six 10Gb/s channels. These
channels travel in parallel throughout the link and during the journey they are
undistinguishable. At the exit of the link a WDM demultiplexer demultiplexes
these channels, which become individually selectable again.

6 x 10 Gb/s

::;// fiber \{\\:\\

Ny A mux A demux ‘6,

Figure 1.1.2 - Wavelength division multiplexing

A MOPS ring network comprises a number of optical fibre rings and a number
of network nodes. Each optical fibre ring consists of a number of wavelength
channels. To access these channels, network nodes encompass optical add-drop
multiplexers (OADMSs); in the literature the term wavelength add-drop
multiplexer (WADM) is sometimes used to name such multiplexers.

An OADM accomplishes two basic operations:

* Add: the add operation redirects (that is, adds) an optical signal modulated
by a transmitter (Tx) on a particular channel to the ring, on the same
channel;

* Drop: the drop operation redirects (that is, drops) an optical signal on a
particular channel from the ring to a local receiver (Rx) that operates on the
same channel.

Figure 1.1.3 illustrates an OADM dropping channel 1 and adding channel 3.
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ML LML

A A A3 Ay M A A3 Mg
in Cipty] out
|:,'>D ——>
IS I T S L L /1 L
M A A3 A A A A3 Mg

Figure 1.1.3 — lllustration of the functioning of an OADM node

Typicaly operations add and operations drop are independent. For either one
there might be limitations on the number of instances that can be executed
simultaneously, and on which channel, or channels, each instance can operate.
For instance, an OADM may be capable of dropping a single optical signal at a
time, whichever the channel that carries that signal is. Another OADM may be
capable of dropping four optical signals simultaneously, each on a pre-determined
channel.

Figure 1.1.4 illustrates a MOPS ring with four nodes and four wavelength
channels. In this illustration, each node is assigned an integer index address
corresponding to the position of that node in the ring and a unique reception
channel whose index is equal to the index of that node. Thus, in this scenario each
node can receive only on the channel that matches its own address; transmission
can take place on any single channel at atime.

A3
N3 “ ‘ Y
-
| @ |
| ® |
N2

Figure 1.1.4 — Example of MOPS ring (one fibre; four wavel engths; four nodes)

OPS isthe traditional packet switching model with the difference that in OPS a
packet travels all the way from the source to the destination in the optical domain,
bypassing all the intermediate nodes.

The benefits of node bypassing include:
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* Intermediate nodes need not to support the particularities of transit
communications, such as bit rate, signal modulation, framing;

» Lower layer management activities need to be performed only at ingress
and egress network nodes, hence becoming simpler;

» End-to-end packet delays and end-to-end packet delay variations are more
predictable and stable since packets do not experience queuing and access
delays at intermediate nodes, as in the traditional store-and-forward
approach. Predictable, stable packet delays are important because they
affect the performance of certain protocols (e.g., the transport control
protocol (TCP) [Poste1981]) and the quality of multimedia applications.

To achieve such benefits is very challenging though. In electronics networks, a
node converts an incoming packet to the electronic domain, reads the contents of
that packet, and buffers that packet while it decides upon either receiving,
discarding, or forwarding. Nevertheless, because of limitations in the state-of-the-
art of optical networking technologies, the content of a packet is not accessible in
the optical domain. Furthermore, there is no optical memory technology available
to delay packet by variable time. Therefore, the challenge to OPS is to find means
to obtain the forwarding information about a packet, and to delay that packet at
least until that information has been processed and the appropriate settings have
been done.

MOPS ring architectures transport the forwarding information about a packet,
which is usualy encoded in the packet itself, separately. Every time a node
transmits a packet, it also generates an additional header containing the
forwarding information about that packet.

To obtain such information MOPS ring architectures tap off a small fraction of
the signal power of the packets. To delay a packet until processing of its header
completes and consequent actions are taken, MOPS ring architectures use fibre
delay lines (FDLs). FDLs delay a packet for a fixed period of time that
approximates the time taken to complete the forwarding decision making process
and to react to the decision accordingly.

Figure 1.1.5 depicts a conceptual node architecture upon which almost all
MOPS ring architectures rely.
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FDLs
litter Coupler
A it @ [ wavdengn oure .
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QT > p uni
y Payload data
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) add unit
Processor >
»| Payload data
transmitter

Figure 1.1.5 - Conceptual node architecture

Upon arrival of a packet, a node taps off a small fraction of the packet’s signal
power; the remaining signal power heads towards FDLSs.

Almost all the existing node architectures convert the tapped off signal to the
electronics domain before the header processor (HP) processes the corresponding
header. Nevertheless, a few approaches exist that process headers optically
[Murat2001, Hill2001].

In either case, the HP then processes the corresponding information, and reacts
according to the decision made:

» Forward/Receive: the HP signals the wavelength drop unit to either drop
the incoming payload, or let the incoming payload go. In either case, when
the payload reaches the wavelength drop unit the latter has already been
set-up accordingly;

* Transmit: decision made when the HP detects the channel idle; the HP
signals the payload data transmitter to modulate the sel ected packet, and the
wavelength add unit to add the modulated signal into the ring on the
corresponding channel.

1.1.2 Medium access techniques and protocols

A ring is a shared medium for which geographically distributed nodes compete.
Thus, a node can disturb the transmissions of other nodes. Moreover, because of
ring symmetry, depending on the position in the ring some nodes may get better-
than-average access opportunities while some others may get worse-than-average
access opportunities.

Medium access control (MAC) regulates access to shared media to provide
nodes distributed geographically with efficient, fair access opportunities. The
MAC function belongs to the data link layer in the traditional network layering
models. Figure 1.1.6 shows where the MAC function resides in the open systems
interconnection (OSI) reference model (RM) [ISO1994] by the international
standardization organisation (ISO), in the TCP/IP protocol stack [Carpel996,
Clark1988], and in the institute of electrical and electronics engineers (IEEE) 802
local area networks (LAN)&MAN RM [IEEE2001].
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OSI REFERENCE TCP/IP IEEE 802 LAN&MAN
MODEL REFERENCE MODEL REFERENCE MODEL
APPLICATION
PRESENTATION
SESSION Upper
APPLICATION Layer
TRANSPORT Protocols
TRANSPORT
NETWORK LLC
NETWORK
DATA LINK MAC
DATA LINK
PHYSICAL PHYSICAL

LLC —Logical Link Control

Figure 1.1.6 — Network-layering model

A MAC protocol implements the MAC function. It consists of a set of
messages and a set of rules that determine, upon receiving those messages, in
which situations access can occur, and in which situations access cannot occur.
For instance, if the MAC client at the upper layer wants to transmit a packet then
it issues a proper message, containing that packet, at the MAC interface. The
physical (PHY) layer, upon detecting the medium idle, sets a specific variable at
its interface to inform the MAC protocol that the medium is idle. If both
conditions hold then the MAC protocol transmits the packet received from the
MAC client.

There are many MAC protocols for packet switching ring networks. These
protocols derive from the following media access techniques: token passing, time
slotting, buffer insertion, and contention.

Figure 1.1.7 [vanAs19944a] classifies MAC protocols according to their media
access technique; the numbers at the top of the figure indicate the year of
publication. Note that the classification also includes circuit-switched rings and
multiple rings, but such techniques are out of the scope of this dissertation.
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Figure 1.1.7 — Packet-switched ring MAC protocols [vanAs19944]

Token passing, time slotting, and buffer insertion are conflict-free techniques,
which means that once a node started transmitting that node can be sure that its
transmission will not be disturbed by a transmission made by another node. The
contention technique, as the name suggests, cannot provide such a guarantee.
Thus, contention resolution schemes are necessary to cope with conflicts.

The token passing technique uses a specia control packet called token to
control access to the medium. The token rotates on the ring in the data direction,
and each node holds the token for a pre-defined token holding time (THT), which
may express actual period of time, number of packets, or number of data units; in
general THT is sufficient to transmit one packet. Only the node that holds the
token can transmit; al the others refrain from transmitting.

In the original version of token passing, a node forwards the token only upon
arrival of the header of the packet transmitted previously. In subsequent versions,
each node forwards the token immediately after completing the transmission of
the last packet. The term early token release qualifies the latter.

Token ring [[EEE1998] is a classical example of MAC protocol that derives
from the original version of token passing. Fibre distributed data interface (FDDI)
[ANSI1988] is an example of MAC protocol that derives from the early token
release version of token passing.

In the time dlotting technique, known as slotted ring, the total capacity of the
ring is divided into time slots of fixed length that rotate continuously on the ring.
A single bit in each slot indicates whether the slot is empty or busy; transmission
can occur upon arrival of an empty slot. To avoid contention, an incoming packet
whose size is greater than the dlot size is fragmented into smaller packets, and
each is transmitted using a single slot.
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The original version of slotted ring uses source removal, that is, a destination
node copies the content of a slot addressed to it, but does not release the slot.
Such a task is executed by the slot’s source node. Upon releasing the dlot, the
source node forwards the empty slot to the next downstream node. Cambridge
ring (CR) [Hopp1980] is an example of time-slotted ring network.

Subsequent versions of dSlotted ring use destination removal, that is, a
destination node copies the content of a slot addressed to it, and also releases that
slot. In certain versions the node that releases a slot forwards that slot to the next
downstream node. Orwell [Falcol985] is an example of this version of time-
dlotted ring network. In some other versions, the node that releases a slot can
reuse that same slot immediately. The slotted mode MetaRing [Ofek1994] is a
classical example of this version of time-slotted ring network.

The buffer insertion technique uses a transit buffer to avoid contention. In this
technique, transmission is possible whenever the medium is idle and the transit
buffer is empty. If a node is transmitting a packet, and it detects the arrival of a
transit packet on the ring, then that node deviates the packet into the transit
buffer. Only after its own packet has been completely transmitted that node will
re-insert the transit packet into the network.

The original version of the buffer insertion technique uses source removal;
distributed loop computer network (DLCN) [Reamel977] is an example of buffer
insertion with source removal. Subsequent versions of buffer insertion use
destination removal; the asynchronous MetaRing, and cyclic reservation multiple
access Il (CRMA-II) [vanAsl1994b] are examples of buffer insertion with
destination removal.

In the contention technique, nodes can transmit whenever they sense the
medium idle. An example of contention resolution is that proposed in carrier
sensed multiple access ring network (CSMA/RN) [Foudr1991]. In CSMA/RN a
node that is transmitting and detects a contention stops the transmission and
signals the destination node that the transmission has been cancelled; the source
node continues the transmission of the packet when the ring becomes idle again.

Destination removal MAC protocols can achieve high throughputs, whereas
the maximal achievable throughput depends heavily on the traffic distribution
[Marsal993]. For instance, assuming symmetric traffic distribution, and a single
ring, information travels N / 2 hops in average, where N denotes the number of
nodes in the network. Therefore, the throughput is twice the nominal capacity of
the ring.

The extra capacity obtained with destination remova is very difficult to
control, and, if not taken care properly, introduces access unfairness in the
network. That is, given a particular class that identifies nodes with the same
demand characteristics, some of the nodes belonging to that class get better-than-
average access opportunities, while some other nodes belonging to that class get
worse-than-average access opportunities.

Destination remova MAC protocols need an additional access fairness
protocol to ensure that the controlled network is fair. Access fairness protocols
are either global, or local. Global protocols consider the network as a single
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shared communication resource. Consequently, every node sees the same
transmission constraint. Local protocols consider each link as a communication
resource and the whole network as a multiplicity of communication resources.
Therefore, only nodes competing for the same subset of communication resources
see the same transmission constraint.

1.2 Motivations of thiswork

According to [Claff1998, Thompl1997], Internet packets are variable in size and
mostly small, with peaks at 40, 44, 552, 576, 1500 bytes (B). Whilst
approximately 60% of the packets are equal to or smaller than 44B,
approximately 50% of the traffic is carried in 1500B packets. For such traffic
characteristics, asynchronous MAC protocols are preferred to synchronous MAC
protocols.

Nevertheless, buffer insertion protocols cannot be implemented optically
because of the lack of variable delay optical buffering technologies —variable
delay optical buffering technologies are at early stages of development, and it will
take afew couple of years until concepts are proven.

Contention protocols can be implemented optically, but because of collisions
they may achieve poor performances under certain traffic scenarios, in particular
for an increasing number of nodes -the IEEE 802.3 Ethernet [IEEE2002] MAC
protocol suffers from the same problem too, but Ethernet is meant for LANS, and
in such networks it is more cost effective to over provision rather than to use
more efficient but complex protocols.

Token passing protocols, which are synchronous, suffer from poor
performances in networks with high delay x bandwidth product, such as MOPS
rings. As the medium length or the medium bandwidth increases, so does the time
it takes for the token to return to a node that just released it, and so does the waste
of capacity available.

There is only one MOPS ring MAC protocol [Cai2000] that uses token
passing, but to achieve an aggregate throughput of approximately 1, the number
of network channels must be high, and the node architecture must be capable of
transmitting and receiving on all the channels simultaneously.

The only class of protocols that can achieve high performances in the optical
domain is slotted ring with destination removal. Therefore, amost all the existing
MOPS ring MAC protocols are slotted ring with destination removal.

An issue when using the slotted ring technique is the mismatch between
variable size packets, such as Internet’s, and the fixed size slots. Almost al the
existing slotted ring with destination removal MAC protocols designed for MOPS
rings assume fixed-size packets to match the size of the slots exactly. Although
Internet packets have variable sizes, the arbitrary use of segmentation and re-
assembly (SAR) operations supports the assumption adopted by those protocols.

Figure 1.2.1 illustrates SAR. The convergence layer of the source node
segments a packet coming from the upper layer into fragments that are smaller
than the dlot size, or equal to it, independent of the status of the medium; the
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MAC layer transmits such fragments unaware of their correlation. The
convergence layer of the destination node buffers incoming fragments. When the
complete packet has arrived, the convergence layer re-assembles the fragments
and sends the resulting packet to the upper layer.

Source Destination
Upper layer Upper layer
time — — A
time
: 4 L
Convergence Convergence
(segmentation) (reassembly)
A
MAC MAC
| [
PHY

Figure 1.2.1 — Illugtration of SAR operations

Despite their ssimplicity, SAR operations present a few drawbacks:

Replication of the protocol control information (PCl) contained in each
original packet into each of the generated fragments, thus increasing the
network overhead,;

Multiplication of the processing overhead necessary to deal with each
packet by the number of generated fragments corresponding to that packet;
Destination nodes have to store fragments until they can be re-assembled
and sent to the upper layer, and that implies silica since SAR operations are
usualy implemented in hardware. Given the number of possible
simultaneous communication sessions between a given destination node
and any other node, considerable memory has to be available, even if an
average number of sessions rather than maximum is assumed to calculate
memory requirements. Anyway, a destination node may run out of memory
and, consequently, discard fragments. Such an action may impact the
corresponding application or even the network overall performance;
Depending on communication patterns and the access mechanism, it may
happen that many re-assembly operations take place at the same time at a
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given node. The simultaneous execution of many re-assembly operations
may result in a burst of packets being sent to the upper layer. If the upper
layer cannot process al the packets simultaneously then it applies packet
discard, whose effects have aready been mentioned.

Internet traffic is known for being asymmetric, very dynamic, and, for this
reason, difficult to predict. Nevertheless, all the existing slotted ring with
destination removal MAC protocols use static global fairness mechanisms. Such
mechanisms depend on the previous knowledge of the traffic conditions -which is
often difficult to obtain- and do not adapt to changes in traffic conditions.
Furthermore, they might prevent nodes from transmitting even if the
transmissions would not traverse any bottleneck link.

Figure 1.2.2 [vanAs2001] illustrates the performance difference between
global and local fairness protocols. The scenario consists of an eight-node single,
unidirectional ring with destination removal. As a result of the traffic pattern
(shown by the dashed arrows), the ring can be divided into two partitions;
consequently, its actual capacity is twice its nomina capacity, that is, 2, or 1 per
partition.

In the first partition node O demands 100% of the ring capacity to transmit to
node 3 and node 1 demands 100% of the ring capacity to transmit to node 2; such
a demand of 2 exceeds the total capacity of that partition, thus generating a
bottleneck -the term bottleneck qualifies a link whose total demand exceeds the
actual capacity of that link. In the second partition node 4 demands 30% of the
ring capacity to transmit to node 7 and node 5 demands 70% of the ring capacity
to transmit to node 6.

bottleneck bottleneck

0.3 0.3
@ (b)

Figure 1.2.2 - Example of (a) global fairness; example of (b) loca fairness
As it can be seen in Figure 1.2.2a and Figure 1.2.2b, both protocols assign the

same capacity to the nodes over the bottleneck link, that is, 50% of the ring
capacity to node 0 and 50% of the ring capacity node 1. Nevertheless, because in
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global protocols there is a single transmission constraint, node 5 receives only
50% of the ring capacity (Figure 1.2.2a), the maximum capacity assigned to the
nodes over the bottleneck link, even though it could have been assigned the
remaining capacity (also known as residual capacity) of the link, which is 70%, as
it actually happens under the local protocol (see Figure 1.2.2b).

The simplicity and high performance of static global fairness protocols under
symmetric, rather constant traffic conditions, and the complexity of the existing
local fairness protocols explain why amost al the MOPS ring MAC protocols
use astatic global fairness protocol.

1.3 Objectives

This dissertation is concerned with MAC protocols that can transport Internet
traffic efficiently and with high performance over MOPS rings. Because of the
characteristics of the existing media access techniques, the characteristics of
actual MOPS rings, and the characteristics of the Internet traffic, the work
contained in this dissertation focuses on combinations of the destination removal
slotted ring media access technique with additional mechanisms.

Given the separation between access control and access fairness in the slotted
ring with destination removal technique, the major objectives of this work are as
follows:

 To investigate and propose access control protocols to allow for the

transport of variable size packets efficiently;

* To investigate and propose access fairness protocols that can ensure fair

access to the medium under any traffic condition and with minimum impact
on the network performance.

Four new access control protocols are described, two of them conflict-free, and
the other two protocols are prone to contention. The four protocols are meant for
MOPS rings that follow the conceptual node architecture shown in Figure 1.1.5,
and they are capable of working with heterogeneous transceiver configurations.

Two new dynamic access fairness protocols are proposed, one global and one
local. Although designed for MOPS ring networks, they can be used in packet
switching ring networks in general, be they synchronous or asynchronous, all
optical or eectronics, single-hop or multi-hop.

To verify whether the proposed protocols meet their objectives, this work also
aims to answer the following questions:

» How the two proposed access fairness protocols compare with each other
and with the static global access fairness protocol used in aimost all MOPS
ring MAC protocols;

« How each access control protocol behaves when combined with each
access fairness protocol;

* How each access fairness protocol affects the performance of each access
control protocol.
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Note that this dissertation covers the most basic MAC service —access, which

does not mean that other services are superfluous or should only be provided by
the upper layers. Services like protection and QoS are important as well, but they
have been left out of this dissertation deliberately to limit the scope of the
dissertation and keep the focus on the basic MAC service.

1.4 Organization

The next chapters are organized as follows:

Chapter 2 describes a few existing MOPS ring architectures and discusses
some of the characteristics of these architectures;

Chapter 3 describes a few existing access control protocols for MOPS rings
and analyses their qualities and limitations;

Chapter 4 introduces four access control protocols and analyses their qualities
and drawbacks;

Chapter 5 introduces two access fairness protocols, whereas one is global and
one is local, anayses the qualities and limitations of each protocol, and
discusses the integration of such protocols with the protocols introduced in
Chapter 4. Chapter 5 also describes and analyses afew existing access fairness
protocols;

Chapter 6 evauates comparatively the performance of the protocols
introduced in Chapters 4 and 5;

Chapter 7 presents some final conclusions about the obtained results and
identifies possible directions for future research.



Chapter 2
MOPSring architectures

This chapter describes a few MOPS ring network architectures that have been
proposed in the literature or built in laboratories, and analyses their advantages
and disadvantages.

All the described architectures follow the slotted ring access technique and,
consequently, rely on node architectures that are similar to the conceptual node
architecture described previously.

The node architecture of each of the described network architectures assumes
homogeneous transceiver tunability. To describe such node architectures this
work uses the notation FTX'TTxX-FRx™TRX" proposed in [Mukhel992], where i
describes the number of fixed-tuned Tx (FTx) elements, j describes the number of
tuneable Tx (TTx) elements, m describes the number of fixed-tuned Rx (FRX)
elements, and n describes the number of tuneable Rx (TRx) elements.

2.1 Pipeine

One of the precursor MOPS rings, Pipeline [Chlam1995] is a single-fibre, C-
channel, N-node network, where N = C. To achieve OPS Pipeline uses the slotted
ring media access technique and synchronizes slots in parallel across the
channels.

To transport slot header information, Pipeline uses a technique called multiple
subcarrier signalling (MSS) that uses an electrical subcarrier to encode slot
headers at low bit-rate.

Let also ng be the destination node, and scy be the unique subcarrier frequency
pre-assigned to ng. To send a packet to ng, MSS encodes the corresponding header
information using scq.

A dlot header subcarrier signal is combined with the corresponding packet
baseband signal, and the resulting signa is used to modulate the Tx laser; both
payload and header have the same duration: atime slot.

Destination nodes perform clock recovery on a packet-by-packet basis. To
make that possible, together with a packet a node aways send a tone at the
frequency /T, where T is the bit duration. The destination uses this filtered tone
as a sampling clock.

Figure 2.1.1 illustrates how M SS works. In the example, the header detector of
a node does not sense sc,;, and informs the control logic that sc; is missing. The
control logic then triggers the packet transmission procedure, which culminates
with a packet and its corresponding header being inserted into the ring
accordingly.
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Figure 2.1.1 — Illustration of access under MSS

Pipeline defines two architectures: TR-Pipeline and TT-Pipeline. Figure 2.1.2
depicts the general schematics of a Pipeline node. The schematic diagram
represents both architectures, but the functionality and technology of each module
may vary depending on the architecture.

(tunable)
HEADER CONTROL WAVELENGTH
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channel
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Figure 2.1.2 - Schematic of the Pipeline node

TR-Pipédline

TR-Pipelineis an FTx!-TRx! configuration. The Tx unit is a laser fixed-tuned to a
unigue transmission channel, and it could be directly modulated. The wavelength
selector istuneable, and it could be implemented using various technologies, such
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as acousto-optic tuneable filters (AOTFs). To overcome the long tuning latency
of these filters, which isin the order of microseconds, two filters could be used in
tandem, whereby one receives while the other is tuning.

MSS adapts to TR-Pipeline as follows. Let ns be the source node, and wc; be
the unique transmission channel pre-assigned to n.. Let also ny be the destination
node, and scy be the unique subcarrier frequency pre-assigned to ny. To send a
packet to ng, Ng transmits on wcs, and encodes the header information using scg.

TR-Pipeline works as follows. At each node, C parallel slots, each on a
particular channel, undergo optical amplification; for amplification either erbium-
doped fibre amplifiers (EDFAS) or semiconductor optical amplifiers (SOAS) can
be used.

As the dots arrive at the splitter, the latter taps off a small fraction of their
power, and redirects the tapped off signa to the header detector (HD), a
photodiode; the remaining signal heads to the FDLSs.

In the output current of the photodetector the present data payloads jam at
baseband, leaving the subcarriers intact for detection.

The HD informs the control logic unit (CLU) of all the detected subcarrier
frequencies. From such information the CLU can find out if there is any dlot
destined to the node, and which slots are empty, if any. To find out if there is a
slot to receive, the CLU matches each detected frequency with its own pre-
assigned subcarrier frequency; if a match is found then there is a slot to receive.
To find out which slots are empty, the CLU matches each detected subcarrier
frequency’s associated channel with the list of all possible channels; the slots on
the channels that fail to match are empty.

If thereisa dlot to receive then the CLU signals the wavelength selector unit to
tune to the slot’s channel, and drop the slot, hence redirecting the packet to the Rx
unit and releasing the dlot.

At this point the empty slot contention/collision avoidance (ESCA) protocol
takes over to decide whether transmission can or cannot occur.

If packet transmission can occur then the CLU:

e signals MSS to generate the corresponding header on the appropriate

subcarrier frequency; and

e signals the Tx unit to combine the generated header with the selected

packet, and insert the combined signal into the empty slot.

TT-Pipeline
TT-Pipeline is a TTx!-FRx* configuration, and it is very similar to TR-Pipeline.
TT-Pipeline uses a fast-tuneable laser Tx unit, such as distributed Bragg reflector
(DBR) laser, and a fixed-tuned wavelength selector. The wavelength selector
could be based on technologies such as AOTFs, Fabry-Perot filters (FPFs), glass
components.

MSS adaptsto TT-Pipeline as follows. Let ns be the source node. Let also ng be
the destination node, wcy be the reception channel pre-assigned to ng, and scy be
the unique subcarrier frequency pre-assigned to ng. To send a packet to ng, Ng
transmits that packet on wcy, and encodes the header information using scq.
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TT-Pipeline works as follows. At each node, W parale dlots, each on a
particular channel, undergo optical amplification. Asthey arrive at the splitter, the
latter taps off a small fraction of their power, and redirects the tapped off signal to
the HD; the remaining signal heads to the FDLSs.

In the output current of the photodetector the present data payloads jam at
baseband, |eaving the subcarriers intact for detection.

