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ABSTRACT

Optical Burst Switching (OBS) is an optical switching technique which eliminates the
electronic bottleneck by keeping transmitted data in the optical domain. Therefore, it can
effectively utilize the large bandwidth available in optical fibres. For these reasons, OBS
is considered the future of optical networks. However, burst loss caused by congestion is
a significant problem in OBS because flexible, practical optical buffers currently do not

exist.

This thesis proposes a rate-based congestion control method, called PF-OBS, which
limits the blocking probability in OBS networks. PF-OBS uses a utility maximization
approach to congestion control. The method assigns prices to congested links. Ingress
nodes receive bandwidth proportionally to the price they are willing to pay. The resulting

rate allocation is proportionally fair.

The method can keep the traffic load on all links under a predefined level. Simulations
show that PF-OBS maintains the overall blocking probability at lower levels as compared
with plain OBS. In addition, PF-OBS achieves higher total throughput than existing OBS

flow control methods. The method remains stable in the presence of propagation delays.
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Chapter 1

Introduction

1.1 Background

There is a constant need for more data bandwidth in communication networks today.
Global demand for bandwidth increased 42 percent in 2004 [1-3], following a remarkable
62 percent rise in 2003 [2, 3]. This demand is driven by the rapid growth and popularity
of the Internet. The number and variety of applications running on this network expands
continuously, with growing emphasis on bandwidth-intensive applications. In response to
this explosive growth in global bandwidth demand, there is growing motivation to move
to optical networking. It is generally accepted that future wired networks will move
towards an all-optical solution because of the unmatched amount of bandwidth available
in a single fibre. The use of multiple light frequencies in each fibre further increases the
total bandwidth available in each strand. This technique is called Wavelength Division
Multiplexing (WDM). Each frequency provides a separate transmission channel in this
case. From this point forward, we use the terms channel and wavelength interchangeably.
The multiplexing level achieved in current Dense WDM (DWDM) is over 100
wavelengths per fibre. The total data bandwidth achievable on a single fibre, with

currently available technology, exceeds 1000 x 40 Gbps [4].

While optical networks offer a substantial amount of bandwidth, any data requiring
transmission must be converted from electrical to optical at the source. The destination
then converts the optical signal back to an electrical signal for further processing. The
maximum channel data rate is presently restricted to around 40 Gbps because the
electronic circuits required for the conversions cannot run any faster [4].

1
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Consequently, it is essential to avoid any electronic processing inside an optical network.
Optical Packet Switching (OPS) is an excellent solution for an all-optical network. OPS
offers the flexibility of current electronic switching technologies such as ATM. It
provides statistical multiplexing of individual packets while keeping transiting data in the
optical domain. Nevertheless, required technology such as optical logic circuits and
optical buffers are not mature enough for an implementation in the near future. At the
moment, only a limited form of optical buffering is available using Fibre Delay Lines
(FDL). An FDL is simply a long piece of optical fibre in which a signal circulates. The
delay results from the propagation time inside the fibre section. FDLs are bulky and offer

only a limited buffering time.

1.2 Optical Burst Switching

A new paradigm for optical networking, called Optical Burst Switching (OBS), was
proposed to balance the present limitations of optical logic circuits and the need for a
flexible switching technique [5, 6]. In this new paradigm, data bursts remain in the
optical domain, avoiding optical-electronic-optical (OEO) conversion bottlenecks.
Therefore, OBS provides high data rates and true statistical multiplexing. This is
achieved through a balance of OPS and optical circuit switching (OCS) characteristics as
shown on Figure 1.1.

‘ Switching Wasted
Complexity Bandwidth

= L . | » Reservation
Optical packet OBS Optical circuit granularity
switching switching

Figure 1.1: Comparison of optical switching techniques
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The switched data carrying entity inside an OBS network is a burst. A burst is an
aggregate of several end user (e.g. IP) packets processed as a single entity inside the OBS
network. At an OBS network edge, ingress nodes receive end user packets and assemble
them into bursts. Before sending a burst, a source node transmits the corresponding
reservation information along the intended path through a separate control channel. A
small control packet containing burst information is used for this purpose. This control
packet contains information such as size, time offset between the control packet and the
data burst, priority, and the destination address. One-pass reservation is used. A small
delay after the control packet is sent, the corresponding burst is sent though the same path
without waiting for an acknowledgment. This is done in order to avoid long delays

introduced by a long circuit setup time.

Upon reception of a reservation packet, a switch node allocates a time slot on the
appropriate output port, configures the optical switch and steers the incoming burst to the
output. Otherwise, if all resources on the planned output link are occupied, the incoming
burst is said to be blocked and is dropped. In case of successful reservation, a burst is
forwarded to its output port using cut-through switching'. At the destination, egress OBS

nodes disassemble incoming data bursts to recover individual end user packets.

1.3 Thesis Motivation

Because OBS uses one-pass reservation, burst loss due to contention within core nodes is
a significant issue. Since OBS core nodes do not have buffers to resolve contentions,
losses caused by conflict are higher than those observed with electronic networks. Within
an OBS core node, a fraction of incoming traffic is expected to be lost because of
blocking. As expected, this proportion increases with the load offered to the link.
Applications running on any network may tolerate only a limited amount of data loss

before the performance becomes unacceptable.

' Cut-through switching: when the switching fabric is configured, data bits are sent to the appropriate
output as soon as they are received. The switch does not wait for the whole packet to be received.
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Existing transport protocols, such as TCP, retransmit lost frames. Therefore, it is
expected that end user (IP) frames lost due to blocking will eventually be retransmitted
into the OBS network. However, given a network with high blocking probability, it is
wasteful to retransmit data that will be lost later. Retransmitted frames increase the load
of the network. This in turn increases the proportion of losses due to contention. This
eventually leads to network congestion that produces collapse. In this situation, the real
throughput2 is almost zero and core traffic consists almost only of retransmitted frames.
The average delay increases as well, eventually becoming unbounded’. For these reasons,
regulation of the offered traffic load, in order to maintain the network under stable

operation is necessary.

Most of the current OBS research focuses on reducing losses caused by blocking inside
core nodes. This is achieved through various contention resolution techniques, applied at
the core nodes. The solutions proposed in these works successfully reduce the probability

of data loss, at the cost of added complexity in switching.

However, even with these improvements, congestion is still an issue. Their effect is only
to increase the value of the load at which losses become too high. Furthermore, most of
these methods can be considered reactive. They come into action once contention has
occurred. Preferably, control actions should take place before the OBS network enters a
congested state. This can be done by monitoring the state of the OBS network, and
regulating the incoming traffic rate. Most of the research on OBS following this principle
assumes TCP as the transport protocol [7-16]. This leaves the task of controlling traffic
flow to the end users. However, end users cannot always be relied upon to regulate their
traffic rates as pointed out in reference [17]. There is increasing focus on aggressive

retransmission techniques in existing transport protocols or even completely removing

? Real throughput: the fraction of traffic successfully transmitted to the destination. It is equal to the traffic
sent by the sources minus losses and retransmissions.

3 The network becomes unstable.
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congestion control. Also, there is no constraint on the types of traffic transiting through
an OBS network. Some traffic classes are bandwidth-intensive and do not respond to

congestion control signals (e.g.: Video using UDP).

For these reasons, it is important to regulate the traffic rate entering the network at the
ingress nodes. This approach can prevent congestion from occurring in the network core,
while the traffic regulation algorithms run at the ingress nodes, where memory and
processing power are available. The flow control at the ingress nodes can be performed
using feedback provided by the network. Similar approaches have been used in the past.
A popular case being the congestion control developed and used for the ABR (Available
Bit Rate) service of ATM [18]. However, existing methods cannot be applied directly to
OBS due to the absence of buffers. Rate-based flow control applied to OBS is a subject
that has not been widely studied. To the best of our knowledge, there are three previous
works in this area [19-21]. More details about these proposals [19-21] are provided in

Chapter 2.

1.4 Thesis Objectives

The goal of this thesis is to formulate and validate a congestion avoidance and control
framework for OBS networks based on utility maximization and resource pricing. The
basis for this method is introduced in [22-24]. The solution we propose includes rate
control performed at the ingress nodes: a signalling mechanism that is used between OBS
nodes and a rate adjustment rule. The congestion avoidance algorithm presented in this

work has the following objectives:

e Ability to maintain a desired congestion level on every link;
e Proportional fairness;
e Distributed operation; and

e Stability under delay.

The performance of the proposed algorithm is studied through simulation models

developed with OPNET software.
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1.5 Thesis Outline

The remainder of this thesis is organised as follows: Chapter 2 presents OBS in more
detail as well as the state of the art in OBS research. It also discusses in more detail
previous work on rate-based congestion control for OBS. Chapter 3 introduces the theory
behind pricing-based congestion control. Chapter 4 explains the relevance of pricing-
based congestion control to OBS. A congestion control method tailored for OBS is then
proposed, based on the theory outlined in Chapter 3. In Chapter 5, we present a
simulation model of an OBS network enhanced with the congestion control algorithm.
Simulation results obtained with OPNET Modeler are presented in order to assess the
performance of our design. Finally, Chapter 6 concludes the thesis, and discusses future

work.



Chapter 2
Optical Burst Switching Review

2.1 Introduction

This chapter discusses Optical Burst Switching in more detail. It has two main parts. The
first part describes the operation of an OBS network and comprises section 2.2 to 2.7. It
is also intended as a review of the research on this subject. Section 2.2 presents the
building blocks of an OBS network. In section 2.3, we review the methods used to
assemble end user packets into bursts. We also discuss the effects of burst assembly on
traffic statistics. Section 2.4 discusses burst reservation mechanisms. Section 2.5
addresses support for QoS differentiation. Sections 2.6 and 2.7 deal with scheduling and
contention resolution, respectively. The second part consists of section 2.8, which

reviews previous works on congestion avoidance and control on OBS.

2.2 OBS Network Architecture

2.2.1 OBS Fundamentals

Optical burst switching [5] aims to take full advantage of the bandwidth available in
optical fibres while retaining high resource utilization through statistical multiplexing.

The basic principles that define an OBS network are the following [5]:
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e All-optical data plane: Conceptually, an OBS network consists of two parts: the
Control Plane and the Data Plane. Data is relayed optically through WDM
channels within the network. It is kept entirely in the optical domain as long as it
is within the OBS network boundary. Limitations caused by OEO conversion are
avoided during switching. This allows high data transmission speed.

e QOut-of-band signalling: The control plane is in charge of resource reservation,
routing, optical switch configuration and other network management issues. One
channel in each link is reserved for the control plane. This is called the control
channel. Since the data plane needs to perform complex operations, the data
transiting through this plane is processed electronically. This is possible because
traffic on the control channel has lower bit rate.

o Statistical multiplexing: OBS reservation granularity is between those of circuit
switching and packet or cell switching. A reservation is made for each burst. This
allows high bandwidth utilization because all connections can share the available

capacity, unlike circuit switching.

The architecture of an OBS network is shown on Figure 2.1. It is composed of Edge
Nodes and Core Nodes. As their name implies, edge nodes are located at the boundary of
an OBS network while core nodes are located within the network. When two edge nodes
are communicating, the source node is called the Ingress Node while the destination node

is called the Egress Node.

The basic switched entity in OBS is the burst. A burst is an aggregate of several end user
(e.g. IP) packets processed as a single entity inside the OBS network. Note that burst
switching imposes no constraints on the data format. At an ingress node, packets received
from end users are assembled into bursts. Consequently, individual bursts contain data of
different origin and format. Incoming data is buffered until a chosen threshold is reached.
The data in the buffer is then framed into a single burst for transmission. Section 2.3

describes this process in more detail.
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"

Edge Nodes

Core Nodes

Figure 2.1: OBS network architecture

2.2.2 Edge Nodes

The main task of edge nodes is burst assembly and disassembly. Ingress nodes receive
data packets from client networks and assemble them into bursts before transmission. At
the destination, egress nodes recover the individual packets from the received bursts.

Individual packets or cells then continue towards their final destination. The architecture

and operation of an ingress node are presented in Figure 2.2.
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Figure 2.2: OBS Edge Node architecture (adapted from [25])

As shown on the Figure 2.2, end user packets received by an ingress node are first

classified according to their destination node and service level. Packets having the same
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destination and service class share a common logical queue. Therefore, the total number
of logical buffers required is equal to the number of destinations multiplied by the

number of service classes.

Once a buffer reaches a predefined threshold, the ingress node frames the packets into
one burst. This threshold may be based on buffer size and/or a timer. A burst header
packet (BHP) is sent along the intended burst path for bandwidth reservation. A BHP is a
small header packet containing information about the burst associated with it. A BHP is
also called a control packet or a reservation packet. These terms are used interchangeably
in the remainder of the text. The ingress node sends the data burst a short time after the
BHP, without waiting for an acknowledgment of the reservation. One-pass reservation is
mainly used in OBS to avoid long circuit setup times associated with two-way

reservation.

2.2.3 Core Nodes

The main task of a core node is the switching of incoming bursts, keeping them on the
path leading them to their destination. The architecture of a core node is shown on Figure
2.3. It mainly consists of a switch control unit (SCU) and an optical switch fabric. The
SCU receives burst header packets (BHP) from the control channel. The information
contained in a BHP is retrieved and processed electronically. This information includes
the burst length, its destination, and the time offset between header and burst. Based on
this information, the control unit searches for available resources at the output port at the
time the burst arrives. If a channel is found, the SCU configures the switching fabric and
relays the BHP to the next node. In case of successful reservation, a burst is optically
switched to the proper output link. Otherwise, the associated burst is discarded. In both

cases, no acknowledgment is sent to the source.

Core nodes perform cut-through switching, as opposed to the store-and-forward method
used by electronic routers. As a result, an optical burst does not suffer any delay within a
core node. Delay within an OBS network is mainly due to propagation delay, which is a

law of nature and cannot be reduced or avoided.
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Figure 2.3: OBS Core node architecture (adapted from [26])

2.3 Burst Assembly

There are two main methods for burst assembly: size-based [27] and timer-based [28].
These two schemes are discussed more thoroughly in the next sections. In addition,

combinations of both techniques have also been proposed [29, 30].

2.3.1 Size-based Assembly

This burst aggregation method uses a burst size threshold B as the primary decision
factor. At an ingress node, packets are buffered until the cumulated size reaches the
threshold B [27]. When the size of the buffer reaches B, its content is retrieved and is

transmitted as a single burst.

As pointed out in [29] and [31], the choice of B determines the size of bursts produced
using this scheme. Assume that packets contained in a burst have fixed size P and their

arrival is Poisson with rate equal to 1/ u . If P is fixed, the burst size is also constant since

the number n, of packets contained in a burst is n, =| B/P | [31]. On the other hand,



Chapter 2: Optical Burst Switching Review 12

burst interarrival (or interdeparture) is the sum of the interarrival times of packets in the

burst. According to the central limit theorem, the resulting distribution should approach a

Gaussian function with mean 4-n, and variance u-n , 311

This is confirmed using a simple burst assembly simulator. The results for burst size
distribution are shown on Figure 2.4, with the Gaussian approximation
N(u-n,, u ‘.n , )- Results are shown for two cases: bursts containing n, = 10 packets and
bursts containing n, = 50 packets. In both cases, the average packet interarrival time is 2
us. As expected, the distributions obtained from simulation and from the drawing of the
corresponding Gaussian PDF are very similar, with the similarity increasing as n,

becomes larger.
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Figure 2.4: Burst interarrival time distribution, threshold-based assembly

with (a) n, =10 (b) n, = 50

Since burst assembly requires queuing until the threshold is reached, it introduces a delay
for each incoming packet. This delay is directly related to the time interval separating
consecutive bursts. If the data rate is high, the threshold is attained faster and the waiting
time is small. On the other hand, if the data rate is slow, it takes longer to fill the buffer
up to B and packets wait longer on average. Equivalently, for a given packet arrival rate

at an assembly queue, the delay is longer for a larger value of the threshold B. This is
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apparent by the curves displayed on Figure 2.4, where mean burst interarrival time is 20
us for n, = 10 and equal to 100 ps for n, = 50. It is shown in [32] that the average packet

delay due to threshold-based assembly decreases as the data rate increases.

2.3.2 Timer-based Assembly

The timer-based assembly [28] uses a different method for burst formation. Every 7
seconds, a burst is formed from the content of the assembly buffer. If the resulting burst
is smaller than the minimum size b, padding is added until it reaches b. As pointed out in

[28], this algorithm is simple and offers the following advantages:

e [t guarantees minimum burst size. As a result, it also reduces overhead.

e [t provides an upper limit for the buffering delay experienced by user packets.

With timer-based assembly, the burst interarrival time is constant and equal to 1. Let’s
assume again that the size of packets contained in a burst is constant and equal to P. Let
B be the burst size and n, be the number of packets in a burst. If packet arrival at the
burstification buffer is Poisson with rate 1/, then the number of packets contained in a
burst equals the number of arrivals during time 1. For a Poisson process, the probability

that k£ packets arrive during the interval 1 is:

k
P{n, :k}:g—%l—e_”” (2.1)

The average number of packets in a burst is E[n,] = 7/ 4. When 7/ is large enough,
the burst size distribution converges to a Gaussian distribution with mean P-7/u and

variance P*-7/u [31].

2.3.3 Hybrid Burst Assembly

With size-based assembly, if the traffic rate at a buffer is low, it may take too long to
gather enough data to reach the size B. This may considerably delay packets that are
waiting in the queue for the threshold to be reached. Conversely, under heavy load, the
timer-based algorithm may produce excessively large bursts, which occupy channels for

too long.
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For these reasons, combinations of both algorithms have been proposed [29, 30]. To
avoid excessive delay in the size threshold-based technique, the basic algorithm can be
improved by choosing a minimum burst length and a time-out value 7 for assembly {30].
A timer starts when the first packet of a burst arrives in its queue. A burst is formed when
the minimum length is exceeded or the timer expires, whichever comes first. This
algorithm is called Min-Burst Length Max-Assembly Period (MBMAP) algorithm [30].
The value of T should be large enough so time-out does not occur in normal operation.

MBMAP guarantees a maximum delay and limits burst size.

Adaptive algorithms also exist, where the thresholds can be adjusted dynamically.
Techniques such as the Adaptive Assembly Period (AAP) algorithm [30] adapt the timer

while others [33] control the size threshold.

2.3.4 Impact of Burst Assembly on the Traffic’s Self-Similar Behaviour

It is well-known that Internet traffic displays self-similar characteristics [34, 35].
Therefore, it is expected that traffic received by OBS edge nodes will exhibit self-similar
behaviour. There is an incentive to study the effect of burstification on self-similar traffic.
At first, it was suggested that assembly smoothes out traffic fluctuations and reduces
long-range dependency [28]. However, it was later shown that burstification at ingress
nodes does not change long-range dependency [29, 36]. This is further established in
[37], where it is shown that after burstification, traffic is still self-similar and the degree
of self-similarity is unchanged. Burst assembly only affects short-term traffic

characteristics.

2.4 Resource Reservation

In this section, we discuss the signalling mechanisms used for bandwidth reservation and
release along the path of a burst. We already mentioned that for each burst, a separate
header is sent using a dedicated control channel. A burst header packet (BHP) carries
information about the start time and duration of a reservation. All the methods described

in the following sections use one-way reservation. Ingress nodes do not wait for an
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acknowledgment before starting transmission. However, they differ on how the

connection is established and released.

2.4.1 In-Band-Terminator (IBT)

In IBT, each burst contains a header as in packet switching [38]. A special delimiter,
called an In-Band Terminator (IBT), is transmitted after each burst to release the
connection. Header information may be carried on the same channel as the burst or
through a separate control channel. The IBT is carried optically on the same channel as
the burst. An intermediate node configures its optical switch as soon as a header is

received.

As pointed out in [38], IBT and packet switching are very similar. However, IBT-based
OBS uses cut-through switching. For this reason, the header is transmitted to the next
node before the last bit of the burst is received. This contrasts with the store-and-forward
method usually used for packet switching. A challenge in implementing this method is

the optical recognition of the terminator.

2.4.2 Just-in-Time (JIT)

In Just-in-Time [39], an ingress node sends a reservation packet through the control
channel. The first core node calculates the required delay between the header and the
burst. The delay takes into account the processing and setup time required at each
network element on the path. The information about this delay is sent to the source. At
the end of this short wait-time, the ingress node sends the burst without waiting for an
acknowledgment. If a connection request is accepted at a core node, it configures the
optical switch immediately. The ingress node may send refresh messages along the path
if the burst is long. When transmission is complete, the ingress node tears down the
connection by sending a RELEASE message along the path. If the connection is
successful, the destination node may send a notification message back to the source as
soon as it receives the burst header [39]. Figure 2.5 shows the sequence of events for a

successful end-to-end reservation, based on this technique.
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JIT is simple and fast. However, since channel bandwidth is assigned before the arrival of

the burst, bandwidth is wasted in the interval between the header packet and the data.
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Figure 2.5: JIT reservation method [39]
2.4.3 Tell-and-Go
Tell-and-Go (TAG) is very similar to JIT [40]. Figure 2.6 shows its operation.
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Figure 2.6: TAG reservation method
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In TAG, the ingress node sends a header packet, followed by the burst. A guard time is
placed between the header and the burst to allow switch configuration. A core node
allocates a channel as soon as it receives a control packet. When the source completes

burst transmission, it sends a release message to free the connection.

2.4.4 Just-Enough Time

Just-enough time (JET) [5, 41] is the method that has received the most attention from
researchers. The main difference between JET and the other techniques described
previously is that JET uses delayed reservation and close-ended reservation. These two
ideas together are called Reserve-a-Fixed-Duration or RFD. When a burst is ready for
transmission, the ingress node sends the BHP. After a small time offset 7,4, the burst is
transmitted on an available wavelength. In JET, the BHP contains both the time offset
and the burst duration, in contrast to the other reservation methods. These two values
determine the exact time at which a burst begins and ends. When a core node receives a
BHP at time ¢, it waits until time ¢ + f,4,, to establish the connection. The connection is
kept for the duration indicated in the BHP. There is no need for another packet to release

the connection.

Figure 2.7 shows how JET works. As the BHP requires a processing time J, the offset
gets shorter after each intermediate node. Assume the configuration time at the egress
node is also equal to J. This can be observed on Figure 2.7. Thus, the time offset must be
large enough to take into account the setup time incurred at each core node. If the path of
a burst contains H intermediate nodes, the time offset must be at least equal to #,pe =
0.(H + 1). The time offset can also be used for other purposes, as explained in the next

section.

Because of its design, JET involves less overhead than the other described techniques
since no release message is needed. Also, JET uses the bandwidth more efficiently as it is
assigned only for the duration of a burst. For a given load, this efficiency translates to a
lower burst loss caused by blocking as compared to the burst loss experienced by the

other techniques.
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Figure 2.7: JET reservation

2.5 Service Differentiation

2.5.1 Offset-Based Service Differentiation

Service differentiation can be achieved in OBS by introducing an additional time offset in
JET [42]. An extra offset 74, is added to the base offset T between the BHP and a high
priority burst as shown on Figure 2.8. This additional delay is called the QoS Offser. The
base offset is equal to the delay needed for processing the BHP and configuring the

optical switch at a core node.

Figure 2.8: QoS-enabled JET
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Using this method, traffic can be separated into several service classes with increasing

time offsets. In this case, high priority bursts have a longer time offset. Lowest priority

traffic, labelled Class 0, only has the base offset 7. For Class 1 traffic, a delay t}zos is

added to the base offset and so on. Service differentiation is achieved in this manner
because bursts with longer time offset experience lower blocking. This is demonstrated in
[43, 44] where an analysis of per-class blocking probability is presented. If the difference

between QoS offsets of adjacent classes 2, =1, —té’;‘s is constant, then QoS separation

only depends on the value of #;4 It is shown that the degree of separation for adjacent
classes increases with #4 If burst length is exponentially distributed with mean L, then

tye =3-L results in 95% QoS separation [45]. This means that bursts from class n are

not blocked by lower priority bursts from class n — I with probability 0.95.

This method achieves relative service differentiation in a simple and elegant way. No
further change is required to the network to carry out this technique. In addition, the
authors claim in [45] that the overall blocking probability when using this method is the

same as that observed in classless OBS. In other words, the conservation law is satisfied.