The HD informs the CLU of all the detected subcarrier frequencies. From such
information the CLU can find out if there is any slot destined to the node, and
which slots are empty, if any. To find out if there is a slot to receive, the CLU
matches each detected frequency with its own pre-assigned subcarrier frequency.
If a match is found then the CLU matches the corresponding slot’s channel with
its own pre-assigned reception channel. If there is a match then there is a slot to
receive. To find out which dlots are empty, the CLU matches each detected
subcarrier frequency’s associated channel with the list of all possible channels;
the slots on the channels that fail the match are empty.

If thereisadlot to receive then the CLU signals the wavelength selector unit to
drop the slot’s channel, hence redirecting the packet to the Rx unit and releasing
the dlot.

From this point on the ESCA protocol takes over to decide whether
transmission can or cannot occur.

If packet transmission can occur then the CLU:

» signals MSS to generate the corresponding header on the appropriate

subcarrier frequency; and

* dignals the Tx unit to combine the generated header with the selected

packet, tune to the appropriate channel, and insert the combined signal into
the empty slot.

2.2 BORN

Kang et al. [Kang1995] describes a MOPS ring network that follows an FTx"-
FRx® configuration, and adopts the slotted ring media access technique. This
dissertation refers to such anetwork as broadband optical ring network (BORN).

Nodes attach to the ring via the network interface unit (NIU). The NIU consists
of C OPS devices, and C transceivers that share the same transmit buffer (TB)
and the same receive buffer (RB), where C denotes the number of channelsin the
network.

Figure 2.2.1 depicts the transceiver and the buffer structures. Figure 2.2.2
depicts the NIU organization.
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Figure 2.2.2 — NIU organization

The NIU aso includes one WDM demultiplexer and one WDM multiplexer.
Each OPS device operates on a particular channel. It is the task of the WDM
demultiplexer to separate incoming signals and forward each to the corresponding

OPS device.

At each OPS device, a coupler taps off a small fraction of the signal power to
obtain the header of a slot; in BORN the header consists of the destination
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address and the status of the slot, and it is (assumed to be) transmitted just ahead
of its payload. Figure 2.2.3 illustrates the signalling technique.
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Figure2.2.3 - In-band seria signalling

The tapped off signal undergoes optical amplification and then feeds the
address processor unit; the remaining signal power heads to FDLs, which holds it
up for afixed period of time.

The address processor consists of an FDL-matched filter and a threshold
detector. The address of the corresponding node is pre-assigned to the filter,
which correlates the assigned address with every input address signal to generate
a proper correlation pulse. Since the centre peak value of autocorrelation pulsesis
always higher than that of cross-correlation ones, the filter can determine whether
an input address signal matches the node address by thresholding the correlation
outputs.

Figure 2.2.4 illustrates how the optical address recognition mechanism works.
For the input address signal 1101, an autocorrelation occurs with value 3 because
the signal matches the node address. Nevertheless, for the input address signa
1011, a cross-correlation occurs with peak value 2 because of the mismatch
between the input signal and the node address.

Node address 1101

' Threshold

Slot address 1101 and its autocorrelation

Threshold

Slot address 1011 and its crosscorrelation

Figure2.2.4 - Optical address recognition



Chapter 2: MOPS ring architectures 21

For information on address generation and recognition refer to [Kang1995].

The address processor decides an address matching, and produces a trigger
pulse that the gate pulse generator uses to control the 1x2 optical switch, the Tx
unit, and the Rx unit. If the address processor triggers a pulse to indicate an
address match, then the gate pulse generator issues a pulse of value 1. Such a
pulse tells the switch to drop the packet to the Rx unit, and the Tx unit to
modul ate a packet ready for transmission. If the address processor triggers a pulse
to indicate an address match failure, then the gate pulse generator issues a pulse
of value 0. Upon reception of a pulse of value 0 the switch lets the packet go to.

Eventually the WDM multiplexer multiplexes the signals leaving the OPS
devices.

2.3 MAWSON

Metropolitan area wavelength switched optical network (MAWSON)
[Summel997] is a passive MOPS slotted ring. MAWSON strives for simplicity
and low cost, and it only uses components commercially available.

MAWSON consists of a single optical fibre, N OADM nodes and C
wavelength channels, whereas N = C, and it follows an FTx“-FRx" design. Each
node is equipped with a multiple-wavelength laser array transmitter that is
capable of not only switching very rapidly between channels, but also
transmitting common data on a number of channels simultaneoudly.

Each node is assigned a fixed-tuned reception channel and is addressable by
that channel. Therefore, to transmit to a destination node d, a source node has to
tune to channel d first.

Figure 2.3.1 depicts afour-node, four-wavelength MAWSON network.

N3

Figure 2.3.1 - Four-node, four-wavelength MAWSON network

The OADM design, shown in Figure 2.3.2, relies on the integration of an
optical circulator, afibre Bragg grating (FBG), and afibre coupler.
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The OADM works as follows. All input wavelengths pass from port 1 to port 2
of the circulator. Nevertheless, the FBG reflects all light within a fixed bandwidth
around wavelength A; back to port 2 of the circulator. Eventually, the signal on
wavelength A; emerges at port 3, the drop port of the OADM; the other signals
pass through.

Signals at any wavelength(s) may be added to the ring via the coupler.

Ai drop
port

Add port
(all wavelengths)

l Low reflection

—\_/—/ termination
| | | | | | / \ Output
\ to ring
p Port 2 *

/ | N

circulator Fibre grating coupler

Input from
ring

Figure 2.3.2 - Passive OADM design

MAWSON nodes cannot sense the medium to find out whether transmission
can or cannot occur. To find out about the status of the medium is the task of the
MAC protocol developed for MAWSON.

24 HORNET

Hybrid opto-electronic ring network (HORNET) [Shrik2000a] is a MOPS ring
meant for MANs. HORNET is designed to scale to 100 access point (AP) nodes
and a ring length of approximately 100 km. In the current specification, the bit
rate of each channel is 2.5Gbps.

HORNET follows a TTx-FRx! design, and it has two modes of operation:
single-hop and multihop. If the number N of AP nodes is smaller than the number
C of channels, or equal, then each node is assigned an exclusive, dynamically
unchangeable reception channel. In this condition, HORNET works in the single-
hop mode. If N is greater than C then two or more AP nodes may share the same
dynamically unchangeable reception channel. In this condition, HORNET works
in the multihop mode.

In either case, HORNET uses subcarrier signalling to carry packets destination
addresses, a mechanism similar to Pipeline's. Each channel is associated with a
unique subcarrier frequency. Whenever an AP wants to transmit a packet on a
certain channel, that AP multiplexes the subcarrier frequency corresponding to
that channel.

An AP node consists of the following three functional blocks: slot manager,
smart drop, smart add. Figure 2.4.1 depicts the structure of an AP node.
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The slot manager monitors the subcarriers, and to do so the slot manager taps
off approximately 10% of the incoming signal power. The slot manager performs
two parallel tasks:

* To inform the smart drop of the existence of a packet to drop: the address
recovery module informs the packet switch at the smart drop to switch the
packet to either the local network, if the node is the destination, or the
multihop retransmission queue, if the node is not the destination;

* To inform the smart add of the existence of idle channels and about the
idleness length of each idle channel: the slot detector module informs the
fast-tuneabl e packet transmitter at the smart add about the idle channels and
about the idleness length of each idle channels, so that the latter can decide
whether to transmit and on which channel.

Meanwhile FDLs in the slot manager delay the signal so that when the signa
leaves the slot manager the packet switch in the smart drop is set-up properly and
the transmission decision in the smart add, if applicable, is taken.

The smart drop uses a circulator with a FBG to drop any signal on the pre-
assigned channel. The burst-mode packet receiver [Shrik2001] detects a dropped
signal and recovers the bit clock of the signal to synchronize with the packet that
the signal modulates. The packet switch then forwards the packet according to its
destination address, as explained previously.

The smart add processes the information received by the slot manager and,
based on the processing of such information, selects a packet for transmission and
signals the fast-tuneable packet transmitter [Shrik2001], a grating coupler
sampled reflector (GCSR) tuneable laser, to modulate the selected packet on the
selected channel. At the exit of the smart add the coupler adds the generated
signal to the others, if any, already on the ring.
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Figure 2.4.1 - Structure of AP node
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25 RINGO

An alternative to Sonet/SDH rings, ring optical network (RINGO) [Caren2002] is
aMOPS rings for MANs and wide area networks (WANS).

RINGO consists of a unidirectiona fibre ring, N nodes implementing the
interface between the electronic domain and the optical domain, and C = N
wavelength channels. Each channel is divided into time slots of fixed-length, and
the channels are slot-synchronized in parallel.

RINGO nodes follow an FTx®-FRx" configuration. Each node is equipped with
alaser array transmitter and a single FRx operating on a unique channel through
which that node is addressable. A node can transmit on any channel except its
own reception channel; a node never transmits to itself. To transmit to a
destination node d, a source node s switches its laser to channel d first.

An incoming aggregate signal at a RINGO node passes through a gain-locked
EDFA to compensate for the loss of the node passive elements as well as the
downstream fibre link. An arrayed-waveguide (AWG) demultiplexes the
aggregate signal and drops the reception channel. The signals on the channels
other than the drop channel pass through a coupler that taps off approximately
10% of the signal power. The second AWG multiplexes back the remaining
signal power on each channel, and FDLs delay the resulting aggregate signal
while the dropped signal and the tapped off signals are treated.

If the burst-mode receiver detects an incoming signa then it synchronizes with
the packet and receivesit.

The direct current (DC)-coupled photodiode array detects the tapped off
signals, and the threshold comparator informs the node controller of the status of
the channels. The threshold comparator matches each signal power with the pre-
defined threshold. If the power is above the threshold then the channel is busy; if
the power is below the threshold then the channel isidle.

If there is any channel idle then the node controller turns on the appropriate
laser(s) by DC-injection modulation. The node controller aso signals the data
source to transmit the (selected) packet(s). The external modulator receives the
packet(s) from the data source and writes the packet(s) into the optical carrier.

At the exit of the node a coupler joins the modulated packet with the outgoing
aggregate signal.

Figure 2.5.1 depicts the architecture of a RINGO node.
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Figure 2.5.1 - Architecture of the RINGO node

26 FLAMINGO

Flamingo [Dey2000, Dey2001la, Dey2001b] is a MOPS dlotted ring network
designed to support unicast as well as multicast communications in the optical
domain.

Flamingo in principle follows an FTx*-FRx® configuration, where C denotes
the number of data channels, but it can also follow an FTx“-FRx® configuration
with minimum impact on the node architecture. The total capacity of each
wavelength channel is divided into slots of fixed length, and the channels are slot-
synchronized in parallel so asto reach each node all at the same time.

One wavelength channel is used exclusively for the transmission of control
information. Slots on the control channel, herein caled control slots, are sent
dlightly ahead of their corresponding slots on the payload data channels, herein
referred to as payload dlots; this is to account for the configuration time of the
fabrics at the nodes and, consequently, shorten the length of FDLs that are
required to delay payload slots while their corresponding control slot is being
electronically processed.

Figure 2.6.1 illustrates how payload slots and control slots are synchronized.
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Figure 2.6.1 — Synchronisation among payload dots and between control dots and payload dots

A control slot contains C slot headers. Each slot header carries control
information of a given payload slot. Figure 2.6.2 illustrates the relation between
slot headers and their corresponding payload slots.
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Figure 2.6.2 — Correspondence between d ot headers and payload slots

The network consists of N OADM nodes. If nodes follow an FTx'-FRx®
configuration then each Tx unit is pre-assigned a transmission channel. Which
channel is assigned to each node’s Tx unit depends on N and C. If N < C then
each node is assigned an exclusive transmission channel. If N > Cthen N/ C
nodes' share the same transmission channel.

Each node is also equipped with one FTx unit and one FRx unit for the
transmission of control information. The FTx unit and the FRx unit of al the
nodes are tuned to the same control channel.

At the entrance of the node a slowly tuneable A-drop separates the wavelength
channel carrying the control slot from the wavelength channels carrying the
payload slots. The control slot is converted to the electronic domain and
processed by the header processor unit (HPU). To account for the time to process
acontrol slot, payload slots are delayed in FDLSs.

The payload slots then |leave the FDLs and pass through an EDFA before a
coupler taps off ten percent of their signal power. Both the tapped off and the

! For the sake of simplicity assume N to be an integer multiple of C.
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remaining aggregate signals head to the demultiplexers for separation. The
demultiplexer that receives the tapped off aggregate signal demultiplexes the
latter and directs each signal to the appropriate Rx unit. The demultiplexer that
receives the remaining aggregate signal power demultiplexes the latter and directs
each signal to the appropriate 1x2 switch.

The HPU reacts to the information contained in the control slot by setting each
of the switchesto either drop, or forward the incoming slot, and signalling each of
the Rx unitsto either accept, or discard the incoming slot.

Given a certain slot on a particular channel, if the node is the slot’ s destination
then the HPU signals the corresponding Rx unit to accept the incoming slot and
the corresponding switch to drop the slot. If the node is the slot’s source then the
HPU signals the corresponding Rx unit to discard the incoming slot and the
corresponding switch to drop the slot. If the node is neither the slot’s destination
nor the slot’s source then the HPU signals the corresponding Rx unit to discard
the incoming slot and the switch to let the slot go. If the slot is empty then the
HPU signals the corresponding Tx unit, or the Tx unit if there is only one, to
transmit and the corresponding switch to add the signal modulated by that Tx
unit.

A multiplexer multiplexes all the signals back into an aggregated signal, and a
slowly tuneable A-add inserts the information on the control channel into that
aggregate signal.

Figure 2.6.3 depicts the node architecture in the FTx®-FRx® configuration.
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Figure 2.6.3 — Architecture of the Flamingo node

2.7 Discussion

The MOPS rings described in this chapter follow the same concept: transport of
headers and corresponding payload data separately and use of FDLs to delay
payload data while the corresponding header is obtained and processed. Based on
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the outcome of the header processing nodes configure the OADM node to either
forward, or receive the payload.

The differences among the MOPS rings are in the physical implementation of
the signalling mechanism, the transceiver configuration of the nodes, and the
OADM technology. Such differences influence not only the functionality, but
also the performance, the scalability, the complexity, and the cost of the network.

For instance, only the Flamingo network can support optical multicast. All the
other networks either use unicast to support multicast, or use multi-hop
forwarding.

Consider MAWSON, RINGO, and TT-Pipeline. In these networks a node can
drop only one wavelength, which is assigned by design. Thus, to deliver a
multicast packet to all the destination nodes a source node has to transmit on each
wavelength on which there is at least one destination node receiving (see Figure
2.7.1).

. Destination 1
time ——»
l A 1st copy
A2
Destination 2
A3 2nd copy
\V >

Figure 2.7.1 - Multicast viaoptical unicastin MAWSON, RINGO, and TT-Pipeline

Consider now BORN. In this network a node can drop all the wavelengths
simultaneously, but it cannot drop and forward a given channel simultaneously.
Thus, to deliver a multicast packet to two or destination nodes a source node has
to unicast one copy of the packet to each destination node (see Figure 2.7.2).

—>time Destination 2 Destination 1
A 2nd copy 1st copy
1
A2
A3

Figure 2.7.2 - Multicast via optical unicast in BORN

For either aternative to work though, a source node should know the identity
of the destination nodes and their reception wavelengths. This could be the case
in networks running Multicast extensions to Open Shortest Path First (MOSPF)
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routing protocol [Moyl1l994] extended to carry wavelength information
[Wang2000], for instance. Nevertheless, in networks running routing protocols
such as Distance Vector Multicast Routing Protocol (DVMRP) [Waitz1988],
Protocol Independent Multicast — Dense Mode (PIM-DM) [Adams2002], and
PIM — Sparse Mode (PIM-SM) [Estri1998], a source node does not know the
identity and the location of the destination nodes.

Thus, unless some mechanism is designed to discover the identity of the
destination nodes, their logical segment and their reception wavelength, the only
way to assure that each incoming multicast packet will reach each destination
node is to unicast one copy of the packet to each node in the network. In other
words, the only way isto flood the network with copies of the packet.

Furthermore, each copy is transmitted on a different time dlot. At high
workload conditions, access delays increase and, consequently, destination nodes
may receive the same information at very distinct instants of time. Needless to
say that this is a problem not only to certain delay-intolerant applications (e.g.,
cooperative work), but also to certain network protocols upon which the network
rely to function properly.

To support of optical multicast though, destination nodes in Flamingo cannot
reuse slots that they release since add operations take place first than drop
operations. Therefore, the Flamingo network cannot use to entire ring capacity;
given the same ring length and the same number of slots, the waste of capacity
increases as the number of nodes decreases.

Another example is fault tolerance. For instance, in MAWSON and in RINGO
each node is assigned a unique channel, and a node that wishes to communicate
with another node has to transmit on the reception channel of the latter. Since a
node always drops its reception channel, that source node does not need to
transmit any separate header containing forwarding information; consequently,
packet misdelivery cannot occur. Packet live-lock (that is, packet rotates forever)
can still occur if the destination node goes out of work, but that does not affect the
functioning of the network because the entire channel becomes useless anyway.

As in electronics networks, in BORN and in FLAMINGO packet misdelivery
and packet live-lock can occur as a result of transmission errors, digital
mishandling, or node failure. What is more, their occurrences prejudice the
network performance since channels are not bound to specific nodes and nodes
need to evaluate slot headers before deciding what to do with their corresponding
payload data. Therefore, mechanisms are required to cope with such events when
they occur.
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Chapter 3
Existing MAC protocolsfor MOPSrings

This chapter describes some of the existing MAC protocols for MOPS rings. Asiit
has been the norm [vanAs1994a] the protocols described in this chapter derive
from techniques developed in the early 1990s.

Note that this chapter focuses on protocols for single-fibre rings. For
information on protocols for interconnected rings refer to [Chlam1999].

3.1 Empty slot contention/collision avoidance (ESCA)

Empty slot contention/collision avoidance (ESCA) [Chlam1995] is the MAC
protocol designed for the Pipeline network. ESCA is a dlotted ring with
destination removal protocol, and it uses slot-synchronization across the channels.

There is one version of ESCA for each version of Pipeline, and both assume
that packets and slots have the same size.

The ESCA protocol for TT-Pipeline is very simple. Since each node can
receive on a single unique pre-assigned channel, destination contention and
access contention become the same thing. Therefore, ESCA allows a node to
transmit whenever an empty slot arrives.

The ESCA protocol for TR-Pipeline is slightly more complex. Since each node
transmits on a unique pre-assigned channel, but receives on a single arbitrary
channel at a time, destination contention and access contention become distinct
issues. Therefore, ESCA allows a node to transmit if both conditions are met: i)
an empty slot arrives; and ii) no busy slot on any channel goes to the same
destination as the packet selected for transmission.

Reference [Chlam1995] does not mention how the protocol copes with
unfairness.

3.2 BORN

Due to the FTx-FRx® configuration of the BORN network, destination contention
cannot occur, and there is no need for tuning Tx units or Rx units. For this reason,
and because packets and slots are assumed to be of the same size, the MAC
protocol is the typical slotted ring with destination removal protocol: transmission
can occur only if an empty slot arrives.

Reference [Kangl995] does not mention how the protocol copes with
unfairness.
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3.3 Synchronousround-robin (SRR)

Designed for networks that follow the TTx!-FRx" configuration, synchronous
round robin (SRR) [Marsan1996, Marsan1997] builds on dlotted ring with
destination removal to provide random, collision-free access to the medium. To
achieve almost optimal access, SRR employs a global scheduling that, under
heavy load traffic conditions, forces the behaviour of the network to that of time
division multiplexing access (TDMA) networks with static assignment of slots.

Let N be the number of network nodes and C be the number of wavelength
channels. Assuming that N is an integer multiple of C, D = N/ C nodes share the
same reception channel.

Each channel can be divided into D logical partitions, each comprisng N/ D =
C adjacent nodes. The nodes are equally spaced and disposed within each
partition in a sequence that reflects their reception channel. That is, the D nodes
sharing the i-th reception channel, with 0 < i < C, arein positions |i +dCl|y, with 0
< d < D. Only thefirst node of a partition can receive and transmit on the channel
associated to that partition; the others node can transmit, but not receive on that
channel.

Figure 3.3.1a illustrates the SRR network topology of an eight-node, four-
channel ring, and Figure 3.3.1b illustrates the logical partitioning of channel O,
the reception channel assigned to node 0 and node 4.

Priority O

(O Transmitter + receiver
|:| Transmitter only

(@) (b)
Figure 3.3.1 - (a) Network topology; (b) Logical partitioning

As a consequence of ring symmetry, some nodes have better-than-average
access to the ring, while some nodes have worse-than-average access to the ring.
In other words, when transmitting to anode j, anodei has priority |i - j|v, whereas
1isthe highest priority and N-1 is the lowest priority.
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SRR uses virtual output queuing (VOQ) to avoid head-of-line (HOL) blocking.
Each node maintains one queue per each possible destination node. In an arbitrary
time slot identified by alabel s, nodei schedules for transmission the HOL packet
from the queue destined to node |i+k+1]| y, Where k = | s |y.1. If the corresponding
gueue is empty, the scheduler attempts transmission of the longest queue’'s HOL
packet. If two or more longest queues exist, the scheduler selects the lowest
priority queue. In either case, transmission can occur only if the slot is empty.

Figure 3.3.2 illustrates the principle of operation of SRR in a ring with four
nodes, four channels, four time slots, and a scheduling cycle (or frame) of three
ring rotations or three access opportunities per node. Note that each slot shows
three packets, each with a label identifying the node that transmitted it. The order
of these packets indicates that their transmission occurred in subsequent ring
rotations.
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Figure 3.3.2 - Principle of operation of SRR with N = C = 4 nodes and four time slots

SRR uses a static global fairness protocol called SAT [Ofek1994] to ensure
access fairness. Chapter 5 describes the SAT agorithm in detail.
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3.4 Request/Allocation protocol (RAP)

Designed to regulate access in the MAWSON network, Request/Allocation
protocol (RAP) [Summel997, Fransl998] is a contention-free slotted ring
protocol. A source node that wishes to transmit to a particular destination node
must request bandwidth from that destination explicitly. Only after an allocation
confirmation returns, the source node can transmit.

The total capacity of each channel is divided into slots of equal, fixed length.
The structure of the slots consists of a header section followed by a data section.
The data section consists of M data minislots (DMSs). The header section
contains a synchronization minislot and N-1 request/allocation (R/A) minisliots,
each pre-assigned to a particular node that can transmit on the channel of that slot.
More specificaly, R/A minislot i # | can be either used by node i to request
DMSs on channel j, or used to allocate DM Ss on channel i to node j.

Figure 3.4.1 depicts the layout of aframe (that is, aslot).
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Figure 3.4.1 - Structure of the dotsin RAP

An R/A minislot contains the following fields: synchronization preamble,
beginning of frame (BOF), request, alocation, and end of frame (EOF). The
request field consists of [ 1og,(M+1) | bits, where[ x | denotes the ceil operator. The
allocation field consists of M bits. The i-th allocation bit indicates to a node that
the i-th DM S has been allocated to that node.

RAP assigns R/A minislots across all the channels to distinct nodes viaacyclic
permutation to guarantee that a node is never allocated DM Ss on distinct channels
in the same time slot. This prevents waste of bandwidth because each node can
transmit on only one channel at atime.

Slots are synchronized in paralel across the wavelengths so as to reach each
node al at the same time, hence, avoiding transmission collisions.

Figure 3.4.2 illustrates the synchronization of slotsin the network.
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Figure 3.4.2 - Organization of dots across the channels; the shade of each R/A minidot shows
which node this minislot is allocated to

To avoid HOL blocking, RAP uses VOQ. Each node maintains N - 1 queues,
one for each possible destination. A node requests a number of DMSs that is
sufficient to transmit a HOL packet from a particular queue. The maximum
number of DM Ss a node can request at atime is M.

To enforce access fairness, nodes perform round-robin allocation. That is, a
(destination) node cyclically allocates DM Ss to each (source) node in sequence
until either all the requests are granted or all the DM Ss are allocated. Allocations
in the next slot start from the node that is next in sequence to the last node granted
with allocations.

Since processing of requests consumes time, an allocation occurs in the slot
following the one in which the request was received. For the same reason, actual
transmission occurs in the slot following the one in which the allocation was
received. Therefore, in RAP a successful transmission procedure consists of three
stages and it spans over three slots.

3.5 Multitoken interarrival time(MTIT)

The multitoken interarrival time (MTIT) protocol [Cai2000] is designed to
regulate access in single fibre, multi-channel ring networks consisting of nodes
whose architecture follows that shown in Figure 3.5.1.

The architecture follows an FTx®-TRx® configuration. Therefore, a node can
transmit and receive on al the data channels simultaneously.

Figure 3.5.1 depicts the node architecture considered by the MTIT protocol.
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Figure 3.5.1 — Node architecture assumed in the MTIT protocol

Multiple tokens circulate in the ring, each associated with a particular channel.
A token regulates access to the channel it is associated with.

A node can transmit on a given channel only if that node possesses the token
that corresponds to that channel. A node that transmitted a packet is responsible
for removing that packet from the ring.

A previously agreed target token interarrival time (TTIT) controls the THT
dynamically. Upon arrival of a token, a node is alowed to hold that token for a
period of time equal to TTIT - TIAT, where TIAT is the actual token interarrival
time between that token's arrival time and the arrival time of the token held
previously. If THT is up, then the node must finish the ongoing transmission and
release the token. If TIAT exceeds TTIT, then the token is late and must be
released immediately.

In any case, if a node has no packets to transmit, then that node must release
the token immediately.

Since MTIT uses source release, it can guarantee fair access to the ring if the
nodes' timers operate within a certain timing tolerance and the maximum packet
length is bounded.

3.6 Carrier sense multiple access with collision avoidance (CSMA/CA)

Carrier sense multiple access with collision avoidance (CSMA/CA) [ Shrik2000b]
is the MAC protocol developed for the HORNET network. Two versions of
CSMA/CA exist: dlotted CSMA/CA with multiple slot sizes and unslotted
CSMA/CA with back-off.

Slotted CSMA/CA with multiple slot sizes

The first scheme uses multiple slot sizes to match the packet size distribution of
the network; a slot governor node performs the centralized time slotting function
on each wavelength.
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Besides the typical access rule of the slotted ring media technique -access can
occur only if the slot is empty, transmission of a packet can occur only if that
packet fits entirely in the incoming slot.

To avoid HOL blocking, the protocol uses VOQ. There are C queues, where C
denotes the number of channels in the network, and each queue is associated with
aparticular channel.

To determine whether a packet fits into a slot, or does not, the protocol uses a
common control channel to carry slot size information and define slot boundaries.
Thus, the slots in parallel across the wavelengths have to be of the same size.
Figure 3.6.1 illustrates such an organization.

An AP senses the carrier on each wavelength as usual. It also obtains the slot
size information from the control channel. If the slot is empty, and the HOL
packet of the corresponding queue is smaller than the slot size, or equal, then that
packet is selected and transmitted.
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Figure 3.6.1 - Slotted CSMA/CA with multiple ot sizes

It is aso possible to encode slot boundary and slot size information into the
subcarrier of each channel separately. By doing so, slots across the parallel
wavel engths could have different sizes.

Unslotted CSMA/CA with back-off
The second scheme aims at asynchronous access.

An AP senses the subcarrier of each channel as usual, and if the channel isidle
then the AP selects the HOL packet from the corresponding queue, and transmits
that packet.
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Figure 3.6.2 - Undotted CSMA/CA; @) carrier sense; b) collision avoidance

Subcarrier sensing continues even during transmission though. If the AP
detects transit traffic on the channel it is transmitting on, then that AP stops
transmitting (see Figure 3.6.2a), and sends a jamming signa to the packet’s
destination AP to inform that the transmission has been interrupted, and the
received fragment should be discarded (see Figure 3.6.2b). The source AP
attempts retransmission of that packet later, following the access rules as usual.

The jamming signal could be a unique bit pattern, either at baseband or on the
subcarrier of the corresponding channel.

Reference [Shrik2000b] does not specify any fairness algorithm, for either
protocol, to cope with unfairness.

3.7 Discussion

Each of the protocols described in this chapter has been designed with a particular
node architecture and signalling technique in mind. The main advantage of such
an approach is optimisation. For instance, RAP does not need mechanisms to
prevent packet misdelivery or packet live-lock because such events do not affect
the MAWSON network. The main disadvantage of this approach though is that it
limits the use of each protocol to the homogeneous transceiver configuration and
the signalling technique assumed in the design of the protocol.
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Because of such a protocol design approach it is difficult to compare the
protocols described in this chapter, in particular with respect to performance.

RAP, MTIT, and the two variants of CSMA/CA am to transmit variable size
packets entirely, as single units. Nevertheless, RAP and MTIT use source
removal, which prevents them from exploiting the total capacity of the medium,
or in other words, which limits the maximum achievable throughput to 1.

Figure 3.7.1 [Frans1998] shows the achievable aggregate throughput of RAP
under uniform traffic load as a function of number of nodes and ring lengths
using the achievable aggregate throughput of the slotted ALOHA [Klein1973] as

comparison; the channel bit rateis 100Mb/s.
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Figure 3.7.1 — Achievable aggregate throughput in RAP for different ring lengths and number of
nodes, and for dotted ALOHA under uniform traffic load and using 100Mb/s capacity channels

[Frans1998]

Figure 3.7.2 [Cai2000] shows the achievable throughput of MTIT for an 8-
node, 80km-ring with 80 Gb/s total capacity and various numbers of channels
under uniform traffic load consisting of packets with exponentially distributed
lengths.

The obtained results show that bandwidth efficiency and access delay improve
with the number of channels in the ring. Nevertheless, such scalability comes at
high cost and extra complexity since MTIT assumes an FTx-TRx® node
configuration.

It remains to be seen how RAP and MTIT behave under non-uniform traffic
loads. Intuition points to lower performances, but intuition can be very tricky, so
no comment can be done on this matter until concrete results become available.
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Figure 3.7.2 - Achievable throughput of MTIT for an 8-node, 80km-ring with 80 Gh/s tota
capacity and various numbers of channels under uniform traffic load consisting of packets with
exponentially distributed lengths [Cai 2000]

The two variants of CSMA/CA use destination removal and, therefore, they
have the potential to exploit the total capacity of the medium.

Shrikhande et a. [Shrik2000b] shows performance results collected by
simulating both slotted CSMA/CA and unslotted CSMA/CA, and comparing the
results with those of dotted ATM CSMA/CA [Shrik2000a] ~-ATM CSMA/CA
performs SAR operations to force packets to fit into slots.

The simulation set-up consists of an AP through which passes ten 2.5Gb/s
channels. Markov modulated sources, whose probabilities are shown in Figure
3.7.4, insert bursty traffic into each channel, and into each AP's queues.

Figure 3.7.3 depicts the scenario used in the event-driven simulations.
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Figure 3.7.3 - Functional model of the AP used in the simulations

For the ATM CSMA/CA protocals, all the slots are 53B long. For the slotted
CSMA/CA, slots are 40B, 552B, and 1500B long with a probability distribution
that matches the packet size distribution of the Internet.
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Figure 3.7.4 — Modulated Markov probabilities

Figure 3.7.5 [Shrik2000b] shows the AP throughput versus the load inserted
into the channels when the queues are full, whereas throughput is the number of
bits transmitted by the AP per second. Note that the graph uses the terms Slotted
IP and Unslotted IP to represent the slotted CSMA/CA with multiple slot sizes
and the unslotted CSMA/CA with back-off protocols.
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Figure 3.7.5 - Node throughput versus network load in CSMA/CA protocols [ Shrik2000b]

As expected, ATM CSMA/CA achieves the best throughput. That is because
packets fit exactly in the slots and, therefore, are never prevented from being
transmitted if there is opportunity to do so. As the network load approximates
60% throughput starts to degrade until the load reaches 80%, when the throughput
drops abruptly, meaning that the stability condition has been broken.

The curves of slotted CSMA/CA and unslotted CSMA/CA are similar, and
show a reasonable smooth degradation as the network load increases. At low
loads in slotted CSMA/CA, the likelihood of the AP find an empty slot that can
transport a big packet is higher than the likelihood of find an empty slot that can
transport a packet of the same size at a higher load. As the load increases, HOL
blocking increases with higher probability for bigger packets, thus explaining
why throughput drops as the load increases.

At low loads in unslotted CSMA/CA, the likelihood of the AP find a channel
that stays idle for the time necessary to transmit a big packet is higher than the
likelihood to find a channel that stays idle for the time necessary to transmit a
packet of the same size at higher loads. Consequently, as the load increases, so
does the likelihood of big packets being retransmitted.

It is important to note that the simulations did not consider rea traffic
scenarios, in which the access fairness protocol may have to act to cope with
nodes seizing the medium under certain traffic patterns. Under such scenarios the
performance obtained by the variants of CSMA/CA may be considerably
different.

The other protocols described in this chapter are all derived from the slotted
ring with spatial reuse media technique, and they assume packet size and slot size
to be equal. Therefore, to transport variable size packets over fixed size slots
these protocols require the use of SAR operations.
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The great benefit of SAR is that it allows for the transport of variable size
packets over fixed size slots without modifying the MAC protocols. Besides,
SAR operations are simple and result in high multiplexing efficiency.

SAR can be accomplished either at the IP layer (that is, the network layer), or
at the MAC layer. The advantage of doing SAR at the IP layer is that the latter is
aready supposed to do SAR to make sure that packets are never bigger than the
maximum transmission unit (MTU) of the link. Thus, the only thing that the
MAC layer hasto doisto set the MTU to the slot size.

Despite its simplicity, such an approach has drawbacks. First, forcing the IP
layer to segment packets into slot size fragments transfers the processing
overhead of SAR operations from the MAC layer to the IP layer. Although in
MOPS rings transmissions bypass intermediate nodes, it is unlikely that
transmissions can go al the way in the optical domain. Rather, it is likely that
transmissions undergo electronics processing at some interconnecting points.
Since IP re-assembles packet fragments only at the end destination, those
interconnecting points have to process al the fragments, hence experiencing
higher processing overhead and achieving lower performances. Moreover, it may
not be possible to implement network layer SAR operations in hardware for
Speedup.

Second, by segmenting packets at the IP layer each generated fragment
contains a copy of the PCI contained in the original packet. When the MAC
protocol receives a fragment it frames that fragment before transmitting it, and
each frame may include additional PCI that the MAC protocol needs to work
properly. Therefore, forcing the IP layer to segment packets into slot size
fragments also results in additional network overhead.

Third, IP version 6 (IPv6) [Deeri1995] demands an MTU of at least 1280B,
and it does not permit packet fragmentation at routers, only at source hosts.
Therefore, forcing the upper layer to segment packets into slot size fragments
may impact the network overall performance severely.

Clearly, SAR should take place at the MAC layer, and the MTU should be
defined according to parameters such as loss probability and corruption
probability.

Performing SAR at the MAC layer has drawbacks though:

» Destination nodes have to store fragments until they can be re-assembled
and sent up to the upper layer. Given the number of possible simultaneous
communication sessions between a given destination node and any other
node, considerable memory has to be available, even if an average number
of sessions rather than maximum is assumed to calculate memory
requirements. Anyway, a destination node may run out of memory and,
consequently, discard fragments. Such an action may impact the
corresponding application, the corresponding protocol, or even the network
overall performance;

» Depending on communication patterns and the access mechanism, it may
happen that many re-assembly operations take place at the same time at a
given node. The simultaneous execution of many re-assembly operations
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may result in a burst of packets being sent to the upper layer. If the upper
layer cannot process al the packets simultaneously then it applies packet
discard, whose effects have already been mentioned.

For more detailed information on the issues related to SAR operations refer to
[Moors1997].



Chapter 4
Access control protocols

This chapter introduces four access control protocols to transport variable-size
packets in MOPS rings. The protocols aim at transceiver configuration
independence and heterogeneity and do not assume any particular signalling
technique.

4.1 Prediminaries

The protocols follow the conceptual node architecture shown in Figure 1.1.5. To
achieve the goals mentioned above, the design of the protocols is based on an
open system model and the description of the protocolsis intentionally general.

Figure 4.1.1 depicts the open system model. The open system model relies on
the global knowledge of the transceiver configuration of the network nodes. It
decomposes the system into components that are grouped according to the layer
and the domain to which they belong.

The PHY layer comprises the OADM, the Rx units and their RBs, and the Tx
units and their TBs. The MAC layer comprises the following modules: add-drop
decision making (ADDM), the reception and transmission decision making
(RTDM), the channel selection, the packet scheduling, the queuing system, the
transceivers information base, and the access control and fairness.

The ADDM decides upon either dropping or forwarding a packet based on the
processing of the header of that packet. If a drop decision is made then the
ADDM signas the OADM to drop the corresponding channel. The ADDM also
decides upon adding a new packet upon arrival of asignal from the RTDM. If an
add decision is made then the ADDM signals the corresponding Tx unit to
transmit a packet from the corresponding TB and the OADM to add the
corresponding channel.

The RTDM processes any packet arriving into an RB and decides upon
transmitting upon arrival of an empty slot signal from the ADDM. To transmit the
RTDM interacts with the other MAC modules as follows.



46 MAC protocolsfor optical packet-switched WDM rings

1
1
MAC 1l » OADM
1
1
1 1 i
1 ¥ i
Add-drop | Rx !
decision I - ¢
making : e )
Optical T [ U S I
layer : .
. =
__________________________ I_—_—._—_—_—_—_—_—_—_—
1
Channel |
Electronics selection |
layer Y :
RXx-Tx /T 1 v
decision :
l making X RB
""""" "
1
Access 1 \
1
control | B
1
; S — -
Access Packet 1
fairness | scheduling :
* L i :
Transceivers : 1
information Queuing | ! PHY
base system :

Figure 4.1.1 — Open system model

First, if the number of parallel empty trains is greater than the number of Tx
units of that node, then the RTDM interacts with the channel selection module to
select the trains (that is, channels) to access. Various selection strategies are
possible, such as random and first find.

Second, the RTDM signals the packet scheduler to select a packet to be
transmitted on the selected channel. Packet scheduling is an integrated a
posteriori process that involves a particular scheduling algorithm (e.g., random,
round robin), the packet queue(s), the transceivers information base, and the
fairness algorithm -the implementation of the scheduling process is
implementation specific and out of the scope of this work. If the packet scheduler
succeeds then it inserts the selected packet into the corresponding TB and signals
the RTDM to inform the ADDM about the new packet.

The open system model allows for the relaxation of the dependence between
the vertical and the horizontal domains, whereas the vertical domain is concerned
with access across channels and the horizontal domain is concerned with access
across time slots on a single channel. Figure 4.1.2 illustrates the relation between
the vertical and the horizontal domains.



Chapter 4: Access control protocols 47

Tm T:
M >
> Vertical
> domain
> (channels)
AN >
— v
~
Horizontal
domain
(slots)

Figure 4.1.2 - Relationship between the vertical and the horizontal domains

The descriptions of the protocols assume a well-defined interface between the
PHY layer and the MAC layer; they abstract the implementation details of the
physical layer upon which the MAC layer relies. For the protocols what mattersis
whether a slot is either empty or busy, not how the slot status information is
obtained; such concern is of the responsibility of the PHY layer.

Figure 4.1.3 shows an example of such interfaces. In the example, the PHY
layer defines an interface with four primitives. PHY_ HEADER.indication,
PHY_ HEADER.insertion, PHY _DATA.Tx, and PHY_DATA.Rx. The PHY layer
issues a PHY HEADER.indication upon detection of an incoming slot header,
and that primitive may contain a slot header. The MAC layer issues a
PHY HEADER.insertion to update the header just processed. The MAC layer
issuesaPHY_ DATA.Tx to transmit effectively -the primitive contains the data to
be transmitted and informs the channel to add, and a PHY_DATA.Rx to inform
the PHY layer to drop a specified channel.

MAC T
client MA_DATA.request MA_DATA.indication
v
MAC Medium access control
T
PHY_DATA.Tx

PHY_HEADER:.indication
| PHY_HEADER.insertion PHY—DT\TA'RX

| ! vy

PHY

Figure 4.1.3 - Example of interface between the PHY and the MAC layers
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To not prescribe any signaling technique implementation the description of
the protocols does not define concrete slot header frame layouts. Concrete frame
layouts are defined only for payload data, and they use 32-bit word alignment as
recommended by the IETF.

For the same reason the description of the protocols uses the symbols BUSY,
EMPTY, TRUE, FALSE, and NULL to represent certain signals and field values.
BUSY and TRUE may be the equivalent to the presence of a signal in an
implementation and to a certain field value in another implementation. EMPTY,,
FALSE, and NULL may be the equivalent to the absence of a signal in an
implementation and to a certain field value in another implementation.

BUSY and EMPTY are used to indicate the status of slots, TRUE and FALSE
are used with conditional fields that can assume only two values, and NULL is
used with non-conditional fields.

It should be noted that payload data can have variable size, whereas the
maximum size is limited either by the MTU of the link or by contention (see
Figure 4.25 for an example). Therefore, whichever the chosen signalling
technique, slot headers should always serve as synchronization references for
payload slots.

The synchronization with a dropped payload occurs upon detection of both a
BOF sequence that precedes every frame and an EOF sequence that follows every
frame. To prevent interfaces from interpreting BOF and EOF sequences that
might appear in payload data as indeed BOF and EOF sequences, the protocols
use data stuffing [Peter2000]. Data stuffing inserts an escape signal in front of
BOF or EOF sequences to mask them whenever they appear in the payload data.
A source node inserts such an escape signal if necessary before transmitting, and
a destination node removes such asignal when it receives the payload data.

The protocols follow the end-to-end argument in system design [Saltz1984,
Blume2001]. The end-to-end argument says that applications have different
requirements and that communication systems can implement certain functions
correctly only with the knowledge of those applications standing at the end
points. Because of the difficulty to meet all the applications requirements and
since applications often implement the functions they need themselves,
communication systems would better not to implement certain functions; doing so
would result in the duplication of functions, with possible performance
degradation at both the overall communication system and the applications that
do not need such functions.

As recommended in [Carpel996, Fairh2002, Karn2002] for networks with
characteristics that are similar to those of MOPS rings, the protocols do not
attempt to guarantee perfect communications. Nevertheless, for consistency the
protocols include mechanisms to detect errors and data loss and to react to their
occurrences promptly. For the sake of legibility such mechanisms are discussed
only in Section 4.5.

The description of the protocols use the term slot train as an analogy to packet
train [Jain1986] to define consecutive slots coming from the same source, going
to the same destination, and carrying the same packet; a slot train may refer to
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consecutive empty slots as well, but not the other way round. The first slot of a
train is referred to as head and the last slot of atrainis referred to astail; note that
inaslot train with asingle slot the head slot is the tail slot too.

The next sections contain the description of the protocols. For legibility, they
exploit the relaxation of the dependence between the vertical domain and the
horizontal domain to focus on access from a single-channel perspective at first,
hence concentrating on the horizontal contention domain, which is paramount to
OPS. Section 4.4 deals with the effects of channel multiplicity on the protocols.

4.2 Conflict-free protocols

This section describes two conflict-free access control protocols: packet aggregate
transmission (PAT) and dlotted packet transmission with slot concatenation
(SPT+SC).

421 PAT

PAT [Salva2002b] ensures that every packet is transmitted as an indivisible unit.
Once a node starts transmitting a packet that node is guaranteed to transmit that
packet entirely, using a single slot. Likewise, once a destination node starts
receiving a packet that node is guaranteed to receive that packet entirely, in a
single slot.

PAT follows [Karn2002], which advises that if frames have fixed size then
they should be large for throughput, whereas the actual size depends on the bit
error rate (BER) of the medium, the access delays, and the access delay
variations. The larger the slot size, the lower the PCI overhead is; consequently,
the higher the throughput is. Also, the larger the slot size, the lower the slot-
forwarding rate is; consequently, the higher the achievable channel bit rates are.

Large slots aso benefit signalling schemes such as that of Flamingo, in which
the size of payload slots must equal the size of control slots, or be greater than
that, for the network to function properly (recall that the number of slot headersis
affected by the number of payload channels supported).

It is not possible to find an optimum slot size to transport Internet packets
efficiently. Thus, to cope with the mismatch between the slot sizes and the packet
sizes PAT multiplexes as many packets as possible into a slot.

Figure 4.2.1 illustrates how PAT works. In the example, a given node has a
backlog of four packets, labelled a, b, ¢, and d to express the sequence in which
they are scheduled for transmission. Packets b, ¢, and d have the same
destination; packet a has a different destination.

Since a node can multiplex many packets into a single slot, and since a slot
contains a single header, to prevent packet misdelivery in PAT only packets
travelling to the same destination node can be transmitted in the same slot. That
explains why thefirst slot carries only packet a.
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Figure 4.2.1 - lllustration of the functioning of PAT

Such a constraint can cause HOL blocking, and to avoid that PAT uses VOQ.
Each node maintains N-1 queues, one per possible destination node, a single TB
capable of storing one MTU-sized packet, and a single RB also capable of storing
one MTU-sized packet. The packet scheduler serves the packets queue according
to the first-come-first-serve (FCFS) discipline, and moves the HOL packet from
the queue to the TB.

Figure 4.2.2 depicts the partial organization of a node.

VOQ queues
at node i

o 1 2 N-1

Packet m
Scheduler

B RB

Figure 4.2.2 - Node organization in PAT

Whenever allocated a packet, the TB is bound to both that packet and the
destination node of that packet. Hence, a new packet can be inserted into the TB
only after the TB is released.
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Whenever allocated a packet, the RB is bound to both that packet and the
source node of that packet. Hence, a new packet can be inserted into the RB only
after the RB is released.

As the upper layer protocol sends a packet down to the MAC layer, the latter
frames the packet and stuffs escape signals into the frame to mask BOF
sequences, EOF sequences, or both, if any -data stuffing is necessary at this stage
to make sure that packets fit in the slots. Eventually the MAC layer inserts the
resulting frame into the proper queue.

Frames
A packet frame includes the packet itself, the size of the packet, and the type of
the upper layer protocol that generated the packet. The destination node needs
such information to demultiplex packets and send them to the corresponding
upper layer protocol.

Figure 4.2.3 depicts the packet frame layout, which contains the following
fields:

» Protocol type (PType): 16-bit field that stores the upper layer protocol type;

» Payload length information (PLI): 16-bit field that stores the size (in octets)

of the payload data;
* Payload data: variable size field that contains the payload data itself, and it
can be as big as 64K B.
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Figure 4.2.3 - Packet frame layout

To multiplex packets PAT uses the frame layout shown in Figure 4.2.4. The
layout includes the following fields:
» Payload [i]: variable size field that contains packet framei;
 PVL (Payload vector length): 8-bit field that describes the number of
packets multiplexed in the slot.
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Figure 4.2.4 - Packet multiplexer frame layout

Regardless of the number of packets that a node can multiplex into a payload
slot, there is always one slot header per payload slot.

The slot header contains the following fields:

» S tellswhether the corresponding payload slot is either EMPTY or BUSY;

» Destination Address (DA): contains the address of the destination of the
dot if SisBUSY. If SisEMPTY then DA is set to NULL -nodes process
DA only in the former;

» Source Address (SA): contains the address of the source node of the slot if
SisBUSY. If SISEMPTY then SA isset to NULL -nodes process SA only
in the former.

Behaviour
Upon arrival of a slot header, a node reads S to determine the status of the slot. If
SiISEMPTY then the node runs the transmission algorithm. If SisBUSY then the
node matches its own address with the DA contained in the slot header. If the
match fails then the node lets the slot go. If the match succeeds then the node
drops the corresponding payload slot and runs the reception algorithm.

Note that a node always attempts reception first because that allows for that
node to reuse the slots it releases, hence improving the network performance.

Transmission

If the node is idle then it lets the slot go unaltered. If the node has a traffic
backlog then it triggers packet scheduling in an attempt to transmit. The packet
scheduler selects a queue and moves the HOL packet from that queue into the TB.
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If the packet scheduler fails then the node lets the slot go unaltered. If the
packet scheduler succeeds then the node updates S to BUSY and assigns its own
address and the destination address of the packet to SA and DA.

Then the node transmits the BOF sequence and, immediately after, the packet
from the TB. While transmitting the packet, the node signals the packet scheduler
to select the (new) HOL packet from the chosen queue.

To keep track of the space remaining in the slot for payload data, the node
subtracts the size of each payload frame from the space available in the slot for
payload frames. The size of a payload frame equals the value of PLI plus the size
of the PLI field plus the size of the PType field; the space available in the slot for
payload frames is the slot size minus the size of the PVL field.

Since PAT does not segment packets, the scheduler selects the HOL packet
only if that packet fits entirely in the space remaining in the slot. If the packet
scheduler succeeds then it inserts another packet into the TB as soon as the TB
becomes empty. If the packet scheduler fails, then the node inserts the PVL field -
a node increments PVL by 1 for each packet it transmits. Eventually the node
transmits an EOF sequence.

Transmission can occur only from the beginning of a slot and continuously
such that there is no gap between any pair of adjacent packets. Therefore, an idle
node forwards an incoming free slot even if a burst of small packets arrives
before that slot leaves the node entirely. The bandwidth usage efficiency gains
that transmitting at any instant of time within a time slot might bring do not
compensate for the complexity and the protocol-processing overhead that it
introduces.

Reception

The node synchronizes with the BOF sequence and starts receiving the payload
frame into the RB. While receiving, that node also removes any stuffed escape
signals. Once the node synchronizes with the EOF sequence it starts to
demultiplex the packet frames.

To determine how many packet frames the multiplexer frame contains the node
uses PVL. Using the PLI field in each packet frame, the node extracts each packet
frame from the multiplexer frame and forwards the embedded payload to the
upper layer protocol, asindicated in PType.

To release the payload slot just received the node updates the slot header as
follows: Sto EMPTY and both DA and SA to NULL.

4.2.2 SPT+SC

SPT+SC [Salva2003a] guarantees that, under operational condition, packets are
either transmitted entirely and continuously or not transmitted at all. To do so
SPT+SC uses atechnique called slot concatenation.