However, this method introduces significant delay in burst transmission because of the
increased offset. For an OBS network with several traffic classes, the end-to-end latency
for the highest priority classes may become significant. This must be considered when
high priority bursts carry traffic with strict delay requirements. In addition, this technique
displays a burst-selecting effect [46]. This means that long bursts from lower priority

classes are dropped more often than short bursts.

2.5.2 Other QoS separation methods

To address the issues with offset-based service differentiation, other methods have been
proposed. This section discusses these techniques. Alternative service differentiation

methods involve active dropping by intermediate nodes [46, 47].

In [46], the authors make the case for proportional QoS on OBS. In proportional QoS,
each traffic class is assigned a proportional factor s; which determines the priority level.

A higher value of s; is associated with higher priority. At intermediate nodes, the arrival
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rate and loss for each QoS class is monitored. Proportional QoS is achieved by keeping
lossrate; / s; constant for all QoS classes. If class i experiences lower blocking
probability, i.e. if lossrate; / s; < lossratey / sy, bursts from class i are dropped. This is

complemented by a Wait-Time-Priority scheduler at the ingress node.

For Assured Horizon [47], per class bandwidth reservation is done at ingress nodes.
Bursts are labeled as conforming on nonconforming depending on whether they satisfy
the bandwidth limit for their class. At core nodes, there are two modes of operation.
When the core node is in normal mode, no active dropping is performed. When the core
node is in the congested state, bursts marked nonconforming are dropped ahead of the

switch.

Several other publications propose a combination of early drop against low priority traffic

and wavelength provisioning for high priority classes [48-50].

Other techniques use preemption against low priority bursts at core nodes [51-53].
Preemption means that low priority bursts already scheduled or in service at core nodes

are discarded in favour of high priority ones.

Finally, in [54], it is proposed to assemble bursts from packets of different priorities.
Packets are ordered within bursts according to their priority. Highest priority packets are
placed at the head. In case of contention at core nodes, bursts are segmented4 and the tail
containing lower class packets is dropped. Consequently, higher priority packets
experience lower blocking probability. This method achieves service differentiation at

lower granularity level compared with the other techniques above.

2.6 Burst Scheduling

This section discusses channel scheduling algorithms on OBS. Burst scheduling controls

how resource is allocated to incoming bursts based on the timing information carried by

* Burst segmentation as a contention resolution method is discussed in more detail in section 2.7.5.
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control packets. Each channel on a link is divided in the time domain into voids separated
by busy periods. A burst arriving at a switch node can be inserted into a void of adequate
size. When a burst is successfully scheduled on a channel, the original void is replaced by
two others as shown on Figure 2.9. One, in front of the burst is called the starting void,
the other after the burst, called ending void. Various scheduling algorithms use different

methods to find a suitable void where a received burst can be inserted.

There are two goals for scheduling algorithms: low blocking probability and fast
processing speed [26]. These two objectives are in conflict with each other for the
following reasons. To achieve low blocking probability, a switch needs more information

on past and future bursts. This means slower processing speed.

Scheduling algorithms can be classified as void filling or without void filling, depending

on whether they try to use voids between consecutive bursts or not.

2.6.1 Horizon Algorithm

Horizon is a scheduling algorithm without void filling proposed in [6]. It is the same as
the LAUC algorithm (Latest Available Unused Channel) in practice [55]. The only
information required in this method is the so-called horizon. The horizon is the time at
which the last reservation on each channel ends. From this point on, the channel is free to
accept new reservations. This results in fast processing as the scheduler only needs to
determine if a new burst arrives after the horizon to accept the reservation. Second, when
a burst is accepted, two new voids are created. If several suitable voids exist, the
algorithm chooses the channel which results in the shortest starting void to minimise
bandwidth waste. The motivation behind this is that the starting void is unusable
afterwards. To satisfy this requirement, the channel with the latest horizon is chosen,
hence the LAUC name. Consider the example shown on Figure 2.9. When the new burst

arrives, it will be assigned to Channel O when Horizon scheduling is applied.

The Horizon algorithm is simple and fast. According to [26], the time complexity of the
best Horizon implementation is O(log W) for a link with W channels. This is an important

advantage when a switch must process a large number of reservations every second.
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However, there is a trade-off. Because channel voids are ignored, bandwidth utilization is
not efficient compared with more advanced techniques.

Current time Time

A -
>

Channel 0 (Horizon)

Channel 1

Channel 2 LAL_JC'VF
min-SV

Channel 3

starting i . _._,iending
voic voic |

Channel 4

Figure 2.9: Comparison of burst scheduling algorithms (adapted from [26])

2.6.2 Scheduling with Void-Filling
2.6.2.1 Latest Available Unused Channel with Void Filling (LAUC-VF)

To improve bandwidth efficiency, LAUC-VF is proposed in [56]. LAUC-VF is similar to
Horizon except that it maintains a list of all voids on a link. This list includes the void
from the horizon to infinity. If a burst arrives at time ¢, channels in a link are sorted into
two groups: channels which have scheduled bursts after ¢ and channels with no scheduled
reservation after z. The algorithm works as follows. Channels are searched in order of
scheduled and unscheduled channels. Among the voids that can accommodate the new
burst, the one that results in minimum starting void is chosen. Consider the example on
Figure 2.9. If LAUC-VF algorithm is used, the new burst is assigned to Channel 2, which

produces the smallest leading void.

LAUC-VF achieves high bandwidth utilization. However, it is more computationally
expensive than Horizon. For a link with m voids, the time complexity of this algorithm is
O(m) [26]. Variations of this algorithm exist, for which either minimum ending void or
best-fit (minimises both starting and ending void) is used instead of minimum starting

void [57].
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2.6.2.2 Minimum Starting-Void (Min-SV)

The Min-SV algorithm [57] is functionally the same as the LAUC-VF algorithm
described previously. Just as LAUC-VF, Min-SV maintains a list of channel voids and
tries to minimise the starting void. However, the method used to store and search for
available voids is different. Min-SV uses an augmented balanced tree to store channel
voids. When a reservation arrives, a suitable interval is looked up in the tree. If a void is
found, it is removed from the tree and replaced by two new ones corresponding to the
starting and ending void. If we consider the previous example on Figure 2.9, the new

burst is sent on Channel 2 when min-SV is used, just as in LAUC-VF.

A min-SV search tree is shown on Figure 2.10 to illustrate its operation [26]. The channel
voids are first sorted in order of starting time. The voids make up the leaves of the tree,
located at the bottom. The nonleaf nodes of the tree contain three information fields: the
median starting time of all children leaves, a pointer Pyu. to the void with maximum
ending time, and a pointer Py, to the void with minimum ending time. Scheduling a
burst happens in three steps: searching for the min-SV void, deleting it, and inserting two
new voids corresponding to the starting and ending voids. Let b = (s, e) be a burst that
requires scheduling, where s and e are the time at which it begins and ends respectively.
The min-SV method performs a binary search for s in the tree. Let s = 20 and e = 30.
Starting at the root, the search proceeds to the right if s is greater than the recorded
median in the current node. Otherwise, it proceeds to the left. Following this rule, the
search reaches the leaf (35, o) in our example. All nodes to the left of the path (in thick
lines) from the root down to the leaf node correspond to voids starting before s = 20. If
the current void is feasible, then it is the min-SV void and the search is complete. If it is
not feasible, as in the current example, a search is performed among the nodes to the left
of the path (in thick lines). The algorithm only needs to compare the burst ending time
with the value pointed to by Py,qx to establish if a node has an adequate void among its
children. In our current example, the sibling leaf is feasible. Therefore, it is the min-SV

void.
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Figure 2.10: Augmented binary tree used by min-SV algorithm (copied from [26])

The use of a binary tree noticeably speeds up the search for an appropriate channel. If
successful, it takes O (log m) time to complete the algorithm, where m is the number of
voids on a link [57]. In addition, Min-SV achieves bandwidth utilization similar to
LAUC-VF. However, this is achieved at the cost of a more complex data structure, which

makes implementation less straightforward.

2.6.3 Proactive Algorithms

All methods previously discussed manage contentions locally, once they have occurred.
For this reason, they are classified as reactive algorithms [26]. The methods presented in
this section avoid contention before they occur. Accordingly, they are classified as

proactive algorithms.

2.6.3.1 Priority-Based Wavelength Assignment

Priority-Based Wavelength Assignment (PWA) is proposed in [58] to reduce the
blocking probability of OBS nodes which cannot perform wavelength conversion. The
idea behind PWA is the following: at an ingress node, the channel that has the highest

success rate so far has the most chance of delivering future bursts.

In PWA, each ingress node maintains a wavelength priority list for each destination. The
priority of a wavelength increases when a reservation is successful. Otherwise, a blocked
reservation decreases the priority of the wavelength on which it occurs. When an ingress

node has a burst to send, it looks up the wavelength with the highest priority. If it is
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available, the burst is sent on this channel. Otherwise, the list is searched sequentially
starting with the highest priority until a free channel is found. When a burst is
successfully delivered, the egress node sends an acknowledgment message to the source.
Otherwise, a negative acknowledgment is generated. The ingress node then updates its
wavelength priority table according to this information. Because of the priority scheme,
some wavelengths are heavily used by one source. Therefore, wavelength priority tables

are different for each ingress node.

According to [58], this method considerably decreases blocking probability on an OBS
network, compared with random wavelength assignment. However, we note that PWA

only applies to networks without wavelength conversion.

2.6.3.2 Burst Overlap Reduction Algorithm

Burst Overlap Reduction Algorithm (BORA) is a proactive blocking reduction technique
[59]. The principle behind BORA is based on the observation that contentions result from
simultaneous arrivals on a single link. If the number of bursts arriving simultaneously

exceeds the number of channels on the output link, some bursts must be dropped.

Consider the example shown in Figure 2.11(a). Four overlapping bursts b; to by are
generated at an ingress node. If no proactive scheduling is used, these bursts are sent
immediately, in the order they are formed. If b; to b, share a common path section, there
is a high likelihood of contention at a switch downstream due to their simultaneous
arrivals. If overlapping reservations formed at ingress nodes can be reduced, the overall
blocking probability is expected to decrease. The idea is to use the memory available at
ingress nodes or Fibre Delay Lines (FDLS) at core nodes to delay overlapping burst and
transmit them sequentially instead. The aim is to use the fewest wavelengths to transmit a

set of bursts.
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Figure 2.11: BORA scheduling algorithm (adapted from [26])

In BORA with Fixed-ordered Search (BORA-FS), data channels are sorted in a fixed
order. For every burst generated, the ingress node queries the list of wavelengths in the
order determined previously. If channel O is available, the burst is sent out on this
wavelength. This is the case of b; in Figure 2.11(b). If channel O is not available, the
scheduler verifies whether the unscheduled burst can wait until the transmission on
channel 0 is over. If so, the source postpones the new burst and assigns it to channel 0
when it becomes available. This is the case of b, on Figure 2.11(b). To decide whether a
burst can be delayed, a maximum delay a is defined. If the delay until the end of the
current transmission exceeds a, the scheduler looks at the next channel in the list and the
process is repeated. This is the case of b3 and b4 on Figure 2.11(b). At the end, one notes
that transmission of the four bursts now occupies only two channels instead of four
previously. Simulations show that BORA-FS with void filling significantly reduces
overall blocking probability compared with LAUC-VF [59].

2.7 Contention resolution

In this section, we discuss methods used to avoid or resolve contentions occurring within
core nodes. First, we discuss and quantify the effect of contention on data loss.

Contention in OBS networks can be resolved using deflection of burst segmentation.
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Deflection can take place either in time domain, wavelength domain of space domain.
We discuss each of these solutions in the following sections. We note that a combination

of two or more methods can be used to achieve even lower blocking.

2.7.1 Contention in OBS

Contention arises when more than one burst compete for the same channel on the same
link. Originally, in case of contention, the channel is assigned to one burst and the others
are simply discarded. Since core nodes cannot buffer packets indefinitely, contention is a
major source of data loss in OBS. For this reason, methods to resolve contention and

reduce data loss currently draw the attention of many researchers.

Assuming no buffers are available at switches and fixed time offset, an OBS link with N
channels can be modeled as an M/G/n loss system [60]. Let A be the load on a link
measured in Erlangs. If the burst arrival process is Poisson, then blocking probability P is

given by the Erlang B formula [60]:

AN
po NI

NAx
2

x=0 X!

(2.2)

The blocking probability computed using the Erlang B formula is insensitive to burst size
distribution [61]. The only factors affecting blocking probability are the load A and the
number of wavelength channels per link N. If no wavelength conversion (no contention
resolution) is available in the switches, equation (2.2) simplifies to the following, which

is the Erlang B formula with N = 1:

p=—"_ (2.3)

The blocking probability calculated with equation (2.3) is shown on Figure 2.12, with
results obtained through simulations. Figure 2.12 shows that without contention
resolution, the blocking probability in OBS is too high for any practical purpose. For

instance, around 30% of bursts are lost with a 40% load.



Chapter 2: Optical Burst Switching Review 28

0.6

0.5

0.4

0.3 -

0.2

Blocking probability

Erlang B

0.1 1 - -~ A- - - Simulation

0.0

0 0.2 0.4 0.6 0.8 1 1.2
Normalized load (Erlang)

Figure 2.12: Blocking probability, no contention resolution

According to Zukerman et al [62], the Erlang B formula overestimates the blocking
probability in an OBS core node when only a few wavelengths are available. They
propose a more accurate analysis of the blocking probability based on the Engset loss

system. For more details on this analysis, see [62].

2.7.2 Wavelength Conversion

The first contention resolution method we address is wavelength conversion. With this
method, contending bursts are sent on different channels. This implies that some bursts
arrive on wavelength i of the input link and are retransmitted on a different wavelength j
on the output link. Tuneable wavelength converters (TWC) are used to change the carrier
frequency of contending bursts. If a switch can convert any input wavelength to any of
the N channels at the output, it is said to have full wavelength conversion capability. The
Erlang B formula introduced in equation (2.2) gives the blocking probability of a switch
with full wavelength conversion. In fact, most of the scheduling algorithms presented in
the previous section assume that full wavelength conversion is available. Wavelength
conversion reduces the blocking probability of an optical switch. For a given normalized
load, blocking probability is lower when more wavelengths are available as seen on

Figure 2.13. For instance, with N = 64 channels and 70% load, the calculated blocking
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probability is around 10”. With similar blocking levels, practical deployment of OBS

becomes feasible.
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Figure 2.13: Blocking probability vs. load with full wavelength conversion

However, it should be noted that wavelength converters are expensive components. In
practice, there is a limit on the number of available wavelength converters. The number
of available TWCs may be a fraction of the channel count. Also, there is a limit to the
tuning range of wavelength converters. A given input frequency may only be convertible
to a reduced set of the output wavelengths. The effect of these constraints on the blocking

probability is studied in [63] and [64].

2.7.3 Fibre Delay Lines

Fibre Delay Lines (FDL) are recommended in [S, 6] to resolve contention within a
switch. FDLs offer a limited form of buffering where the delay results from propagation
time inside the device. If all output wavelengths are busy, a burst can be stored in an FDL
and be assigned to a channel when it becomes available later. If all channels and FDLs
are occupied, the burst is discarded. FDLs of different lengths can be also used to get

certain predefined values of delay. In addition, any channel can use an available FDL.
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FDLs successfully reduce the blocking probability in an OBS switch. With 32 channels
and 8 FDLs, blocking probability is 10 for a 50% load [6].

Because of its nature, this method increases the end-to-end latency in the network.
Furthermore, it increases the complexity of channel scheduling algorithms. Also, the time
complexity of scheduling algorithms is multiplied by the number B of delay lines. For
example, the computational complexity of LAUC-VF becomes O(B.m) for a link with m
voids and B delay lines. Finally, FDLs are bulky devices since they typically contain tens

of kilometres of optical fibre to achieve useful delays.

2.7.4 Deflection routing

With deflection routing, a contending burst is sent out on another output port and follows
a suboptimal path to its destination [5]. The task of routing the burst to its destination is

left to another switch downstream.

Hsu et al conduct a performance analysis of deflection routing in [65]. Simulation results
show that deflection routing noticeably improves the blocking performance in an OBS
network. However, this method also increases end-to-end transmission latency. We
reported in section 2.4.4 that the burst time offset shrinks at each switch. Since deflection
routing increases the hop count traversed by a burst, the original time offset may be
insufficient for the deflected path. If this is the case, a burst may arrive at a switch before
its header is processed. This is called the “insufficient offset time” problem in [65]. To
avoid this problem, the authors propose FDLs to keep a suitable time offset between
header and burst. Finally, deflection routing also results in out-of-order burst arrival at
the destination node. To manage the drawbacks of this method, there should be a limit on

the number of deflections allowed per burst [65].

2.7.5 Burst Segmentation

With the previous methods, if wavelength conversion, buffering or deflection routing
fails, the entire burst is dropped. The objective of these methods is to reduce burst
blocking probability. In contrast, the goal of burst segmentation is to reduce end user data

loss (e.g.: IP packets) [66]. The idea behind burst segmentation is based on the
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observation that contention often results from partial overlap. With burst segmentation, a
data burst is divided into several “segments”. One segment contains one or several end
user data frames (e.g.:. ATM cells). In case of contention, only the overlapping part is

discarded instead of the whole burst.
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Figure 2.14: Burst segmentation (adapted from [26])

There are two possibilities when discarding part of a burst. Either the tail is dropped (see
Figure 2.14(a)) or the head is lost (see Figure 2.14(b)). The head can only be discarded on
a new burst whereas only a scheduled burst can have its tail dropped. Dropping the head
of a new burst is more straightforward because all the required actions are carried out at
the switch where contention occurs. However, if the tail of a burst is discarded, its
reservation packet has already been relayed to nodes towards the destination.
Intermediate nodes on the rest of the path will allocate bandwidth for the original size of
the burst, which is no longer accurate. The unused bandwidth is wasted because it cannot
be assigned to other bursts. To avoid this problem, Vokkarane et al. [66] suggest sending
a second header to update the burst length along the same path. Several refinements of
this base algorithm are discussed in [67]. The contending burst is always sent out on the

channel that results in minimum segment loss.

Optical composite burst switching (OCBS) is an idea similar to OBS with burst
segmentation [68]. With this method, each user data unit is encapsulated in a simple data
link (SDL) frame. The format of an SDL frame is shown on Figure 2.15. An optical

composite burst is simply a sequence of SDL frames [68].
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Figure 2.15: Optical Composite Burst format (adapted from [26])

In case of contention, only the head of the overlapping burst is dropped. At the egress
node, payload from complete SDL frames is recovered while truncated SDL frames are
discarded. To minimise user data loss, a contending burst is always sent out on the

channel that results in minimum burst overlap.

Partial drop techniques such as burst segmentation and OCBS provide better performance
in terms of end user data loss. This is achieved at the cost of increased complexity.
Moreover, OCBS introduces overhead because it encapsulates every user data unit in a

separate SDL frame.

2.8 Congestion Control on OBS

We have established earlier the main problem with OBS networks, which is burst loss
caused by contention. Despite the performance improvements gained with contention
resolution methods, blocking probability remains an issue. To complement these
proposals, the traffic load offered to an OBS network must be monitored to keep it away
from congestion. This section focuses on earlier works dealing with congestion control in

OBS networks.

2.8.1 TCP over OBS

TCP is the dominant congestion control method used over the Internet today. It is
therefore essential to study the performance of TCP on future OBS networks. Several

previous works have been published on the performance of TCP on OBS. The main
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problem in TCP over OBS results from the random losses in an OBS network and the
burstification delay [69]. This issue stems from an apparent mismatch between the
operation of OBS and the underlying assumptions of TCP. The bufferless nature of OBS
makes it prone to random burst losses. On the other hand, TCP assumes that a packet loss
implies network congestion. TCP responds to a lost frame by throttling back its sending
rate and going through a recovery period. A similar behaviour is observed in wireless

networks, where channel quality significantly affects the performance of TCP [70].
The steady state throughput of a TCP flow is [71]:

MSS
BW =k——— (2.4)

RIT-\[p
k is a constant (k zm ), MSS is the maximum segment size, RTT is the connection
round-trip delay and p is the loss probability. As seen on equation (2.4), TCP throughput
is adversely affected by the delay and packet losses. Also, each burst may contain
multiple packets from the same TCP connection. In case of blocking, these packets are
simultaneously lost. This type of loss is mistakenly interpreted by the various
implementations of TCP as a time-out event. This is called a false time-out (FTO) in [12].
All current TCP implementations respond to a time-out by returning to slow-start. To
address this issue, a version of TCP with FTO detection is proposed in [12]. It is shown

that FTO detection improves the bandwidth utilization on OBS.

The first detailed study of the interaction between OBS and TCP is presented in [72]. The
authors propose TCP throughput models for the most common TCP variants (SACK [73],
Reno [74] and New-Reno [75]). The bandwidth penalty resulting from assembly delay,
burst loss and multiple packet loss are quantified. In addition, a gain factor called delayed
first loss (DFL) is identified. This performance gain results from the delay in the first
packet loss observed by TCP resulting form burst assembly. This allows the congestion

window to reach a large value before the first loss occurs.

Several studies suggest that, given an OBS network with certain burst loss probability

and round-trip delay, there is an optimal burst assembly time or size threshold that results
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in maximum throughput [31, 69, 72]. Adaptive assembly algorithms can take advantage
of this [30].

Cameron et al. [11] analyzed the throughput of TCP flows over a single OBS link at
equilibrium. This is accomplished by combining the TCP throughput model as shown in
equation (2.4) with the OBS loss model and finding the convergence point. The authors
also conclude that OBS networks must have many wavelengths with full wavelength

conversion to support TCP connections efficiently.

Finally, TCP decoupling [14] applies TCP congestion control to regulate the traffic rate
between ingress-egress node pairs. Decoupled TCP is the equivalent of having a virtual
TCP connection between each ingress and egress node. TCP congestion avoidance
techniques are applied to the aggregate traffic traversing the OBS network. This method
uses the control channel to exchange necessary TCP control packets. Using this
technique, OBS ingress nodes can regulate their sending rate according to the congestion
level in the network core. Note, however, that this technique does not include
retransmission of lost bursts. TCP decoupling is able to keep blocking probability under
1% and increase OBS throughput [14]. However, this improvement is partly caused by

burst synchronization when all ingress nodes have the same RTT.

Most of the works cited above either assume a given burst loss probability to find the
throughput, or use simple network settings (single link, single TCP session). Given a
general meshed OBS network carrying many TCP flows, it is interesting to find the
throughput and blocking probability if the network is left to itself. As far as we know, this

problem is still open.

2.8.2 Robust OBS

The Robust OBS (ROBS) [76] proposal tries to change the OBS network core into a
more reliable transmission medium. This technique adds Burst Drop (BD) and burst ACK
(BACK) messages to OBS signalling. Burst sequence numbers are used to detect burst
loss. In case of successful transmission, the egress node sends a BACK message to the

source. Otherwise, the core node at which blocking occurs notifies the ingress node with
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a BP message. Each burst is kept in memory until a BACK message is received or until
the ROBS maximum hold time is exceeded. In case of BD, the burst is retransmitted and
transmission between the affected ingress-egress nodes pair is halted until a BACK is
received. ROBS improves the network throughput and reduces burst loss as is shown
through simulations [76]. Note that optical burst retransmission, done for the purpose of

supporting reliable burst transmission, has been discussed in earlier works [5].

This method retains the self-clocking advantage of TCP since it halts transmission in case
of blocking until the retransmission is acknowledged. However, buffering bursts at OBS
ingress nodes is arguable for the following reason: Memory size necessary for each
destination is at least equal to the bandwidth-delay product of the path. This is expected

to be very large in OBS. This means that this technique is limited to short span networks.