Figure 4.2.5 illustrates the functioning of SPT+SC. In the example a node has a
backlog of five packets, labelled a, b, ¢, d, and e according to the order of arrival
of those packets. Packet scheduling uses the longest delay as selection criterion;
the destination of the packetsisirrelevant.
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Figure 4.2.5 - Illustration of the functioning of SPT+SC

Slot concatenation is not a new idea. Pasch and Niemegeers [Pasch1991]
describes the universal channel network (UCN) and a cyclic reservation access
protocol that uses slot concatenation. Nevertheless, the protocol uses source
removal, which limits the overall performance considerably.

SPT+SC builds on the distributed cycle protocol (DCP) [Dobos1993,
Dobos1995]. DCP uses token removal rather than the traditional source removal
or destination removal. Each node holds the token for exactly THT dlots
regardless of its traffic backlog status. A node that holds the token terminates the
ring, that is, clears all the incoming slots indiscriminately; consequently, it has
guaranteed access to the ring using such slots.

Right after releasing the token, each node starts the token rotation timer
(TRTr). This timer plus the knowledge of the THT of each node plus the
knowledge of the network topology allow for the determination of the exact
location of the token at any time. Consequently, a node can always determine to
which destination nodes it can transmit at any time.

SPT+SC enhances DCP in the following ways:

» Destination removal in addition to token removal;

* A node that holds the token is also responsible for the concatenation of

slots;

* Multiple tokens to deal with multiple channels, whereas each token is

associated with adistinct channel.
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SPT+SC separates any pair of adjacent tokens (that is, subsequent nodes on
adjacent channels) by intertoken distance (ITD) slots, where ITD = S/ CL, S
denotes the number of slots in the ring, and C denotes the number of channelsin
the ring. Therefore, the smaller the ratio N / C, the more frequent a node
possesses a token.

Figure 4.2.6 illustrates the distribution of tokens in aring with eight nodes and
four channels.

Figure 4.2.6 - Illustration of the distribution of multiple tokens across the ring

A node that receives the token performs slots concatenation over the incoming
THT dlots on the channel corresponding to that token, hence generating slot
train(s) on that channel.

Organization

To avoid HOL blocking, which may happen as shall be seen later, SPT+SC uses
VOQ and a-posteriori packet scheduling. Each node maintains N-1 queues, one
per possible destination node, a single TB capable of storing one MTU-sized
packet, and a single RB aso capable of storing one MTU-sized packet. The
packet scheduler serves the packets queue according to the FCFS discipline, and
moves the HOL packet from the queue to the TB.

Figure 4.2.7 depicts the partial organization of a node.

1 For the sake of simplicity, let S be an integer multiple of C.
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Figure 4.2.7 - Node organization in SPT+SC

Whenever allocated a packet, the TB is bound to both that packet and the
destination node of that packet. Hence, a new packet can be inserted into the TB
only after the TB is released.

Whenever allocated a packet, the RB is bound to both that packet and the
source node of that packet. Hence, a new packet can be inserted into the RB only
after the RB is released.

As the upper layer protocol sends a packet to the MAC layer, the latter frames
the packet, stuffs escape signals into the frame to mask BOF sequences, EOF
sequences, or both, if any; data stuffing is necessary at this stage to make sure that
packets fit in the trains. Eventually the MAC layer inserts the resulting frame into
the proper queue.

Frames
A packet frame includes the packet itself, the size of the packet, and the type of
the upper layer protocol that generated the packet. The destination node needs
such information to extract packets and send them to the corresponding upper
layer protocol.
Figure 4.2.8 depicts the payload frame layout, which includes the following
fields:
» PType: 16-bit field that describes the upper layer protocol that generated
the payload data;
* PLI: 16-bit field that describes the size (in octets) of the payload data;
» Payload data: variable size field that carries payload data, and it can be as
big as 64K B.
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Figure 4.2.8 - Payload frame layout

The slot header contains the following fields:

S. tells whether the corresponding payload slot is either EMPTY or BUSY;;

B: tells whether the slot either is the head of the train it belongs to, or is not.
The dlot is the head if B is TRUE, and the slot is not the head if B is
FALSE;

T: tells whether the token is either present or absent. The token is present if
T isTRUE and the slot isabsent if T isFALSE;

Train length information (TLI): tells how many slots compose the train if B
ISTRUE. If B isFALSE then TLI isset to NULL. Nodes process TLI only
in the former;

Destination Address (DA): contains the address of the destination of the
dotif SisBUSY. If SisEMPTY then DA is set to NULL. Nodes process
DA only in the former;

Source Address (SA): contains the address of the source node of the slot if
SisBUSY. If Sis EMPTY then SA is set to NULL. Nodes process SA
only in the former.

Slot trains generation
Let n; be the node that just received the token, ¢ be the channel corresponding to
that token, and R be the remaining THT corresponding to that token; n; sets R to
THT and, for each slot on channel c that passes by, it decrements R by 1. While
possessing that token, n; generates slot trains of size T=min(MTU, R) on ¢, where
MTU isthe train size needed to carry one M TU-sized packet.

To generate a train of size T the node updates the header of each of the slots
composing the train as follows:

Head slot: set Bto TRUE and TLI to T;
Subsequent slots: set B to FALSE and TLI to null.

Figure 4.2.9 depicts the slot train generation process.
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Figure 4.2.9 — lllustration of the dot train generation procedure

Note that slot train generation and transmission are separate functions. A node
that is generating trains can also transmit using those trains though.

Behaviour
Upon arrival of aslot header, a node reads S to determine the status of the slot. If
SiSEMPTY then the node runs the transmission algorithm. If SisBUSY then the
node matches its own address with the DA contained in the slot header. If the
match fails then the node lets the slot go. If the match succeeds then the node
drops the corresponding payload slot and runs the reception algorithm.

Note that a node aways attempts reception first because that allows for that
node to reuse the slots it releases, hence improving the network performance.

Transmission

If the node is idle then it lets the train go unaltered. If the node has a traffic
backlog then it signals the packet scheduler to select a packet for transmission. A
selection has to satisfy two conditions to be successful. First, the node holding the
token is not along the path towards the destination node of the selected packet.
Formally and assuming that nodes are assigned the same THT, a node is allowed
to transmit a packet upon arrival of an empty train if

TRTr > (d- 1) x THT (1)

where d denotes the distance in number of hops from the node attempting
transmission to the packet’ s destination node.

If nodes are indexed in sequential order according to their topological position
on the ring, then d is given | j - i + N |y, where j denotes the index of the
destination node, i denotes the index of the source node, and N denotes the
number of nodes in the network; | . |y denotes the modulo N operation.

Second, the selected packet fits entirely in the train. Let T be the size of an
incoming train at node i, and P be the size of a HOL packet at nodei. Node i can
transmit that packet only if
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P<T )

If the packet selection meets both transmission constraints then the packet
scheduler inserts that packet into the TB and starts transmitting.

As far as the transmission of payload data is concerned, the node transmits a
BOF sequence and, immediately after, the payload. The node ends the
transmission by transmitting an EOF sequence.

In parallel to the transmission of the payload data, the node updates the headers
of the train alocated to the packet as follows: S to BUSY, the node address to
SA, and the destination node address of the packet to DA. If the slot is the head
then the node updates B to TRUE and TLI to the size of the train, that is, to the
number of slots necessary to carry the packet. If the slot is not the head then the
node sets B to FALSE and TLI to NULL.

Once transmission of the packet ends, if T - P is greater than O then the node
sets the next slot as head and sets the train as being of size T - P. In other words,
the node splits the incoming train into two new trains using the slot train
generation procedure explained previously. The first train carries the packet and,
therefore, has a size P. The second train contains the remaining slots from the
received train and, therefore, has asize of T —P; if T — P is zero then the second
train is not created.

Figure 4.2.10 illustrates how a node proceeds upon transmitting.

Node i
Transmission procedure

1. Train arrives

2. LetR=T; T=6;

3. Selects packet of size P for
transmission; P = 2;

4. Generates train of size
T =P to carry packet;

: 5. Transmits packet continuously

| + padding;

i 6. LetX=R-P

rain size 7. R=X

=P=2

—
lTime b
R=X=4

Figure 4.2.10 — Illustration of the transmission procedurein SPT+SC
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SPT+SC alows transmission only from the beginning of a train. If a node
cannot transmit at the beginning of atrain for whatever reason (e.g., node isidle),
then that node skips the entire train, even though transmission might become
possible before the entire train is forwarded.

Such a transmission constraint ensures that nodes indeed perceive the length of
atrain as indicated in the head slot header of that train. If a node forwards the
head slot header of an empty train and then transmits in the middle of that train, a
collision might occur at a downstream node that has alocated that train entirely,
based on the indication in the received head slot header.
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Reception

A node matches its own address with the DA contained in the received header. If
the match fails then the node lets the slot go. If the match succeeds then the node
drops the corresponding payload slot.

The node synchronizes with the BOF sequence of the dropped frame to obtain
the payload contained in that frame. While receiving, that node also removes any
stuffed escape signals. Once the node synchronizes with the EOF sequence it
starts to process the frame.

Using the value of PLI the node extracts the packet from the frame and sends
the packet to upper layer protocol, as indicated in PType. Eventualy the node
empties the RB.

To release the train the node updates each header of the train as follows: S to
EMPTY and both DA and SA to NULL; the value of the remaining fields remains
unaltered.

4.3 Contention protocols

This section describes two contention access control protocols: slotted packet
transmission with retransmission (SPT+R) and slotted packet transmission with
pause (SPT+P).

43.1 SPT+R

SPT+R [Salva2003b] guarantees that packets reach their destination nodes as
single units, using as many consecutive slots as necessary. Whenever a
backlogged node detects an incoming empty slot that node selects a packet, and
starts transmitting that packet. If during the transmission that node detects an
incoming busy slot then that node stops transmitting to avoid collision. As soon
as that node detects an incoming empty slot, that node restarts transmitting that
same packet from the beginning.

Figure 4.3.1 illustrates how SPT+R works. In the example a node has a
backlog of four packets, labelled a, b, ¢, and d according to the order of arrival of
those packets. Packet scheduling uses the longest delay as selection criterion; the
destination of the packetsisirrelevant.
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| | packet a
[ packet b
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Il packetd

slot headers
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slot headers

payload slots

Retransmission
of packet a

Figure4.3.1 - lllustration of the functioning of SPT+R

Note that to cross the boundaries between slots SPT+R requires that slot
headers be sent ahead of their corresponding payload slots, such that a node can
detect the status of the next slot before reaching the end of the current payload
slot.

Organization

Each node maintains a single packets queue, a single TB capable of storing one
MTU-sized packet, and a single RB also capable of storing one MTU-sized
packet. As the upper layer protocol sends a packet to the MAC layer, the latter
frames the packet and inserts the frame into the queue. The packet scheduler
serves the packets queue according to the FCFS discipline, and moves the HOL
packet from the queue to the TB.

Figure 4.3.2 depicts the partial organization of a node.
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Figure 4.3.2 - Node organizationin SPT+R

Whenever allocated a packet, the TB is bound to both that packet and the
destination node of that packet. Hence, a new packet can be inserted into the TB
only after the TB is released.

Whenever allocated a packet, the RB is bound to both that packet and the
source node of that packet. Hence, a new packet can be inserted into the RB only
after the RB is released.

Frames
The payload frame layout is shown in Figure 4.3.3, and it contains the following
fields:

* PType: 16-bit field that identifies the upper layer protocol that generated
the payload data;
* PLI: 16-hit field that defines the size of the payload data;

» Payload data: variable size field that carries payload data, and it can be as
big as 64K B.

0 1 2 3

01234567890123456789012345678901
s o S i el o S S ek ik S SHE S
| Prot ocol type | Payload length infornmation |
B e s i T i S T S i S
I I
. Payl oad dat a .
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I I

S s S S D o S S R o

Figure 4.3.3 - Payload frame layout

The slot header includes the following fields:
» S tellswhether the corresponding payload slot is either EMPTY or BUSY;;
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» B: tellswhether the slot either is the head of thetrain it belongs to, or is not.
The dlot is the head if B is TRUE, and the slot is not the head if B is
FALSE;

* Destination Address (DA): contains the address of the destination of the
dotif SisBUSY. If SisEMPTY then DA is set to NULL. Nodes process
DA only in the former;

» Source Address (SA): contains the address of the source node of the slot if
SisBUSY. If Sis EMPTY then SA is set to NULL. Nodes process SA
only in the former.

Behaviour
Upon arrival of a slot header, a node reads S to determine the status of the slot. If
SisEMPTY then the node runs the transmission agorithm. If SisBUSY then the
node matches its own address with the DA contained in the slot header. If the
match fails then the node lets the slot go. If the match succeeds then the node
drops the corresponding payload slot and runs the reception algorithm.

Note that a node always attempts reception first because that allows for that
node to reuse the slots it releases, hence improving the network performance.

Transmission
A node always checks first if there is any pending transmission. If there is, then
the node uses that slot to resolve that transmission. If there is not and the node is
idle, then that node lets the slot go unaltered. If there is not, but the node has a
traffic backlog then that node triggers packet scheduling in an attempt to transmit
anew packet.

Assuming that there is no pending transmission and that the node has a traffic
backlog, the packet scheduler selects a packet, inserts that packet into the TB, and
starts transmitting.

As far as the transmission of payload data is concerned, the node transmits a
BOF sequence and, immediately after, the payload. As the transmission
progresses, the node inserts escape signals into any field that contains BOF
sequences, EOF sequences, or both.

In parallél to the transmission of the payload data the node updates the headers
of the train alocated to the packet as follows. S to BUSY, the node address to
SA, and the destination node address of the packet to DA. If the slot is the head
then the node updates B to TRUE. If the slot is not the head then the node sets B
to FALSE.

If the node transmits the entire packet successfully then it transmits an EOF
sequence. If, however, the node detects an incoming busy slot before the
transmission is complete, then that node stops transmitting and inserts an EOF
sequence immediately.

As the next empty slot arrives, that node attempts to retransmit that packet, and
the whole transmission process restarts.

Eventually that node transmits the entire packet and rel eases the TB.
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Reception

A node matches its own address with the DA contained in the received slot
header. If the match fails then the node let the slot go. If the match succeeds then
the node drops the corresponding payload slot.

The node synchronizes with the BOF sequence and starts receiving the payload
data. While receiving, the node removes stuffed escape signals, and also counts
the received data -the counting does not consider escape signals.

Upon detection of an EOF sequence the node processes the received frame. If
the value of the counter matches the size of PType plus the size of PLI plus the
value of PLI then the node extracts the packet from the frame.

To determine to which upper layer protocol to send the packet the node uses
PType; eventually the node empties the RB.

To release the train just received, the node updates headers of the train as
follows: Sto EMPTY and both DA and SA to NULL. Field B remains unaltered.

432 SPT+P

SPT+P [Salva20024] tries its best to transmit packets continuously, using as many
consecutive slots as necessary. Whenever a backlogged node detects an incoming
empty slot that node selects a packet, and starts transmitting that packet. If during
the transmission that node detects an incoming busy slot then that node stops
transmitting to avoid collision. As soon as that node detects an incoming empty
slot, that node continues to transmit from the point where it stopped.

Figure 4.3.4 illustrates how SPT+P works. In the example a node has a backlog
of three packets, labelled a, b, and c according to the order of arrival of those
packets. Packet scheduling uses the longest delay as selection criterion; the
destination of the packetsisirrelevant.

| | packeta

] packetb
I packetc

slot headers ' ___________ I ' ___________ I r_ __________ I , __________ J r _____ J
payload slots _ / : .

slot Resuming

'Y Contention: stop
ransmission  yransmission

of packet a

Figure 4.3.4 - Illustration of the functioning of SPT+P

Note that to cross the boundaries between slots the SPT+P requires that slot
headers be sent ahead of their corresponding payload slots, such that a node can



Chapter 4: Access control protocols 65

detect the status of the next slot before reaching the end of the current payload
slot.

Organization
Each node maintains a single packets queue and a single TB capable of storing
one MTU-sized packet. As the upper layer protocol sends a packet to the MAC
layer, the latter frames the packet and inserts the frame into the queue. The
packets scheduler serves the packets queue according to the FCFS service
discipline and moves the HOL packet from the queue to the TB.

Figure 4.3.5 depicts the organization of anode.
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Pqicekf és Reassembly
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>

Figure 4.3.5 - Node organization in SPT+P

Whenever allocated a packet, the TB is bound to both that packet and the
destination node of that packet. Hence, a new packet can be inserted into the TB
only after the TB is released.

Each node maintains also a single RB capable of storing one MTU-sized
packet and re-assembly buffers. In the worst-case, one re-assembly buffer per
each possible source node is required. Note that various re-assembly buffer
allocation strategies are possible, but they are out of the scope of thiswork.

Whenever allocated a packet, the RB is bound to both that packet and the
source node of that packet. Hence, a new packet can be inserted into the RB only
after the RB is released.

Whenever allocated a packet, a re-assembly buffer is bound to both that packet
and the source node of that packet. Hence, a new packet can be inserted into that
re-assembly buffer only after that buffer is released.

Frames
The payload frame layout is shown in Figure 4.3.6, and it contains the following
fields:
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» PType: 16-bit field that identifies the upper layer protocol that generated
the payload data;

* PLI: 16-bit field that defines the size of the payload data;

» Payload data: variable size field that carries payload data, and it can be as
big as 64K B.
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| Prot ocol type | Payload length information |
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Figure 4.3.6 - Payload frame layout

The slot header includes the following fields:

» S tellswhether the corresponding payload slot is either EMPTY or BUSY;

B: tells whether the slot either is the head of thetrain it belongsto, or is not.

The slot is the head if B is TRUE, and the slot is not the head if B is

FALSE;

» E: tellswhether the slot either isthe tail of the train, or is not;

* Destination Address (DA): contains the address of the destination of the
dot if SisBUSY. If SisEMPTY then DA is set to NULL -nodes process
DA only in the former;

» Source Address (SA): contains the address of the source node of the slot if
SisBUSY. If SISEMPTY then SA isset to NULL -nodes process SA only
in the former.

Behaviour
Upon arrival of aslot header, a node reads S to determine the status of the slot. If
SiSEMPTY then the node runs the transmission algorithm. If SisBUSY then the
node matches its own address with the DA contained in the slot header. If the
match fails then the node lets the slot go. If the match succeeds then the node
drops the corresponding payload slot and runs the reception algorithm.

Note that a node aways attempts reception first because that allows for that
node to reuse the slots it releases, hence improving the network performance.

Transmission algorithm

A node always checks first if there is any pending transmission. If there is, then
the node uses that slot to resolve that transmission. If there is not and the node is
idle, then that node lets the slot go unaltered. If there is not, but the node has a
traffic backlog then that node triggers packet scheduling in an attempt to transmit
anew packet.
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Assuming that there is no pending transmission and the node has a traffic
backlog, the packet scheduler selects a packet, inserts that packet into the TB, and
starts transmitting.

As far as the transmission of payload data is concerned, the node transmits a
BOF sequence and, immediately after, the payload. As the transmission
progresses, the node inserts escape signals into any field that contains BOF
sequences, EOF sequences, or both.

In parallél to the transmission of the payload data the node updates the headers
of the train alocated to the packet as follows. S to BUSY, the node address to
SA, and the destination node address of the packet to DA. In addition, the node
sets both B in the head slot header to TRUE and, if the slot carries the end of the
packet, E in the tail slot header to TRUE; for all the other slots the node sets both
B and E to FALSE.

If the node transmits the entire packet successfully then it transmits an EOF
sequence. If, however, the node detects an incoming busy slot before the
transmission is complete, then that node stops transmitting and inserts an EOF
sequence immediately.

As the next empty slot arrives, that node attempts to transmit that packet from
the point where transmission was interrupted.

Eventually that node transmits the entire packet and rel eases the TB.

Reception

A node matches its own address with the DA contained in the received slot
header. If the match fails then the node let the slot go, but if the match succeeds
then the node drops the corresponding payload slot.

The node synchronizes with the BOF sequence and starts receiving the payload
data. While receiving the node aso removes stuffed escape signals. Upon
detection of an EOF sequence the node moves the received data to a re-assembly
buffer and empties the RB.

If there is are-assembly buffer already allocated that SA then the node inserts
the packet into that buffer. If there is no re-assembly buffer allocated to that SA,
then the node allocates one, inserts the packet into that buffer, and also starts an
expiration timer for that buffer. At the expiration time the node rel eases the buffer
indiscriminately.

The node triggers packet re-assembly upon arrival of a tail slot whose DA
matches its own address and whose SA matches the SA of an allocated re-
assembly buffer. If these conditions hold, then the node uses PLI to extract the
packet and PType to determine to which upper layer protocol to send the packet.

To release the train the node updates the headers of the train as follows: S to
FALSE and both DA and SA to NULL. Both B and E remain unaltered.

4.4 Channel multiplicity

The existence of multiple channels raises the concern of contention across
channels at destination. From now on the term vertical contention is used to
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describe the former and the term horizontal contention is used to describe
contention across time slots on the same channel.

Vertical contention occurs whenever the number of trains across channels and
overlapping in time destined to a certain node exceeds the number of Rx units
available at that node. Vertical contention can occur in two situations:

» Destination node is equipped with one TRx unit or more, and source node
cannot monitor al the channels to determine whether its own transmission
will result in avertical contention;

» Destination node is equipped with one FRx unit or more, and source node
cannot determine the receivers from a multicast address, as usualy;
consequently, the source node cannot determine whether its own
transmission will result in avertical contention.

Two solutions to cope with vertical contention are as follows. In the first
solution, a source node that can monitor all the channels schedules a packet for
transmission only if the destination node of that packet has sufficient Rx units to
receive the train carrying that packet plus the detected transit trains going to the
same destination.

If while transmitting on the allocated train the source node detects the arrival
of atransit train that is going to generate a vertical contention at the destination,
then the source node stops transmitting; note that this type of contention does not
occur in PAT since trainsare all 1-slot long in this protocol.

If a destination node detects the simultaneous arrival of more parallel train
heads than it can receive, then that node applies a channel selection agorithm to
choose which trains to drop and which trains to let go.

If while receiving a train a destination node detects a vertical contention then
that node aborts the ongoing reception, releases the RB and the re-assembly
buffers, if applicable, and starts receiving the train that arrived last. Note that if a
destination node is receiving two or more trains and it detects a vertical
contention then that node has to select which receptions to abort first.
Nevertheless, unless a transmission interrupted as a result of vertical contention is
marked as such by its source, a destination node might abort the reception of a
train whose transmission has not been interrupted.

In the second solution, a source node that can monitor all the channels
schedules a packet for transmission only if the destination node of that packet has
sufficient TRx units to receive the train carrying that packet plus the detected
transit trains going to the same destination. Nevertheless, while transmitting that
source node will continue to do so even if it detects avertical contention.

If a destination node detects the simultaneous arrival of more train heads than
it can receive, then that node applies a channel selection algorithm to choose
which trains to drop and which trains to let go. If while receiving a train a
destination node detects a vertical contention involving another train, then that
node continues to receive the train that arrived first and lets the train that arrived
last go unaltered.
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In both solutions a train forwarded by its destination is eventually removed
from the ring.

The main difference between both solutions is that in the first solution nodes
respond to vertical contention in the same way as they respond to horizontal
contention, although at the expense of higher complexity. The second solution
considers contention from two different perspectives, but it is simpler.
Nevertheless, it might result in higher packet loss because source nodes continue
to transmit in the event of contention.

4.5 Error handling

As explained in Chapter 2, packet live-lock might occur depending on the
transceiver configuration. To prevent that, al the protocols but SPT+SC should
use the time-to-live (TTL) concept -packet live-lock does not occur in SPT+SC
because a node that holds a token eventually removes an orphan packet from the
ring. A TTL field counts how many hops a payload slot can still travel. Every
node decrements TTL by 1 before forwarding the corresponding payload slot to
the next node. If the resulting TTL is greater than 1 then the processing node
forwards the payload slot to the next hop. If the resulting TTL is smaller than 1
then the processing node discards the corresponding payload slot.

Also explained in Chapter 2, erroneous slot headers may lead to packet
misdelivery and even packet live-lock regardless of the presence of TTL. To
detect erroneous slot headers the protocols add a frame check sequence (FCS) to
each generated slot header. Typically, a FCS contains the cyclic redundancy
check (CRC) polynomial that is calculated over the fields to be protected. A node
processing a slot header always calculates its own FCS and matches it with the
FCS contained in the header. If the match fails then the header is erroneous and
proper measures should be taken.

In any of the protocols, a node that either detects an erroneous slot header or
has to forward a slot that exceeds the minimum TTL should discard the
corresponding payload data. Nevertheless, a node may be incapable of dropping
on the channel that carries the payload. Consequently, if that node marks a slot
header as empty without actually releasing the corresponding payload data, a
collision will occur when a node attempts to transmit on that slot. Therefore, a
node applies slot discard only if that node can drop that slot. If that is not possible
then the node lets the slot go; eventually that slot reaches a node that can drop it.

A source node in SPT+SC may allocate a train to transmit a packet, but
because of protection mechanisms the actual size of that train might not
correspond to the size indicated in the PLI field of the head slot of that train. The
source node copes with such an error by aborting the transmission.

Note that such an error may propagate through further downstream nodes, and
only the node that holds the token on the corresponding channel can correct the
error.