2.8.3 Load Balancing

Most studies in OBS assume that routing is based on shortest path. Path length may be
measured either in physical distance or hop count. Shortest path routing is appealing
because it minimises end-to-end delay as well as blocking probability. However, given a
certain network topology, this method always makes the same routing decision regardless
of congestion levels. Bursts invariably take the same route, even if a less congested but
longer route exists. In contrast, dynamic load-balancing responds to changes in network
condition. It distributes the load across the network links in an attempt to avoid
congestion. Load balancing is a long-term congestion avoidance method. All the
published studies [77-80] on this subject start from the same principle. Several link-
disjoint paths are computed for each ingress-egress node pair. The paths are sorted
according to their congestion levels. The load balancing algorithm dynamically chooses
the least congested path. Congestion is measured periodically to adapt to traffic changes.
However, oscillations may occur if several sources simultaneously switch their paths
because of congestion to a certain link. After the switching is complete, the previously
congested path may become underutilized. The sources may revert to the previous path at
the next update, resulting in oscillation. Proper steps must be taken to ensure stable

operation of load balancing algorithms. In [77], two algorithms are proposed:
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a) Route selection using fixed alternate shortest path: The load balancing technique
calculates a set of link-disjoint alternate paths between source-destination pairs.
The transmission path is dynamically chosen from this set according to the
congestion level.

b) Least congested dynamic routing: this is a route optimization method based on a
set of performance metrics such as path length, number of hops, link utilization.

These measurements are carried out periodically.

This method reduces the blocking probability in OBS network at the cost of increased
delay [77].

Li et al. [79] take a similar approach. In their proposal, only two link-disjoint alternate
paths are computed between every ingress-egress pair. The first path contains the fewest
number of intermediate nodes to minimise burst loss probability. The second path is the
next shortest path. Teng er al. [80] introduce another approach based on linear

optimization.

2.8.4 Rate-based OBS congestion control

With high-speed data networks, rate-control is usually preferred to window-based
congestion control. This is the technique used in ATM ABR flow control [18]. The
techniques reviewed in this section propose rate-control as a congestion control method

for OBS.

2.8.4.1 Robust Optical Burst Switching’

Maach et al. [19, 81] first studied the advantages of rate-based congestion avoidance on
OBS. The goal of this method is to keep the loss rate in the network below a critical level
represented as CLR. If the burst blocking probability exceeds CLR, the edge nodes reduce
their sending rates. Every core node monitors the loss probability and reports this

information to all edge nodes using a broadcast tree. In the current discussion, the term

5 This technique has the same name as the one proposed by [76] and discussed in section 2.8.2 but its
operation is different. We note that the work of Maach et al. [19, 81] appeared first.
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source node means ingress node. These messages are produced either periodically or
after a certain number of losses have occurred. A critical load CL is defined for the
network. CL is the total load at which the overall loss rate is equal to critical loss rate

CLR. Additionally, a critical rate CL; is assumed to be defined for every ingress node i
such that CL < ZCLi . CL; can be thought of as a quota reserved for each node. For a

source node, if its sending rate L; is smaller than its critical load CL;, then it is not
involved in the rate adjustment process. However, if L; > CL;, the source rate is

adjusted as follows:

e Ingress node i reduces its rate if network losses are greater than CLR. In
simulations, this reduction is achieved by adding a fixed increment to the burst
interarrival time or by setting L; = CL;.

e If source i has more traffic to send and losses are below CLR, it increases its rate.
In [19], this is done by subtracting a fixed value from the burst interarrival time.

e If losses are equal to CLR, no rate adjustment is done.

In addition, a burst retransmission scheme is suggested to complement the congestion
avoidance method. A sequence number is introduced to identify individual bursts. In case
of blocking, the intermediate node sends a negative acknowledgment (NACK) back to
the source with the burst sequence number. An ingress node keeps a copy of every
transmitted burst. When it receives an NACK, the source retransmits the corresponding
data. Detection of successful transmission is based on a timer at the source. Ingress nodes
are assumed to know the round-trip time to each destination. If no NACK is received
after the RTT has elapsed, the ingress node assumes the burst has been successfully

transferred.

Simulations show that this technique is able to maintain the burst loss probability around
a desired level. The retransmission scheme also improves the reliability of OBS although
it requires additional memory to hold bursts until they are acknowledged. The method
used to detect successful transmission also suggests that a separate timer is kept for each
burst in transit. Both of these requirements limit the application of burst retransmission to

LANs or MANSs, as noted by the authors. As each source contributes to the network’s
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critical load CLR, it is reasonable to assume that the quota of each sender depends on the
network topology. However, the authors assume that each edge node knows about its
critical load L;. No details are given, addressing the case occurring when more sources
are added or leave the network. Also, every intermediate node sends congestion
information to all edge nodes, even to sources that do not use the specific intermediate

node.

2.8.4.2 Differentiated ABR

In Differentiated ABR (D-ABR) [21], an effective capacity is calculated for each link.
The effective capacity (EC) is the rate at which the dropping probability Py, reaches a
predefined value. The goal of D-ABR is to keep the traffic load on each link under EC in
order to prevent the dropping probability from crossing the set threshold. To do so,
ingress nodes regulate the traffic flowing into the OBS network. An explicit rate control
method derived from the ERICA [82] algorithm, used in ATM, is applied. Computation
of source rates in D-ABR is essentially done as in ERICA, except that D-ABR supports
service differentiation. Two traffic classes are supported. D-ABR achieves strict isolation
between the high priority (HP) and low-priority (LP) classes in terms of bandwidth
allocation precedence. In addition to burst header packets, ingress nodes send resource
management (RM) cells periodically on a lightpath. Egress nodes send these RM cells
back to the destination on the same path. HP and LP explicit rates are inserted in separate
fields in backward RM cells. With this method, a lightpath denotes a traffic flow between
a pair of ingress and egress nodes. Strict service class isolation is achieved as follows.
The bandwidth allocated to a lightpath is entirely available to high priority traffic. Any
capacity not used by HP flow is then assigned to LP traffic.

To enforce the traffic rate of a lightpath, an ingress node handles two queues for each
egress node. Each traffic class uses one of these queues. Service rate of each buffer is

then controlled by a token bucket.

Simulations indicate that this method is able to maintain the network load around the

effective capacity and that bandwidth allocation is fair in the max-min sense.
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2.8.4.3 Proportional Control Algorithm with Explicit Reduction Request

Farahmand er al. proposed another congestion avoidance method for OBS called
proportional control algorithm with explicit reduction request (PCwER) [20]. PCWER
also aims to maintain the blocking probability on every link around a targeted value. This
is achieved by limiting the traffic load on every link. A link connecting node j to node
is denoted by (7, k). In PCWER, each core node measures the traffic load p;4 on each of its
output ports. These measurements are carried out every 4 seconds. When the load on an
output link exceeds a predefined threshold pry, the link is considered congested. It is
assumed that intermediate nodes have the list of sources using a congested link. When
pru is exceeded, the core node sends a flow-rate reduction request (FRR) directly to all
ingress nodes using the congested link. The FRR contains the value R;; by which an

ingress node should reduce its rate. When R;x > 0, its value is calculated as follows:

Rj,k = (pj,k = Pru )/pj,k (2.5)

Rix = 0 means that no rate change is allowed whereas R;; = — 1 means that an ingress
node can increase its rate. To prevent oscillations due to delay, the value of 4 must be

larger than the maximum RTT between an intermediate node n and any sources using 7.

Upon reception of an FRR, an ingress node adjusts its rate as follows. If R;; is negative, a
constant increment is added to the rate. Otherwise, if R; is positive, the rate is multiplied
by (1 - R;). We note that this corresponds to an additive increase, multiplicative decrease
(AIMD) algorithm. Sources regulate their sending rate by controlling the burst

interdeparture time.



Chapter 3

Optimization Approach to Congestion

Control

3.1 Introduction

This chapter introduces the theoretical foundation of an optimization approach to flow
control. Existing end-to-end congestion control algorithms (for example TCP) are often
the result of intuitive or heuristic methods. Once they are deployed in real networks,
several improvements are then introduced, based on empirical observations of
performance. In these cases, max-min fairness [83] is commonly chosen as a fairness
criterion. A max-min fair allocation maximizes the smallest share®. In this chapter, we
introduce a more systematic approach to congestion control, which is based on utility
maximization. The underlying mathematical framework has been developed by Kelly et
al. [22-24]. Based on this method, we present a distributed end-to-end congestion control
algorithm. Section 3.2 presents the network model and assumptions. In Section 3.3 and
3.4, we look at the optimization goals and utility functions, respectively. Section 3.5 and

3.6 presents the rate control algorithms and, finally, section 3.7 discusses their stability.

® Fairness is defined formally in section 3.3.2 and discussed in more detail in section 3.4,

40
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3.2 Background

3.2.1 Network Model

A network is modeled as a set of resources J. A single resource in this set is denoted by

J, J€ J. A resource may either be a link or a queue (but not both). C; is the capacity of

resource j. Each direction of communication between neighbouring nodes is treated
separately because they use different resources. Let L be the set of unidirectional links in
the network and let / denote a link in this set, i.e. /€ L. A route r is represented by the set
of resources je J used by a connection. Thus, a route r is a nonempty subset of J. Let R
be the set of all routes in the network (r€ R). A resource j may not appear twice in a
route r. Let A; = 1 if j is a member of r and Aj, = O otherwise. This allows a routing
matrix A = (4;,, j€ J,r€ R) to be defined, whose elements are either 0 or 1. A user
designates a source-destination pair or a flow. We assume that each user uses a fixed
route for the duration of a transmission. Therefore, we can identify each route r with a
unique user or flow. In the following discussion, we use the terms “user” and “route”

interchangeably. Let x, be the transmission rate of user r and x be the vector whose

elements are x,. The total offered load on resource jis y; = ZAj,xr . In matrix notation,

reR
this is the same as y = A.x, where y is the vector of elements y;. In the following
discussions, we ignore the discrete nature of the network traffic and use a deterministic

fluid flow approximation instead.

3.2.2 Rate Allocation Example

Consider the linear topology network shown in Figure 3.1. This network consists of L
links. The network carries L +1 routes, denoted Rg to Ri.. Amongst these, L routes (R; to
R;) use exactly one link each. There is one route, Ry, which traverses all L links in the
network. Let xy denote the traffic rate on route Ry and x, the rate of the remaining routes.

All rates are normalized and the capacity of all links is equal to one.
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route R. route R route R,

Figure 3.1: Linear topology network’

Suppose that our task is to share the available bandwidth among the L+1 routes. One

possible solution is to give half of the bandwidth of each link to each route, i.e. x, = 0.5
and x, = 0.5, for all s. Intuitively, we may call this distribution “fair” because it shares

the bandwidth of each link equally among its users. It turns out that this distribution
corresponds to what is called a “max-min” fair allocation. With this type of allocation,

routes using more links do not suffer any rate penalty compared with the others.

Let us consider the efficiency of the previous rate allocation. To do so, we compare the

total throughput of this allocation to the maximum possible for this topology. The total

throughput of the max-min allocation is Zxr =(L+1)/2 . Compare this to the maximum

reR
throughput that can be achieved, which is equal to L (obtained by setting xo = 0 and

x, =1 for all other routes). Therefore, it appears that although the max-min rate sharing is

considered fair, it is not efficient because the total throughput is almost half the
maximum achievable L. On the other hand, the maximum throughput L is not acceptable

because it is highly “unfair”.

3.2.3 Max-Min Fairness

We have seen an example of max-min allocation in the previous section. This section
discusses max-min fairness in more detail. Max-min fairness [83] is arguably the most
common definition of fairness in use for rate control methods. It is defined formally as

follows [84, 85].

” Figure adapted from [94].
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Definition 3.1 A vector x of transmission rates is max-min fair if the following conditions

are satisfied:

e The allocation is feasible, i.e. for all links, the load does not exceed the capacity.
e The rate of a flow cannot be increased without decreasing the rate of another

already smaller flow.
Max-min fairness can be described as the result of a water-filling procedure [84]:

1. Start with all flows set to zero;
2. Increase the rate of all flows at the same speed until some links reach capacity;
freeze the bit rate of the flows using these links;

3. Repeat step 2 to nonfrozen flows until all traffic streams are bottlenecked.

Intuitively, a bottleneck is a link that limits the rate of a user from increasing further.
However, we will mention often the concept of a bottleneck link in the text. Therefore, it

is useful to define it formally as follows.

Definition 3.2 [85] A link [ is a bottleneck for the source r if it is filled to capacity and r

has the largest flow among all sources using link 1.
Max-min fairness has the following notable properties [85, 86]:

e A rate allocation is max-min fair if and only if every source has a bottleneck link.

¢ If a max-min fair allocation exists for a network, it is unique.

3.3 Optimization-Based Rate Allocation

Max-min fairness can be considered as an extreme version of fairness because it always
gives priority to the smallest rate in the network. As we saw in section 3.2.2, this comes
at the cost of global efficiency. Suppose that in the network shown in Figure 3.1, the
source R; needs at least x; = 0.6 units of bandwidth for its application while any
bandwidth above 0.2 is of little value to source Rqy [85]. Therefore, a “fair” allocation in

this case should take into account the requirements or preferences of users.
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3.3.1 Utility Function

Let U/(x,) be the utility function [24] of user r. It measures the benefit or “happiness” that
user r derives from sending at rate x, through the network. U(x,) is an increasing, strictly
concave, and continuously differentiable function of x, for x, > 0. Due to its concavity,

U(x,) follows the principle of diminishing returns®. We assume that lim U '(x,)=0.To

X, ~>+oo

ensure that x, is always positive, let: lin}) U (x,)=—o [87]. We assume that utilities are
X, =

additive so that the total utility of a given allocation is the sum of the utilities of

individual users.

3.3.2 Alternate Definition of Fairness

Kelly et al. [22-24] framed the rate allocation problem as a global utility maximization
problem, subject to resource capacity constraints. In this context, an allocation is said to

be fair if it is feasible and it maximizes the aggregate utility of the network.

The initial work of Kelly ef al. drew much attention, leading to an important volume of
work on this subject becoming available at the present time [85, 87-94]. By interpreting
congestion feedback as a resource price, classic economic optimization tools are used to
maximize both the network’s and the user’s benefit. In addition, the concept of a resource

price motivates users to use resources more efficiently, as we explain in section 3.4.

3.3.3 Optimization goals
Let the vector x = (x,, r€ R) be the vector of user transmission rates, and C = (C i JES )

be the vector of resource capacities. A social planner seeks to maximize the overall
“happiness” of the network users. Therefore, the optimal point of operation of the
network solves the following optimization problem [24], where the constraints are

applied element by element:

® The principle of diminishing returns is well-known in the field of economics. It states that each unit of
additional input yields less additional output than the previous one.
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SYSTEM (U, A, C):

Maximize: Z U,(x,) (3.1)
reR

subject to: Ax <C (3.2)

over: x>0 (3.3)

Since the objective function (3.1) is strictly concave and the feasible region (3.2), (3.3) is
convex, a unique solution x* exists for the previous problem, according to optimization
theory [95]. Appendix A offers a brief introduction to convex optimization theory, which
applies to the current problem. The solution can be found using the method of Lagrange

multipliers. Consider the Lagrangian function corresponding to this problem:
L(x,1)=>U,(x,)+p" (C - Ax) (3.4)
reR
where u is the vector of Lagrange multipliers y;, je J .

The Karush-Kuhn-Tucker (KKT) conditions [96] for optimality are the following:

g—i=U'r (x,)—j;ﬂj =0 (3.5)
47 (C—Ax)=0 (3.6)

Ax<C (3.7)

p=>0 (3.8)

In optimization theory, the Lagrange multipliers #; may be interpreted as the cost incurred
by a unit of flow through bottlenecked resources or as shadow prices for additional
resource capacity [24]. This introduces the concept of resource cost as a means for
controlling network congestion. From (3.6), a resource incurs a nonzero cost u; only
when its associated capacity constraint is active. In this case, we say that the resource is
congested. Otherwise, a resource has zero cost when its load is less than its capacity. We
will elaborate more on the definition of congestion later when we consider the case of

various types of networks.
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However, we note that solving the previous optimization problem requires knowledge of
the utility functions of all users, their routes, and the capacity of each resource. This
would be extremely difficult to do in a centralized manner because of the amount of

information that needs to be exchanged and processed [23].

To solve this difficulty, the previous optimisation problem is reformulated and divided in
two parts as follows. Suppose that user r is charged an amount 4, per unit bandwidth. If
each user is free to set its transmission rate to maximize its own benefit, a user will try to

maximize its utility minus the cost. Thus, the optimal rate for a user r solves:
USER, (U,, 4,):
Maximize: U,(x,)-4x, (3.9)

over: x, 20 (3.10)

r

Since U,(.) is strictly concave, the problem USER, (U,, 4,) always has a unique solution,

which satisfies [97]:

U, x)=4 (3.1

Because of user charges, the network receives income from users at rate 4, per unit flow.
If the network is allowed to set user transmission rates x,, it will try to maximize its

revenue as follows:

NETWORK (A, C, 2):
Maximize: > Ax, (3.12)

subject to: Ax <C (3.13)

over: x20 (3.14)
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We note that, after dividing the problem in equation (3.1) in two parts, the network
problem does not require knowledge of the users’ utility functions and the user problem
does not require the routing matrix A or other users’ utility functions. Therefore, the

optimization problem can be solved in a distributed manner.

Theorem 3.1 [24] There exists a price vector A = (A,, r€ R) such that the vector x, formed
from the rates x, that solve USER, (U,, 4,), solves NETWORK (A, C, 1). In this case, the
vector x also solves SYSTEM (U, A, C).

Put simply, this means the following. If the link prices are “right”, i.e. if the prices are
equal to the Lagrange multipliers of the SYSTEM problem, the users and the network will

bring their rates to the global optimum by acting in a greedy manner.

Proof [24] We have already noted that the problem USER, (U,, 4,) has a unique solution
Xr, which is determined by U’, (x,) = A, . Suppose that x, also solves NETWORK (A, C,
A). The Lagrangian function for the NETWORK (A, C, 2) problem is:

L(x,q)=Y Ax,+q" (C - Ax)
reR

If the pair (x,, 4,) that solves USER, (U,, 4,) also solves NETWORK (A, C, J), the
following KKT conditions hold:

(%L:#,—;qj =0 (3.15)
q" (C-Ax)=0 (3.16)
Ax<C (3.17)

q>0 (3.18)

Replacing ¢ in (3.15)-(3.18) with x and using the fact that U', (x,) = A4,, we obtain the

same conditions as in (3.5)-(3.8), which means that x, solves SYSTEM (U, A, C) as well.
We have established the last part of Theorem 3.1. As for the existence of the vector A, we
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already know that SYSTEM (U, A, C) always has a solution, with Lagrange multipliers y;.
The elements of hare A, =Y u, .

jer

3.3.4 Demand Function

Given a total price A, for route r, the user adjusts his transmission rate to maximize his
benefit as seen in section 3.3.3. We can use a function f,(.) to describe this relationship
between the route price and the transmission rate of user r as shown in equation (3.19).

f(.) is called the demand function [98].

x, = f(4) (3.19)

Consider the function g(z)=U ',_1 (z), where u'l(.) denotes the inverse function of a
function u(.). Applying g(z) to both sides of equation (3.11) and using the fact that

g '(g(2)) = z, we obtain the following expression [98]:

x, =f.(A)=U""() (3.20)

Since U, is concave, its derivative U', is a decreasing function. The inverse function of
U', is also decreasing. Therefore, f,(.) is a decreasing function of the route price A.. This

means that a user subscribes to less bandwidth as it gets more expensive.

3.4 Utility Functions and Fairness

The utility function determines the properties of the rate allocation as we explain next.
Various fairness criteria can be achieved when users choose the appropriate utility
function. To illustrate this, we discuss in this section two different fairness criteria:
proportional fairness [24] and the so-called minimum potential delay fairness [94] and

compare them with max-min fairness.

Let us revisit the linear topology network shown in Figure 3.1. A natural optimization

objective is to use the available bandwidth as efficiently as possible. This means
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allocating the bandwidth so that the total throughput Zx, of the network is maximized

[94]. However, this may result in a rate allocation where some flows must be zero, as we
already mentioned in section 3.2.2. To reach the stated objective, each link should be
filled to capacity. Referring back to Figure 3.1, if xy is the rate assigned to route Ry, then

the rate of the other routes must be x, =1-x,. In this case, the sum of all rates is

xy+Lx, =L~ (L-1)x,. This is maximal for xy = 0, corresponding to a total throughput

of L [94]. Although this method achieves the maximum feasible throughput for this
network, this allocation is not acceptable because xp = 0. In the next sections, we discuss

other rate allocations that do not display this problem.

3.4.1 Minimum Potential Delay Fairness

Minimum potential delay fairness was introduced by Massoulié and Roberts in [94]. It is

achieved with a utility function of the following form:

Ur(xr)::——.x%— (321)

r

) .. 1 . 1 .
Therefore, the network tries to max1mlze2——— , or conversely, to rmn1m1ze2—. This
— X ~ X

r r

is motivated as follows. Suppose each network user has a file of a given size to transfer.

The transmission time for each file is proportional to 1/x,. Therefore, by minimizing

Z—l—, the network reduces the total transmission delay for the set of files. The

“minimum potential delay” term follows from this property. The more general weighted

) . .. W,
version of this criterion minimizes Z .
X
-

r

Let xp be the rate of Ry and x; (1 < s < L) denote the rate of the other routes shown in
Figure 3.1. It is obvious that all links must be fully utilized to reach the objective, i.e.
x, =1-x,. The minimum potential delay fair allocation can be found as follows [94].
First, note that 1/x, is strictly convex. Therefore, the objective function always has a

minimum.
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Objective function:  min ZL L +L 1 L
X, x, x, x, (l-x,)
The minimum is reached when:
d |1 L 1
—— |-t =0=-— 2
dxg\ x, (1-x,) Xy (=xy)

The last expression admits two solutions. Only one is feasible, which determines the rate

of Ry as follows:

The total throughput is L+1-+/L . This is better, compared with the case of max-min

fairness since L+1—+/L > (L + 1)/2 for L> 1. However, as shown by the expression for

xp above, the gain in total throughput comes at the cost of a penalty to long routes.

As an example, it is argued in [99] that the Additive Increase Multiplicative Decrease

(AIMD) strategy used by TCP is minimum potential delay fair.

3.4.2 Proportional Fairness

Weighted proportional fairness with weights @, is obtained by choosing a utility function

of the following form [24]:

U,(x,)=w,logx,

(3.22)
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From equation (3.1), it follows that a proportionally fair rate allocation

maximizesZa)r logx, . Choosing a logarithmic utility function removes the possibility

r

that x, is zero for some flows.

A feasible rate allocation vector x is proportionally fair if, for any other feasible vector
x*, the sum of proportional changes is zero or negative [23]. For the more general case of

weighted proportional fairness, this can be expressed as:

3w, <0 (3.23)
reR xr

Loosely, in a proportionally fair rate sharing, the user rate x, is proportional to its weight
®,. This can be drawn from equation (3.20). Substituting U, with @, logx,, we get the

following rate allocation at equilibrium: x, = @,/ 4.

For the network depicted in Figure 3.1, the rate allocation is found as follows [94]. We

use the same notation as in the previous section and assume that w, = 1 for all .
Objective function: ~ max Z logx, =logx, + Llogx, =logx, + Llog(1—x,)

The maximum is reached when:

i(logxo+Llog(1—x0))=0::>i— L =
X, x (A-x)
1 L 1
—= =X, =
x, (1-x,) (L+1)
L
X, =
(L+1)

The total throughput is L—(L—-1)/(L+1), which is the highest of the three cases we
considered (including max-min). However, long routes are even more penalized

compared with minimum potential delay fairness.

The previous discussion demonstrated the advantage of the optimization approach and

the flexibility offered by the utility function.
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3.5 Primal Rate Control Algorithm

We introduce in this section the rate adaptation strategy applied by users in order to reach

the optimal operating point of the network.

3.5.1 Optimization Problem Relaxation

We saw in the proof of Theorem 3.1 that, for the users to converge by themselves to the

global optimum, the vector of route prices A, must satisfy: A = Z M, , where y; (je J)

jer
are the Lagrange multipliers of SYSTEM (U, A, C). However, these Lagrange multipliers
are no longer available when SYSTEM (U, A, C) is divided in two parts to allow a
decentralized implementation (see section 3.3.3). For this reason, the primal rate control
algorithm provided by Kelly et al. [23] solves a relaxation of the global optimization
problem (3.1)-(3.3). In this relaxed version, the capacity constraints (3.2) are replaced by

penalty functions.
The relaxed optimization problem is the following [23, 85]:

2 x
Maximize: % (x)=>.U,(x)->. | p,(2)dz (3.24)

reR i€l oo
over: x>0 (3.25)

where p;(.) is the penalty function for resource j and Z x, denotes the total load on j.

s:jes

Penalty functions are the subject of the following section.