70 MAC protocolsfor optical packet-switched WDM rings

As a consequence of the execution of protection mechanisms or slot discard,
destination nodes can receive packet fragments out-of-order or even packets
missing fragments. Destination nodes react to such occurrences as follows:

Incomplete packet arrival: the absence of fragments likely results in packets
whose size fails to match the PLI field. Because both the end of the packet
being received and the beginning of a new packet can be lost, it might
happen that fragments from different packets but from the same source
node succeed the PLI match. Nevertheless, the resulting packet is likely to
fail to pass the FCStest. A packet that fails either test should be discarded,
and the allocated buffers should be released;

Out-of-order arrival: destination nodes cannot detect out-of-order arrivals
until packets undergo the FCS test. A packet that fails the FCS test should
be discarded, and the allocated buffers should be released;

Erroneous packet: a complete in-order packet can contain errors caused by
transmission impairments or, most likely, by electronic handling. Such
errors can be detected with great likelihood by the FCS test. Again, packets
that fail to pass the FCS test should be discarded, and the allocated buffers
should be released,;

Packet arrival overlapping in SPT+P: given a certain channel, a destination
node might receive a new packet from a node before it received the
previous packet transmitted by that same node entirely. If that is true, then
the destination node discards the received fragments, releases the re-
assembly buffers allocated to those fragments, and starts receiving the new
packet;

Packet arrival overlapping in SPT+R and SPT+SC: given a certain channel,
a destination node might either receive a train whose SA fails to match the
SA of the packet being received, or receive a train whose SA matches the
SA of the packet being received, but it carries another packet. A destination
node reacts to this situation by discarding the packet fragment(s) aready
received, releasing the re-assembly buffers allocated to those fragments,
and attempting to receive the new packet as usual;

Orphan packet arrival in SPT+P, SPT+R, and SPT+SC: upon detection of a
train that does not carry the beginning of a packet, if the destination node
fails to match the SA of that train with the SA of any allocated re-assembly
buffer, then that node should discard the train.

4.6 Discussion

This chapter introduced four access control protocols for MOPS rings based on
the conceptual node architecture shown in Figure 1.1.5. Thanks to both the
definition of an open system model upon which the protocols rely and the design
concerned with openness, the protocol designs are not limited to particular
transceiver configurations. What is more, the protocol designs can even support
heterogeneous transceiver configurations. Because of the assumption about the
existence of an interface between the MAC layer and the PHY layer, the protocol
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designs do not assume any particular implementation of the signalling mechanism
at the PHY layer.

Each protocol has advantages and disadvantages compared with one another.
Amongst parameters of importance, this section discusses complexity, scalability,
robustness, and efficiency. Performance is also important, but its discussion is | eft
to Chapter 6.

SPT+SC is the most complex protocol. Its algorithm demands specia care to
maintain consistency and high processing overhead to schedule packets. SPT+Pis
simple, but its dependency on SAR operations and re-assembly buffers results in
complexity at the system level.

The simplest protocol is SPT+R. SPT+R is similar to SPT+P, with the
advantage that the former uses a retransmission contention resolution that is
simple and dismisses SAR operations.

PAT is also simple, but the packet scheduling algorithm and the multiplexing
and demultiplexing of packets at edge nodes introduce some complexity that puts
the protocol in between SPT+R and SPT+P in complexity.

Scalability can be seen from different perspectives. As far as number of nodes
Is concerned, PAT isthe less scalable. Given a certain ring length, PAT generates
lesser slots than the other protocols. And as shown in [Zafirl988], destination
removal slotted ring networks achieve better performances as the ratio between
number of slots and number of nodes increases.

Asfar as (payload data) channel bit rate is concerned though, the most scalable
Is PAT. That is because of the use of large slots and the consequent reduced
number of slot headers to process per second.

Since it transmits packets as atomic units, PAT does not require special care to
cope with errors. It does require some care to cope with network failures, but not
as much as the other protocols. Therefore, PAT is the most robust protocol.

SPT+SC suffers the most from failures since erroneous slot headers may lead
to collision, and collision is not supposed to occur in the protocol.

As far as efficiency is concerned, figures may vary depending on the traffic
pattern; therefore it is difficult to elaborate on efficiency. Nevertheless, overall
SPT+P is the most efficient protocol since it exploits the fragmentation of the
medium capacity. That does not hold with SPT+R, whose performance suffers as
the fragmentation of the medium capacity increases.

SPT+SC aso suffers from the same problem as SPT+R, but to a lesser extent,
in particular, as the number of tokens increases, because of the assurance that
once transmitted packets will reach the destination completely and successfully.

Because of the size of the slots, PAT can be the least efficient protocol, in
particular under asymmetric traffic distribution patterns. Some nodes might have
only a few short packets to transmit every time a slot arrives, which results in
slots with considerable fractions of empty space and, consequently, waste of
capacity.

Table 4.6-1 highlights the main aspects of the protocols.
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Table 4.6-1 — Main aspects of the protocols

SPT+P PAT SPT+R SPT+SC
Efficiency  High Depends on the Depends mainly  Depends on the
traffic condition on the traffic traffic condition
workload
Complexity Low Medium Low High
Robustness Medium High High Low
Scalability  High Depends mainly Low Depends mainly
on theratio on the number
between the of nodes and the
number of slots traffic condition
and the number of
nodes
Cost High Low Low Low

For information on synchronisation, group communication, or addressing
please read Appendixes B, C, or D.



Chapter 5
Access fairness protocols

This chapter deals with access fairness control protocols for general high-speed
ring networks, and it is divided in two parts. The first part elaborates on the
definition of fairness and describes some of the existing protocols proposed in the
literature. The second part introduces two new protocols, one global and one
local. It also discusses how to integrate such protocols with the access control
protocols described in Chapter 4.

5.1 Fairnessdefinition

An access fairness protocol comprises rules and behaviours to constrain access
under certain conditions to ensure that geographically distributed nodes
competing for the medium get afair share of that medium.

Before discussing fairness it is important to understand what fairness means. A
definition of fairness that is commonly used in the literature is that which says:

A network isfair if all nodes receive the same share of network resources.

According to this definition and assuming a performance measure P, a network
is perfectly fair if P; is constant for i =0,..., N-1, where i denotes node index and
N denotes the number of network nodes.

Such a definition assumes that al nodes have the same demands, which is
often not true. A more accurate definition of fairness is given by the max-min
optimisation [Berts1987], which says:

A network isfair if each node getsthe largest possible share that does not impact nodes
with lower shares.

Note that the max-min optimisation aims at throughput fairness. Thus, quoting
from [Berts1987], “amax-min fair throughput point v = {V'....V"} on aring with
n nodes has the following property: for i = 1,..., n, % cannot be increased while
maintaining feasibility without decreasing V' for somej with V' < V', where V' is the
throughput of node i and V is the throughput of node j.” By feasibility the
definition means that the sum of the throughputs is below the ring saturation
point.

Regardless of which definition one follows, the perception of fairness depends
on the point of view one looks from. As pointed out in [Dobos1992], what is
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considered fair from one point of view may turn out to be unfair from another
point of view or vice-versa. For instance, a network may be fair with respect to
node throughput and, at the same time, be unfair with respect to packet delay
variations.

The perception of fairness also depends on the period of time one looks at it.
Consider a network in which, at time T, a specific node A transmits large volumes
of data over the network. All the other nodes are idle. At time 2T, node B
becomes backlogged with large volumes of data. If one adopts fairness on long
time scales, then node A must remain silent until node B achieves the same usage
of network resources. On the other hand, if one adopts fairness on short time
scales, then node A must reduce its transmissions to the point where both node A
and node B achieve the same usage of network resources.

It is difficult to achieve fairness on very short time scales in networks with
high bandwidth-latency products, such as high-speed networks, large networks, or
both.

It is also difficult to enforce strict access fairness in such networks;, QoS
mechanisms are more efficient in enforcing strict access fairness.

5.2 Existing protocols

Existing access protocols can be classified into two maor classes. globa and
local. Global protocols consider the network as a single shared communication
resource. Consequently, every node sees the same transmission constraint. Local
protocols consider each link as a communication resource and the whole network
as a multiplicity of communication resources. Therefore, only nodes competing
for the same subset of communication resources see the same transmission
constraint.

5.2.1 Global protocols

Examples of global access protocols include [Cidon1993], for the MetaRing
architecture [Ofek1994], and credit window reset, for the asynchronous transfer
mode ring (ATMR) [Imai1994]. Both protocols aim at throughput fairness.

5.2.1.1 MetaRing

Commonly used in MOPS rings, the fairness protocol developed in the MetaRing
architecture can work with either slotted ring networks, or buffer insertion
networks. While the protocol requires a few minor changes to work with either
network, this section describes only the details pertaining to the use of the
protocol with slotted ring networks.

The fairness protocol uses distributed cyclic credit. A so-called SAT (short for
satisfied) signal, which rotates continuously around the ring, grants every node a
pre-defined transmission quota (that is, credit) of Q(k, 1) data units, where
k>1>0.

Let a fairness cycle be the interval between two consecutive visits of the SAT
signal. A node that has transmitted less than | data units within afairness cycleis
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termed UNSATISFIED. A node that has transmitted x data units within a fairness
cycle, where | < x <k, istermed SATISFIED. A node that has transmitted k data
units within afairness cycle is termed EXHAUSTED.

According to the protocol, a node may transmit as long as it is either
UNSATISFIED, or SATISFIED.

Figure 5.2.1 depicts the finite state machine (FSM) of protocol. For the sake of
simplicity and clarity, Figure 5.2.1 shows only the events that lead to a state

transition.

SAT_arrival SAT_arrival

access_counter > |

access_counter = k

Figure5.2.1 - FSM of the SAT protocol

Every node maintains a transmission counter that stores the number of data
units transmitted in the current fairness cycle. A node increments such a counter
by 1 every time it transmits one data unit.

A nodethat is either idle, SATISFIED, or EXHAUSTED and receives the SAT
signa grants itself (that is, resets its transmission counter) a new transmission
quota Q(k, 1) and forwards the SAT signal to the next node immediately. An
UNSATISFIED node that receives the SAT signal holds the signal until it
becomes SATISFIED. The node then grants itself a new transmission quota Q(k,
|) and forwards the SAT signal to the next node immediately.

The SAT signal can be implemented either by a single bit in the slot header, or
by a specific control packet. Also, the SAT signal can rotate either in the data
direction, or in the data’ s opposite direction.

Note that a few additional mechanisms exist to improve both the performance
and the fairness of the SAT agorithm. For further information on such
mechanisms refer to [Cidon1997].

Figure 5.2.2 depicts the flowchart of the SAT signal-forwarding algorithm.
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SAT arrives

backlog_status = False

BACKLOGGED

Y

fairness_status #

UNSATISFIED Forwards SAT

Holds SAT

Figure5.2.2 - Flowchart of the SAT signa-forwarding a gorithm

5.2.1.2 ATMR

Based on Orwell [Falcol985], the fairness protocol developed for ATMR
achieves global fairness through a cyclic credit reset procedure and a distributed
window mechanism.

Each node maintains a window counter, or windows size in the ATMR
terminology, that indicates how many cells that node may transmit within a
fairness cycle, known as reset period in the protocol’s terminology. The initial
value of the window counter is set to a pre-defined credit.

A node decrements its window counter by 1 every time it transmits a cell. A
node can transmit only if its window counter is greater than zero.

Every node with a window counter greater than zero and with traffic backlog
to transmit, writes its own address (busy address) into the access control field
(ACF) of each incoming cell regardless of the status of that cell. A node that finds
its own address knows that all the other nodes have completed their
transmissions.

A node that detects that all the other nodes have completed their transmissions
issues a reset cell. A reset cell rotates around the ring resetting every node's
window counter to itsinitial value. The node that issues areset cell is responsible
for removing the cell from the ring. The time interval between two consecutive
visits of areset cell defines areset period.
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Figure 5.2.3 depicts the FSM of the fairness protocol. For the sake of
simplicity and clarity, Figure 5.2.3 shows only the events that lead to a state

transition.

window_size <0

reset_cell

BLOCKED

Figure5.2.3 - FSM of the ATMR protocol

5.2.2 Local protocols

There are a few local fairness protocols proposed in the literature. This section
describes the protocol presented by Chen, Cidon, Ofek, in [Chen1993], and the
protocol presented by Mayer, Ofek, Yung, in [Mayer1996].

Note that both protocols assume the existence of two counter-rotating rings.

5.2.2.1 Fault-tolerant distributed local protocol

Chen, Cidon, and Ofek, in [Chen1993], describe a distributed local fairness
protocol for gigabit LANS/MANSs with spatial reuse. Like the global protocols
described in Section 5.2.1, thislocal protocol uses transmission credits to regulate
access to the medium. Unlike the globa protocols though, which operate
continuously, the local protocol operates only if necessary. Any node that detects
potential starvation can trigger the protocol, at any arbitrary time.
Because starvation detection can be accomplished in different ways, the
protocol can aim at either throughput fairness, or delay fairness, for instance.
The protocol can operate in the following modes:
* Non-restricted: in this mode, anode can transmit freely;
* Restricted: in this mode, a node can transmit up to a pre-defined quota
of data units.

To trigger the transition from one operation mode to another the protocol uses
the following two control signals:
 REQ: signal forwarded upstream over the counter-rotating ring to
indicate that starvation has occurred;
 GNT: signa forwarded upstream over the counter-rotating ring to
indicate that starvation has ended.
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REQ/

Figure 5.2.4 - lllustration of the functioning of the fault-tolerant protocol

In the initial state, all the nodes are in the unrestricted mode free access (FA)
state. If a node in the FA state detects starvation, then that node transits to the
restricted mode tail (T) state and issues a REQ message (see node k+3 in Figure
5.2.4).

To distinguish among several possible REQUEST PATHS, the protocol uses a
request identifier (REQ _ID), a combination of node ID and a sequence number
that uniquely identifies each REQUEST PATH. Each node maintains a REQ _ID
variable, and each REQ message includes a REQ _ID that is generated by the tail
node that originated the message.

Upon reception of a REQ message, a node that is not involved in any other
REQUEST PATH transits to the restricted mode as follows. First, it updates its
REQ _ID with the message’s REQ_ID. Second, either it transits to the restricted
mode body (B) state and forwards the REQ message if it senses upstream
incoming traffic (see nodes k+2 and k+1 in Figure 5.2.4), or it transits to the
restricted mode head (H) state and discards the message if it does not sense
upstream incoming traffic (see node k in Figure 5.2.4).

A node that is already involved in a REQUEST PATH, that is, that isin a state
other than FA, and receives a REQ message, proceeds as follows. First, it
compares the message’'s REQ_ID with its own REQ _ID. If a match is found,
meaning that that node itself issued the message, then that node transits to the
combined head-tail (HT) state and discards the message. If the message's
REQ _ID is smaller than or equal to the node’s REQ ID, then the node transits to
the body state and discards the message. In other words, the node merges both
REQUEST PATHSs. If the message’s REQ _|ID is greater than the node’'s REQ ID,
then the node replaces its REQ_ID with the message’s REQ _ID and forwards the
message upstream.

Upon satisfaction, that is, transmission quota has exhausted, atail node issues a
GNT signal upstream and transits back to the non-restricted FA state.
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A node that receives a GNT message follows similar rules as a node that
receives a REQ message. If that node is in the B state, then that node transits to
the T state and forwards the message upstream. If that node is in the H state, then
that node transits back to the non-restricted mode FA state, clears its REQ _ID
variable and discards the message.

Figure 5.2.5 depicts the complete FSM of the protocol. Prefix R(eceived)
means indicates an incoming event.

e

- Starvation 9-R_REQ(),j=REQ_ID
-R_GNT 10 - R_REQ(j), j Z REQ_ID
- R_REQ() 11 - R_GNT

| 12 - R_REQ(j)

- R_REQ(j), ] = REQ_ID 13 - Satisfied

- R_REQ(j), j 2 REQ_ID 14 - R_REQ())

- Satisfied 15 - Upstream busy

- R_GNT 16 - R_GNT

O~NOUTAWN PR
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®
Z
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Figure 5.2.5 - FSM of the fault-tolerant protocol

5.2.2.2 Distributed local scheduling with partial information

Mayer, Ofek, and Yung, in [Mayerl996], describe another distributed local
fairness protocol. The protocol aims at throughput fairness and it follows the
credit model to achieve its goal.

The idea of this protocol is to obtain rates that approximate those of the Max-
Min fair throughput optimisation problem [Berts1987], but without the global
knowledge that the latter requires.

The Max-Min optimisation algorithm works as follows.

1. For each link assign aresidual capacity of 1, that is, the total capacity;
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For each session associate the unassigned label;

Find all the bottleneck links. The bottleneck links are the links with the

smallest residual capacity per unassigned session sharing them;

4. Divide the residual capacity of a bottleneck link by the number of
unassigned sessions that share that link. Assign the result of such a
division to be the Max-Min fair rate of those sessions and label them
assigned;

5. Compute the residual capacity of all links by subtracting the rates which
have been assigned to sessionsin step 4;

6. Repeat 3-5 until all sessions are assigned.

wnN

Figure 5.2.6 illustrates a scenario containing a bottleneck link on a ring with
four nodes. In the example, the nodes and the links are indexed according to their
topological position. Each node generates a single full-capacity session, which is
represented by a thick line and identified by the expression (S, D), where S
contains the index of the source node and D contains the index of the destination
node.

bottleneck
of size 3
(0, 3) :
0 1
1.3
1 T
nodes (2, 3)
2 :
: (3,0)
3 :
L
0 1 2 3 0
links

Figure 5.2.6 - Bottleneck link on aring with four nodes

The feasibility condition is that for each link the sum of the rates allocated to
sessions sharing that link should not exceed 1.

By applying the Max-Min algorithm the following set of bottleneck links is
found: {(0,3), (1,3), (2,3)}. Therefore, each of the sessions belonging to the set
gets arate of 0.33; session (3,0) gets the residual rate of link 3, which is 1.

The local scheduling protocol performs local scheduling based on partial
information that is collected through the exchange of signals. Every node
maintains a table, referred to as mode, with an entry for every other node. Each
entry j reflects the status of anode i with respect to node j. The statuses are:

» Unregulated: an entry j in the unregulated status means that node i can
transmit through node j freely;
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* Regulated: an entry j in the regulated status means that node i can
transmit one more quota through node j before it becomes exhausted;

* Exhausted: an entry j in the exhausted status means that node i can no
longer transmit through node .

Figure 5.2.7 illustrates the table mode of a node A.

Destination Status

ID

B Exhausted
C Regulated
D Irrevelant
E [rrevelant
F Irrevelant
G Irrevelant
H Irrevelant

Figure 5.2.7 — Example of table mode at node A

The following two control signals are responsible for updating table modes:
* R-signa: anode j issues an R-signal upstream to signal that it wants to
start transmitting another quota;
* U-signal: a node j issues a U-signal upstream to signal that it has
finished transmitting a quota.

If anodei istransmitting and it receives an R-signal from a node j, then node i
knows that a new conflict has arisen and thus change entry | to regul ated.

If anodei isin the regulated status with respect to j and receives a U-signd
from node j, then node i changes entry j to unregul ated.

Figure 5.2.8 depicts the FSM of the protocol.

Transmit quotas

Receipt

Receipt !
of U(j)

of U(j)

Receipt
of R())

<
¢

Finish sending one
guota through j Transmit a quota

REGULATED

EXHAUSTED

Figure 5.2.8 - FSM of theloca scheduling protocol
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5.2.3 Discussion

Each group of fairness protocols has advantages and disadvantages compared
with the other. Even within each group each protocol has advantages and
disadvantages compared with the other.

Under symmetric traffic conditions globa protocols and local protocols
achieve approximately the same performance. On the other hand, under
asymmetric traffic conditions the local protocols outperform the global ones, and
that is because global protocols may prevent a node from transmitting even if the
intended transmission is not going to traverse a bottleneck link. Since they
operate continuously, even if there is no starvation, globa protocols may limit
transmissions unnecessarily.

There is only one study that compares the performance fairness of both groups
of protocols [Anast2001]. The study compares and analyses the (aggregate)
throughput deviation from the optimum (aggregate) throughput, and the
throughput fairness deviation of the SAT protocol, the fault-tolerant protocol, and
local scheduling protocol. Three distinct traffic scenarios are considered: 1)
disoint groups and homogeneous workloads;, 2) disjoint groups and non-
homogeneous workloads; and 3) non-disoint groups and non-homogeneous
workloads.

The study shows that distributed local scheduling [Mayer1996] achieves higher
performances than the other two protocols, in particular for scenarios belonging
to scenario 3, which happens to be the most realistic situation. The study also
shows that the SAT protocol achieves the worst fairness.

Because global protocols assign credits to nodes statically they are more
susceptible to changes in traffic conditions than local protocols, and,
consequently, tend to suffer more from dynamic changes in traffic conditions.

Although there is no study to prove it, local protocols should adapt better, but
not necessarily well, to dynamic changes in traffic conditions because in such
protocols nodes can trigger fairness messages, at arbitrary times, as needed.

Global protocols are ssmpler than local protocols. Global protocols rely on a
continuous process rather than on event triggering, and continuous processes are
simpler than event triggering -the FSM of each protocol makes this point clear.

All the described protocols forward control signals to upstream nodes using a
counter-rotating ring to reduce propagation delays.

Actual networks use counter-rotating rings for protection, so forwarding
control signals upstream using a counter-rotating ring is acceptable. Nevertheless,
MOPS rings may consists of two, four or more counter-rotating rings, each of
them carrying tens or hundreds of wavelengths. Maintaining the consistency
between all the control-data relations may be difficult under such conditions.

5.3 Proactive fairness protocols

This section introduces two proactive fairness protocols. The first is a global
fairness protocol. The second is alocal fairness protocol that builds on the global
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fairness protocol. Both protocols aim at throughput fairness, although at different
levels.

The list below identifies the principles that drove the design of the protocols:

1. Fairness and efficiency: a node should obtain a share that is not less than
what is fair and not more than what it needs,

2. Pro-action: the algorithm should be proactive, co-ordinating access to
prevent starvation rather than taking measures to correct starvation after it
occurred,

3. Automation and adaptation: the algorithm should require minima manual
configuration of input parameter values, and adapt quickly to dynamic
fluctuations in traffic workloads and dynamic changes in traffic
distributions;

4. Simplicity: the agorithm should be simple, exchanging the least number of
messages, defining the least number of distinct behaviours, and requiring
the least processing power;

5. Performance: the algorithm should provide network nodes with high
throughputs and low delays.

The protocols are described next.

5.3.1 Global cyclic reservation (GCR)

The globa cyclic reservation (GCR) fairness protocol combines cyclic
reservations with credit allocations. It grants transmission rates to nodes
periodically, according to their reservation requests, hence conforming partly to
design principle 1, and entirely to design principle 2.

GCR comprises three main mechanisms:

* Cyclic reservation: the cyclic reservation mechanism deals with the
calculation of reservation requests and distribution of such requests;

* Fair rate caculation: the fair rate calculation algorithm determines how
much traffic a node can transmit during a fairness cycle, whereas a fairness
cycle is the time difference between two consecutive departures of the
control packet from the same node;

» Fairness enforcement: the fairness enforcement mechanism makes sure that
transmission occurs only if it isin accordance with the calculated fair rate.

Cyclic reservation

The cyclic reservation mechanism uses a single, fixed frame layout control packet
that circulates the ring in the data direction to collect and distribute reservation
reguests.

A reservation request expresses how much medium capacity a node needs to
cope with its demand, and it can be absolute or a fraction of the nominal capacity
available during a fairness cycle. Whichever option is chosen though, the fairness
algorithm has to follow the same option throughout.

A node's demand is the sum of the entire traffic backlog at that node. Let N be
the number of nodes in the ring, and n;, for i =0,...,N -1, be the i-th node on the
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ring. Let also dy, for g=0,...,N -1, be the traffic backlog at queue g. Node i’s
total demand is given by

Assuming that fractional reservation is chosen, nodei’s demand is adjusted to

E =mi n(z ,1} ,
C

where C; denotes the capacity available during a fairness cycle. Let L, be the ring
latency, S be the medium bit rate, and W be the number of wavelength channels
that the node can access simultaneously. The capacity of a fairness cycleis given
by C; =L, xSxW.

The control packet carries the reservation requests vector r ={r,,...,r,_,}, where
ri, for i =0,...,N -1, denotes node i’s request. Initialy, all elements of r are set to
0. As the control packet circulates the ring, each node inserts its request by
updating the corresponding element inr.

To be able to calculate its own fair rate, a node has to calculate every other
node’'s fair rate too, and to do so that node has to obtain the requests made by the
other nodes during the current fairness cycle.

Each node maintains the local request vector a ={a,....,a,_,}. Upon arrival of

the fairness control packet, a node j, amongst other things, executes the following

ordered steps:
1. Save the requests made by the upstream nodes locally; that is, a, =r,, for
i=0,..,j;
2. Calculate anew request E; and inserts it into the control packet accordingly;
thatis, r, = E;
3. Save the requests made by the downstream nodes locally; that is, a, =r., for
i=j+1..,N-1;

4. Forward the control packet.

Fair rate calculation
A node calculates its fair rate for the fairness cycle f at the end of the fairness
cyclef-1, in between steps 2 and 3 of the cyclic reservation mechanism.