3.5.2 Penalty Function

In order to regulate the network load, a resource j incurs a penalty p;(y;) when it carries a
load y;. The function pj(.) is called a penalty function or barrier function [23, 85]. We can
think of p;(y) as a cost of sending a unit of bandwidth through resource j. This price can
be conveyed to users by marking the packets crossing a congested resource, as suggested
in [23]. For example, this can be done using a scheme similar to Explicit Congestion

Notification (ECN) [100]. In this case, pj(y) represents the proportion of traffic that is
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marked at resource j. Individual users respond to this feedback according to their demand
function (see equation (3.20)). Note that aggregate marking is applied at resources
because the argument of the penalty function is the total load y. Therefore, the resource

does not need to identify individual flows.
The function pj(.) satisfies the following conditions:
a. pj(.) is a non-negative, continuous and increasing function.
b. pj(y) <1fory>0,since pj(y) is the proportion of packets which receive a mark.

c. lim p;(y)=1. This means that, as the offered load increases, the resource
y—rteo

marks an increasing proportion of the offered load. A heavily loaded resource
marks almost all packets that pass through it. Because y is the total load offered

to resource j, it may exceed the resource capacity.

¥,
d. lim |’ P j(z)dz =00 j.e. as the load increases, the price of a resource does
Yi= Jo

not stay “small.”

Resource prices are assumed to be additive along a route such that the price of route r is

equal to the sum Z p;(y;) of the prices of the resources on r. This implies independent

jer
marking between resources. Since p;j(y) represents the ratio of packets through j that

receive a mark, the total number of marks received by a user r in each time unit is

X, (t)z p;(y j(t)). Note that, although we use a fluid model assumption, marking can

jer
only be done at the packet level. Section 3.5.5 provides examples of how the price pi(y)
can be computed.
3.5.3 Existence of a Solution

First, note that the objective function Z4x) is strictly concave [23, 85]. We remind the

reader that the utility functions U,(.) are concave. Let C;(y;) = J- ! p j(z)dz. Since the
0
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penalty function p;(.) is increasing, the function Ci(.) is convex and —Cj(.) is concave.
Therefore, 24x) is concave because it is formed by the sum of concave functions. Next,

we assumed in section 3.3.1 that lim U',(x,)=0 and lin% U (x, ) =—oo. Because of our

X, —>+eo

||li”m0 YU (x)=—o= and: Illhm YU (x) = —o= . Therefore,

Z4x) has a unique maximum in the feasible region x >0.

assumptions regarding p;(.), we have:

At the maximum, we have =0 for all routes r. Therefore, the vector of rates that

r

maximizes the objective function ‘Z4x) satisfies the following:

U',<x,)—2pj(2xsj=0 (3.26)

jer s JES

3.5.4 Primal Rate Adaptation Rule
3.5.4.1 General Case

We now present the primal rate adaptation rule that individual users apply in order to
converge towards this solution. The general form of the rate control algorithm is given by
equation (3.27) and (3.28) [97]. We show in section 3.5.4.2 why the method described in

equations (3.27) and (3.28) solves the optimization problem.
d :
—x0=xK, (x, DU (x,0) - x,0).3 4, (r)} (3.27)
jer
where:
ﬂj(t)zpj(zxx(t)j (328)
s jes

K, s a positive constant acting as a control gain. As defined previously, x.(¢) is the rate of
user r at time ¢, pj(y) is the price of resource j when carrying a load y, and U, is the utility

function of user r.
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3.5.4.2 Stability and Convergence

The convergence and stability of the rate update rules (3.27) and (3.28) can be established

using a Lyapunov function argument as follows [23]. First, note that (3.27) has an

equilibrium point defined by ditx' ®O=0=>U"(x.()= Z P, ( Z X, (I)J, which

jer s:jes
corresponds to the maximum of Z4x), as shown in equation(3.26). Let the constant K be
the unique maximum of Z{x), which always exists as we showed at the beginning of this

section. Let x” denote the vector of optimal rates x.,ie. Z(x )=K .

Consider the following function:
O(x)=K-7%(x) (3.29)

Q(.) is strictly convex since Z4x) is strictly concave. Moreover, Q(.) admits a unique

minimum Q(x)=0. Since Q(.) is strictly convex, Q(x) >0 for x # x".

Let us define the following axis translation: @ =x —x" = x =a +x". This implies that

dx, =da,, where a, is an element of the vector a. Consider the following function:
7 (@) = Q(a+ x") . More explicitly:
> (a, +x:)

P @=K->U(a+x)+> | p;(2dz (3.30)

reR jed &

% (a) is a Lyapunov function for (3.27), as we show next [23]. First,
2(0)=00+x)=0 and Z(@)>0 for a#0. In other words, 2°() is positive

definite. Next, consider the following derivatives:

da, _dx, _ Kr((ar(t)+x:).U',(a,(t)+x:)~(ar(t)+x:).2pj[z (as(t)+x:)jj

dt dt jer s jes

in addition:


file:///r.jss
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—Zp,LZ(as(r)+x;‘)J-—U',(a,(r)+x:)

jer s:jes

Therefore,

"W _Za% da, ——ZK (a,@0)+x] )(U'r(ar(t)+x:)—2pj(z (as(t)+x:)D2 <0

jer s:jes

Additionally, we note that % =0 when a = 0 and that "lim 7 (a) = oo, which means

dt ol
that the equilibrium of the system is globally asymptotically stable [23]. Therefore, when
users apply the rate adaptation algorithm given in equation (3.27), the rate allocation

always converges to the optimal operation point determined by equation (3.26).

3.5.4.3 Proportionally Fair Rate Controller

For the particular case U, (x,) = w, log x, , equation (3.27) simplifies to equation (3.31).

—x L) =K, (@, —x,(0).)_ 1,(®)) (3.31)

jer

The rate adjustment rule given in equation (3.31) is commonly known as the Kelly

control and is first proposed in [23]. This method can be motivated as follows. The

network charges each user r an amount equal toz 4;(2) per unit traffic flow. Therefore,

Jjer
cost per unit time to user r increases linearly with that user’s sending rate and is equal

tox, (t).z 4,(t) . A user r picks a price w,. We can regard w, as the cost per time unit that

jer
user r is willing to “pay”. It can also be interpreted as the number of marks per time unit
that r is willing to sustain. Using the rate adjustment rule, user r receives bandwidth in
proportion to w,. We note that the only network feedback needed by users to converge to

optimality is the total price along its route.

This rate adjustment rule can also be interpreted as follows. When there is no congestion,
user r additively increases its rate by an amount proportional to w,. When a congestion

signal is received, the rate undergoes a multiplicative decrease {23]. Therefore, equation
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(3.31) describes an AIMD rate control algorithm. The AIMD rate adjustment rule has
several desirable properties as laid out by Chiu and Jain in [101]. These properties are

summarized as follows:

a. Efficiency: ability to keep the network out of the congestion range.

b. Fairness. o

c. Distributed operation: each user does not need knowledge of other users’ state.
d. Convergence.

Most importantly, equation (3.31) results in a proportionally fair allocation because it
corresponds to a logarithmic utility function. The equilibrium point x for the

proportionally fair rate controller is given in equation (3.32).

e

r Z K, (3.32)
jer
From the previous equation, we note that the allocation of route r is proportional to ;.

Therefore, we refer to w, as the weight of route r in the rest of the text.

3.5.5 Example Penalty Functions

In this section, we discuss two examples of suitable pricing functions p; for use with the
algorithm in equation (3.31). In a real network setting, the price may correspond to

packet loss probability or queueing delay.

In the first example, a link j with capacity C; is modeled as an M/M/1 queue. The total
load offered to the link is y. Threshold marking may be performed at the queue to convey
resource price. The price function is then equal to the probability that the queue length is

greater than or equal to the threshold B and is given in equation (3.33) [102, 103]:

C,

J

p,(y)= [lj (3.33)

The second marking function is proposed in [87, 91]. This method does not require a

queue model and calculates the link price as follows:
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_.C_ +
p,-(y)=(—y—f—)— (3.34)

where ()" means sup{0, &}.

Using a deterministic fluid flow model, equation (3.34) may be interpreted as the fraction

of traffic lost when offered load exceeds the link capacity C;.

3.5.6 Marking vs. Charging

The term “price” traditionally implies monetary charges, and usually contains two parts:
sunk costs and variable costs. However, in our discussion, price is merely used as a
feedback signal for the purpose of flow control. In other words, a user interprets the

number of marks (for example ECN marks) it receives as bandwidth cost.

To illustrate this, consider the case of TCP congestion control. We have already
introduced the steady state throughput of TCP [71] in equation (2.4), which we repeat

here for convenience.

L MSS
RIT-\[p

where k is a positive constant (k =+/3/2 ), MSS is the maximum segment size, RTT is the

BW =

round-trip time, and p is the probability of packet loss. We can state from equation (2.4)
that, if MSS and RTT are constant, the throughput of a TCP connection is adversely
affected by packet loss. Since TCP halves the congestion window when a packet loss

occurs, it is understandable that the average TCP throughput decreases when p increases.

However, we can also interpret equation (2.4) in terms of bandwidth price. If we regard p

as a price per unit flow, we observe that a TCP user adjusts its transmission rate
proportionally to 1/ \/; . For this reason, we use the terms charging and marking as

synonyms in the rest of the text.
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3.6 Dual Algorithm

Because of the duality principle, there is a dual algorithm which also maximizes the
objective functions presented in section 3.3.3 [23]. This section discusses the properties
of the dual solution. In the dual algorithm, resources dynamically adjust the prices and
the user rates are static functions of the price. In contrast, for the primal algorithm, users

dynamically adjust their transmission rates and resource prices are function of these rates.

In the dual algorithm, resource j adjusts its price as follows, as described in equation

(3.35) [23].

d
0= K(Zx,(t)—q,- (4, (t))) (3.35)

r,jer

where:

X (t)_—é_l)_r__—
S WAT (.36

ker

Again, k>0 and ¢g,(77) may be interpreted as the load that generates a price 7 at resource

J [23]. In other words, g; = pj‘l and is strictly increasing [104]. The dual algorithm has a
unique stable point (g, x) to which all trajectories converge. The stable point is the same

as that of the primal algorithm, given in equation (3.32) [104].

The dual algorithm is included here for completeness. It is worth noting that there is a
significant body of work studying another dual solution to the optimization problem
introduced in section 3.3.3. Interested readers are referred to [88, 98, 105-113]. From this

point forward, we will focus on the primal algorithm of equation (3.31).

3.7 Stability

The rate control described by equation (3.31) assumes instantaneous feedback and

deterministic evolution of resource prices. In real networks, propagation delays cannot be



Chapter 3: Optimization Approach to Congestion Control 60

avoided and resource prices are based on random processes such as packet loss. This
section looks into the perturbations caused by these factors on the rate allocation at
equilibrium. We consider these two factors separately, although their effect is combined

in a real network.

3.7.1 Stability under Delay

We observe that equation (3.31) describes a closed-loop congestion control. We know
from control theory that network delays can destabilize its operation. Kelly et al. showed
that, for a given round-trip time D, there is a maximum value of the gain x, above which
the system regulated by equation (3.28) and (3.31) becomes unstable [23]. In this section,
we introduce stability conditions for networks applying the algorithm (3.31), in the
presence of delay. These stability conditions are taken from the work of Johari et al.

[102]. We adopt the following assumptions about the delay [102]:

a. Queueing delays are negligible and network delays are entirely due to
propagation delays. This means the delay of a given path is fixed and is only
function of its length;

b. Each flow uses a fixed route. Combined with the previous point, this means the

delay on every network path is fixed.

We switch to the discrete time domain for the following discussion. Let n denote the time

in discrete domain. Let d;’ and d; denote the forward and backward delay between user

r and resource j, respectively. The feedback received by user r at time n is based on

resource prices d;; time units ago, i.e. &;[n—d;]. Likewise, the load seen by resource j

r

at time 7 is function of users’ rates d time units ago. Therefore, the feedback received at

time n is based on the user’s rate d +d; time units ago. Assume that d}; +d; =D,

for all resources j on the route r, which means D; is the round-trip delay (RTT) of route r.
This holds when feedback is transmitted to the sender by the destination, as in TCP [102].
Taking into account the previous delay terms, equation (3.28) and (3.31) yield the

following delay-differential equations [102]:
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x,[n+1]=x,[n]+k.| @ —x [n-D, ]Zﬂj[n—d;]j (3.37)

Jjer

where: ulnl=p,| > xIn-d; ]J (3.38)

sijes

In the previous discrete time form of the rate control method, x,[n] may represent the
number of packets sent during timeslot n. Also, we note how the rate at time n+1 depends
on the feedback at time n when D, = 0. It is easy to see that the previous discrete time

system has an equilibrium point, which is the same as in (3.32) [23].

3.7.1.1 Single Route, Single Resource

Let us consider first the case of a network with a single link and a single route. The single

user adjusts its transmission rate as follows [102]:
x[n+l]:x[n]+K(a)—x[n—D]p(x[n—D])) (3.39)

where D is the RTT of the single route.

Let x* be the transmission rate of the user at equilibrium, which satisfies @=x"p(x").
Assume that p(.) is differentiable at the equilibrium and that its derivative is p’(.). To
simplify the writing in this section, let p and p’ denote p(x’) and p’(x") respectively.
Consider the following linearization of equation (3.39): x[rn]=x"+ y[n]. The term y[n] is

updated as follows [102]:
Yn+11=ylnl-x(p-x"p')yIn-D] (3.40)

The details of the previous linearization are given in Appendix B.1. The system described
by equation (3.39) is locally stable if all the roots of the characteristic equation (3.41)

have modulus less than one [102].
AP AP +k(p+xp)=0 (3.41)

Johari et al. [102] showed that the system described by equation (3.39) is locally stable if
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(3.42)

K(p+x p)<2s1n[————2(2D+1))

Conversely, the system is unstable if

* . T
Kk(p+x p)>2sin| ———
(p+xp) (2(2D+1)J
A proof is provided by Johari et al. [102] for this result and is reproduced in Appendix
B.2.

3.7.1.2 Meshed Networks with Heterogeneous Delays

Johari et al. [102] proved that, for general mesh networks where all nodes have the same

round-trip time D, the stability condition is the following:

, . 4
KrZ[pj +p'; szj< 2sm[—2(2D+1)J (3.43)

jer s:jES
where p, and p'; denote the value of the penalty function and its derivative at

equilibrium.

This condition has an appealing form because it involves only information available to
users and does not require central control. Therefore, it is suitable for distributed
operation. This condition is essentially the same as the one in (3.42) but takes into
account the fact that the resource prices are function of the total load and that prices are

additive over a route.

Obviously, the condition D, = D for all r is difficult, if not impossible, to achieve in a
network of reasonable complexity. This seems to diminish the usefulness of this result.
However, Johari et al. [102] conjectured that the criterion of equation (3.43) also applies
to networks with heterogeneous delays. They simulated 10,000 random networks in an
attempt to find a counterexample to their conjecture. In all cases, the systems were

asymptotically stable when (3.43) is applied.
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We note that Massoulié [93] and Vinnicombe [114] separately derived stability
conditions for networks with diverse delays. However, the proofs only apply to the

continuous time algorithm.

3.7.1.3 Bounds on Rate Oscillations

Even if the network is not stable according to the conditions above, it can be shown that
the amplitude of rate oscillations is bounded [91]. Furthermore, the authors in [91] argue

the peak rate of oscillations is close to the equilibrium rate.

Let x, denote the equilibrium rate of a user r running the algorithm of equation (3.31).

Assume a network with a single resource and in which all users have the same round-trip
time D. A user r applies the rate adaptation rule shown in equation (3.37) and (3.38).

From equation (3.37), we observe that the transmission rate of user r cannot increase
faster than a certain amount determined by x,[n+1]-x,[n]< k@, . Note also that the
feedback received by user r is based on its transmission rate D time units ago. Starting
from the equilibrium x, the rate of user r can increase only for D time units before it
receives feedback notifying it to reduce its transmission rate. Therefore, the upper bound

M, on x, is given as follows [91]:

M, =x +KwD (3.44)

To find a lower bound for x,, we need to determine how fast it decreases during the
adaptation process described by equation (3.37). The rate x, decreases fastest when the
price paid by user r reaches its maximum. Understandably, the maximum price is
reached when the load is at its peak, which is determined by equation (3.44).

Thus, the maximum speed of decrease of the rate x, is determined by:

SER

x[n+1]-x[n]lZ2k, (a), -M, p(Z M, D Therefore, the lower bound on x, is given by

the following equation [91]:
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I =x — Dk, (M,p(ZMs)—wr) (3.45)

where p(z M sj denotes the price of the resource when receiving the peak traffic from

SER

all users. The term M, is computed using equation (3.44).

3.7.2 Stochastic Stability

This section discusses the effect of random price variations on the rate allocation at
equilibrium. These random perturbations are mainly due to the fluid flow approximation
of discrete packet streams and the stochastic nature of the pricing mechanism (for

example packet loss, queue threshold marking).

Kelly et al. [23] modeled random perturbations to a linearized version of equation (3.28)
and (3.31) using Brownian motions. They showed that, with perturbations coming from
the price signals (i.e. from the network) or originating from users, the rate allocation is
distributed according to a normal distribution, x(#) ~ N(x",Z) [23]. Furthermore, the
variance X is proportional to the control gain k,. Increasing x, speeds up the convergence
to the stable point. However, this also increases the spread of the rate around the

equilibrium [23].



Chapter 4
Proportionally Fair Congestion

Control for OBS

4.1 Introduction

The previous chapter introduced the mathematical foundation of optimized flow control.
In this chapter, we examine the application of this theory to the development of a
congestion control method for optical burst switching, which we named Proportionally
Fair OBS (PF-OBS). Our goal is to keep the burst loss rate caused by contention under a
chosen threshold. This is achieved by removing congestion from the optical core,
alternatively managing it at the OBS edge nodes. Our technique runs in a distributed
manner, without the need for coordination between traffic sources. Thanks to its
theoretical foundation, PF-OBS inherits the advantages of the underlying principle. These
include convergence to a unique stable point, predictability of the rate allocation at

equilibrium, proportional fairness, and stability under delay.

First, we explain our motivation for choosing this method in the design of technology that
applies congestion control at OBS networks. In section 4.3, we state the assumptions we
make throughout the chapter. Section 4.4 discusses the generation of feedback messages
in detail. Section 4.5 presents the rate control method applied at the edge nodes. Finally,

section 4.6 addresses the stability under delay.

65
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4.2 Rationale

Although many rate-based congestion control algorithms exist for electronic networks,

these cannot be applied to OBS easily. The reasons are as follows:

Many algorithms use queue length or queueing delay as a congestion indication.
As we already pointed out, the current state of optical technology restricts the use
of this method. It is safer to assume that optical switches used in OBS networks

do not have any buffering capability.

An example of techniques that do not use queueing information is the ERICA
[82] algorithm, used in ATM ABR flow control. However, such explicit rate
indication methods apply high computational load on the switches [94], as they

require intermediate switches to monitor and police each flow.

Therefore, we argue that the proportionally fair rate control algorithm described in the

last chapter is a better solution for OBS congestion control. For convenience, we

reproduce equation (3.31), which forms the basis of our proposed method:

%xr )=k (0, —x, (t).z,uj ®))

Jjer

This flow control algorithm has several advantages and fits nicely with the limitations

and requirements of OBS as explained below:

a. In systems developed using approaches based on equation (3.31), the congestion

is managed at the source nodes, which take up most of the computational load.
The added load on intermediate switches is small since they only apply marking
in case of congestion. We believe this is in agreement with the design principles
behind OBS, which is to minimize processing at intermediate switches. This is the
reason we chose the primal algorithm, although a dual solution is also given in

equations (3.35) and (3.36).
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b. Simplicity: this method manages end-to-end connections. Consequently, a source
does not need to know about the congestion level of each link it uses. Similarly,
feedback generated at congested resources is function of the aggregate load. There

is no need to identify or police each flow.

c. Distributed operation: each source converges to an optimal rate on its own, using

only feedback reporting the cumulate price. There is no need for central control.

d. This technique has a well-researched theoretical foundation. This framework
introduces predictability into the rate allocations at equilibrium. In addition, the

optimization approach results in high utilization of network bandwidth.

e. As a particular case of the last point, the method is proven to converge to a unique
stable point. In the presence of feedback delay, a stability criterion is also

available.

f. It guarantees proportional fairness of rate allocations at equilibrium.

4.3 Background

4.3.1 Assumptions

Before going into the details of our congestion control method, we state in this section
general assumptions about the operation of OBS. We also define the scope of our

proposal. These assumptions will apply to the rest of the thesis.

A1l.We only consider congestion within the OBS domain, i.e. from an ingress node to
the matching egress node. Presumably, an OBS network makes up only a portion

of an end user’s (e.g. IP) packets route. Our proposal applies to transmission rates

between ingress and egress nodes. A study of the effect of PF-OBS on other

protocols (e.g. TCP) or on adjacent networks is outside the scope of this thesis.

A2.We assume that routes from ingress to egress nodes are unique and fixed. This

can be guaranteed using a technique similar to MPLS (Multiprotocol Label
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Switching) in the OBS control plane. This defines a virtual connection between a
pair of communicating ingress and egress nodes. Using the terminology
introduced in Chapter 3, we use the terms “route” and “user” to designate these
virtual connections. In addition, “source” refers to an OBS ingress node while
“destination” means egress node. Unless specified otherwise, this naming
convention applies to the rest of the thesis. For more detailed treatments of label

switching in OBS networks, interested readers are referred to [40, 115, 116].

A3.We consider OBS networks as traffic backbones, carrying aggregate flows from
access networks and spanning a large geographical area (possibly thousands of

kilometres). As a result, propagation delays in OBS links® may be significant.

A4.We assume that OBS core nodes have no buffering capability, or that buffering
delays are negligible. This is a reasonable supposition, given the current state of
optical technology. Therefore, signalling lags in OBS networks are entirely
caused by propagation delay. Combined with point A2 above, this means route
round-trip times (RTT) do not change. This is mostly relevant to network stability

under delay, discussed in section 4.6.

A5.Since the congestion control actions are performed by source nodes, the speed
with which our algorithm may respond to congestion at intermediate nodes is
limited by propagation delays. Therefore, PF-OBS is not designed to manage
congestion duration shorter than the RTT. We are only concerned with congestion

that lasts longer than the RTT.

A6.We assume that packets on OBS control channels are never lost. This includes

burst header packets (BHP) and other control packets used for congestion control.

? In our discussion, an OBS link designates a section of optical fibre cable connecting two OBS nodes. A
link may carry several wavelengths (also called channels). Communication between two OBS nodes
requires a separate optical fibre for each direction. We consider each fiber as a distinct link because the
connection may be congested in one direction but not in the other.
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4.3.2 PF-OBS Overview

The main objective of our congestion control technique is to maintain the blocking

probability on every link in an OBS network under a maximum value P. To achieve this
goal, the load on all links is kept under a threshold él, as in [19, 20]. é, is smaller than
the link capacity C;. Therefore, we may regard C , as a virtual capacity for link /. é‘, is

the load at which the burst blocking probability on link / reaches P. For example, if full
wavelength conversion and void filling scheduling are applied, we may use the Erlang B
formula to calculate the load matching a desired loss probability. Suppose the number of

wavelengths in each link is N = 64. The normalized load must then be kept under

C , =0.69 if we want to maintain the blocking probability under pP=107, Obviously, the

traffic load corresponding to P varies according the contention resolution methods

available. A better contention resolution technique means that a higher load is allowed
before the congestion controller takes action. We assume the maximum blocking P is the
same for all links and does not change in time. It is the load threshold that varies for each
link to meet the blocking limit P. Note that the maximum blocking probability on a
virtual connection depends on the number of links it contains. For a route traversing &
links, the overall loss is at most A.P, assuming Pis small and blocking is independent

between switches.