The execution of the fair rate calculation algorithm yields the fair rate vector
B ={B,... By}, Where 3, for i =0,...,N —1, denotes the fair rate to be granted to

node i. The calculated fair rate determines how much traffic a node can transmit
during a fairness cycle, and it can express bits, bytes, or slots depending on
whether the network is synchronous or asynchronous.

To comply to the design principle 1, the algorithm commits a rate to node i
according to the following rule:
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a, JAfay <y,
B ,

rfair 7|f ai > r'fair

where ry,;, denotes the fair rate at that time.
Let x be the number of nodes competing for the medium, or the number of
requests, and ¢ be the residual capacity of the medium. The fair rateis given by

r'fair = E .
X

The medium’s residual capacity and the number of entities competing for such
a capacity change as the algorithm evaluates the requests, and so does the fair
rate. Therefore, given n; and n;, where i < j, n/’s committed rate depends on n;’s
committed rate.

Given such a dependency, to achieve high efficiency and performance the
algorithm evaluates the requests in ascendant order. How to achieve such an
evaluation order is an implementation issue.

After calculating node i’s final rate, for i =0,...,N -1, the algorithm executes
the following basic steps:

» Update the residual capacity by subtracting the calculated rate from it; that

IS, c — c=f;

» Update the number of requests by decrementing it by 1; that is, x « x-1;

* Re-cdculate thefair rate; and

* Moveto the next request by incrementing i by 1; that is, i « i+1.

The flowchart in Figure 5.3.1 depicts the fairness agorithm. Observe that
when the sum T of al requests is smaller than 1 there is no bottleneck, and,
therefore, the algorithm grants each node its own request. Observe also that, to
evaluate requests in ascendant order, the algorithm sorts the local requests vector
before calculating the fair rates.

Sorting the request vector raises the question of how to keep track of which
reguest corresponds to which node.

One implementation option is to index the request vector before sorting it, such
that each index identifies the original position of the corresponding request. The
flowchart in Figure 5.3.1 uses such an option.

The protocol assigns the calculated fair rate to the corresponding node right
before forwarding the control packet to the next node.

Let tx be the transmission credit of nodei. At the beginning of the next fairness
cycle node i updates tx with the calculated fair rate; that is, tx= £, xC, .
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false true
i— T<c
index(aj);
sort(ai)
c=1

k = getindex(ai) EEI

true false

L = ai Bk = Ttair

Figure 5.3.1 — Flowchart of the GCR fair rate cal culation algorithm

Fair ness enfor cement

Let tx; be node i’ s remaining transmission quota, and let s be the size of the packet
selected for transmission. Transmission is allowed if tx; is greater than s, or equal
tos thatis, if tx > s.

To make it possible to enforce fairness, the fairness protocol has to account for
each transmisson made by the corresponding node. Thus, upon each
transmission, the fairness protocol updates the remaining transmission credit; that
IS, tX « tx —s.
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Example
The example assumes a four-node ring and a request vector r ={1,0.30.7,0.2}.

Figure 5.3.2 shows the pre-calculation phase, which indexes and sorts a.

‘ 1 | 03 | 07 | 0,2 |
index
v
1 03 0,7 0,2
0 1 2 3
sort
v
0.2 03 07 1
3 1 2 0

Figure 5.3.2 - Fair rate pre-cad culation phase

Figure 5.3.3 shows the second phase, which is the core of the fairness
algorithm and yields £. Note that the element in £to store a calculated fair rateis
given by the index associated to the corresponding request in a and not the actual
position of that request in a.

N C=1: x=4 P
02 03 07 1 ;»| | | | 02 |
3 1 2 0 "rir = 0,25

A C=0,8; x=3
02 | 03 | o7 T | 0,266 | | 02 |
3 1 2 0 Itair = 0,266

l C=0,533; x=2
02 03 07 1 —X> | 0,266 | 0,266 | 02 |
3 1 > 0 Itair = 0,266

{

) C=0,266; x=1
02 03 07 1 —>| 0,266 | 0,266 | 0,266 | 02 |
3 1 > 0 rfai,:O,266

4

Figure 5.3.3 — Steps of the fair rate cdculation phase



88 MAC protocolsfor optical packet-switched WDM rings

5.3.2 Local cyclic reservation (LCR)

The loca cyclic reservation (LCR) fairness protocol [Salva2003c] builds on
GCR. It combines cyclic reservations with credit alocations and assigns fair
transmission quotas to nodes according to their requests.

The agorithm grants transmission rates to nodes periodically, according to
their reservation requests, hence conforming partly to design principle 1, and
entirely to design principle 2.

LCR comprises three main mechanisms:

* Cyclic reservation: the cyclic reservation mechanism deas with the

calculation of reservation requests and distribution of such requests;

» Fair rate calculation: the fair rate calculation algorithm determines how
much traffic a node can transmit over each link during a fairness cycle,
whereas a fairness cycle is the time difference between two consecutive
departures of the control packet from the same node;

» Fairness enforcement: the fairness enforcement mechanism makes sure that
a transmission occurs only if it is in accordance with the corresponding
calculated fair rate.

Cyclic reservation

The cyclic reservation mechanism uses a single, fixed frame layout control packet
that circulates the ring in the data direction to collect and distribute reservation
requests.

A reservation request expresses the link’s capacity a node needs in the next
fairness cycle to cope with its demands, and it can be absolute or a fraction of the
nominal capacity available during a fairness cycle. Whichever option is chosen
though, the fairness algorithm has to follow the same option throughout; for the
sake of legibility, from now on fractional reservation is assumed.

A node’'s demand over a certain link is the sum of the traffic backlog at that
node destined to that link and to the links downstream to that link. Let N be the
number of nodes in the ring, and n;, for i =0,...,N -1, be the i-th node on the ring.
Let also L =N be the number of linksin thering, and Iy, for k =0,...,L -1, be the
k-th link of the ring such that link I, connects node ny to node ny. 1.

To avoid HOL blocking, LCR requires VOQ. Each node maintains N-1
gueues, one per possible destination node, and these queues are organized in a
sequence that reflects the logical topology as seen by that node. Thus, node i’s
demand over link k is given by

k
D= >.df,

o=fi+L-1u

where ¢, for q=0,...,N -1, denotes the traffic backlog at node i’s queue q; the
symbol | . y means the modulo V of “.”.



Chapter 5: Access fairness protocols 89

To generate the definitive fractional demands, the algorithm observes whether
node i’s total demand, which is given by p¥, for k =i, exceeds the total capacity
of the link during the fairness cycle or not.

Let L, be the ring latency, S be the bit rate of the medium, and W be the
number of wavelength channels that the node can access simultaneously. The
capacity of afairnesscycleisgivenby C, =L, x SxW.

Let X be the definitive fractiona demand of node i over link k. If D¥, for
k =i, issmaller than C; or equal to it, then, for k =0,...,L -1,

DI
k=
Ei C,

If p¥, for k =i, isgreater than C;, then, for k =0,...,L -1,

Ef=Dfxf,

C . )
wheref = —fk for k =i, isthe demand correction factor.

The control packet carries the reservation requests matrix

where ¥, for k=0,...,L-1and i =0,...,N -1, denotes node i’ s request over link k.

Initialy, al elements of r are set to 0. As the control packet circulates the ring,
each node inserts its request over each link by updating the corresponding
elementsinr.

To be able to calculate its own fair rate over a certain link, a node has to
calculate every other node's fair rate over every link, and to do that a node has to
obtain the requests made by all the other nodes.

A node stores such values in the local request matrix

as . . oast

0 L-1
ana - - adN4a

Initially, all elements of a are set to 0. As the control packet circulates the ring,
a node updates each element of its local request matrix with the corresponding
elementinr.
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Upon arrival of the fairness control packet, a node j, amongst other things,
executes the following ordered steps:

1. Obtain the requests made by upstream nodes from the control packet; that
is, gf=rk,for k=0,..,L-1andi=0,.,j-1j;

2. Caculate new link requests and inserts them into the control packet
accordingly; that is, for k =0,...,L -1, calculate gf and let (¥ = E;

3. Obtain the requests made by downstream nodes from the control packet;
that is, gf=¢f, for k=0,...,L-1andi=j+1..,N-1;

4. Forward the control packet.

Fair rate calculation

A node calculates its own per link fair rate for the fairness cycle f at the end of the

fairness cycle f-1, in between steps 2 and 3 of the cyclic reservation mechanism.
The execution of the algorithm yields the fair rate matrix

ﬁO L-1
0 - 0

By - - Ba

where g¢, for k=0,..,L-1 and i =0,..,N -1, denotes the fair rate to be granted

to node i over link k. The calculated fair rate determines how much traffic node i
can transmit over link k during a fairness cycle, and it can express bits, bytes, or
slots depending on whether the network is synchronous or asynchronous.

Let T* bethe sum of al the requestson link k. If T* is greater than 1 then link
k is abottleneck. The greater T*, the heavier the bottleneck is.

The algorithm starts from the heaviest bottleneck link towards the lightest
bottleneck link, since solving a heavy bottleneck link may automatically solve a
lighter bottleneck link.

Since solving a single bottleneck link is the same as solving an overloaded
medium, the algorithm reuses the GCR fair rate calculation algorithm to solve
each bottleneck link. Nevertheless, in LCR the fair rates calculated by GCR
update ¢ rather than generate S, as originally in that protocol.

Solving a bottleneck link may result in a situation in which a node’'s granted
rate over alink j+1 is greater than that same node's granted rate over alink j. This
excess rate on link j+1 cannot be used by that node, and consequently, by any
other node. For efficiency, given an ex-bottleneck link of index k, for each node i
with a request on link k, and for each downstream link j until node i’s request on
link j is smaller than node i’s request on link k, or equal to it, then update the
request on link j with therequest on link k. That is, if g! > gF thenlet g/ = af.

Figure 5.3.4 shows the flowchart of the algorithm to update the requests over
downstream links. The algorithm uses the following auxiliary variables:

» V. storesthe index of the farthest downstream link of nodei;
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» Z stores the index of a downstream link as the algorithm iterates
through the downstream links towards link y;
» w: storesintermediate results for the calculation of z

Note that how y and z are calculated is implementation specific; therefore they
can be calculated in different ways.

false

true
A

| oy=Ix—k=i) -1 |

j=0
- false
i=i+
A
true j=j+1
Yy
| w=[jkly |
Y
| z=|w+1]|y |
false
true v
>

aiz — aik

Figure 5.3.4 — Algorithm for updating downstream link requests
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At ahigh level of abstraction, the complete fair rate calculation algorithm is as
follows:

Sel ect the heaviest bottleneck |ink
VWhile there is a bottleneck |ink

Sol ve that |ink

Updat e downstream |ink requests

Sel ect the heaviest bottleneck |ink

End

After the algorithm calculates all the fair rates, it generates the matrix £ and
updates each element in S with the value of the corresponding element in a; that
is, B =qf,fori=0,.,N-1and k=0,..,L-1.

The algorithm then assigns the calculated fair rates to the node. Let tx* be node
i’s transmission credit over link k. At the beginning of the next fairness cycle
node i updates tx*, for k =0,...,L -1, with the corresponding calculated fair rates;
that is, txf = BxC;, .

Eventually the node forwards the control packet to the next node.

Example

Figure 5.3.5 shows an example in which four nodes generate uniformly
distributed traffic, and each of these nodes demands the total nominal capacity of
the network distributed equally over the links to be traversed.

o 1 0,66 0,33
. 1 0,66 0,33
nodes ) 0,33 1 0,66
0,66 0,33 1

3

i i | | | >

0 1 2 3 0

links

Figure 5.3.5 — Example of link requests on afour-node ring

Figure 5.3.6 shows the evolution of the algorithm as it solves one bottleneck
link after another. Rates modified in the previous step are underlined. The sum of
alink’s requestsis shown in bold.
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1 066 0,33 -
- 1 066 0,33

start 0,33 - 1 0,66
066 0,33 - 1
19 19 19 199
U

1 066 0,33 -
- 1 066 0,33

1%.step 0,33 - 1 033
033 033 - 033
166 1,9 19 099

U

1 066 033 -
- 1 033 033

2% sep 033 - 033 033
033 033 - 033

1,66 1,9 099 099

1 033 0,33 -
- 033 033 033

3 sep 033 - 033 033
033 033 - 033
1,66 099 099 099

U

033 033 033 -
- 033 033 033
find step 0,33 - 033 033
033 0,33 - 0,33
099 099 09 099

Figure 5.3.6 —Step-by-step illustration of the LCR fair rate cal culation phase
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5.4 Discussion

This chapter introduced two fairness protocols called GCR and LCR. GCR aims
at global fairness and, as such, can provide fairness only under certain traffic
conditions. LCR, on the other hand, aims at local fairness and, as such, can
provide fairness independent of the traffic distribution pattern.

Both protocols use cyclic reservations to enforce fairness proactively, adapting
dynamic and automatically to the network demands and traffic distribution
patterns.

The use of cyclic reservations introduces some complexity, but both protocols
can be implemented with existing technol ogies.

Table 5.4-1 highlights the main aspects of the protocols in comparison with
SAT, which is adopted in ailmost all the MAC protocols for MOPS rings.

Table 5.4-1 — Comparison among LCR, GCR, and SAT

SAT GCR LCR
Fairness Dependson Dependson High
the traffic the traffic independent of
condition condition the traffic
condition
Dynamic No Yes Yes
adaptability
Complexity Low Medium High
Manual Yes No No

configuration

The integration of GCR and LCR with the proposed access control protocolsis
an important step towards achieving an efficient, high-performance MAC
protocol. Each access control protocol may require a particular form of
integration.

As far as SAT is concerned, a single bit in the slot header can be used to
represent the SAT signal. The integration of GCR and LCR is not as trivid
though. Because of the limitations in the control channel of MOPS rings and the
size of fairness control packets, a fairness control packet has to be transmitted
using payload slot(s) just like data packets. Consequently, fairness control packets
may experience access delays just as normal packets do, and such delays may
have negative effects on performance, fairness, or both.

GCR has to assume a certain fairness cycle capacity to calculate fair rates that
exploit spatial reuse. Nevertheless, the spatial reuse factor depends on the traffic
conditions, which may change dynamically. Thus, if the protocol assumes a
symmetric traffic condition, and therefore a reuse factor of 2, and during
operation the traffic condition becomes asymmetric, hence changing the reuse
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factor, the network nodes may experience unfairness and achieve poor
performances.

To cope with traffic dynamics and possible unfairness, GCR uses fairness
cycles of variable lengths rather than constant ones. Thus, a node that receives the
global fairness control packet releases that packet only after that node used its
transmission quota, hence, not granting new guotas to other nodes.

L CR does not depend on reuse factors because it considers each link isolated,
and thereisno reuse at link level. Thus, LCR uses fairness cycles of fixed length,
that is, a node releases the control packet as soon as possible according to the
access control protocol.

For high performance LCR requires VOQ. Thus, even though SPT+P and
SPT+R work efficiently with single packets queuing, when integrated with LCR
those protocols have to implement VOQ.

The integration of LCR and GCR with SPT+SC deserves specia care. Because
slot trains get fragmented into smaller trains as they travel, nodes farther from the
node that possesses the token have more difficulty to transmit large packets. If the
LCR rules apply to nodes regardless of whether the token is held then it might
happen that a node transmits many small packets when it does not hold the token,
but when that node obtains the token LCR forbids that node to transmit.
Consequently, large packets experience large delays, and the node throughput
degrades.

To avoid such a phenomenon, the LCR rules apply only to nodes that do not
possess the token, and LCR does not account for transmissions when the token is
held.

Both protocols are general and can be used in either synchronous, or
asynchronous networks. Nevertheless, to work properly in synchronous networks
both fairness enforcement mechanisms have to account for each transmission as
sending multiples of the size of a dlot rather than the actual number of bits
transmitted.

Also, in both protocols the fairness control packet is sent as normal data, thus,
when transmitting the fairness control packet a node should account for the
transmission as usual .

Chapter 6 discusses the effects of such integration strategies on the
performance of the integrated protocols.
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Chapter 6
Performance evaluation

This chapter focuses on the performance of the protocols described in Chapters 4
and 5. First, it analyses the performance potential of the fairness control
protocols, using a general slotted ring with destination removal network and three
traffic distribution scenarios. Then, it analyses the performance of each access
control protocol integrated with both SAT and LCR under two traffic distribution
scenarios.

6.1 Goals

Performance evaluation may serve to different purposes. The main objectives of
the performance evaluation carried out in this chapter are:
 To evauate the fairness and performance potentials of the fairness
protocols;
 To evauate the performance of the access control protocols when
combined with the fairness protocols;
* To understand the behaviour of both the access control protocols and the
fairness protocols;
* To understand the impact of the fairness protocols on the performance of
the access control protocols;
* To understand and evaluate how network conditions affect the performance
and the effectiveness of the protocols.

6.2 Approach

The following two complementary performance evauation techniques are
recommended at initial stages of design: analytical modelling and computer
simulation. Analytical modelling uses mathematics to construct a model of the
target system, and it provides the best insight into the effects of various
parameters and their interactions. Nevertheless, analytica modelling usually
requires simplifications and assumptions, and the resulting model may become
too distant from the original target model. Computer simulation uses a computer
programming language to create a model of the target system that can be executed
to imitate that system in the real world. Computer simulation provides the best
accuracy and is closest to the reality, but it provides insight only to particular
scenarios and requires considerable computation power, computation time, and
memory.
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Destination removal slotted ring networks are difficult to model analytically.
There are only a few studies that use analytica modelling to evauate the
performance of such networks [Anast1997, Bengi2002, Bux1981, Mitral986,
Morri1984, Zafirl987, Zaffirl988, Zafir1999], but these studies either assume
slots and packets to be of the same size, or consider a single traffic distribution
pattern.

Because of the difficulty in modelling MOPS rings analytically, and given the
number of access control and fairness protocols studied in this work, analytical
modelling is unfeasible. Thus, this work uses computer simulation to evaluate the
performance of the proposed protocols.

6.3 Simulators

The simulators are of discrete-event type. A discrete-event simulation can be
described as a system representation in which events of interest occur at discrete
points in time, and the ordered occurrence of such events together with the time at
which they occur describe the system operations.

The simulators follow the next-event time-advance approach. A next-event
time-advance simulator uses a simulation clock to keep track of the current value
of simulated time as the simulation proceeds. Given alist of events to occur in the
future, the simulation clock always advances to the time of occurrence of the
most imminent event, hence triggering the occurrence of that event. As a resullt,
the state of the system, the time of the next occurrence of that event, and the
simulation clock are updated. Repetition of such a process occurs until a pre-
defined stop condition is satisfied.

Figure 6.3.1 [Law2000] depicts the conceptual structure of next-event time-
advance simulators.

The simulators use confidence interval as stop condition. The use of
confidence interval as stop condition ensures that the accuracy of the output data
falls below an acceptable threshold [Law2000, Jain1991]. Periodicaly the
simulator checks if the stop condition is met. If yes then the simulation ends. If
not, the simulation continues.

The design of the simulators follows object orientation principles, which model
a system as a set of objects that interact via well-defined interfaces. The classes,
the relationships between the classes, and the interfaces are the same for al the
simulators, but the behaviour of the classes that implement the access control and
access fairness functions are different.
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Main program

0. Invoke initialization routine
L 1. Determine the next
— event type, say i

1. Invoke timing routine 2. Advance simulation
2. Invoke event routine i } repeatedly |« clock

Initialization routine

<J Timing routine

1. Set simulation clock=0
2. Initialize system state

and statistical counters l—]
3. Initialize event list

Event routine i

Library routines

1. Update system state
2. Update statistical counters Generat_e random
2. Generate future events and add to  |«— variates

event list

Is
simulation
over ?

no

yes
Report generator

1. Compute estimates of interest
2. Write report

Figure 6.3.1 - Next-event time-advance approach

Figure 6.3.2 depicts the organization of the simulators using the unified
method language (UML) [Fowlel1999] conceptual class diagram -note that for the
sake of clarity the classes contain no attributes or methods. UML is becoming the
de-facto standard object modelling language, and its conceptual class diagram
represents the concepts of the domain under study independently of
Implementation.

The diagram models a MOPS ring as a single fibre ring consisting of one
channel or more. Each channel, in turn, is divided into one time slot or more.

The fibre ring connects two nodes or more. A node implements the access
control protocol to be simulated, and it consists of a queuing system, one Rx unit
or more and one Tx unit or more. An Rx unit can receive on one channel at a
time, but the channel can be fixed-tuned or tuneable. Likewise, a Tx unit can
transmit on one channel at atime, but the channel can be fixed-tuned or tuneable.

The queuing system consists of one packets queue or more, and it implements
packet scheduling strategies for retrieving such packets.

The fairness class implements the access fairness algorithm and it superposes
the access rules defined by the access control agorithm.

Each node is assigned a unique traffic generator. A traffic generator is a packet
factory; it creates packets to the node it is associated with according to a pre-
defined destination distribution.
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Figure 6.3.2 - UML conceptual class diagram of the ssimulators

The implementations of the simulators use Java. As source of randomness the
simulators use the implementation of the Mersenne Twister [Matsu1998] random
generator done at the European organisation for nuclear research (CERN).
Mersenne Twister has a cycle of 2'%°’-1 and virtual randomness in up to 623
dimensions, which ensures randomness integrity for very long simulation runs
[Pawli2002].

6.4 Traffic characteristics

Traffic characteristics are paramount in any performance evaluation work. The
parameters that describe the traffic characteristics are the packet arrival process,
the packet lengths, and the traffic distribution.

Internet traffic characterization studies show that the Internet traffic has the
following characteristics:

» Traffic distribution: mainly because of the world wide web (WWW), traffic
distribution is often asymmetric (also known as unbalanced or non-uniform)
[Balak2001], and sometimes it can be considerably volatile;

o Traffic arrival: packet arrivals occur in bursts, and such a burstiness persists
over various time scales because of long-range dependence (LRD) among the
arrivals [Lelan1994, Paxso1995, Thompl1997];

» Packet length: packets have variable size with peaks at 44B, 552B, 576B, and
1500B. What is more, while approximately 60% of the packets are 44B-long,
1500B-packets carry approximately half of the travelling bytes [Claff1998,
Thomp1997].

Often performance evaluation works consider uniform traffic distribution,
which is aso known as balanced or symmetric traffic distribution. Nevertheless,
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as shal be seen later in this chapter, performance results may change
considerably depending on the traffic distribution. Thus, in addition to symmetric
traffic distribution this work considers two other traffic distributions. The traffic
distributions considered in thiswork are:

 Symmetric. every node generates the same workload, and packet
destinations are evenly distributed;

e Asymmetric: nodes 0 to N-2, herein caled clients, generate the same
workload towards node N-1, herein called server, totaling 50% of the
offered load. Node N-1 generates 50% of the traffic towards the other
nodes, evenly;

» Worst case: nodes 0 to N-2 generate the same workload towards node N-1.

To evaluate the performance potential of the fairness protocols independently
of the access control protocols proposed in this work the simulations assume
packet size and slot size to be the same. To evaluate the performance
characteristics of the access control protocols in conjunction with the fairness
protocols, the simulations use the packet size distributions shown in Table 6.7-1;
the table follows the measurements in [Claff1998, Thomp1997].

Traffic characterization studies show that self-similar traffic models Internet
traffic better than Poisson because it captures LRD among arrivals; in Poisson
packets inter-arrival times are independent and exponentially distributed.

A stochastic time series process is self-similar with the Hurst parameter H if
the process has constant mean and finite constant variance, and the corresponding
aggregated process have the same correlation functions as the original process or
agree asymptotically with the correlation functions as the original process over
large intervals. The Hurst parameter represents the degree of self-similarity; a
value of approximately 0.5 represents the absence LRD, as in Poisson traffic, and
values above 0.7 represent high LRD and high burstiness, with both increasing as
H increases.

Nevertheless, some recent studies [Cap2001, Cao2002a, Cao2002b] argue that
in high-speed links packet arrivals tend to Poisson and packet sizes tend toward
independence as the load increases as a result of multiplexing gains. Also,
simulation results of a destination removal MOPS ring using both Poisson traffic
and self-similar traffic with H = 0.95 [Bengi2002] show that the impacts of such
traffics on the mean queuing delay as a function of the aggregate throughput are
similar. Similar results are also shown in [Rodel1999] for a multi-channel
Ethernet network with H = 0.8. It should be noted though that both studies use the
same fractal model to describe self-similar traffic: the superposition of fractal
renewal processes (Sup-FRP) [Ryul996]; the same findings might not apply to
other fractal models.

Given the explanations above and because Sup-FRP is the only existing fractal
model that generates inter-arrival times -the other fractal models generate arrival
counts only, thiswork uses Poisson traffic only.
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6.5 Performance parameters of interest

Amongst several performance parameters of interest, this chapter concentrates on
the following ones:

* Network aggregate throughpuit;

* Throughput fairness; and

* Average network packet waiting time.

Network aggregate throughput is the sum of the throughput achieved by each
node. Given an observation period, the throughput of a node is given by the ratio
between the sum of the size of each packet successfully transmitted by that node
and the capacity made available to that node.

Throughput fairness measures how fair the network really is concerning node
throughput. The calculation of the throughput fairness degree depends on the
traffic pattern.