There are several choices regarding the moment at which source rates should be updated.
For example, it can be done every i bursts or every m marks. However, the previous
methods present some problems if some users have a low traffic rate or if the network is
uncongested and no marking occurs. Moreover, in equation (3.37), w, refers to the
number of marks per time unit that a user is willing to pay and we assume w, is a
constant. Therefore, feedback generation and source rate adjustment should take place
periodically. Furthermore, this guarantees timeliness of control actions. We adopt this
method in PF-OBS. The timeslot duration 7 is the same for all sources. Accordingly, we
use the discrete-time formulas in equation (3.37) and (3.38) in our congestion control

method. The transmission rates to be used in the next timeslot are updated using the
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feedback received at the end of the current timeslot. However, there is no synchronisation

between different routes because of network delays.

We have already noted that each user regulates its rate using only their preferred price o,
and the feedback it receives regarding the aggregate route cost. This cost is measured in
terms of the number of marks received during a timeslot. Special fields are added to burst
headers in order to carry this information, in a manner similar to Explicit Congestion

Notification (ECN) [117].

We note that we do not include retransmission of blocked bursts in our proposal. The
main reason is the memory requirement for each route, which must be at least equal to
the bandwidth-delay product of the path. This is expected to be unusually large in OBS,
except for short distance connections. If the congestion control works as intended, the
fraction of bursts lost because of contention is expected to be small. For example,
if 13=10‘3, retransmission is needed for only one out of 1000 bursts. However, a
retransmitting ingress node must buffer all bursts in transit until an acknowledgment is
received. Therefore, we believe the performance gained with burst retransmission does
not justify the resources it requires. We rely on higher layers such as TCP to retransmit

the packets contained in lost bursts.

4.4 Marking Strategy

This section details the marking strategy used in our congestion control method. A proper
burst marking policy is vital for the operation of PF-OBS as it affects the speed of
convergence [102] and smoothness of rate allocations at equilibrium [23, 91]. The OBS
core nodes signal congestion by marking burst headers at a bottlenecked link.

Intermediate nodes monitor the load offered to each link and detect congestion if this load
exceeds the critical value C’, for the link. Marking means turning on a congestion

indication bit in the BHP, as is done in ECN [117] for example. No marking takes place

in uncongested links. Transmission of rate x, incurs to user r a price equal to the total
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number of marks received in a timeslot. For this reason, we may use the number of marks

as a measurement unit for link price.

We introduce the principles behind our marking policy first and then present the

implementation details.

4.4.1 Requirements of a Marking Scheme

We identify here the constraints that must be satisfied by a proper marking policy. Some
of them follow directly from the theory presented in the previous chapter while others are
due to practical considerations. Let us repeat the discrete-time rate update rule described

by equation (3.37), ignoring the delay:

x,[n+1]=x [n]+ x,(w, - x,[n]) 4 [n]j (4.1)

jer

where: #,[n] = p,.[ > x, [n]) 4.2)
sijes

The simplest interpretation of the previous rule is the following: in each timeslot, an

ingress node compares the number of marks o, it is ready to sustain with the number of

marks received from the network. If the received marks exceed w,, the source reduces its

rate. Otherwise, the source increases its rate. The term that corresponds to the marks

received from the network is x,[n]z #;[n]. From this, we identify the following
jer

requirements:

R1.From equation (4.2), the probability that a packet receives a mark at a link is a
function of the total load of this link. Therefore, the switch does not need to

monitor individual flows.

R2. A flow receives from the network a number of marks proportional to its sending

rate x,.
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R3.The overall probability that a packet from a flow receives a mark is equal to the
sum of marking probabilities on each link. This also means that marking must be

independent from link to link.

Besides the previous theoretical requirements, a marking policy should also satisfy the

following requirements:

R4.1In order to keep the rate allocations smooth, the number of marks in consecutive
feedback periods should not show large variations when the network is at
equilibrium. It is not enough that the long-term average converges to the desired
value. The number of marks from timeslot to timeslot must also remain close to
the average. Otherwise, the rate allocations will show large random deviations
around the equilibrium, as discussed in section 3.7.2 (stochastic stability). Ideally,
the marks should be generated by a deterministic rule, instead of being the result
of a random process. In addition, since it is impossible to get a fraction of a mark,
the number of marks received during congestion should be large enough to allow

fine-tuning.

RS5.The marking scheme should be able to work using a single bit in burst headers for
marking. However, it may also take advantage of multi-bit marking (e.g. with

variable size bursts, as explained in section 4.4.4).

4.4.1.1 Issues with Blocking Probability in OBS

Since we assumed that optical buffers are not available at the OBS switches, we cannot
use queue length information marking in our method. Using data loss as indicator for
congestion appears to be a natural and attractive solution at first, and it is used in many
congestion control algorithms (e.g. TCP [118], R-OBS [81], RED [119]). However, we
will show that it is not suitable for use in OBS congestion control, as it does not satisfy

several of the constraints listed above.

First, as burst loss is stochastic in nature, the condition we stated in point R4 above is not
satisfied. With randomness being unavoidable, if the losses counted in consecutive

timeslots show a large variance, they force the congestion control scheme to take
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conflicting decisions within a short period. As we will show, this typically holds for the
range of timeslot durations that is of interest for us. In addition, since our goal is to keep
the blocking probability low, we expect only a few burst losses for each user in a
timeslot. This does not allow the accumulation of an adequate number of events, which
provides strong confidence before taking an action. To illustrate this, we simulate a star
topology OBS network, as shown in Figure 4.1. The link between the switch and
destination node supports 64 wavelengths. For this experiment, we use 8 source nodes.
Maximum burst size is 250 kbits. We run two simulations using different burst arrival
processes. In the first run, burst arrival at the switch is Poisson and therefore short range
dependent (SRD). In the second run, the burstification buffers at each source node are fed
by self-similar sources with a target Hurst parameter H = 0.9, and therefore long-range
dependent (LRD) [34]. Each self-similar traffic source is modeled as a superposition of
100 Pareto ON-Pareto OFF smaller sources, as described in [120]. In simulations, the
Hurst parameter of the aggregate traffic at the switch is estimated using the variance-time

plot method [34]. We obtain H = 0.886 + 0.014 with 95% confidence.

Source 1

Switch Destination

Sou;;:e N
Figure 4.1: Simple star topology OBS network

We record the number of bursts blocked on the link between the switch and the

destination node during each timeslot. This yields a time series B = (81, 2, ... , fn), where

Bi is the number of blocked bursts in timeslot i. We compute the coefficient of variation

(CV) of B, defined as CV, =ﬁ, where o, is the standard deviation of B and 4, is its
B

mean. The coefficient of variation is an indicator of the statistical dispersion of a random
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distribution around its mean. We run this experiment with four different values of
timeslot duration 7, ranging from 10"* second to 1 second. For intervals smaller than 10
second, there are too few burst arrivals in each timeslot and the blocking probability
estimate is inaccurate. Conversely, an observation period longer than a few seconds is
considered too long and results in a sluggish response in case of congestion. For both
source types, the load is such that the average blocking probabilities are the same and are

equal to 0.66%.

The results are shown in Figure 4.2. Figure 4.2 (c) and (d) show the CV of the burst
losses as function of the burst duration 7. The number of burst arrivals at the switch in
each timeslot is also recorded and its CV is plotted next to that of the burst loss for
comparison. In Figure 4.2, the term “arrival” means the number of bursts received by the

switch during a timeslot.

The dispersion of the number of blocked bursts is noticeable in Figure 4.2 (a) and (b),
where the number of blocked bursts in consecutive timeslots is shown, for timeslot length
T =0.1. As expected, the CV decreases when the observation window duration increases.
However, we note in Figure 4.2 (c) and (d) that the CV of burst loss is always higher than
the CV of arrivals at the switch. Figure 4.2(e) and (f) show the CV of burst losses divided
by the CV of burst arrivals. We observe of these figures that the CV of burst loss is
roughly 30 times that of the burst arrivals with Poisson sources. With self-similar
sources, the CV of burst loss is around 50 times the CV of the arrival process. Moreover
the ratio stays roughly the same for all five timeslot durations. This suggests that,
regardless of the length of the observation interval, the burst losses always exhibit high
variability. Therefore, it is not recommended to use the burst losses as congestion

indication.
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The previous paragraph explained one of the reasons why burst loss is not a suitable
congestion indicator for rate-based congestion control in OBS networks. The second
problem lies in the fact that blocking probability in OBS favours the larger flows. This is
incompatible with the requirements in points R1 and R2 (see page 71). Simply put, if two
sources are using the same link, the source with higher sending rate will experience lower
blocking probability. This issue has not received much attention from researchers.
However, we found that it has a harmful effect on OBS flow control if burst loss is used
as a congestion signal. Because the larger flow experiences a smaller blocking
probability, it increases its rate. On the other hand, the smaller flow experiences a high

blocking probability and reduces its rate further, as shown in Figure 4.4.

To the best of our knowledge, there is only one published work [121] that addresses this
phenomenon and its effect on congestion control algorithms (TCP in the case of [121]).

The authors in [121] call this effect “the bigger eats the smaller” or BES.

To demonstrate this problem, we simulate a simple OBS network similar to the one in
Figure 4.1, but with only two source nodes. The total load on the link between the switch
and destination is kept constant at 100% but the ratio of the traffic generated by the
ingress nodes is varied from 1:9 to 5:5 (i.e. 10% and 90%, 20% and 80%, etc.). Packet
arrival at the burst assembly buffer is Poisson and size based assembly is used. As
previously, there are N = 64 wavelengths on the link. A plot of the blocking probabilities
seen by both sources versus the rate of source 1 is shown in Figure 4.3. Let A; be the
normalized transmission rate of source i. We keep the total load on the switch at 100%
(A, + A, =1). Therefore, an increase in A; is obtained only by reducing A,. We observe in
Figure 4.3 that, when there is a large difference in the rates from the ingress nodes, the

larger flow experiences lower burst loss.

We may explain this problem as follows. Suppose two ingress nodes are sending traffic
through the same link. Ingress node 1 generates 1000 bursts/second while ingress node 2
generates 100 bursts/second. Assume that the traffic from both sources belong to the
same QoS class. Therefore, when two bursts collide at the OBS switch, both have the

same probability of getting through. Suppose the losses at the switch occur at a rate of 20
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bursts/second. From the previous assumptions, this means each ingress node experiences
10 losses/second. For ingress node 1, this represents a blocking probability equal to
B, =10/1000 = 0.01 while ingress node 2 experiences B, =10/100=0.1. Therefore, the
blocking probability seen by ingress 1, which generates a higher traffic volume, is lower
than the losses of ingress 2. Although the previous discussion does not constitute a formal

proof, we believe it provides a valid explanation of the results we obtained in simulations.
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Figure 4.3: Blocking unfairness in OBS

Figure 4.4 shows the problem that arises when burst loss is used as congestion indication.
To obtain the results in Figure 4.4, we simulate again an OBS network with two ingress
nodes sharing a single link. The target burst loss probability is equal to 107 for both
source nodes. The first ingress node (source 1) starts transmitting at 1.7 Gbps while the
second ingress node (source 2) starts transmitting at 0.64 Gbps. During approximately 4
seconds, the total load on the link is low enough so there is no burst loss. Therefore, both
nodes initially increase their transmission rates. After this period, both  sources
experience burst losses and adjust their transmission rates accordingly. However, source
2 experiences higher burst loss because it has a lower traffic volume compared with
source 1. Thus, source 2 reduces its transmission rate more aggressively than source 1.

On the other hand, source 1 keeps increasing its traffic volume. This cycle continues until
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source 2 reaches the minimum transmission rate, which we set at 1 Mbps. Once it reaches

this point, source 2 cannot increase its bandwidth share again.
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Figure 4.4: Rate allocation unfairness

4.4.2 Marking Function

We now describe the marking policy we apply at the OBS switches. In our method, we

implement a marking rule, which is based on equation (3.34). Define:

( CA‘)+ 0, ySél

y— ! ~

p(y)=———"=—= — n 4.3)
: y G=-C) yC’), y>6

where pi(.) is the fraction of bursts passing through link [ that receive a mark when the
load is equal to y. é‘, is the desired load threshold or virtual capacity introduced in
section 4.3.2. As pointed out in section 3.5.2, we may interpret this marking rule as the

fraction of traffic lost when the offered load exceeds the capacity é‘,. However, in our

case, é‘l is only a virtual capacity that is used to signal congestion.

We chose this method for the following reasons:
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a. It does not require a queue and is simple to implement. By marking the traffic that

is over the threshold é,, the term x,[n]z 4;[n] in equation (4.1) becomes equal

jer
to the number of marks received by the ingress node r, without the need for any

further calculations. We explain this further in the next section.

b. Using (4.3), the term p; + p', sz in the delay stability criterion of equation

s jes

(3.43) becomes equal to one. Therefore, the term Z( p;tp szJ in (3.43) is
jer s:jes

equal to b, where b is the number of congested links on the route. This greatly

simplifies the stability condition and allows a practical implementation.

4.4.3 Marking Policy Implementation at OBS Switches

In this section, we present the implementation of the previous marking policy at the OBS
switches. This includes the signalling required between switches and edge nodes. A
matching edge node policy must complement the implementation at the OBS switches.

We discuss implementation of the marking scheme at edge nodes in the next section.

In order to mark bursts during congestion, an OBS switch monitors the traffic load on all
of its ports. To estimate the traffic rate on one port, a switch calculates the average
offered load within a timeslot. A timeslot is a period of length 7, during which the switch
measures the load on all ports. Consecutive timeslots do not overlap and a new timeslot
begins as soon as the previous one ends. The same value of threshold él (in bits/s) is
used for all links. An accumulator counts the number of bits s; offered to a link [ within a
timeslot. If s; exceeds T-é, (i.e. the estimated load exceeds é, ), any subsequent bursts
will be marked and we declare that the switch is in “mark mode” until the period 7 is
over. Marking is done by turning on a Congestion Indication (CI) bit located in the
header of incoming bursts. The accumulator is reset at the beginning of a new monitoring

period and the switch stops marking.
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7 should be long enough to allow accurate measurement of traffic load but short enough
to maintain responsiveness of the control. Please note that 7 is only for monitoring the
load at the OBS switches and is independent from the timeslot duration 7 that is used to
update the rates at the edge nodes. We also note that bursts are marked while on their way
to the egress node. The egress node is responsible for transmitting the number of marks to

the ingress nodes, as we will explain in more detail in section 4.4.4.

We introduce a new field in the OBS header format, called the Payload Identifier, which
specifies the purpose of the header. The payload identifier consists of several single bit
flags. The CI bit mentioned previously is one of these flags. Another flag is the RESV
bit, which indicates that the header contains information for resource reservation at the
OBS switch. Table 4.1 summarizes all signalling flags used by PF-OBS. Until now, we
have explained the RESV and CI flags. We will explain the other flags later, when we
will be discussing their purpose. Please keep in mind that a single control header may

have more than one signalling flag turned on.

Generated | Action triggered at Action Triggered at
Flag name Purpose
at core nodes edge nodes
Bandwidth
reservation at Core
RESV nodes. Carries Ingress Burst scheduling Disassemble burst.
burst timing
information
cl Signal 1.1nk Core Pass to the next hop Egress nodes increment
congestion route mark counter.
Request a reply to
PING measure route Ingress Pass to the next hop Egr ess nodes reply
with PONG
RTT
PONG Reply to PING Egress Pass to the next hop Compute route RTT
Compensation for - Adjust maximum load I db
PRICE_ADVERT | load threshold Ingress threshold. n%:i(;rse Y egress
increase - Pass to the next hop '
c " - Increment a counter in
ongestion the header if the source | [n d d
he he gress nodes update
ROUTE_PRICE feedback to Egress link is congested route transmission rate.
ingress nodes
- Pass to the next hop

Table 4.1: Summary of signalling flags
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If x,[n] is the bit rate of flow » and burst size B is constant, as in size threshold assembly,

the number of marks received by any user is proportional to its rate, as we show next.

Using the marking method presented previously, the total number of marks m,[n]

generated at link / is given by the following equation:

r.[Zxr[n]—é,J (4.4)

riler
B

my[n]=

We can rewrite m,[n] as: m,[n]=a.(2x,[n]—é,] , where a=17/B is of constant

rler

value. Using (4.3) and the fact that y,[n]= Zx,[n] , we get:

rler

m [n]=a.p,(n,In) Y%, [n] = a. 3 (p, (v, [#]), n]) (4.5)

rler r.ler

Equation (4.5) gives the total number of marks at link / as the sum of the marks received

by each ingress node that is using /. The marks received by ingress node » from link / is

a.x,[n].p, (y,[n]), which is proportional to the ingress node’s transmission rate x,[n]. We
note that the term a.x,[n].p, (y,[n]) appears in the rate adjustment rule of equations (4.1)

and (4.2). Therefore, in our implementation, the term x,[n]z 4;[n] in (4.1) does not

jer
require that the ingress node perform any calculations. If the burst size is constant, the

value of the term is simply equal to the number of marks received during a timeslot.

4.4.3.1 Marking Independence

We already pointed out that marking must be independent from switch to switch. Since
only one CI bit is available, a burst may not be marked more than once. If a switch is in
the mark mode but receives a previously marked burst, the mark must not be simply
discarded. Otherwise, the price calculated by the sources from the feedback will be lower
than the actual value. To prevent this, when a switch is in the mark mode but receives a

previously marked burst, the mark is assigned to the next unmarked header from any
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source. In this manner, the total price of a route is equal to the sum of the prices of its

component links.

Because marks are carried in OBS reservation packets and blocked burst headers are
normally discarded, burst loss may affect the marking process. This occurs when a switch
must drop a burst while it is in marking mode or the burst was previously marked at
another link. To prevent such loss of marks, if a burst has the CI bit set, its header is not
discarded even if the burst in the data channel is dropped. Instead, the OBS switch turns
off the RESV flag in the header before sending it to the next switch. In this manner, the
mark is not lost and the header does not trigger bandwidth reservation in the subsequent

switches on its route.

4.4.3.2 Load Threshold Compensation
According to equation (4.3), if a link has nonzero price, the total load it carries must be
slightly higher than the threshold é,. To demonstrate this, consider the OBS network

configuration depicted in Figure 4.1. There is only one bottleneck link, which carries a

N
load equal to Y x, , where x, is the steady-state rate of user r. Assume that the users

r=1

have enough traffic to fill the link capacity. The steady-state rate is calculated through

equation (3.32) as follows:

where 4 is the price of the congested link.

The price u is the same as p,(y), shown in equation (4.3). o, is the price that an ingress

node is willing to pay on route r.

At steady state, the link price ¢ = p,(y) is constant. Then, using (3.32), the total traffic

on the congested link is given by equation (4.6).
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ﬁx‘fzwr (4.6)
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Expressing p/(y) as in equation (4.3) and using the fact that y = Z x, , we easily get:

r=1

M=
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where C is the desired maximum load on OBS links.

According to equation (4.7), the real load of a congested link at steady state is not C but

C plus an excess term. The excess load contributed by a route r is equal to w, bursts per

timeslot 7" when equilibrium is reached. If a link carries several flows, the total surplus is

N
equal to Za)r bursts in each timeslot 7. If this value is not negligible compared to C,,

r=1

the real link load at equilibrium might be considerably higher than our target.

To compensate for this, OBS switches must reduce the load threshold by the equivalent

N
of Za)r bursts per timeslot. Therefore, intermediate nodes need to know about the price
r=1
w, of each route using their ports. This requires the ingress nodes to advertise their price
preference w, for route » when it is established, using a special control packet. For this
purpose, the ingress node turns on the “PRICE_ADVERT” flag in the control packet and

places o, in another field of the same header. Only the intermediate OBS nodes need this

information when a new route starts transmitting,

The previous compensation method works perfectly for routes containing only one

intermediate node. If a route contains more than one intermediate node, all intermediate

nodes should also reduce the link load threshold é’, by ,. This guarantees that, even in

the worst case, the load on all links never exceeds the preset limit C,.
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4.4.4 Marking Policy Implementation at Edge Nodes

An egress node keeps track of the number of marked headers it receives during a timeslot
for each route it terminates. At the end of a period 7, the egress node sends this
information back to each source and resets the counters to zero. A header with the
“ROUTE_PRICE” flag and containing the mark count is used for this purpose. When an
OBS switch receives a header with the “ROUTE_PRICE” flag, it simply passes the
control packet to the next hop. We use end-to-end feedback because it is significantly less
computationally complex compared with direct feedback from switch to sources.
Furthermore, an ingress node must know about the congestion level of all links on a route
before adjusting its sending rate. End-to-end feedback provides this information in one
pass. Since the whole network operation is also organized in timeslots, there is no

advantage in using immediate feedback.

We now discuss the case of variable burst size. We showed in section 4.4.3 that a mark
per excess burst is enough to convey link prices according to the requirements of the rate
control algorithm. However, this works only when the burst size is constant. We remind
the reader that time-based burst assembly results in bursts of variable size. In time-based
burst assembly, the number of bursts per time unit in each flow is constant. Therefore, we
need a different technique to make the marking proportional to the bit rate of each flow.
To do this, the number of marks received by a burst must be proportional to its size. For

example, we might have to use more than one CI bit in the BHP to count the marks.

We chose the following method to deal with variable size bursts: when the destination
receives a marked burst, it increments the mark counter by the burst size (in bits). This
way, proportionality between feedback and bit rate is preserved. The feedback received
by ingress nodes now represents bits per time unit. To compensate for this change, the
control coefficient w, must be scaled and its unit is bits/second. Therefore, instead of the
number of marked bursts in a period, we may instead provide the number of marked bits
in the same period. The number of marked bits is equal to the sum of the sizes of marked
bursts. Since constant burst size is a special case of variable burst size, this marking

method works for any burst size distribution.
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4.5 Source Rate Control

4.5.1 Regulation of Transmission Rate

Each ingress node adjusts the rate of a route only when it receives a “ROUTE_PRICE”
packet from the destination node. Since an egress node sends feedback every T time
units, the sending rate of each route is also updated every 7 time units. The update rule is
given in equation (4.1). Assuming variable burst size, we may regulate the rate of a flow
by controlling the number of bits sent during a timeslot. Therefore, we may regard x,[#]

in equation (4.1) as the number of bits sent on route r in timeslot .

We control the sending rates at ingress nodes by adjusting the burst interdeparture time.
This method is also used in previous OBS congestion control methods [20]. Suppose
x,[n] is the number of bits that can be sent on route r in a period of length 7, as calculated

by (4.1). After sending a burst of size B; bits, the ingress node waits B,-7T'/x,[n] time

units before sending another burst on the same route.

4.5.2 Burst Randomization

Although the scheme introduced in the previous section effectively controls the sending
rate at ingress nodes, it may cause burst synchronization at OBS switches [122]. Burst
synchronization occurs when the interarrival times of bursts generated by several ingress
nodes are roughly the same. This happens, for example, when two sources sharing a link
have the same sending rate and burst size. Bursts from these sources may always overlap
at the switch. This results in a long string of burst loss even if the total load on the switch

is not high.

To solve this problem, we add a small random value A in the burst interdeparture time as
is suggested by the authors of [122]. A has zero mean, so the average burst interdeparture
time remains unchanged. Using a trial and error approach, we found that a uniform
distribution A ~ U(-,/4, t,/4) is sufficient to prevent synchronization, where ¢, is the burst
duration. To show the advantage of randomization, we simulate a simple star topology
OBS network, similar to the one shown in Figure 4.1 but having only two ingress nodes,

sending traffic to one destination node. Each OBS link supports one wavelength. The
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burst size is constant and identical for both ingress nodes. The total load on the shared
link is equal to 50% and shared equally by both sources. We record the loss cumulated at
the OBS switch with and without randomization at the rate controller. We run ten
independent simulation replications in order to compute confidence intervals. A sample

of the result obtained is shown in Figure 4.5.
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Figure 4.5: Effect of burst interdeparture randomization on burst blocking

We note that, when there is no randomization, there are intervals lasting a few seconds
during which there are no losses at the switch. However, during other periods, the loss
increases suddenly because of synchronized burst arrival at the switch. On the other hand,
the number of losses with randomization increases smoothly. At the end of the
simulation, the blocking probability is equal to 0.245 + 7.5x10™* with 99% degree of
confidence when randomization is done. On the other hand, the blocking probability is

always equal to 0.497 in all 10 replications where randomization was not used.