In the symmetric traffic pattern the throughput fairness degree is given by the
ratio between the minimum node throughput and the maximum node throughput.
Let P be the vector containing the throughput of each node. The throughput
fairness degree is given by

F= min(P)
max(P)

In the worst-case traffic pattern, the throughput fairness degree is given by the
ratio between the minimum node throughput and the maximum node throughput,
whereas only nodes 0 to N-2 are considered.

In the asymmetric traffic pattern, the throughput fairness degree is given by the
ratio between the throughput of node N-1 and the sum of the throughput of all the
other nodes. Let Py.; be the throughput of node N-1 and P;, for i = 0,..., N-2, be
the throughput of node i. The throughput fairness in the asymmetric traffic
scenario is given by

Regardless of the traffic pattern and its corresponding throughput fairness
degree calculation, the closer to 1 the throughput fairness degree, the fairer the
network is.

Average network packet waiting time is the mean of the average packet
waiting time of each node. The average packet waiting time at a node is the mean
of the waiting times experienced by the all packets transmitted by that node.
Packet waiting time is the total time spent by a packet at a node, that is, the time
difference from the arrival of a packet at a queue and the complete transmission
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of the packet. In other words, packet-waiting time is the sum of time spent by that
packet in the queue plus the time taken for that node to gain access to the medium
plus the time necessary to transmit that packet completely.

6.6 Performance evaluation of the fairness protocols

This section analyses the potential performance of GCR and LCR and compares
their performance with the performance of SAT. Specificaly, performance
metrics of interest are aggregate throughput and throughput fairness.

To make it possible to analyse the performance characteristics of the fairness
protocols the simulations consider a general slotted ring with destination removal
in which packets fit exactly in the slots, including the fairness control packets.
Therefore, assuming that each request is 4B-long (that is, the standard size of
float type data) and given that in LCR the control packet carries N? requests,
where N denotes the number of nodes, the slot size has to be equal to 162 x 4B =
1024B, for a maximum of 16 nodes.

For the same reason, the simulations consider a single channel operating at
10Gb/s. The use of a single channel removes the influence of transceiver
configurations and facilitates the analysis.

To understand the effects of the network parameters on the chosen
performance metrics the simulations consider variable ring lengths and number of
nodes.

The simulations consider the traffic distribution scenarios described
previously, all under saturated condition; simulation of saturated traffic condition
alows for the determination of the ability of each protocol to provide fair access.

For the selection of packets for transmission the simulations use the longest
gueuing delay packet scheduling. A node always selects the HOL packet with the
longest queuing time that meets the access constrains of the fairness protocol
under question.

Because of the use of saturated traffic workloads, the simulations use number
of transmitted packets as stop condition. The execution of a simulation stops only
after hundred thousand packets have been transmitted from each queue (actually
receiving traffic).

Table 6.6-1 summarizes the parameters used in the simulations.
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Table 6.6-1 — Input parameters used in the simulation

Parameter Value(s)

Ring length 10km, 100km

Nr. of nodes 4,16

Nr. of channels 1

Channel bit rate 10Gb/s

Slot size 1024B

Packet size Slot size

| =k Nr. of slots

Traffic workload Saturated

Traffic distribution Symmetric, asymmetric,

and worst case

The performance evaluation is divided into three subsections, each focusing on
one traffic distribution scenario.

6.6.1 Symmetric scenario

Figure 6.6.1 shows the network throughput against variable ring lengths and
number of nodes for each of the protocols.

Figure 6.6.1 shows that LCR and SAT achieve throughputs close to the
maximum, whereas with 16 nodes LCR achieves the highest throughputs; SAT
achieves the highest throughputs with 4 nodes;, GCR achieves the worst
performances, and like SAT its achievable throughputs also degrade with 16
nodes.

The reason why LCR benefits from a high number of nodes and SAT and GCR
benefit from alow number of nodes lies in the conception of these protocols.

In the three protocols the competition for the medium tends to increase with
the number of nodes. Consequently, more bottlenecks tend to occur
simultaneously. Nevertheless, in LCR the occurrence of a bottleneck on a given
link does not affect the other links; therefore, nodes can exploit the traffic locality
that the resulting increase in the number of links offers. In SAT and GCR nodes
see the occurrence of a bottleneck on a given link as spreading over the entire
network, and, hence, cannot profit from the traffic locality. Consequently, their
performances suffer.

Both GCR and LCR achieve better performances in 100km-rings. That is
because both protocols use payload slots to transmit the fairness control packet,
but the transmission of the fairness packet does not account for throughput, only
for fairness. Therefore, with the 10km-ring there are less slots and the slots used
to transport the fairness packet represent a greater fraction of the ring capacity
compared with the 100km-ring.



Chapter 6: Performance evaluation 105

@O SAT mGCR OLCR

Aggregate throughput (%)

10/4 10/16 100/4 100/16
Ring length (km) / Nr. of nodes

Figure 6.6.1- Aggregate throughput under the symmetric saturated traffic condition

Note that LCR never achieves the maximum throughput because of the
mapping between the calculated fair rate and the corresponding transmission
guota. To calculate the transmission quota of a node, LCR multiplies the
calculated fair rate by the capacity of the ring. Nevertheless, fair rates may
contain fractions, but it is not possible to allocate fractions of slots. Consequently,
there is waste of capacity, and such a waste becomes worse as the number of
nodes increases.

GCR suffers from the same problem as LCR, and that explains why the
throughput achieved by GCR is worse than the throughput achieved by SAT.

Figure 6.6.2 shows the throughput fairness degree as both the ring length and
the number of nodes vary. The three protocols achieve high degrees of fairness,
with GCR achieving the highest and LCR achieving the lowest overall. GCR and
SAT achieve higher degrees of fairness than LCR because they use fairness
cycles of variable lengths. Hence, every node exhausts its transmission quota
before a new cycle begins. In LCR fairness cycles are of fixed length. For this
reason and because packet scheduling is not round-robin, some small traffic
distribution asymmetries may happen during a fairness cycle, and when they do
the degree of fairness degrades. Nevertheless, the degradation is negligible.

Typical of destination removal slotted rings, the nodes closer to the node that
generates the fairness control packet or the SAT signal for the first time have a
dlight advantage over the other nodes, in particular when the number of nodes is
small (see Figure 6.6.3). Given a certain capacity advantage, the more nodes there
are in the network, the smoother the advantage of the first nodes is since there are
more nodes to share the capacity advantage.
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Figure 6.6.2 - Degree of throughput fairness under the symmetric saturated traffic condition.

Furthermore, the capacity advantage increases with the fairness cycle length,
which explains why SAT suffers the most the influence of the ring length -the
simulations assume transmission quotas to equal the ring length.

Figure 6.6.3 shows the per node throughput in a 100km-ring with 4 nodes.

OSAT mGCR OLCR

0,502 -
0,5 A
0,498 ~
0,496 -
0,494
0,492 ~
0,49 -
0,488

Node throughput (%)

0 1 2 3

Node index

Figure 6.6.3 - Per node throughput in 100km-ring with four nodes under the symmetric saturated
traffic condition.
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6.6.2 Asymmetric scenario

Figure 6.6.4 shows the network throughput against varying ring lengths and
varying number of nodes. The figure highlights the performance advantage of
LCR over both SAT and GCR. As the traffic distribution becomes asymmetric it
becomes even more important to exploit locality, and LCR does just that.

SAT and GCR cannot exploit traffic locality, and because al the nodes are
assigned the same transmission quota, and because the nodes use their
transmission quotas entirely, SAT and GCR reduce the achievable throughput of
node N-1 to that of the other nodes. Consequently the throughput suffers.

As with the symmetric condition, the aggregate throughputs of both GCR and
SAT degrade as the number of nodes increases. The reasons are the same asin the
symmetric scenario.

Note that the number of nodes affects the aggregate throughput of all the three
protocols. That is because under the asymmetric traffic distribution the fairness
protocols have to force nodes to back off with more intensity as the number of
nodes increases to guarantee fairness.

OSAT EGCR OLCR

Aggregate throughput (%)

10/4 10/16 100/4 100/16
Ring length (km) / Nr. of nodes

Figure 6.6.4 - Aggregate throughput under the asymmetric saturated traffic condition

Figure 6.6.5 shows the degree of throughput fairness obtained in the three
protocols as the number of nodes and the ring length vary. The curves make it
clear that only LCR is able to achieve high performances at high degrees of
fairness under asymmetric traffic distributions. Because SAT and GCR reduce the
achievable throughput of node N-1 to that of the other nodes, both protocols
achieve the same poor degrees of fairness.

The effects of the number of nodes on the degree of throughput fairness
achieved by al the three protocols can be seen in Figure 6.6.5. The deterioration
of throughput fairness as the number of nodes increases shows that it is more
difficult to ensure fairness under the asymmetric traffic distribution.
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Figure 6.6.5 - Degree of fairness throughput under the asymmetric saturated traffic condition.
Notethat the SAT curveis hidden behind the GCR curve.

6.6.3 Worst-case scenario

Figure 6.6.6 shows the network throughput against varying ring lengths and
varying number of nodes. As it can be seen, SAT achieves the best throughput,
followed by LCR and, then, GCR.

OSAT EGCR OLCR

1,2

0,8 -
0,6
0,4
0,2

Aggregate throughput (%)

10/4 10/16 100/4 100/16
Ring length / Nr. of nodes

Figure 6.6.6 - Aggregate throughput under the worst-case saturated traffic condition
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Both SAT and LCR achieve throughputs close to 1, which is the maximum
achievable throughput. Nevertheless, LCR falls slightly behind SAT because it
uses payload slots to transmit fairness control packets and, besides, it looses some
capacity as a consequence of the mapping between the calculated fair rate and the
allocated transmission quota, as explained previously.

Note that the curves have the same characteristic as the curves corresponding
to the symmetric traffic condition, and for the same reasons.

Figure 6.6.7 shows the degree of throughput fairness obtained in the three
protocols as the number of nodes and the ring length vary. The curves show that
overall the three protocols achieve high degrees of fairness, and that the
differences in the degrees are negligible.

As in the asymmetric traffic scenario, and for the same reasons, LCR provides
the highest degree of throughput fairness.

Note that the first-nodes-advantage phenomenon detected in the symmetric
scenario happens in the worst-case scenario too, and the arguments given to
explain the phenomenon previously still hold.

——SAT —0— GCR ——LCR
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Fairness degree (%)
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Figure 6.6.7 - Degree of throughput fairness under the worst-case saturated traffic condition.

6.7 Performance evaluation of the access control protocols

This section analyses the performance of the proposed access control protocols
and the influence of SAT and LCR on the performance of those access protocols,
GCR is not considered because it achieves the worst performances.

With the exception of PAT, all the simulations use 128B-slots. Such a size has
been chosen because test simulations using slots of 64B, 128B, and 256B show
that athough 64B-slots offer the highest performance, and the performance
differences between networks using 64B-slots and 128B-slots are small, the
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processing overhead caused by 64B-slots is twice as much that caused by 128B-
slots.

The simulations of PAT assume 4 kilobyte(KB)-slots. Again, such a size has
been chosen because test simulations using slots of 2KB, 4KB, and 8KB show
that 4K B-slots offer the best ratio between performance and processing overhead.

Table 6.7-1 shows the packet size distributions used in the simulations of the
access control protocols. The distribution is based on that presented in
[Claff1998, Thompl997] with the difference that 20B are added to 44B- and
576B-packets to express IPv6 traffic —the IPv6 base header contains 40B rather
than the 20B of the IPv4 header.

Table 6.7-1 - Packet size distribution adopted in the simulations

Packet size (Bytes) Probability (%)

64 60
596 15
700 5
800 5
1100 7
1500 8

For the selection of packets for transmission the simulations use the longest
gueuing delay packet scheduling. A node always selects the HOL packet with the
longest queuing time that meets the access constrains of the fairness protocol
under question.

To remove the effects of transceiver configuration in the results, and, hence,
show the potential of the protocols, the simulations consider a single-channel
ring.

To understand the effects of the network parameters on the performance of the
protocols, the simulations consider variable ring lengths and number of nodes. To
understand the effects of traffic patterns on the performance of the protocols the
simulations consider two traffic distribution scenarios. symmetric and
asymmetric.

To analyse the access control protocols, and compare them, the discussions are
divided into two parts: one considering SAT and one considering LCR.

All the results satisfy the 95% confidence interval, which is calculated over the
average packet waiting times calculated by the nodes.

Table 6.7-2 summarizes the parameters used in the simulations.
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Table 6.7-2 - Input parameters used in the smulations

Par ameter Value(s)

Ring length 10km and 100km

Nr. of nodes 4 and 16

Nr. of channels 1

Channdl bit rate 10Gb/s

Slot size 4KB for PAT

128B for the others

=k Nr. of slots

THT Nr. of slots/ nr. of channels

Traffic workload 20%, 40%,..., 160%, 180%

Traffic distribution Symmetric and asymmetric
6.7.1 SAT

Aggregate throughput under the symmetric traffic distribution
Figure 6.7.1 to Figure 6.7.4 show the aggregate throughputs achieved by the four
protocols combined with SAT under the symmetric traffic distribution.

The curves show that SPT+P, PAT, and SPT+SC achieve aggregate
throughputs that approximate 160% of the nominal capacity of the ring. Such
high throughputs demonstrate that the protocols indeed achieve a spatia reuse
factor of two approximately, considering that the slots carry considerable
padding.
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Figure 6.7.1- Aggregate throughput in SPT+P under SAT and the symmetric traffic condition
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As it can be seen from the curves, the ring lengths and the number of nodes do
not influence the aggregate throughputs as long as the offered load is below the
saturation point. Above that point, longer rings achieve a dlightly better
performance because of the higher access opportunities caused by the greater
number of slots.

The effects of the number of nodes on the aggregate throughput of SPT+R are
evident. That is because contention increases with the number of nodes, and as
contention increases more capacity is wasted with slots containing payload data
that will be discarded at destination nodes for being incomplete. Furthermore,
more retransmissions are required, and retransmissions in turn increase the
chances of contention.

What is more, since SPT+R is a persistent protocol, which means that nodes
keep trying to transmit a given packet until they succeed, contention may become
severe to the point at which all nodes are prevented from transmitting. For this
reason and because of the consequent long time necessary for the simulations to
converge, the curves corresponding to 16 nodes do not go beyond 60% of offered
load, the maximum achievable throughput.

The curves also show some influence, although minor, of the ring length on the
achievable throughputs of SPT+R. That is because of the correspondence between
ring length and number of slots. As the ring length increases nodes have more
access opportunities, and this alleviates contention slightly.
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Figure 6.7.2 - Aggregate throughput in PAT under SAT and the symmetric traffic condition
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Figure 6.7.3 - Aggregate throughput in SPT+R under SAT and the symmetric traffic condition
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Figure 6.7.4 - Aggregate throughput in SPT+SC under SAT and the symmetric traffic condition

Throughput fairness under the symmetric traffic distribution
Figure 6.7.5 to Figure 6.7.8 show the degree of throughput fairness provided by
the four protocols combined with SAT under the symmetric traffic distribution.
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From the curves it can be concluded that all the protocols achieve high degrees
of throughput fairness, which is expected since the traffic distribution is
symmetric.

Slight variations in the degrees of fairness can be seen in the curve
representing a 100km-ring with four nodes. That is because the nodes closer to
the node that inserts the SAT signal for the first time get a slight throughput
advantage over the other nodes.

As explained before, the smaller the number of nodes, the greater the
advantage of the first nodes are, in particular with a great number of nodes since
the first nodes have more slots to profit from; as shown in [Zafir1988], the
correlation among node activities decreases as the number of nodes increases,
hence relaxing the effects of SAT dlightly.

The degree of fairness degrades as the load increases because at low loads the
first nodes let slots go empty because they are idle. At high loads though, the first
nodes use such slots, and the other nodes suffer from unfairness.

Nevertheless, the variations in the degree of fairness are negligible.
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Figure 6.7.5 - Degree of throughput fairness in SPT+P under SAT and the symmetric traffic
condition.
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Figure 6.7.6 - Degree of throughput fairness in PAT under SAT and the symmetric traffic
condition.
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Figure 6.7.7 - Degree of throughput fairness in SPT+R under SAT and the symmetric traffic
condition.
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Figure 6.7.8 - Degree of throughput fairness in SPT+SC under SAT and the symmetric traffic
condition.

Average network packet-waiting time under the symmetric traffic
distribution

Figure 6.7.9 shows the average network packet waiting times under each access
control protocol as a function of the network offered load for a 100km-ring with 4
nodes. Figure 6.7.10 shows the average network packet waiting times as a
function of the network offered load for a 100km-ring with 16 nodes.
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Figure 6.7.9 - Average network packet-waiting time (in log. scale) in a 100km-ring with 4 nodes
under SAT and the symmetric traffic condition.
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SPT+P achieves the lowest packet waiting times thanks to the exploitation of
the fragmentation of the network capacity. Since the difference between SPT+P
and SPT+R lies in the contention resolution, under low loads SPT+R achieves
packet-waiting times that are as low as those of SPT+P. As the load increases
though, the effects of contention on the packet waiting times experienced in
SPT+R become evident.

Both PAT and SPT+SC achieve nearly flat packet waiting times, athough in
PAT waiting times are lower. The packet waiting times in PAT are nearly flat
because as the load increases nodes start to use the capacity of the slots they
alocate more efficiently, and doing so compensates for steady network
utilisation; network utilisation is the ratio between the sum of the total number of
traversed links by all the busy slots and the total number of links traversed by all
the slots regardless of their status.

The packet waiting times in SPT+SC are nearly flat because as the load
increases nodes start to use more of the slot trains they generate. Besides, even at
low loads nodes are constrained by the transmission rules of SPT+SC.

With the exception of SPT+P, an increasing number of nodes has a negative
effect on the packet waiting times. In particular, SPT+R suffers the most as a
consequence of higher contention probability.

The reason why PAT experiences higher packet waiting times with an
increasing number of nodes is that the ratio between number of slots and the
number of nodes becomes smaller. When such a ratio becomes considerably
small it takes longer for a node to find an empty slot, in particular because each
node has a transmission quota that equals the number of slots
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Figure 6.7.10 - Average network packet-waiting time (in log. scale) in a 100km-ring with 16
nodes under SAT and the symmetric traffic condition.
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SPT+SC experiences the highest packet waiting times because there isa single
token, and as the number of nodes increases it takes longer for a node to get
unconstrained access to the ring.

It should also be noted that, as discussed previously, the performance of SAT
degrades as the number of nodes increases because of the effects of local
bottlenecks on the ring entire ring.

Aggregate throughput under the asymmetric traffic distribution
Figure 6.7.11 to Figure 6.7.14 show the aggregate throughputs achieved by the
four protocols combined with SAT under the asymmetric traffic distribution.

With the exception of SPT+P, the performance of the protocols drops
considerably under the asymmetric scenario, in particular as the number of nodes
increases. SPT+P achieves high aggregate throughputs and suffers less from an
increasing number of nodes. That is thanks to the ability of SPT+P to exploit the
fragmentation of the capacity of the medium, which is more intense under the
asymmetric traffic condition than under the symmetric traffic condition, in
particular with high number of nodes.

The 4-node curves in Figure 6.7.12 can be explained as follows. At low loads
PAT gains little from multiplexing packets inside slots. Consequently, nodes have
to allocate more slots to cope with the load, resulting in a network utilisation of
amost 100% at a 40%-offered load.
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Figure 6.7.11 - Aggregate throughput in SPT+P under SAT and the asymmetric traffic condition

Still at low loads, multiplexing gains improve as the load increases. From a
certain offered load, which corresponds to approximately 60% with 10km-rings
and 80% with 100km-rings, multiplexing gains do not improve, and the client
nodes start to detect starvation. As SAT acts to ensure that nodes get equal access
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opportunities, the network utilisation starts to decrease, and it does so until it
becomes steady. The decrease in the network utilisation stems from the server
node being forbidden to transmit by SAT. As shall be seen in this chapter, such a
phenomenon creates unfairness according to the definition used for the
asymmetric traffic distribution.

From the point where the network utilisation becomes steady on the aggregate
throughput bounces back and increases up to its maximum. That is because SAT
transforms the asymmetric traffic distribution onto the symmetric traffic
distribution, with the client nodes using the capacity “stolen” from the server
node.

Similar phenomena explain the 16-node curves, with the exception that the
client nodes detect starvation at a load dlightly above 20% of the nominal
capacity.
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Figure 6.7.12 - Aggregate throughput in PAT under SAT and the asymmetric traffic condition

Figure 6.7.13 shows a phenomenon similar to the one just explained: a
throughput decrease followed by a throughput increase. Nevertheless, in SPT+R
the client nodes detect starvation at higher loads (that is, 80% with 16 nodes and
90% with 4 nodes) than do the client nodes in PAT; the performance drawback
caused by the small number of slots in PAT becomes evident under the
asymmetric traffic distribution.
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Figure 6.7.13 - Aggregate throughput in SPT+R under SAT and the asymmetric traffic
condition.
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Figure 6.7.14 - Aggregate throughput in SPT+SC under SAT and the asymmetric traffic
condition.

Note also that SPT+R achieves higher throughputs under the asymmetric
traffic condition than under the symmetric traffic condition. That is because under
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the asymmetric traffic condition access is more regulated and both fragmentation
of the network capacity and, consequently, contentions are lower.

The same phenomenon of throughput decrease followed by a throughput
increases occurs in SPT+SC as well, and that describes the typical behaviour of
SAT under the asymmetric traffic distribution.

Throughput fairness under asymmetric traffic distribution
Figure 6.7.15 to Figure 6.7.18 show the degree of throughput fairness provided by
the four protocols combined with SAT under the asymmetric traffic distribution.
The curves show that none of the protocols can guarantee fairness above the
saturation point, and that is due to SAT. The protocols can guarantee fairness at
lower loads because at those |oads the nodes become satisfied without using their
transmission quota entirely. As the load increases the nodes start to use more of
their quota, until the moment where the nodes detect starvation. At this point the
SAT protocol acts more strongly to assure that each node gets the share
corresponding to its quota. Since al nodes are alocated the same quota, as the
load increases all the nodes tend to achieve the same throughput, and that
explains why the network becomes unfair. Figure 6.7.19 illustrates such a
phenomenon.
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Figure 6.7.15 - Degree of throughput fairness in SPT+P under SAT and the asymmetric traffic
condition.
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Figure 6.7.16 - Degree of throughput fairness in PAT under SAT and the asymmetric traffic
condition.
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Figure 6.7.17 - Degree of throughput fairnessin SPT+R under SAT and the asymmetric traffic
condition.
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Figure 6.7.18 - Degree of throughput fairness in SPT+SC under SAT and the asymmetric traffic
condition.

Node throughput (%)

index ' Network offered load (%)

Figure 6.7.19 - Per node throughput in SPT+P in a 10km-ring with four nodes under SAT and
the asymmetric traffic condition.

PAT and SPT+SC suffer the most from unfairness, but for different reasons. In
PAT the cause is the small ratio between the number of slots and the number of
nodes, which leads to starvation quickly as the load increases. In SPT+SC the
causes are the SAT itself, as explained previously, and the implicit fairness of
SPT+SC, which ensures free access whenever a node possesses a token and
regardless of what SAT determines.



124 MAC protocolsfor optical packet-switched WDM rings

Average network waiting time under the asymmetric traffic distribution
Figure 6.7.20 shows the average network packet-waiting times experienced by
client nodes under each access control protocol as a function of the network
offered load for a 100km-ring with 4 nodes. Figure 6.7.21 shows the average
network packet-waiting times experienced by the server node as a function of the
network offered load for a 100km-ring with 4 nodes.

The curves show that below saturation all the protocols achieve low packet
waiting times regardless of the role played by the nodes. Nevertheless, as the load
increases the client nodes start to steal capacity from the server node, as explained
previously, and this explains the more evident deterioration of the packet waiting
times experienced by the server node compared with the deterioration
experienced by the client nodes.

Figure 6.7.22 shows the average network packet-waiting times experienced by
client nodes under each access control protocol as a function of the network
offered load for a 100km-ring with 16 nodes. Figure 6.7.23 shows the average
network packet-waiting times experienced by the server node as a function of the
network offered load for a 100km-ring with 16 nodes.

The SPT+SC and PAT curves show once more the negative effects of an
increasing number of nodes on the performance of these protocols. Again the
server node suffers the most in both protocols. What is more, the packet waiting
times experienced by the server node are too high for any use other than non-
interactive bulk transfers —in interactive communications response times should
not exceed the human factors limit of 100 to 200 milliseconds [Jacob1990] to be
acceptable.
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Figure 6.7.20 - Average packet-waiting time (in log. scal€) experienced by the client nodes in a
100km-ring with 4 nodes under SAT and the asymmetric traffic condition.
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Figure 6.7.21 - Average packet-waiting time (in log. scale) experienced by the server nodein a
100km-ring with 4 nodes under SAT and the asymmetric traffic condition.
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Figure 6.7.22 - Average packet-waiting time (in log. scale) experienced by the client nodesin a
100km-ring with 16 nodes under SAT and the asymmetric traffic condition.
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Figure 6.7.23 - Average packet-waiting time (in log. scale) experienced by the server nodein a
100km-ring with 16 nodes under SAT and the asymmetric traffic condition.