Figure 4.6 shows the architecture of an ingress node running our congestion control

method. The new components are pointed out using a shaded background.
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Figure 4.6: PF-OBS ingress node architecture

4.6 Stability under Delay

We stated earlier that we consider OBS networks that may span a large geographical
area. Therefore, the propagation delay may destabilize the control loop. To guarantee
stability, we must make sure the control gain x, in equation (4.1) has a proper value. We

use the stability criterion given in equation (3.43) for this purpose.

In order to implement (3.43), ingress nodes need to know the RTT on each route. We
assumed previously that routes are fixed. This is mainly to ensure the RTT does not
change. In our method, ingress nodes measure this round-trip time by sending a probe
along each route when it is established. The probe is a special control packet sent through
the OBS control channel. This control packet carries a “PING” flag in conjunction with
its creation timestamp. Ingress nodes also advertise the route weight w, at the same time,
as discussed in section 4.4.3.2. A “PING” message does not reserve bandwidth because
intermediate OBS nodes just pass it to the next hop. Whenever an OBS edge node
receives a header with the “PING” code, it changes the code to “PONG” and sends the
header back to the source. An ingress node receives the reply to a probe D, timeslots
later. The source node may repeat this measurement several times and average the results
to get a more reliable estimate of the RTT. Also, D, may be refreshed periodically or
updated in response to routing changes (e.g. because of link failures). Because of the

fixed route assumption, we can use the measured D, until there is a routing change.
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As shown in section 4.4.2, ingress nodes also need to know the number of bottlenecked
links on each route. To convey this information, OBS switches increment a counter in the
“ROUTE_PRICE” messages received from a congested link. We keep in mind that
“ROUTE_PRICE” messages travel from the destination to the ingress nodes. In order to

guarantee stability under delays, the ingress nodes choose the control gain . as follows:

K <—2—sin L 4.8
"b 22D, +1) 4.8)

where b is the number of congested links on route 7.



Chapter 5

Performance Evaluation

5.1 Introduction

The previous chapter discussed in detail the architecture and operation of our proposed
OBS congestion control method. In this chapter, we show that PF-OBS can effectively
manage the congestion in OBS networks and assess its performance in various scenarios
using simulation. We use the OPNET [123] software package to model and simulate an
OBS network running our congestion control method. OPNET is a network simulation
software based on a discrete-event system. It allows detailed modeling and simulation of

a network, down to the process level.

First, we discuss the methodology and modeling assumptions. In section 5.3, we validate
the marking strategy introduced in the previous chapter. We begin the performance
evaluation with a simple OBS network containing a single switch and a single bottleneck
link. We then consider a more realistic configuration, involving a meshed network with

heterogeneous propagation delays.

5.2 Background

5.2.1 Methodology

To assess the performance of PF-OBS, we built detailed models of OBS nodes and links
using OPNET. These include the basic building blocks such as burst assembly,

89
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burst scheduling, cut-through switching and signalling. The congestion control modules

are added to the previous building blocks to give a complete model of a PF-BOS

network. As we stated in Chapter 4, we are only concerned with congestion occurring in

the OBS network. Therefore, our simulations only cover events occurring between packet

arrival at the assembly buffers and burst disassembly at egress nodes. We do not consider

events outside this setting.

We generate the OBS network load using different traffic arrival patterns at the ingress

nodes as follows [18]:

1.

Persistent sources: also called “greedy” or “infinite” sources because they always
have traffic to send. Therefore, all flows in the network cross at least one
bottleneck. Using these sources, the network can be kept under heavy load,

allowing us to study the fairness and convergence of the rate control algorithm.

Staggered source: the sources start at different times, and in our case, they stop
transmitting at different times. This reveals the performance of PF-OBS during
transient periods. This includes convergence speed and any oscillations during
transient periods. During their “ON” period, staggered sources behave like

persistent sources.

5.2.2 Assumptions and Simulation Parameters

For our simulations, we make the following assumptions and choice of parameters:

Al.

A2.

All information regarding the operation of an OBS network is available through
the control channel. For this reason, we focus on the OBS control plane and do

not simulate the data plane.

All nodes use the same interval 7T to update their transmission rates. We use
T =0.01s throughout this chapter. We consider this value appropriate because it
permits frequent updates while minimizing the overhead introduced by the

feedback and update process.
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A3.

A4.

AS.

A6.

AT.

A8.

All links in the network carry the same number of wavelengths and each
wavelength has the same bit rate. In our simulations, we will use N = 65
wavelengths per link: one for control and 64 for data. The capacity of each

wavelength is 1 Gbps.

Operation of an OBS network without contention resolution is not considered
practical, as the losses are too high (see Figure 2.12). In our simulations, the
only contention resolution method applied at OBS switches is wavelength
conversion. We assume that full wavelength conversion is available. We chose
wavelength conversion for our simulations because it is commonly used in
similar works [16, 20, 21, 124] and maintains a constant RTT on every route.
We do not consider use of delay lines, burst segmentation, or burst deflection.

Therefore, RTT is constant on every route.
The same load threshold (:’, is used for all links.

We implement the LAUC-VF channel scheduling algorithm reviewed in section
2.6.2.1.

We use classless JET bandwidth reservation on OBS. JET signalling is

previously reviewed in section 2.4.4.

The overall time allocated for header processing and optical switch
configuration at an OBS core node is set at 10 ps. This value is chosen in light
of the current state of technology. For example, a FPGA-based burst reservation
module using JET reservation, void-filling and 64 wavelengths is able to process
a burst in 60 ns [125]. Once the reservation module finds a suitable wavelength
for an incoming burst, the optical switch must be configured. A switching time
of 200 ps to 2 ns is reported with Semiconductor Optical Amplifiers (SOA) in
[126]. With additional processing required for feedback generation at OBS core
nodes, we assume a total processing delay of 10 ps is sufficiently realistic and is

used in our simulations.
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A9. The burst time offset is fixed for the whole network, which means that no offset-
based service differentiation is modeled. We use #,g., = 100 ps. This takes into
account the processing time discussed above. With this value, an OBS path may

contain up to 10 hops.

A10.For each simulation scenario, we run 10 replications with different seeds and
compute confidence interval for all each point presented. By default, all

intervals provided in the text correspond to a 99% confidence level.

Al11. All ingress nodes use the size-based burst assembly described in section 2.3.3.
The size distribution of IP packets arriving at the OBS assembly buffers is taken
from [127], which is based on measurement of packet sizes on the Internet as

follows:
*  55% of packets are 40 bytes in length.
» 15% of packets are 576 bytes in length.
= 12% of packets are 1500 bytes in length.

= 18% of packets are uniformly distributed between 40 and 1500 bytes
in length.

This distribution is 98.5% accurate [127]. We set the burst size threshold at 250
kbits. Assuming no assembly timeout, the resulting burst size distribution is
shown in Figure 5.1. We observe in Figure 5.1 that the sizes of all bursts are
within the interval 238 kbits to 250 kbits and most burst sizes are very close to the
threshold. The corresponding mean burst size is equal to 245,625 bits. Since the
burst size is variable, we use the appropriate marking method as discussed in
section 4.4.4. We remind the reader that in this case, an accumulator at the egress
node is incremented with the size of every marked burst. Therefore, the feedback
packet sent to the source node contains the total size of marked bursts in bits. For
this reason, the unit we will use to count the number of marks is a bit. In addition,

the number of marks received during an update period is counted in bits/s.
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Figure 5.1: Burst size distribution for size-based assembly with a 250 kbit threshold and accurate IP

packet size distribution

5.3 Evaluation of Feedback Generation

A simplified view of the operation of PF-OBS identifies two major components:
feedback generation and source rate adjustment. As discussed in the previous chapter,
proper feedback generation is an essential component of our congestion control method.
Before we begin with the actual performance evaluation for a complete PF-OBS network,

this section focuses on the marking scheme alone.
The goal of this section is to show the following:

a. As implemented, the feedback generation satisfies all the requirements for a
proper marking scheme, discussed in section 4.4.1: The number of marks received
by an OBS traffic flow must be proportional to its sending rate and link prices

must add up over a route.

~

. . . -C)" .
b. The marking scheme implements equation (4.3), i.e. p,(y) = O=CG)" , where y is
y

the total link load, é’, is the chosen maximum load for link / and x* = max(0, x).
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5.3.1 Methodology

To study the feedback generation method, we simulate a single bottleneck link in the
simple star OBS network depicted in Figure 5.2. This network has 10 ingress nodes
sending traffic to one egress node. Since all links have the same capacity, the link

between the switch and the egress node is the bottleneck.

Ingress 2 Ingress 1

Ingress 3 @

Ingress 4 (.

Ingress 5 {9

Congested link
Inaress 6 ./ X
9 O Switch

Ingress 7 o

Ingress 8 ¢

Egress node
(destination)

@ I

Ingress 9 Ingre\ss 10

Figure 5.2: Single bottleneck star network

The total load y on the bottleneck link is manually controlled through the arrival rates at
the ingress nodes. This means that no congestion control is taking place at the ingress
nodes as we only wish to investigate the marking strategy in this section. The switch

marks any traffic above a predefined threshold in each timeslot, according to equation

(4.3). For this experiment, we set the load threshold é‘, at 70% of the link capacity, i.e.

é‘, = 44.8 Gbps . Each ingress node contributes a different amount of the total switch load
y. If the rate of Ingress 1 is x;, then Ingress 2’s rate is x, =2-x,, Ingress 3’s rate is
x, =3-x, etc. This relation between the rates of individual sources is maintained while
the total load on the bottleneck link is varied. This means that the total switch load is
always equal to y = Zxr =55-x,. The reason we chose this combination of individual

source rates is the following. According to the theory presented in Chapter 3, the number

of marks received by a source is function of its traffic rate. In the current experiment, we
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assign a different sending rate to each ingress node to observe the effect on the feedback
received. The combination of source rates introduced previously is a simple way to
achieve this and covers a satisfactory range. We will clarify this further in section 5.3.3.
All rates x, are kept constant during each simulation run. The burst randomization method
used was described in section 4.5.2. We record the fraction of total traffic marked as seen

at the switch and as seen by each source.

5.3.2 Evaluation of Marking Scheme Implementation at Switches

In this section, we show that the implementation of the marking scheme in the core nodes
follows equation (4.3). The price p; of the bottleneck link as function of the load is shown
in Figure 5.3. Since a PF-OBS switch does not identify individual traffic flows, the price

shown in Figure 5.3 is function of the total load y = Zxr carried by the bottleneck link.

For each data point displayed in Figure 5.3, we computed 99% confidence intervals
(C.L). However, the widths of all C.I. obtained are smaller than 0.1% of the average

value. Therefore, we do not show them on the figure to improve readability.
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Figure 5.3 shows the proportion of bursts through the bottleneck link that receive a mark.

This is interpreted as the price per unit flow p,(z x,) of this link, as computed by the

switch. We observe that p; is zero when the load is under the chosen threshold (70%).
When the load exceeds this value, the link incurs a price. As the link becomes more
congested, the link price increases gradually. We note that, in the simulations, the

variation of p; as function of the load follows exactly the curve obtained using equation
(4.3).

5.3.3 Feedback Delivery

The previous section focused on the overall number of marks generated at the congested
link. Since the switch does not identify individual flows, we are interested in how the
marks generated by the switch are distributed among all users of the congested link. If
marks are fairly distributed among all flows, we expect each source to get the same link
price from the feedback it receives. This means that the proportion of bursts marked
should be the same for all flows. In Figure 5.4, we compare the prices seen by each
source as well as the price seen by the switch. We observe that the price curves of all
flows and at the switch are identical and are superimposed in Figure 5.4. This is achieved

regardless of the fact that the switch does not identify the source of each burst.
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Figure 5.4: Link price seen by each source, compared to price seen by the switch
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Figure 5.3 and Figure 5.4 show the price per unit flow of a congested link. Since all flows
are charged the same price according to Figure 5.4, the total number of marks received by
a particular flow must be proportional to its bit rate. As indicated in section 5.3.1, the
transmission rates for the ingress nodes in Figure 5.2 are arranged according to an
arithmetic progression. Figure 5.5 shows the average number of marks received by each
OBS ingress node in reference to its transmission rate. While Figure 5.3 and Figure 5.4
show the fraction of traffic marked by the OBS switch, Figure 5.5 shows the average
number of marks received during a measurement period at the switch. Therefore, the unit
for the y-axis is in bits per second. The curve shown in Figure 5.5 corresponds to a total
load of 100% at the switch. The results obtained by the simulations show that the number

of marks received by each ingress node is proportional to its sending rate.
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Figure 5.5: Total number of marks received by each source vs. transmission rate

The widths of the 99% confidence intervals for the results in Figure 5.4 and Figure 5.5
are all under 0.2% of the mean values. Again, we do not show the intervals on the

previous figures to maintain clarity.
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5.3.4 Multiple Congested Links

The final part of our evaluation of the feedback generation method addresses the case of
multiple congested links in a route. The goal of this section is to establish that the total
price for a route is equal to the sum of individual link prices along the path. For this
purpose, we simulate the OBS network depicted in Figure 5.6. From now on, we will be

referring to it as the “linear OBS network™ because of its layout. We focus our attention
on the set L ={L,, L,, L,} of links connecting two OBS switches because congestion

takes place only in these links. This network carries four traffic flows or routes. Route 0
crosses all three congested links between Ingress 0 and Egress 0. Each of the remaining
three routes (Route 7, 1<i <3) crosses only one congested link (Z;) between Ingress i
and Egress i. Therefore, each congested link carries two traffic flows. The traffic rates are

the same for all routes and are varied together. The load threshold for all links is set at

n

C,= 70%. We are interested in the feedback received by Ingress 0 compared to the

feedback received by the other three ingress nodes.

Congested links

Ingress 0 Egress 0

Switch 4

Ingress 1 Ingress 2 Egress 1 Ingress 3 Egress 2 Egress 3

Figure 5.6: Linear topology OBS network

Since Route 0 crosses three congested links, the price of Route 0 should be equal to the
sum of the prices of Route 1, 2, and 3. Figure 5.7(a) shows the price of Route 0 in
relation to the sending rate of Ingress 0. The sum of the prices of Route 1, 2, and 3 is also
shown on the same figure for comparison purposes. We note in Figure 5.7(a) that the two
curves are very closely matched, except when the transmission rates exceed 45%. This
corresponds to a load greater than 90% on the congested links because each carries traffic
from two sources. The discrepancy between the curves at high load is caused by blocking

at the OBS switches. At each switch on its route, a fraction of the traffic from Ingress 0 is
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lost because of contention. Therefore, the amount of traffic from Ingress 0 that can be
marked is progressively reduced. This explains why the price seen by Route 0 becomes
smaller than the sum of the prices of each link and why this effect is only noticeable
when the load is high. However, operation of the network at 90% load and above is an
extreme scenario that should be avoided, and by no means should be considered a norm

in operating a network. We intend to maintain the load on each link around the threshold

C ;. It is evident that the two curves are closely matched all up to the threshold.

Individual prices for Route 1, 2, and 3 are plotted in Figure 5.7(b). We note that, at high
load, link prices decrease from L; to L3 because the traffic is reduced by blocking. For
transmission rates under 45%, all tree curves are closely matched. For all data points in

Figure 5.7, the width of the 99% confidence interval is smaller than 0.2% of the average

value.
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Figure 5.7: Route prices for linear network: (a) Price of Route 1 is compared to the sum of the prices

of individual links (b) Individual prices for Route 1, Route 2, and Route 3

5.4 OBS Blocking Probability

In Chapter 4, we introduced a technique similar to the leaky bucket algorithm with burst

randomization to control the transmission rate at OBS ingress nodes. This method
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changes the burst arrival process at the OBS switches and therefore has an impact on the
burst blocking probability. We examine in this section the blocking probability at OBS

switches when our traffic policing method is applied at the ingress nodes.

We use the star-topology network shown in Figure 5.2. However, we vary the number of
active ingress nodes. We run simulations for three scenarios: with 2, 8, and 16 active

sources respectively. Each simulation run generates 107 bursts in total.
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Figure 5.8: OBS blocking probability versus the aggregate traffic load

Figure 5.8 shows the blocking probability as a function of the aggregate load on the
congested link. The 99% confidence intervals are also shown. The confidence intervals
are too narrow to be noticeable on the figure (less than 12%), except when the load is in

the 107 range.

The blocking probability measured in simulations is much lower compared with the
values computed using the Erlang B formula. In fact, with eight ingress nodes
transmitting and 107 bursts generated during the simulation, the switch load must exceed
87.5% before we observe any loss. This is presumably because the leaky bucket scheme
used for rate control smoothes the traffic and reduces the number of simultaneous arrivals

at the OBS switch. Moreover, the blocking probability increases with the number of
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ingress nodes generating the traffic. This is easily explained by the fact that an increase in
the number of uncoordinated users leads to higher burstiness, which unavoidably
increases the number of collisions in a random access based network. We remind the
reader that only one burst is delivered in case of contention, the others are discarded.

Therefore, the percentage of loss is higher when more than two bursts are in contention.

5.5 Single Congested Link, No Delay

In the previous sections, we studied each component of our congestion control algorithm
in isolation. In this section, these components are put together and we start evaluation of
the PF-OBS congestion control algorithm as a whole. We start with a simple network
architecture, where only one link is congested. We also ignore the effect of network
propagation delays. This ideal scenario will allow us to understand the basic properties of
PF-OBS before considering more realistic and complex cases. For this part, we will use
again the star-topology network shown in Figure 5.2. We assume that there are 10 OBS
ingress nodes and one egress node. As it was discussed in section 5.2.1, we evaluate the
network using two types of traffic sources: persistent and staggered sources. As pointed
out previously, persistent sources allow the study of steady state rate allocations while

staggered sources highlight the transient response of our algorithm.

5.5.1 Persistent sources

In this scenario, each ingress node generates a single traffic flow to the egress node. All
OBS ingress routers receive traffic from persistent traffic sources. This guarantees that
any available bandwidth is fully used during the simulation. Therefore, the link between
the switch and the destination node will be the bottleneck. We want the congestion
control algorithm to keep the load on all links under 70% of capacity or 44.8 Gbps. This

corresponds to a very low blocking probability in the OBS network as seen in Figure 5.8.

We assign to each route r a different weight or price preference w,, such that o, =r-o,,
where r=1,2,...,10, i.e. the values of w, form an arithmetic progression. We consider

two scenarios (Scenario A and B), which are the same, except they use different
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sequences for w,. To examine the effect of the gain «, on the congestion control, each of
the previous scenarios is simulated with ten different values of the control gain, ranging

from x, = 0.1 to k. = 1.0. In one simulation run, all ingress nodes use the same value of k.

5.5.1.1 Scenario A

In sccnario A, w; = 250,000 bits/timeslot. Since the average burst size is close to
250 kbits, this means Ingress 1 is willing to sustain approximately one marked burst per
interval of 10ms. The Ingress node with the highest weight is source 10 with
o,, = 2.5 Mbits/timeslot .

To investigate the convergence and stability of PF-OBS, we initialize the bandwidth
allocated to sources with random values at the beginning of a simulation. If the control
algorithm is stable, the vector of source rates must always converge to the same point
after the initial transient period. To calculate the long-term average rate of each ingress
node at equilibrium, the measurements obtained during the transient period are first
discarded from the simulation results. We consider that equilibrium is reached when all

source rates change by less than 10% afterwards.

Figure 5.9 shows the evolution of the network during the first 5 seconds of a simulation.
The curves have been formed by data points, each point providing the measured
parameter within a specific timeslot. A timeslot corresponds to a 10 ms time duration.
Figure 5.9(a) shows the number of marks received by each ingress node. The data shown
in Figure 5.9(a) was smoothed using a moving window of 10 samples to improve clarity.
Figure 5.9(b) shows the fraction of traffic that receives a mark at the switch. Figure 5.9(c)
shows the bandwidth allocated to each ingress node. Figure 5.9(d) shows the total load on
the bottleneck link.

We observe in Figure 5.9(a) that the variations in the number of marks received by
individual sources follow closely the changes in their transmission rates (Figure 5.9(c)).
This matches the observations we made earlier in section 5.3.3. Moreover, we notice that,
when the number of marks received is greater than the target value w, defined earlier, a

source decreases its transmission rate, and vice versa. In Figure 5.9(d), the load on the
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bottleneck link initially increases and then settles close to the desired maximum, which
we set at C , =44.8 Gbps . As soon as the switch starts generating marks, the load on the

congested link stabilizes, as seen in Figure 5.9(b) and Figure 5.9(d). This point is reached
at approximately 0.15 s after the start of the simulation, i.e. after 15 periods. However,
we observe in Figure 5.9(c) that the individual source rate allocations continue to change
after this point. This is accomplished while maintaining the total load on the switch under

the predefined threshold. All the source rate allocations reach equilibrium after 2s

approximately.
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It is clear by the curves shown in Figure 5.9(c) that, at equilibrium, the rate allocations
are sorted according to the price w, chosen by the sources. This is also obvious by the
results shown in Figure 5.10, where the average bandwidth received by an ingress node is
plotted with respect to the price o, it is willing to pay. Figure 5.10 indicates that the
bandwidth received by each source at equilibrium is proportional to the price it is willing

to pay. This is in perfect agreement with the theory presented in Chapter 3.
According to equation (3.32), the bandwidth assigned to route r at equilibrium is:
. @

pl(zxs)
s=1

where p/(.) is the price of the single bottleneck link / as function of the load. Since we

X

10 .
want the available bandwidth to be fully utilized, i.e. (Z x, = CIJ, it is desired that the

s=1

10
-2 )=
total load on the link is: » x, = ==—— =C,. Therefore: p =*=_— . Combining with
s=1 Py CI : o C

)

equation (3.32), this yields:

wr

10
0, (5.1)
1

* ~
xr =Cvl

Therefore, each ingress node should receive an amount of bandwidth proportional to its

contribution compared to the total price paid by all users of the congested link.

Each data point displayed in Figure 5.10 is obtained from 100 independent\ replications of
the simulation (10 replications for each value of «,). The widths of the 99% confidence
intervals are all smaller than 0.5% of the average values. This confirms that the traffic
rates in the simulated OBS network always converge to the same point at equilibrium,

although the initial rates are set randomly.
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Figure 5.10: Proportionally fair bandwidth allocation

Figuré 5.11 shows that the congestion control algorithm is capable of effectively

maintaining the total load on the bottleneck link close to the desired limit.
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Figure 5.11: Aggregate load at the switch for scenario A

Although the equilibrium of the system is stable, the traffic rates shown in Figure 5.9(a)
and Figure 5.9(c) exhibit small random variations around their average values in time.
This is mainly caused by random variations in the feedback generated by the switch as

seen in Figure 5.9(b). We explained this effect in section 3.7.2 when we discussed the
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stochastic stability of the proportional rate controller. The amplitude of these variations
depends on the control gain «, as pointed out in section 3.7.2. To verify this, we plot the
standard deviation of the rate allocations in function of the control gain in Figure 5.12(a).
The standard deviation of the rate allocations appears to increase linearly with the gain.
We also observe that, for the same value of «,, the flows with a bigger weight w, exhibit
larger variance. Figure 5.12(b) shows the coefficient of variation (CV) of the sources
transmission rates, defined as the ratio of the standard deviation to the mean. The CV
increases with the control gain. It is smaller, however, for larger traffic flows (larger w,).
According to Figure 5.12(b), the transmission rates deviate from the long-term average

by a few percentage points. The widths of the confidence intervals are less than 0.1%.
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Figure 5.12: Effect of the control gain ,: (a) Standard deviation of bandwidth allocations

(b) Coefficient of variation of bandwidth allecations



Chapter 5: Performance Evaluation 107

On the other hand, the control gain does not affect the point to which the system
converges. As seen in Figure 5.13, the average bandwidth allocated to each ingress node
remains constant when x, changes. Only the price paid by an ingress node determines the
bandwidth it receives. The width of the confidence interval for each point on Figure 5.13

is less than 3% of the mean.
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Figure 5.13: Average rate of ingress nodes at equilibrium

5.5.1.2 Scenario B

This scenario is the same as the previous one, except for the vector of price preference .
In this scenario, each source reduces the price it is willing to pay by a factor of ten, i.e.
wy = 25,000 bits/timeslot, ... , w; = 250,000 bits/timeslot. While the values of price
preferences w, are entirely different from scenario A, they still form an arithmetic

progression.