6.7.2 LCR

Aggoregate throughput under the symmetric traffic distribution
Figure 6.7.24 to Figure 6.7.27 show the aggregate throughputs achieved by the
four protocols combined with LCR under the symmetric traffic distribution.

As the curves show, SPT+P achieves the highest aggregate throughput, and the
aggregate throughput suffers influence from neither ring length nor number of
nodes.

The same does not apply to the other protocols though. The aggregate
throughput of both SPT+R and SPT+SC degrades as the number of nodes
increases. The causes for such a degradation are i) increase in the fairness control
packet size as the number of nodes increases;, and ii) the difficulty of both
protocols to forward large packets.

Although both protocols suffer from an increasing number of nodes, the ring
length affects SPT+R and SPT+SC in opposite ways when the number of nodesis
high.

Longer rings affect the throughput of SPT+SC positively because as the ring
length increases THT also increases, and a greater THT results in the generation
of more MTU-sized dlot trains. Such large trains facilitate the transmission of
large packets.



Chapter 6: Performance evaluation 127

—o—10km; 4 nodes —o— 10km; 16 nodes
——100km; 4 nodes —«—100km; 16 nodes

1,8 1
1,6 1
1,4
1,2

0,8 -

0,6 -

0,4 -

0,2

0 ‘ ‘ ‘ ‘ ‘ ‘ ‘

02 04 06 08 1 12 14 16 18
Network offered load (%)

Aggregate throughput (%)
l_\

Figure 6.7.24 - Aggregate throughput in SPT+P under LCR and the symmetric traffic condition
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Figure 6.7.25 - Aggregate throughput in SPT+R under LCR and the symmetric traffic condition

Shorter rings affect the throughput of SPT+R positively because with shorter
rings there is a stronger correlation between the node activities. That is, LCR acts
more intensively, and nodes receive a higher number of consecutive empty slots.
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Consequently, contention, retransmission, and network utilisation decrease, and
the aggregate throughput increases.
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Figure 6.7.26 - Aggregate throughput in SPT+SC under LCR and the symmetric traffic condition

Figure 6.7.27 shows the effects of the number of nodes and, in particular, the
ring length on the aggregate throughputs that PAT can achieve. Specifically, the
throughput of PAT improves as the ring length increases and degrades as ring
length decreases. A decreasing number of nodes helps improve the throughput
too, but to alesser extent.

The cause for such behaviour is the combination of large slot sizes with the
transmission quota allocation mechanism. The fair rates calculated by LCR may
be fractions, in particular as the number of nodes increases, and the multiplication
of such fractions by the ring length capacity to determine the transmission quota
may result in the waste of one slot per node. Therefore, the shorter the ring length
and the higher the number of nodes, the heavier the effect of the wasted slots on
the aggregate throughput is.

Note that Figure 6.7.27 lacks the curve corresponding to a 10km-ring length
with 16 nodes. That is because a 10km-ring provides only 15 slots, and with less
slots than nodes all the nodes get zero transmission quota at every fairness cycle.
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Figure 6.7.27 - Aggregate throughput in PAT under LCR and the symmetric traffic condition

Throughput fairness under the symmetric traffic distribution
Figure 6.7.28 to Figure 6.7.31 show the degree of throughput fairness provided by
the four protocols combined with LCR under the symmetric traffic distribution.

It can be concluded from the curves that, with the exception of SPT+R, al the
protocols achieve high degrees of throughput fairness. Again the problem is the
difficulty in forwarding the fairness control packet. Since the fairness cycle has
fixed length, the longer it takes for a node to forward the fairness packet, the
longer the fairness cycle perceived by the other nodes gets. Consequently, the
higher are the chances that the other nodes will exhaust their transmission quotas
before they receive the control packet.

Since the same phenomenon might occur at every node, the network suffers
from higher unfairness overall asthe load increases, in particular as the number of
nodes increases, as this causes higher contentions.

To illustrate how fairness affects performance Figure 6.7.32 shows the per
node throughput achieved in SPT+R in a 10km ring with 16 nodes.
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Figure 6.7.28 - Degree of throughput fairness in SPT+P under LCR and the symmetric traffic
condition
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Figure 6.7.29 - Degree of throughput fairness in PAT under LCR and the symmetric traffic
condition
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Figure 6.7.30 -

Degree of throughput fairness in SPT+R under LCR and the symmetric traffic
condition
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Figure 6.7.31 - Degree of throughput fairness in SPT+SC under LCR and the symmetric traffic
condition
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Figure 6.7.32 - Per node throughput in SPT+R under LCR and the symmetric traffic conditionin
a 16-node, 10km-ring

As Figure 6.7.32 shows, above the saturation point, which occurs
approximately at the nominal capacity of the ring, the network becomes unfair
with several nodes suffering from it.

Average network packet waiting time under the symmetric traffic
distribution

Figure 6.7.33 shows the average network packet waiting times under each access
control protocol as afunction of the network offered load for a 100km-ring with 4
nodes. Figure 6.7.34 shows the average network packet waiting times as a
function of the network offered load for a 100km-ring with 16 nodes.

The curves show that the effects of LCR fairness enforcement on the protocols
to a certain extent superpose the characteristics of these protocols, hence
providing all the protocols with similar packet waiting times.

Such a phenomenon is more evident when the number of nodesis small. Asthe
number of nodes increases, the sensitiveness of SPT+SC and, in particular, of
SPT+R, to an increasing number of nodes becomes evident.
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Figure 6.7.33 - Average network packet waiting time (in log. scale) in a 100km-ring with 4
nodes under the symmetric traffic distribution.
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Figure 6.7.34 - Average network packet-waiting time (in log. scale) in a 100km-ring with 16
nodes under the symmetric traffic distribution.
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Average waiting time in SPT+SC with multiple channels under the
symmetric traffic distribution
Since SPT+SC is designed specifically for MOPS rings it is worthwhile to assess
the effects of multiple channels on the packet waiting times. The results shown
next assume a MOPS ring in a TTx'-FRx® configuration and a channel selection
strategy that gives priority to the channel whose corresponding token is held. If
no token is held then random selection applies.

Figure 6.7.35 shows the average network packet waiting times as a function of
the aggregate offered load in a 10km-ring with 16 nodes and multiple channels.
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Figure 6.7.35 - Average network packet-waiting time (in log. scal€) in a 10km-ring with 16
nodes and multiple channels and under SPT+SC and the symmetric traffic distribution.

The packet waiting times improve considerably with an increasing number of
channels. As a matter of fact, so does the aggregate throughput. Although not
shown, it can be seen from the curves that the aggregate throughput improves
from 1 with a single channel to approximately 1.3 with eight channels, a gain of
30%.

Aggregate throughput under the asymmetric traffic distribution
Figure 6.7.36 to Figure 6.7.39 show the aggregate throughputs achieved by the
four protocols combined with LCR under the asymmetric traffic distribution.

As it can be seen, only SPT+P achieves high aggregate throughputs
independent of the ring length and the number of nodes. Again, that is because
only SPT+P can exploit the fragmentation of the network capacity.

The aggregate throughputs achieved by the other protocols depend on the ring
length and the number of nodes, and the reasons are those already explained.
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Figure 6.7.36 - Aggregate throughput in SPT+P under LCR and the asymmetric traffic condition.

The aggregate throughput of both PAT and SPT+R increases up to saturation,
but above that it decreases sharply to a point at which it becomes steady, even
though the load continues to increase.

The phenomenon occurs because of the mapping between the calculated fair
rates and the allocated transmission quotas. As explained previously, a fair rate
can be fractional, and the multiplication of a fraction by the fairness cycle
capacity results in a transmission quota that is not an integer multiple of the slot
size. Since it is not possible to allocate a fraction of a slot, waste of capacity
OCCurs.

As the load increases nodes request more capacity from the network.
Nevertheless as the load continues to increase the client nodes reach a point at
which they have to request maximum capacity to cope with the backlogged
traffic. Consequently, LCR vyields fractional fair rates and the result is the
reduction in the throughput achieved by the nodes because of waste. Such
behaviour explains the aggregate throughput curves of PAT and SPT+R.
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Figure 6.7.37 - Aggregate throughput in PAT under LCR and the asymmetric traffic condition.

It should be noted that the client nodes suffer the same throughput reduction,
and the throughput of the server node suffers a reduction that is proportional to
the sum of the reduction suffered by the other nodes. In other words, the
throughput of al the nodes suffers, but the degree of fairness remains almost
unaltered, as Figure 6.7.40 shows.
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Figure 6.7.38 - Aggregate throughput in SPT+R under LCR and the asymmetric traffic
condition.
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Note that such a phenomenon occurs in PAT with the longer ring and in
SPT+R with the smaller number of nodes. That is, the phenomenon occurs at the
condition that suits the performance of each protocol the most. With the short ring
the dominant factor behind the aggregate throughput achieved by PAT is the
small number of slots. With the greater number of nodes the dominant factor
behind the performance achieved by SPT+R is contention.
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Figure 6.7.39 - Aggregate throughput in SPT+SC under LCR and the asymmetric traffic
condition.

Figure 6.7.40 shows the per node throughput as a function of the network
offered load in a 100km-ring with four nodes running PAT and LCR and under
the asymmetric traffic condition.
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Figure 6.7.40 — Per node throughput in a 100km-ring with four nodes using PAT and LCR and
under the asymmetric traffic condition.

Throughput fairnessunder the asymmetric traffic distribution
Figure 6.7.41 to Figure 6.7.44 show the degree of throughput fairness provided by
the four protocols combined with LCR under the symmetric traffic distribution.
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Figure 6.7.41 - Degree of throughput fairness in SPT+P under LCR and the asymmetric traffic
condition
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Figure 6.7.42 - Degree of throughput fairness in PAT under LCR and the asymmetric traffic
condition.
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Figure 6.7.43 - Degree of throughput fairness in SPT+R under LCR and the asymmetric traffic
condition.

As it can be seen, with the exception of SPT+SC, below the saturation point all
the protocols achieve high degrees of throughput fairness, and even above that
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point variations are small. This shows the efficiency of LCR in enforcing fairness
at all network offered loads, including at saturation.

Contrary to SAT, LCR benefits the server node dlightly in detriment to the
client nodes above saturation.

The low degree of fairness seen in SPT+SC when there are 16 nodes stems

from both the difficulty to forward the fairness control packet and the access
control separation between SPT+SC and LCR.

A node can transmit whenever it holds a token, but LCR does not account for
transmissions made by a node that holds a token. Thus, SPT+SC alone ensures
every node the same access opportunity regardless of traffic distribution patterns.
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Figure 6.7.44 - Degree of throughput fairness in SPT+SC under LCR and the asymmetric traffic
condition.

As explained previoudly, as the number of nodes increases it becomes more
difficult to forward the control packet —also because SPT+SC permits every node
to transmit regardless of what LCR determines, resulting in an increasing number
of busy slot trains. Consequently, arbitrary nodes may receive the control packet
long after they exhausted their transmission quotas. The result is unfairness.

Figure 6.7.45 shows the per node throughput achieved by SPT+SC under LCR
in a 10km-ring with 16 nodes. The figure shows that the network becomes
considerably unfair, in particular as the offered load increases.
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Figure 6.7.45 - Per node throughput in SPT+SC under LCR and the asymmetric traffic condition
in a16-node, 10km-ring.

Average network waiting time under the asymmetric traffic distribution
Since SPT+SC is designed specifically for MOPS rings it is worthwhile to assess
the effects of multiple channels on the packet waiting times.

Figure 6.7.46 shows the average network packets waiting times experienced by
the client nodes under each access control protocol as a function of the network
offered load for a 100km-ring with 4 nodes. Figure 6.7.47 shows the average
network packet-waiting times experienced by the server node as a function of the
network offered load for a 100km-ring with 4 nodes.

Note that LCR provides the client nodes and the server node with the same
packet waiting times, which shows that the throughputs are fair according to the
definition of throughput fairness for this traffic condition.

Again because of the superposition of the LCR rules over the rules of the
access control protocols, the packet waiting times experienced by the protocols
are determined by LCR and are nearly flat below saturation.
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Figure 6.7.46 - Average packet-waiting time (in log. scale) experienced by the client nodesin a
100km-ring with 4 nodes under the asymmetric traffic distribution.

—o—SPT+P —o— PAT —a— SPT+R —x— SPT+SC

1,00E+00 T T T T T T T T 1
02 04 06 08 1 12 14 16 18

1,00E-01 -

1,00E-02 -

Packet waiting time (s)

1,00E-03 -

1,00E-04 -
Aggregate offered load (%)

Figure 6.7.47 - Average packet-waiting time (in log. scale) experienced by the server node in a
100km-ring with 4 nodes under the asymmetric traffic distribution.

Figure 6.7.48 shows the average network packet-waiting times experienced by
client nodes under each access control protocol as a function of the network
offered load for a 100km-ring with 16 nodes. Figure 6.7.49 shows the average
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network packet-waiting times experienced by the server node as a function of the
network offered load for a 100km-ring with 16 nodes.
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Figure 6.7.48 - Average packet-waiting time (in log. scale) experienced by the client nodesin a
100km-ring with 16 nodes under the asymmetric traffic distribution.
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Figure 6.7.49 - Average packet-waiting time (in log. scale) experienced by the server node in a
100km-ring with 16 nodes under the asymmetric traffic distribution.
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The packet waiting times in SPT+P suffer little influence from an increasing
number of nodes. On the other hand, the packet waiting times experienced by the
other protocols are too high. This shows the difficulty of SPT+R and SPT+SC to
forward the control packet, and the limited number of slots in PAT for the
transmission of data packets as well as the control packet.

Average waiting time in SPT+SC with multiple channels under the
asymmetric traffic distribution

The results shown next assume a MOPS ring in a TTx*-FRx® configuration, and a
channel selection strategy that gives priority to the channel whose corresponding
token is held. If no token is held then random selection applies.

Figure 6.7.50 shows the average network packet-waiting times experienced by
the client nodes as a function of the network offered load for a 10km-ring with 16
nodes. Figure 6.7.51 shows the average network packet-waiting times
experienced by the server node as a function of the network offered load for a
10km-ring with 16 nodes.

The curves show that the packet waiting times experienced by the client nodes
improve as the number of channels increases. That is because nodes get
unconstrained transmission opportunities more frequently.
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Figure 6.7.50 - Average packet-waiting time (in log. scale) experienced by the client nodesin a
10km-ring with 16 nodes and multiple channels under the asymmetric traffic distribution.

Nevertheless, the curves also show that, although an increase in the number of
channels may improve the packet waiting times experienced by the server node,
as the number of channels approximates the number of nodes LCR becomes less
effective. That is because a node can transmit at a single channel at a time, and
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whenever there are two empty slots available, or more, a node always attempts to
select the slot on the channel whose token that node holds. Consequently, reuse
decreases as the number of channels increases, and LCR looses its utility. That
explains why the server node experiences high packet waiting times.
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Figure 6.7.51 - Average packet-waiting time (in log. scale) experienced by the server nodein a
10km-ring with 16 nodes and multiple channels under the asymmetric traffic distribution.

6.8 Discussion

The simulation results discussed in this chapter show that LCR is the only
fairness protocol that can cope with traffic asymmetries typical of the Internet;
both SAT and GCR fail to ensure fairness in asymmetric traffic conditions.

Nevertheless, LCR scales bad because the size of its control packet is given by
the square of the number of nodes. As shown by the simulation results, as the
control packet increases it becomes more difficult to forward the control packet
and, consequently, fairness, performance, or both can deteriorate.

With the exception of SPT+P, the aggregate throughput of all the access
control protocols under LCR degrades as the number of nodes increases. In
addition, because it becomes difficult to forward the control packet the degree of
throughput fairness can deteriorate too.

It should be emphasized that with 16 nodes the control packet is 1024B-long
(that is, 16 x 16 x 4B = 1024B), which is smaller than the typical 1500B-MTU of
network links. This means that these protocols may have problems to transmit
large packets independent of the number of nodes and the used fairness protocol.
What is more, with bit rates increasing constantly there is a trend to increase
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MTUs too, and with the implementation of path MTU discovery [Mogul1990]
TCP hosts are likely to generate messages with the MTU size rather than the
default 552B-message segment size as they currently do.

The only protocol that can exploit the fragmentation of the network capacity,
SPT+P achieves high aggregate throughputs and high degrees of throughput
fairness under LCR independent of the traffic distribution, the ring length, and the
number of nodes.

Although SPT+P relies on SAR, because of its conception it demands less re-
assembly buffer memory than the traditional SAR. This is important since in
MOPS rings the bandwidth x latency product is high, and under this condition
traditional SAR re-assembly buffers may have to hold information for long time,
and having many buffers alocated simultaneously leads to high memory
demands. Furthermore, it may also generate high bursts of re-assembled packets
that the upper layers cannot cope with.

As the performance results of SPT+SC under LCR and the asymmetric traffic
condition show, the integration between the access control protocols and LCR
plays a strong part in the resulting performance and fairness. Therefore, different
integration strategies may result in completely different performance figures.

An dternative integration strategy between SPT+SC and LCR is to let LCR
control access regardless of token possession. Tests at initial design stages show
that doing so leads to lower performances because nodes use their quota to
transmit small packets when they do not possess the token and end up forbidden
to transmit large packets when they do possess the token because they have no
quota left.

It should be noted though that as the number of channels approximate the
number of nodes such a phenomenon is reduced since the frequency at which
nodes hold a token increases. Of course, that depends on the transceiver tunability
of the destination nodes.



Chapter 7
Conclusions

This chapter emphasises the focus of this work and how it relates to existing
works on the subject, highlights the main contributions of this dissertation and
evaluates the obtained results, and points to further investigations.

7.1 General considerations

With the convergence of applications, services, media, and specialised networks
to the Internet, the support of Internet services, the transport of Internet traffic, or
both is pre-requisite to the acceptance of any new network technology or network
design. Nevertheless, amost all the existing MAC protocols for MOPS rings
focus solely on achieving OPS over the ring topology, neglecting the
characteristics of the Internet traffic -the Internet traffic consists of variable-size
packets that arrive in bursts, is often asymmetric, and it can change its distribution
pattern dynamically.

This dissertation focuses on MAC protocols for MOPS rings that can cope
with the characteristics of the Internet traffic. It addresses the problems involving
the transport of Internet traffic over MOPS rings, the possible solutions to achieve
that, and the effectiveness of such solutions.

As the related works, the work contained in this dissertation considers the
conceptua node architecture upon which almost all MOPS ring architectures rely.
Unlike those works though, this work aims at no specific network architecture.
Rather, it intentionally attempts to be as open and general as possible.

7.2 Main contributions and evaluation of theresults

The contributions of this dissertation to the state-of-the-art of MAC protocols for
MOPS rings are listed below:

* Deéfinition of an open system model that makes it possible for MAC
protocols in general to be used with various networks,

» Design of access control protocols that attempt to transport variable size
packets as single units;

» Design of access fairness protocols that can not only ensure fairness under
various traffic patterns, but also have the potential to adapt to dynamic
changes in traffic patterns;

» Evaluation of both the effectiveness and the performance of the protocolsin
the transport of traffic with the characteristics of the Internet’s.
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Simulation data show that among SAT, GCR, and LCR, only the latter is able
to enforce throughput fairness under both symmetric and asymmetric traffic
distribution patterns. Furthermore, under asymmetric traffic distribution patterns
L CR achieves much higher throughputs.

Since Internet traffic often has asymmetric distribution patterns, effectiveness
and high performance under such patterns become more important than
complexity. Therefore, although LCR is more complex then SAT and GCR, it is
more suitable for the Internet.

Simulation results of each access control protocol integrated with LCR show
that only SPT+P can achieve high throughputs and low packet waiting times
under various network conditions, and can guarantee high degrees of throughput
fairness under those same conditions. The results highlight the low sensitiveness
of SPT+P to traffic workloads, traffic distribution patterns, packet sizes, ring
lengths, and number of nodes, and they show how such parameters can affect the
performance and the degree of throughput fairness achieved by the integrated
protocols. Therefore, among the four access control protocols integrated with
LCR, SPT+P is the most suitable for the Internet, even though the use of re-
assembly buffers makes this protocol the most expensive and not necessarily the
simplest of all.

According to queuing size measurements (not shown in this dissertation) and
the packet waiting times discussed previously, packet queues utilisation rates in
SPT+P are very low and remain nearly steady up to sustained loads close to
saturation. Also, because it uses cyclic reservations that can work at ring length
time scales or longer, LCR has the potential to adapt to traffic burstiness and
volatile traffic distribution patterns quickly. Therefore, athough bursty traffic and
volatile traffic distribution patterns were not considered in the simulations, both
SPT+P and LCR could cope with such Internet traffic characteristics.

Although QoS is out of the scope of this work, the low queue utilisation rates
and low packet waiting times experienced under SPT+P integrated with LCR
indicate that some levels of QoS could be supported under these protocols. As a
matter of fact, coefficients of variance (COVs) of packet waiting times collected
in the ssimulations under symmetric traffic distribution patterns (not shown in this
dissertation) ranging from 1.0 to 0.5, approximately, support that statement. Note
that since packets experience no queuing at intermediate nodes the COV's express
end-to-end packet delay variation correctly.

Despite its superiority over the other protocols, SPT+P may not necessarily be
the best choice under any scenario. As pointed out in [Odlyz2000], data networks
utilisation rates are low in the average and will continue that way. Therefore, even
though SPT+R is significantly sensitive to traffic workloads, packet sizes, and
number of nodes, it may still be more suitable to Internet networks with average
low utilisation rates than SPT+P since it does the job and does not require re-
assembly buffers like SPT+P. Furthermore, the use of a single control packet in
LCR prgudices the performance achieved by SPT+R. Different integration
strategies will likely lead to different performance numbers.
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It should be noted, however, that the MTU of network links should increase
with the transmission bit rates, and so should the size of TCP packet segments as
the use of path MTU discovery increases. Since TCP packets constitute the
majority of the Internet traffic, packet sizes should increase too. Therefore,
SPT+R may become less efficient as the Internet evolves.

On the other hand, the dominant traffic in the future might no longer be TCP,
and the packet sizes may change considerably.

The difficulty to predict how the Internet services and traffic will evolve makes
it hard to select a protocol among others when they all are too sensitive to traffic
characteristics. Therefore, the more insensitive to such parameters the protocal is,
the better.

The complexity required to the transport of variable size packets under
contention in the vertical domain and the collected performance results raise the
guestion whether a protocol that uses indiscriminate SAR operations would not
do better than SPT+P, even though such a protocol should require more re-
assembly buffers than SPT+P.

7.3 Topicsfor futureresearch

This dissertation leaves several topics for further investigation. The first one
concerns the integration of LCR with the proposed access control protocols. As
shown in Chapter 6, the size of the control packet used by LCR leads to poor
scalahility.

Two solutions to reduce the negative effects of the control packet that can be

envisaged are:

* Each node holds the control packet for a certain time before releasing it,
whereas the actual holding time depends on how timely or late the packet
Is. Doing so increases the fairness cycle length and decreases the effects of
forwarding delays. For instance, if each node is supposed to hold the
control packet for 50 slots before attempting its transmission, and a certain
node receives the control packet with a delay of 25 slots, then that node
holds the control packet for only 25 slots;

» Periodically each node broadcast its requests and calculates its fair rates,
whereas the broadcast and fair rate calculation periods need not to be equal.
Doing so increases the number of control packets to the number of nodes,
but is aso reduces the quadratic size factor of control packets to a linear
factor that equals the number of nodes, thus lowering forwarding delays.

Another research topic for further investigation is the effects of self-similar
traffic on the performance of the access control protocols. Self-similar traffic is
bursty, and it may change dynamic and quickly not only the network workload,
but also the fragmentation patterns of the network capacity and, consequently, the
contention patterns. How such characteristics can affect the performance of the
access control protocols should, therefore, be evaluated.



150 MAC protocolsfor optical packet-switched WDM rings

The ability of the fairness protocols to cope with traffic burstiness and volatile
traffic distribution patterns deserves investigation too. As the ssimulation results
show, the traffic distribution patterns have heavy influence on the performance of
the protocols. Therefore, the transition from one pattern to another may affect the
performance of the protocols too.

The comparison between the proposed protocols and a protocol that uses SAR
operations arbitrarily (e.g., ATM) is of interest too. Comparing the performance
numbers of each protocol, and the characteristics of each, will help determine
which protocol suits MOPS rings the most.

The implications of these protocols on other system components also deserve
attention at some later stages of investigation. An example is the impact on
gueuing management. For instance, a typical characteristic of SPT+P is that
gueues remain amost empty even at loads close to saturation, from which point
the queues overflow abruptly. Nevertheless, random early discard (RED)
[Floyd1993] relies on queue threshold indicators to detect queue build-up and
starts discarding packets before the queue overflows. Thus, the ability of RED to
react satisfactorily to such abrupt queue overflows should be studied.

Another issue is the effects of the protocols studied in this dissertation on TCP.
TCP is sensitive to round trip delays and packet loss, and slight changes in the
underlying transport mechanisms can result in unexpected TCP behaviours. Since
the protocols have different performance characteristics, their effects on TCP
should be investigated carefully too. In this sense, the larger delays experienced
by big packets and its effects on TCP deserve special attention, in particular
because as hit rates increase there is atrend to increase the MTU of the links, thus
leading to bigger packets.
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