In Figure 5.14, we compare the resulting rate allocation to the one obtained in scenario A.
The widths of the 99% confidence intervals for the data shown in Figure 5.14 are all
under 3% of the mean. We note on Figure 5.14 that the average bandwidth received by
each ingress node is the same as in Scenario A. Therefore, more than one combination of
prices w, results in the same rate allocation. Only the value of price choices relative to
each other determines the amount of bandwidth received by users. This is also a

consequence of equation (5.1).
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Figure 5.14: Rate allocation scenario A vs. scenario B

Figure 5.15 shows the evolution of the network during the first 40 seconds of a
simulation of Scenario B. Figure 5.15(a) shows the number of marks received by each
ingress node. The data shown in Figure 5.15(a) was smoothed using a moving window of
100 samples to improve clarity. Figure 5.15(b) shows the fraction of traffic that receives a
mark at the switch. The data shown in Figure 5.15(b) was smoothed using a moving
window of 10 samples. Figure 5.15(c) shows the bandwidth allocated to each ingress
node. Figure 5.15(d) shows the total load on the bottleneck link.

We note in Figure 5.15 that, when users collectively reduce the price w, they are willing
to pay, the speed of convergence is much slower compared with scenario A. The load on
the congested link converges after roughly 1.5s, compared with 0.15 in Scenario A. It
also takes approximately 20s for all the source rates to settle down, compared with 2s in
Scenario A. We observe that the values of these parameters have increased by a factor of
ten (0.15 — 1.5; 2 — 20). This is the rate of decrease we used to scale down the values of
price preferences w, of case A, in order to obtain those for case B. This behaviour is
understandable, given that w, is the additive component of the rate adjustment rule
applied by the ingress nodes. Therefore, when the gain «, is constant, reducing w, means

reducing the width of the rate adjustment steps and the response speed of the algorithm.
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Figure 5.15: Sample traces showing the start of a simulation for Scenario B, gain x,= 1.0: (a) Number
of marks received by each source (b) Ratio of aggregate traffic receiving a mark at the switch

(¢) bandwidth received by each source (d) Load on the bottleneck link

From equation (4.1), the maximum rate of increase of the bandwidth allocated to route r
is x,-@,/T in each timeslot of duration 7. The transmission rates are updated 1/7T times
in one second. Therefore, the maximum increase of the transmission rate in one second is

given by equation (5.2).

Ax, =k @ /T (5.2)

r,max

where the unit of Ax is bits/s>. Equation (5.2) summarizes the factors affecting the

response speed of our congestion control algorithm. It identifies three factors affecting

the convergence speed, namely the control gain ,, the choice of price w, and the timeslot
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duration 7. Once the link on the bottleneck link stabilises, the bandwidth used by one
ingress node can only decrease when other sources increase their share. The effect of the
control gain x, and the price preference w, on the convergence speed is illustrated in
Figure 5.16. For the purpose this discussion, we define the response speed as the inverse
of the time required for the allocation to converge when all rates are initialized to zero. In
simulations, the convergence speed increases linearly with the control gain, as expected.
In addition, the convergence speed of Scenario A is 10 times higher than that of Scenario
B. This is also expected because the set of price preferences w, in Scenario A is 10 times
higher than in Scenario B. For Figure 5.16, the confidence intervals are smaller than 0.1%

of the mean.
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Figure 5.16: Effect of the control gain x, and price preference w, on convergence speed

While the average-bandwidth received by each source is the same in scenario A and B,
we notice when comparing Figure 5.9(c) and Figure 5.15(c) that, in scenario B, the rate
allocations display larger deviations from the mean. This is made more obvious in Figure
5.17, where the standard deviation of transmission rates is plotted in reference to the

control gain «,.
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We note that, for the same gain «,, the values shown in Figure 5.17 are higher compared
to those observed for Scenario A (see Figure 5.12). This may be explained as follows. We
recall that in the current scenario, ingress nodes have w, less than or equal to 250,000
bits/timeslot. For example, the Ingress node 1 has @, = 25,000 bits/timeslot. Since a burst
with the CI flag set generates a number of marks equal to 250 kbits, this means that
Ingress node 1 accepts on average one marked bursts in 10 timeslots. Therefore, the
problem for Ingress node 1 consists in adjusting its traffic rate in order to keep the
average number of marks equal to w, = 25,000 bits/timeslot, given that the number of
marks it receives in one timeslot is a multiple of 250 kbits. This results in larger
deviations around the mean in the transmission rate. This is not a problem in scenario A,
where all the route weights w, are multiples of 250,000 bits/timeslot. For this reason, it is

preferable to keep the minimum value of @, roughly equal to the average burst size.

Despite this, the total load at the bottleneck link remains close to the desired threshold
(44.8 Gbps) in both scenarios, as shown in Figure 5.18. Additionally, the blocking
probability corresponding to this load is low enough that no blocking occurred in any of
the simulation replications. We have run 200 replications for scenarios A and B
combined, each generating 5.10° bursts once the load stabilises. The 99% confidence

intervals are shown for each data point in Figure 5.18.
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Figure 5.18: Average load occurring at the congested link

5.5.2 Staggered Sources
5.5.2.1 Transient Response

The cases we examined in the previous section represent simplified and static scenarios.
Once the bandwidth allocation converges, no further changes occur in the network
because we used greedy traffic sources. In this section, we use staggered traffic sources to
represent fluctuating demand in the network and study the transient behaviour of PF-
OBS. We use the network layout used previously and depicted in Figure 5.2. We run the

simulation for 90s. The Ingress nodes generate traffic as follows:

e Ingress 1 and 2 start transmission at Os until the end of the simulation.

Ingress 3 and 4 start transmission at 10s and stop at 80s.

Ingress 5 and 6 start transmission at 20s and stop at 70s.

Ingress 7 and 8 start transmission at 30s and stop at 60s.

Ingress 9 and 10 start transmission at 40s and stop at 50s.

When active, traffic generators behave as greedy sources. We set the load threshold at

90% of capacity. The control gain is &, = 0.9. All Ingress nodes pay the same amount per
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timeslot: @, = 10° bits/timeslot, which means that when equilibrium is reached, all users

should receive the same amount of bandwidth.
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Figure 5.19: Staggered sources: (a) bandwidth received by each source (b) Total load at the
bottleneck link (¢) Price of the congested link

Figure 5.19(a) shows the progression of the bandwidth allocated to each ingress node in
time. It shows that each source adjusts its rate when other users start or stop transmitting.

We note that all sources converge to the same rate after each transient period. This is
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expected since all sources pay the same price w,. With every arrival/departure of other

ingress nodes, the available bandwidth is repartitioned equally among all active sources.

We observe in Figure 5.19(b) that while individual user rates are constantly changing, the
load at the switch is almost constant and under the predefined threshold. In fact, the only
time when there is any noticeable difference between the switch load and the load
threshold is when a pair of sources abruptly stops transmitting. In these cases, the load
seen by the switch drops suddenly but quickly returns to its previous value. When Ingress
7 and Ingress 8 stop transmitting at ¢ = 80s, the link load is suddenly halved but returns to
its previous value after approximately 2s. Sudden reduction in load has no adverse effects

in terms of data loss, as the load threshold is never crossed.

Figure 5.19(c) shows the evolution of the price of the congested link as sources start and
stop transmitting. This figure indicates the fraction of bits through the bottleneck link that
receive a mark. We note that, as more ingress nodes compete for the bandwidth, its price
increases in accordance with the law of supply and demand. This adjustment of the link

price is what allows the switch to maintain the total load under the desired threshold.

5.5.2.2 Threshold Compensation

We mentioned in section 4.4.3.2 that the link load threshold é’, must be reduced when a
new source starts using a link. We stated that this is because the load on a link must
slightly exceed the predefined threshold C , before it incurs a price. As the offered load is
regulated using this price, it follows that the total load on the link must be slightly above
the threshold when equilibrium is reached. We showed in section 4.4.3.2 that the excess

load is equal to Zwr bits per timeslot when only one link is congested. To compensate

r

for this, é, must be reduced by an amount equal to Za), bits per timeslot. To illustrate

7

this, we repeat the previous simulation and compare the load on the switch with and
without the adjustment of é’,. The differences are clear in Figure 5.20. On both plots, the
predefined threshold (90% or 57.6 Gbps) is shown using dashed lines. In Figure 5.20(a),

when compensation is used, the load remains very close to the threshold during the



Chapter 5: Performance Evaluation 115

simulation, except when some ingress nodes stop transmitting. On the other hand, when
no compensation occurs, the load increases slightly with the number of active ingress
nodes. We notice that, with all 10 ingress nodes transmitting, the threshold is exceeded

by 1 Gbps. This results in higher losses in the congested link.
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Figure 5.20: Total load on the bottleneck link, staggered sources (a) With threshold compensation
(b) Without threshold compensation

5.6 Multiple Congested Links, No Delay

In this section, we revisit the linear OBS network depicted in Figure 5.6. This network
carries four routes or traffic flows. We remind the reader that one of these routes spans
three congested links while the remaining three contain only one congested link. Again,
greedy sources generate traffic for the ingress nodes. The load threshold on the links is
set at 90% or 57.6 Gbps. This setup highlights the proportional fairness property of our

congestion control algorithm.
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5.6.1 Uniform Route Weights

First, we consider the case where users of all routes pay the same price w, in each
timeslot. We studied theoretically a similar setup in section 3.4.2 and found that the

bandwidth is shared as follows. Route 0, from Ingress 0 to Egress 0, receives

X, = é‘, /(L+1) , where L = 3 is the number of congested links. The other routes receive

x, =LC, (L+1)

Table 5.1 and Table 5.2 summarize the simulation results for this scenario, as well as
theoretical results for comparison purposes. Simulation results are provided indicating the
average and the 99% confidence intervals. Table 5.1 presents the bandwidth received by
each route. We note that the simulation data is in line with theoretical results. The routes
crossing one congested link receive the same amount of bandwidth (43.6 Gbps) while the

route crossing three congested links receives three times less bandwidth.

Route Number of Theoretical Average rate,
congested links rate (Gbps) simulation (Gbps)

Ingress 0 - Egress 0 3 14.4 14.5 + 8.7x107

Ingress 2 > Egress 2 1 43.2 43.6 +£9.3x107

Ingress 3 - Egress 3 1 432 43.6 + 8.5x107

Ingress 4 = Egress 4 1 432 43.6 + 1.0x107

Table 5.1: Average rate of each route, constant route weight

Table 5.2 presents the total load carried by the congested links. We see that the load is
close to the desired threshold. The difference comes from imperfect adjustment of the

load threshold as depicted in Figure 5.20, as there are more than one bottleneck.

Link Threshold Average link load,
(Gbps) simulation (Gbps)
Switchl > Switch2 57.60 58.17 £ 2.6x10™
Switch? > Switch3 57.60 58.17 + 3.6x10™
Switch3 > Switch4 57.60 58.17 + 3.3x10™

Table 5.2: Average load of each link, constant route weight
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5.6.2 Uniform Bandwidth Shares

In this section, Route 0 pays three times the amount paid by users of the other three
routes (i.e. wyp = 3xw, , r # 0). As a result, Route 0 receives the same amount of
bandwidth as the other flows as seen in Table 5.3. Table 5.4 shows that the load on each

link remains close to the desired limit, as in the previous setup.

We observe that, to receive the same bandwidth, the user of Route 0 must pay three times
more than the other routes because it uses three congested links. The current results,
together with those shown in Figure 5.10, establish that our congestion control algorithm

is proportionally fair. As in the previous section, the degree of confidence is 99%.

Route Number of Theoretical Average rate,
links rate (Gbps) simulation (Gbps)
Ingress 1 © Egress 1 3 28.8 28.90 + 1.2x10?
Ingress 2 > Egress 2 1 28.8 28.94 + 1.4x107
Ingress 3 - Egress 3 1 28.8 28.94 +1.6x102
Ingress 4 - Egress 4 1 28.8 28.94 + 1.4x107

Table 5.3: Average rate of each route on the linear network, all routes have the same rate

Link Threshold Average link load,
(Gbps) simulation (Gbps)
Switchl = Switch2 57.60 57.84 + 8.2x10™
Switch2 - Switch3 57.60 57.84+5.9x10™
Switch3 > Switch4 57.60 57.84 + 5.5x10™

Table 5.4: Average load of each link on the linear network, all routes have the same rate

5.7 Single Congested Link, Homogeneous Delay

As discussed in section 3.7.1, network delay may destabilize the rate control algorithm of
PF-OBS. To illustrate this, we run simulations using the same setup used in Scenario A
(see section 5.5.1.1), with the only exception that the link between the switch and the
destination node now incurs a nonzero round-trip time (RTT). Therefore, the RTT is the
same on all routes. The link load threshold is also set at 90% instead of 70%. We
increased the load threshold to highlight the negative effect of instability on the blocking
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probability. As the current target load (90%) is close to capacity, any overshoot will
result in a noticeable increase in the blocking probability. We consider two cases: a RTT
of 4 timeslots (equivalent to a link length between 3,000 and 4,000 km) and 10 timeslots
(equivalent to a link length between 9,000 and 10,000 km). According to equation (3.43),
the maximum values of k, that guarantee a stable control for these scenarios are

Kk, =0.347 and «, =0.150, respectively. We would like to show that the network is

stable when the gain «, is smaller than these values and investigate the behaviour of the

system when this condition is not satisfied.

3.7.1 Unstable Congestion Control

We use greedy sources. Figure 5.21 below shows the rate allocations as well as the load
on the bottleneck link when x, = 1.0. This value clearly exceeds the bounds given
previously. The two plots on the left of Figure 5.21 correspond to a delay D =4 timeslots
and the two plots on the right correspond to D = 10 timeslots.

Figure 5.21 shows that all traffic streams experience large, synchronized oscillations. The
oscillations appear to be periodic and the period increases with the delay. The magnitudes
of the oscillations appear roughly constant in time and increase with the delay. Moreover,
traffic flows with higher average rates display larger oscillations. Since the oscillations of
the individual traffic streams are synchronized, they combine positively, forming a

strongly oscillating traffic pattern at the switch.

Such oscillations have detrimental effect on the performance. They cause the traffic at the
switch to exceed the load threshold (90%) periodically, significantly increasing the
blocking probability on the congested link. Table 5.5 presents the overall blocking
probability at the switch for each delay. As expected, a larger delay results in higher
blocking probability because of the wider oscillations. Results in Table 5.5 are provided

with 99% confidence intervals.

Delay (timeslots) | Blocking probability
4 5.13x10° + 8.2x10°*
10 2.74x1072 £ 2x10™

Table 5.5: Blocking probability under unstable operation
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Figure 5.21: Instability caused by propagation delay, when «, = 1.0: (a) Bandwidth allocated to each
ingress node for D = 4 (b) Bandwidth allocated to each ingress node for D = 10 (c) Total load on the
congested link for D =4 (d) Total load on the congested link for D = 10

Although the network is unstable, we explained in section 3.7.1.3 that the oscillations are
bounded. We presented theoretical bounds for the magnitude of oscillations. The
amplitudes of oscillations observed in simulations closely match the bounds computed
with equations (3.44) and (3.45). Figure 5.22 provides a visual example of this, where
only the rate of Ingress node 10 is displayed. Detailed simulation results for each ingress

node are provided in Table 5.6 with 99% confidence intervals included.
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Figure 5.22: Simulation results and theoretical bounds for the rate of Ingress 10, D =4
Theoretical bounds Simulation results
Node Lower bound Upper bound Lower bound Upper bound
(Gbps) (Gbps) (Gbps) (Gbps)
Ingress 1 0.75 1.15 0.65 £ 1.6x10-2 1.21 £ 1.8%10-2
Ingress 2 1.49 2.29 1.38 £2.5x10-2 2.38+2.7x10-2
Ingress 3 2.24 3.44 2.07+2.5%10-2 3.52+3.3x10-2
Ingress 4 2.99 4.59 2.78 £ 5.3%x10-2 4.68 +2.5x10-2
Ingress 5 3.74 5.74 3.49 +3.3x10-2 5.81+3.6x10-2
Ingress 6 4.48 6.88 4.19 + 4.1x10-2 6.98 + 2.7x10-2
Ingress 7 523 8.03 4.90 + 6.6x10-2 8.12 + 3.4x10-2
Ingress 8 5.98 9.18 5.59 + 5.2x10-2 9.28 +4.4x10-2
Ingress 9 6.73 10.33 6.31 +3.2x10-2 1042 + 5.8x10-2
Ingress 10 7.47 11.47 6.99 + 7.2x10-2 11.60 £ 4.6x10-2

5.7.2 Stable Congestion Control

Table 5.6: Comparison of theoretical bounds and simulation results

Figure 5.23 shows the rate allocations when the gain «, satisfies the stability condition

described by equation (3.43). The value of x, used for Figure 5.23 is set to 0.95 times the

limit provided by equation (3.43). The limits calculated using equation (3.43) are 0.347

and 0.149 for D = 4 and D = 10, respectively. Therefore, we use x, =0.330 and

x, =0.142 in our simulations. We observe small oscillations just after the switch load

reaches the threshold value. However, these oscillations eventually die down and the

system reaches a steady state after 3 to 4 seconds when D = 4.
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Figure 5.23: Traffic rates for stable OBS network with delay: (a) Bandwidth allocated to each ingress
node for D = 4 (b) Bandwidth allocated to each ingress node for D = 10 (¢) Total load on the
congested link for D =4 (d) Total load on the congested link for D = 10

Since there is no oscillation when equilibrium is reached in the current scenario, the load
threshold is not exceeded. Therefore, the blocking probability is lower, compared with
the unstable system. The measured blocking probability of the stabilized system is

summarized in Table 5.7.

Delay (timeslots) | Blocking probability
4 1.19x10™* + 1.2x10°
10 1.32x10* + 1.9x107

Table 5.7: Blocking probability for stable OBS network
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5.7.3 Staggered and Unresponsive Sources

Until now, we have assumed that all edge nodes in an OBS network apply the PF-OBS
algorithm. In this section, we examine the behaviour of the congestion control when
some ingress nodes do not respond to congestion signals. Unresponsive sources are
modeled using CBR sources. Again, we use the star-topology network depicted in Figure
5.2. Ingress 9 and Ingress 10 fill the role of the unresponsive sources. The other ingress
nodes behave as staggered sources and apply the PF-OBS algorithm. When active, they
behave as greedy sources. Ingress nodes start and stop transmitting at various times
during the simulation. When active, the unresponsive sources consume half of the
available bandwidth. This means that, together, the two CBR sources generate 28.8 Gbps
when the load threshold on the bottleneck link is set at 90% (57.6 Gbps). The round-trip
delay is D = 4 timeslots for all routes. This setup will also highlight the transient state

performance of PF-OBS in the presence of delay.
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Figure 5.24: Staggered and unresponsive sources, stable with D = 4 (a) Transmission rates of ingress

nodes (b) Overall load on bottleneck link
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Figure 5.24 shows the behaviour when the network is stable. Ingress 1 and Ingress 2 start
transmitting at the same time and their responses are the same. Therefore, we only plot
the response of Ingress 1 in Figure 5.24 to keep the figure tidy. The same is true for
Ingress 3 and Ingress 4, etc.

We note the slower response compared with Figure 5.19. This is due to the reduction of
the control gain required for stability (x, = 0.330). Aside from this, the Ingress nodes that
apply congestion control behave as in Figure 5.19. The interval starting at ¢ = 60s is of
particular interest for us. This is when the unresponsive sources start transmitting. These
sources begin their transmission at full speed. This results in a sudden spike in the load
received by the switch as seen in Figure 5.24(b). This spike remains for the duration of an
RTT. After a delay equal to the RTT, the feedback regarding the change arrives at the
sources. At this point, the ingress nodes that apply the PF-OBS congestion control reduce
their sending rates. The minimum is reached 0.14s after the start of the spike. There is
some overcompensation as the minimum switch load reached during this adjustment is
roughly 46 Gbps. The traffic rates return to steady state roughly 0.6s after the start of the
spike. To sum it up, in case some ingress nodes do not respond to congestion signals, the
ingress routers that apply congestion control will adjust their rates in order to keep the
load on the bottleneck close to the threshold. However, the load on the congested link
does not return exactly to its previous value after 60s. When steady state is reached after
60s, the average load on the congested link is roughly 0.75 Gbps above the threshold. The
reason for this is the following. The OBS switch marks all traffic streams and cannot
distinguish the traffic from unresponsive ingress nodes. Therefore, the marks assigned to
unresponsive sources are lost and cannot be used to control the congestion. This results in
an apparent reduction of the link price seen by other ingress nodes, causing a small

increase in the load received by the switch.

In contrast, Figure 5.25 shows the response of the same network when it is unstable

(x,=1.0).
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Figure 5.25: Staggered and unresponsive sources, unstable with D = 4 (a) Transmission rates of

ingress nodes (b) Overall load on bottleneck link

The transmission rates of all responsive sources exhibit oscillations, as seen in Figure
5.25(a). The oscillations are also synchronized, although ingress nodes begin
transmission at different times in the current case. The magnitude of the oscillations is the
same for all sources running the PF-OBS algorithm. Consequently, the amplitude of the

oscillations at the switch increases when more ingress nodes generate traffic.

5.8 Meshed Network with Delay

In previous sections, we have simulated only simple network scenarios, involving a
single congested link or a linear topology network. This allowed us to demonstrate the
basic properties of PF-OBS, analyze and explain its behaviour. However, real networks
are understandably more complex. To assess the performance of PF-OBS in a realistic
setting, we simulate our congestion control algorithm using the 14-node NSF network
depicted in Figure 5.26. The numbers next to the links indicate their lengths in

kilometres. Each vertex in Figure 5.26 represents one OBS edge node connected to a
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local OBS core node. The OBS core node is connected to neighbouring core nodes. OBS

edge nodes act as traffic sources and sinks.

Figure 5.26: 14-node NSF network

Our goal is to maintain the load on all links under 90% of their capacity, i.e. 56.7 Gbps.
This corresponds to a blocking probability under 102 on each link, according to Figure
5.8. We consider this level of loss acceptable for most applications. We apply minimum
hop routing. This is to minimize the end-to-end blocking probability since each link in a
path introduces a possibility of burst loss. When several minimum hop routes exist
between two edge nodes, we choose one randomly and maintain it for the entire duration

of the simulation.

Each edge node sends traffic to the 13 other edge nodes in the network. This means there
are 182 routes or traffic flows in this OBS network, which are individually regulated by
the PF-OBS algorithm. Ingress routers are alimented by greedy sources in order to use all
available bandwidth. The network depicted in Figure 5.26 features a mix of diverse

simulation parameters, as opposed to the simple cases seen previously. This includes:

e Various path lengths in terms of the number of hops.

e Heterogeneous delays: Each route in the NSF network has a different RTT,
depending on its length. The RTT values in the network range from 1 to 6 times
the update period, as shown in Figure 5.27. For this reason, the control gain x, is

chosen according to equation (3.43) to guarantee stability under delay.
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o Each ingress node pays a random price o, in the interval 250,000 to 2,500,000
bits/timeslot for each of the 13 traffic flows it generates. Each OBS link carries

traffic from different routes.

Frequency

1 2 3 4 5 6
RTT (timeslots)

Figure 5.27: Distribution of RTT in the NSF network

We consider this setup a reasonably accurate model of a real network. We ran 10
independent simulation replications with the previous parameters, each lasting 90
simulated seconds and generating approximately 2.5x10® bursts. All transmission rates

are initialized to 6.4 Mbps (i.e. 0.01% of the link capacity).

Figure 5.28 and Figure 5.29 provide a representative sample of the traffic flowing
through the network in a simulation run. Figure 5.28 shows the traffic rates of all 13
flows generated by Edge node 1. Figure 5.29 shows the load on all output ports of
switch4. The overshoot seen in Figure 5.28 is caused by differences in the values of the
control gain x,. Note that the routes that overshoot are those destined to the closest
neighbors (Edge 0 and Edge 2), which means lower delay and higher gain. These routes
increase their rates faster. However, as the other routes increase their rates, the flow to

Edge 0 and Edge 2 must be reduced.
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In all replications, the network stays stable and the load on all links remains close to the
predefined threshold. The link that carries the most routes (16 routes) is the link from
switch 10 to switch 7 while the link from switch 11 to switch 13 has the fewest (3 routes).
The bottlenecks for this setup are mostly the ports connecting OBS switches to their
associated edge nodes. As every edge node sends to and receives traffic from all other
nodes, these ports tend to be congested. Since route prices w, are randomized, the
repartition of load in the network is not the same in all replications but depends on the

simulation seed. Not all links connecting two switches together are congested. Based on
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10 replications, the maximum blocking probability for a switch port is

1.9x107° + 2.6x10™ while the overall blocking probability in the network is

4.8x107™* + 3.5x107°, with 99% confidence. Detailed results regarding the congestion at

each link are provided in Appendix C.

5.9 Discussion

The PF-OBS algorithm described in Chapter 4 appears effective in managing the
congestion in the OBS network. In all scenarios simulated in this chapter, the load on all
links remains close to the desired limit. Consequently, the blocking probability stays

bounded, which is our first objective.

There is good agreement between the results obtained in simulations and the theory
presented in Chapter 3. We observe this concordance in the marking policy assessment in
section 5.3 and in the traffic rates obtained in section 5.5. Another example is the
calculation of the appropriate control gain to ensure stability in the presence of delay. The
critical value of the gain given in Chapter 3 is the point at which oscillations appear in
simulations. Furthermore, the amplitudes of observed oscillations closely match the
theoretical bounds. Therefore, we are confident that the congestion control method we
proposed in Chapter 4 accurately implements the theoretical foundation seen in Chapter

3.

Fast convergence and stability are generally needed for any congestion control technique.
We know from control theory and from our simulations that these two objectives conflict
with each other. In our case, they depend on three parameters: the control gain x,, the
route price or weight w,, and the timeslot duration 7. Increasing either , or e, speeds up
convergence but increases the spread of the traffic rates around the equilibrium. With x,
unacceptably large, the network may even become unstable. Reducing 7 results in more
frequent updates but it also increases number of update periods during a round trip.
Therefore, choosing appropriate values requires a tradeoff between response speed and

smoothness of rate allocations.
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We also notice that the rate update rule (see equation (4.1)) is similar to the well-known
proportional controller from control theory. We remember that a proportional controller
can steer a system towards its target input but theoretically never reaches it. In practice,
this is not an issue due to the bufferless nature of OBS networks. However, in electronic
networks, a small discrepancy between the target rate and the actual rate leads to a queue
build-up or starvation. A queue drops all incoming frames when it is full, whereas an
OBS switch does not show such sudden successive losses. The curve for the loss
probability is always smooth as we saw in Figure 5.8. Therefore, small discrepancies

between the optimal and current rate are tolerable in OBS networks.

5.9.1 Comparison with OBS without Congestion Control

To assess the benefit of the PF-OBS algorithm, we compare the performance of an OBS
network without any traffic policing with another one running our algorithm. For this
purpose, we revisit the star-topology network seen in Figure 5.2. We remind the reader
that this network has 10 ingress nodes sending traffic to one egress node. We assume that
the incoming traffic is Poisson before it is assembled into bursts. The simulation
parameters are the same as previously, except for the number of wavelength channels per
fibre. In this section, we use N = 4 wavelengths for data transmission. The load threshold
is set at 50% of link capacity. We use these simulation parameters because they are fairly
similar to those used in the PCWER scheme[20]. We remind the reader that PCWER is
one of the previous works on rate-based congestion control for OBS, which we reviewed
in section 2.8.4. In this manner, we can also compare our results with [20]. In addition,
choosing N = 4 wavelengths per fibre highlights the advantage of congestion control
because the losses are expected to be high. The authors in [20] used the following
parameters: 2 ingress nodes sharing a bottleneck link, Poisson burst arrival at the switch,

N = 4 wavelengths per fibre.

The results are shown in Figure 5.30. We observe that the performance of both networks
is the same when the offered load is below the threshold. This is understandable because
PF-OBS does not take any action when it does not receive any congestion signal. When
the load increases above 50% on Figure 5.30(a), PF-OBS maintains the blocking
probability around 7%, which is lower than the losses experienced by the plain OBS
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network. However, this is achieved at the cost of lower throughput through the network
as shown in Figure 5.30(b). The results shown in Figure 5.30 are similar to those obtained

with PCwER in [20].
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Figure 5.30: Comparison between OBS without cengestion control and with PF-OBS algorithm
(a) Blocking probability (b) Throughput

5.9.2 Comparison with Existing Methods

In section 2.8.4, we reviewed three previous proposals for rate-based congestion control

on OBS:

¢ Robust OBS (ROBS) [81].
e Differentiated ABR (D-ABR) [21].
e Proportional Control with Explicit Reduction Request (PCwER) [20].

Although the names used are different, D-ABR, PCWER and PF-OBS all define a load
threshold on all links. The value of the threshold is slightly lower than the link capacity in
order to keep the burst losses low. When the load exceeds this threshold, a congestion
signal is generated, prompting the ingress nodes to reduce their transmission rates. Unlike

these three methods, ROBS uses burst loss probability as a congestion signal.

Because D-ABR is based on the ERICA algorithm, it converges faster than our method.
In contrast, ROBS, PCWER, and PF-OBS change the rate allocations in fixed increments.
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It is well known that the explicit rate approach used by D-ABR imposes a heavy
processing load on the network nodes [94]. This is also the case with PCWER because it
requires edge nodes to organise a large amount of information for each feedback

received, unlike PF-OBS.

When compared to the previous methods, the main advantage of PF-OBS comes from its
utility maximisation approach. The ERICA scheme, on which D-ABR is based, achieves
exact max-min fairness while PCWER adopts a relaxed form of max-min fairness, based

on a maximisation of the following fairness index:
> ¥
FI(x) = 5" (5.3)

where n is the number of flows sharing a congested link, x; is the rate of flow r, and x is

the set of flows sharing the link.

If a max-min fair allocation exists for a network, it is unique [85]. This makes the
allocation too rigid because it does not respond to the bandwidth requirements or
preferences of users. In contrast, the weighted proportional fairness adopted by PF-OBS
allows users to indicate the priority of their traffic using the target price w,. In addition,
PF-OBS is more efficient in terms of total throughput of the network. We define the total

throughput as the sum of the rates of all flows entering the network.

To demonstrate this, let us consider again the linear topology network shown in Figure
5.6. Let x, denote the rate of the flow from Ingress » to Egress r. As in section 5.9.1,
assume that each link supports N = 4 wavelength channels of 1 Gbps each. Assume the
load threshold is é‘l =3.2 Gbps (80%). We use the same value of w, for all ingress

nodes. In a max-min allocation such as the D-ABR scheme, it is obvious that each ingress
node receives half the available bandwidth, i.e. x, =1.6 Gbps. We ran a simplified, high-

level simulation of the PCWER scheme to assess its performance in the same scenario.

The resulting rate allocations are shown in Table 5.8 and compared with PF-OBS.
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We note that the load remains close to the desired threshold (3.2 Gbps) for all methods.
However, the total throughput with PF-OBS is 24% higher (7.94 £ 0.02 Gbps) compared
with the other schemes (6.4 Gbps).

D-ABR (max-min) PF-OBS PCwER
Rate Ingress 0 (Gbps) 1.6 0.79 + 0.007 1.60 £ 0.05
Rate Ingress 1 (Gbps) 1.6 2.38+0.007 1.60 = 0.04
Rate Ingress 2 (Gbps) 1.6 2.38+£0.007 1.64 + 0.06
Rate Ingress 3 (Gbps) 1.6 2.38 +£0.007 1.65+ 0.06
Link L, load (Gbps) 3.2 3.18 £ 2x10" 3.20+0.05
Link L; load (Gbps) 3.2 3.18 + 1x10™ 3.22+£0.03
Link L; load (Gbps) 3.2 3.18+ 1x10* 3.22+0.02

Table 5.8: Throughput of PF-OBS, D-ABR and PCWER

5.9.3 Disadvantages

PF-OBS works by gradually probing the network for available bandwidth. This
introduces ramp up times and increases the time required to converge to optimality. The
number of iterations required for convergence of PF-OBS is not fixed. Depending on
initial conditions, it may take more than one hundred iterations for the load at the links to
converge to the desired level, and longer for the allocations to reach proportional fairess
(see Figure 5.15). However, the rate of change is faster when the load must be reduced,
preventing a prolonged increase in the loss probability. In contrast, explicit rate schemes
converge in a fixed number of iterations. For example, the ERICA scheme often
converges to max-min fairness in one RTT [18]. The convergence speed of PF-OBS is
made worse in the presence of propagation delays because of the required reduction in
the control gain x,. PF-OBS trades off response speed in exchange of ease of

implementation.

We note that the load threshold compensation discussed in section 4.4.3.2 and illustrated
in Figure 5.20 is not perfect, especially with meshed networks. As shown in Appendix C,
the average load on some links of the NSF network (e.g. switch8 > Edge8) slightly
exceeds the desired limit, even after compensation. The discrepancy depends on the

combination of @, used by users. Links carrying many flows are more affected by this
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problem (e.g. switch8 = Edge8 carries 13 flows). Despite this, the maximum burst loss

probability in all links observed during simulations remains tolerable.

Finally, we pointed out previously (see section 5.5.1.2) that there are more than one
combination of price choice that result in the same bandwidth allocation. This poses a
problem if one ingress node chooses to pay more to increase its share of bandwidth while,
unaware of this, other sources are doing the same. Consequently, the rate allocations
remain unchanged. For example, we saw in section 5.5.1.2 that the rate allocations in
Scenarios A and B are the same although the prices paid by individual users are different
(see Figure 5.14). The bandwidth prices might randomly drift when changes in the price
choices are correlated. This can also happen due to deliberate action from users. Users
may form “coalitions” to influence link prices as discussed in [128]. However, this is
unlikely in the case of PF-OBS where prices do not imply monetary charges but are used

to control network congestion.
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Conclusion

6.1 Conclusion

The goal of this thesis was to develop a rate-based congestion control method for OBS
networks. An approach based on optimization theory was used. Kelly et al. developed the
mathematical foundations of the optimization-based rate-control we used in this thesis. In
this approach, each user has a utility function which measures the benefit it gains from
using the network. On the other hand, network links incur a price when congested. The
goal of rate control is then to maximize the overall utility minus the cost of congestion.
When the utility functions are logarithmic, the resulting rate sharing is proportionally fair.
Loosely speaking, proportional fairness means each user receives a bandwidth share

proportional to the price it is willing to pay for a congested resource.

Based on this theoretical work, we developed a congestion control framework (PF-OBS)
tailored for OBS as follows. The proposed method is an extension to the OBS control
plane. PF-OBS works in a distributed manner. OBS ingress nodes regulate the
transmission rate on each route independently. To control the congestion, a load threshold
is defined for every link in the network. The load threshold is the load level at which the
highest acceptable blocking probability is reached. It is usually slightly lower than the
link capacity (e.g. 90%). OBS switches monitor the traffic load on all of their ports. In
case of congestion, the switch marks the header of any burst that exceeds the threshold.
The price of a link is defined as the fraction of traffic it marks. These marks are reported

to each ingress node using special burst headers. In turn, ingress nodes periodically adjust

134
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their traffic rates in function of the current price received from feedback and the price

they are willing to pay.

We evaluated the performance of this method through simulations using OPNET
Modeler. We found that the results obtained in simulations are in good agreement with
those predicted by the underlying theory. The bandwidth allocation is proportionally fair
as it is distributed according to the price paid by the user of each route (Figure 5.10). In
simulations, our algorithm can keep the load on all links under the desired limit (Figure
5.9, Figure 5.29). As a result, blocking probability remains low in the network. We used
greedy traffic sources in most simulations to keep the network under heavy load and to
use all available bandwidth. When propagation delays are nonnegligible, the rate
allocations can be kept stable thanks to the stability condition obtained from theory
(Figure 5.23). The main problem with the method resides in the threshold compensation
technique when applied to multihop paths. As a result, the actual load on congested links
slightly exceeds the desired limit. However, we believe the small divergence is tolerable

because it does not result in excessive added losses. In a 14-node meshed network, the
overall blocking probability is equal to 4.8x10™* £3.5x10” when the load threshold is
set at 90%. For the same setting, the maximum blocking probability of any link in the
network is equal to 1.9x107 +2.6x10™*. Both results are given with 99% degree of

confidence.

The advantage of PF-OBS is clear when we consider the burst loss in the network.
Without PF-OBS, the blocking probability always increases with the offered load. In a
network with PF-OBS, the burst loss probability is bounded. In networks with multiple
congested links, we showed that the optimization approach adopted in PF-OBS yields
a higher total throughput when compared with existing flow control methods for OBS.

6.2 Contributions

Although optimization-based rate control has received much attention, most of the
existing works are theoretical in nature. To the best of our knowledge, this thesis

contributed the first application of this theory to develop a congestion control framework
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for OBS. We argued that the principles behind proportionally fair rate control conform to
the constraints imposed by OBS. We showed that this method can effectively control the

congestion in OBS networks and therefore limit the blocking probability.

According to the theory, a mark may also correspond to a lost frame. However, we
showed in this work that burst loss alone cannot be used as a congestion signal for OBS.
There are two main reasons for this. First, burst losses occur randomly. It requires a long
observation interval to get an accurate measurement of the blocking probability. This
reduces the response speed of the control method. Second, when several flows are in
contention, the OBS blocking probability is lower for larger streams. This results in an
unfair bandwidth sharing. Although this is has been pointed out in one previous research,

we provided more details on the problem and offered an explanation.

6.3 Future Work

Although we focused on size-based burstification in our simulations, PF-OBS does not
exclude the use of time-based burst assembly. The rate adjustment rule fixes the amount
of data that may be sent during a timeslot. For size-based burst assembly, burst sizes are
nearly constant and the time between bursts is varied to meet the limit. If time-based
burst assembly is used, the interval between bursts is constant and their sizes must be
regulated. In this case, the rate controller must communicate the maximum burst size to
the burst assembly module. Future OBS networks will presumably include a mix of

various burst assembly methods. Further study of this solution is left as future work.

In the present work, we studied the performance of PF-OBS only within the boundaries
of an OBS network and ignored its effects outside this limit (for example on TCP
sessions). Given that TCP is the prevailing congestion control method on the Internet, the
interactions between TCP and PF-OBS is of much interest to us. However, because of
limitations in computing power, we cannot at this time simulate enough TCP flows to fill

the available bandwidth.
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In case of congestion on the OBS side, TCP connections crossing this network must
reduce their congestion window quickly enough. Otherwise, the buffers at the ingress
nodes will overflow. To prevent this, the mechanism we proposed in this thesis may
require additional signalling to end users. A simple solution would be to transfer the
marks from an OBS header packet to the appropriate field of disassembled IP packets at
the egress node. A similar solution was proposed in [97] for ECN on Virtual Private
Networks (VPN). A careful study of this solution, including simulation of TCP sessions

crossing a PF-OBS network needs to be conducted.
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APPENDIX A: CONVEX OPTIMIZATION

This appendix is intended as a brief introduction into convex optimization theory. Our
goal is to present the reader with the essentials in order to follow the discussion in

Chapter 3. The material presented here is taken from section 2.3 of [85].
Definition A.1 4 set C c R" is said to be convex if the following property holds:
ox+(1-a)yeC, Vx,yeC,ae[0,1] (A.1)

This means that for any pair of points in a convex set, all the points on the segment

joining the two points also lie within the set. This is illustrated in Figure A.1.

Figure A.1: A convex set

" Definition A.2 Consider the function f: C >R, where C cR" is a convex set. The

function fis said to be convex if:
flex+(l-a)y)<af(x)+(1-a)f(y), Vx,yeC, Va e[0,1] (A.2)

The function is said to be strictly convex if the above inequality is strict when X2y and

ae(0,1).
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Definition A.3 Consider the function f: C > R, where C cR" is a convex set. The

Sfunction fis said to be concave if —f'is convex, or equivalently:
flax+(-a)y)zaf(x)+(1-a)f(y), Vx,yeC, Vae[0,1l] (A3)

The function is said to be strictly concave if -f is strictly convex, or equivalently, if the

above inequality is strict when x #y and « €(0,1).

Examples of convex and concave functions are shown in Figure A.2.

7

(@) (b)

Figure A.2: Example of convex and concave functions (a) Convex function (b) Concave function

For a convex function, if a line joins any two points on the curve of the function, then all
points on the line are located above the curve of the function. For a concave function, all

points on the line are located below the curve of the function.

We now consider the maximization of concave functions over a convex set.

Lemma A.1 Consider a concave function f(x) defined over a convex set C c R". The

following statements are true:

e I X is a local maximum of f(x) over C, then it is also a global maximum over C. If

[f(x) is strictly concave, then X is also the unique global maximum over C.

o If Cis compact (closed and bounded), then a global maximum exists over C.
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The type of problem that we consider in this thesis is one where the objective function is

strictly concave and the constraints are linear. Consider the following problem:

max f(x) (A4)

subject to:

Rx<ec,

Hx=0

where f{.) is a differentiable concave function and R and H are matrices of appropriate
dimensions. It is easy to verify that the feasible set, i.e., the values of x that satisfy the
constraints, is convex. The first step in solving such a problem is to form the Lagrangian

function given by:
L(x, 4, 1) = f(x)— A" (Rx~¢) - p" Hx (A.5)

where A < 0 is called the Lagrange multiplier. The Karush-Kuhn-Tucker theorem states

that, if x is a solution to (A.4), then it has to satisfy the following conditions:

-Zé =0=>Vf(x)-R"A-H" u=0,
AT(Rx-¢) =0,
Rx <¢, (A.6)
Hx =0,
A20

Since the objective function is concave and the feasible set is convex, the previous
conditions are also sufficient for optimality. In other words, if x satisfies (A.6), then it

solves (A.4).
The final topic introduced in this appendix is duality. Consider the function

D(A, pr) = max L(x, 4, 1) (A7)
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where C is the set of all x that satisfy the constraints in (A.4). This is called the dual
function. We note that:

nf D(4, )2 f (x) (A.8)

where X is the solution to (A.4). To see this, note that, if x satisfies the constraints in

(A.4), then:
< f(x)~ AT (Rx~¢) - 4" Hx
Thus,
max f(x) < max [ f(x)- A" (Rx—¢) - 4" Hx |
and further

< i .y —oV— T -3
max f(x) < inf max[ f(x)~A"(Rx—¢) - p"Hx | = inf D(4, )
this result is called the weak duality theorem. Under certain conditions called the Slater

constraint qualification conditions, we further have:
inf D(4, )= f(x')
A20,u

i.e., the optimal primal and dual objectives are equal. The Slater constraint qualification
conditions are always satisfied for a problem with a concave objective function and linear
constraints. Thus, the optimal primal and dual objectives are equal for the problem in

(A.4).



APPENDIX B: PROOF OF EQUATION (3.42)

B.1. Linearization of equation (3.39)

Before presenting the actual proof of equation 3.42, we explain how the derivation for the
linearization of equation 3.39 is obtained. We reproduce equation 3.39 here for

convenience:
f(u,v)=xn+1]=x[n]+x (a) —x[n —D]p(x[n ——D]))
where u = x[n] and v=x[n—D]

Therefore:

f(u,v)=u+lc((o—vp(v)) (A.1)
The equilibrium is x™ = f(u,,v,) , which means that x" =u, = v,
Let x[n]=x" + y[n], therefore:

y[nl=xn]-x =u—u,

; (A2)
yin=D]=x[n-D]-x =v-v,

Au,v) can be linearized as follows:

S = )+ L iy T

Replacing f(u,v) with u+x (a) —vp (v)) , we obtain:

Su,v)= f(uosvo)+(”“uo)—K(p(vo)"'vop'(vo))(v“vo)

153
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Therefore:

y[n+1]+x* =x +y[n]—lc(p(vo)+v0p'(v0))y[n—D]
= yn+1]=yn-x(p(v)+x p'(%))yln-D]

The last result is the same as the linearized equation (3.40).

B.2. Proof of equation (3.42)

The actual proof for equation (3.42) begins here. The material presented in this section is
taken entirely from the work of Johari et al. [95] and is reproduced here only for

convenience.

We remind the reader that the stability condition described by equation (3.42) only
applies to a network with a single link and a single user. The system described by
equation (3.39) is locally stable if all the roots of the following characteristic equation

have modulus less than one.
AP AP 4 k(p+xp)=0 (A3)

Lemma A.2 Let p(A, k) be a polynomial in A, with coefficients which are continuous

functions of k (where x may be vector valued). Then the maximum modulus of the roots

A of p(4,k)=0 is continuous in k.

Proof: The roots of any polynomial are continuous functions of the coefficients [125]. If
the coefficients are continuous functions of x, this immediately implies the conclusion of

the lemma.
Lemma A.3 For sufficiently small x, all roots of (A.3) have modulus less than unity.

Proof: We define the polynomial p(4, k) by

p(A,K)=AP" =P +ka=0
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where a=p+x"p'>0. Then the characteristic equation (A.3) is p(A, x)=0. When
x =0, the roots are A =0 with multiplicity D and A =1 with multiplicity 1. By direct
computation, we find that dp/04 is nonzero at A =1, x =0. Thus, we can apply the
Implicit Function Theorem to find an open interval (—¢,&) and a differentiable complex-
valued function g(x) such that g(0)=1, and A=g(x) satisfies p(4,x)=0 for

—g <k <¢. Forsuch «, differentiating p(A, ) =0 with respectto x yields

(D+1)g(x)’g'(x)~ Dg(x)" " g'(x) +a=0

Evaluating this through at x =0 yields g'(0) =—a . We take a Taylor series expansion of

g(x) around ¥ =0:
g(x)=1-xa+o(x)

Thus, as increases away from zero, the root A =1 initially moves approximately as
1-kxa, and hence for sufficiently small x this root will have modulus less than unity. For
the root =0 of multiplicity D, we note that by taking even smaller « if necessary, we
can appeal to Lemma A.2 to ensure that these D roots remain of modulus less than unity
as x increases away from zero. Thus, for sufficiently small x, (A.3) has all roots of

modulus less than unity.

Proof of equation (3.42): We can easily check the result for D = 0 since the linearized

system becomes y[n+l]=(1—K(p+x*p'))y[n]; so assume D > 0 for the rest of the

proof.

By Lemma A.2, the maximum modulus of the roots. of (A.3) varies continuously with « .
Also, we know that the system is locally stable for small k¥ from Lemma A.3. Hence, for
the first part of the result, it suffices to look for the smallest ¥ such that (A.3) has a root

of unit modulus. Let the root be A =¢** ; then (A.3) may be rewritten as

H(2D+1)0-7/2) _

2sinfe a
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where a =x(p+x p'). Hence we conclude that

T 27wn
0= +
22D+1) 2D+1

2|sin@|=a,

where 7 is an integer. We choose n = 0 since we are looking for the smallest positive a

such that A is of unit modulus. Hence, substituting for € in 2 ]sin 9‘ =a, we see that there

are no solutions for & if a <2sin(x /(2(2D +1))). This gives the first part of the result.

For the second part of the result, it suffices to prove that there exists a root A =re*” of

modulus »>1 to (A.3) when a>2sin(@" /2), where 8" = /(2D +1). From (A.3), note

that 1 =1-aA™", and that as vectors in the complex plane, the angle between A and 1 is

6. Thus, applying the cosine rule, we have
cosf =(1+r* —a*r?P)/(2r) (A.4)
Further, by equating imaginary parts in (A.3), we have
r =sin(DB)/sin((D +1)6) (A.5)

We know that for a=2sin(@/2), cos@ =1-(a’/2) and r = 1. Suppose
a>2sin(@"/2). Then the right-hand side of (A.4) is less than cos@” for r = 1. Notice
that the left-hand side of (A.4) decreases from cos@ to cos(z/(D+1)) for
0 e[6", 7 /(D+1)]. To prove that a root of modulus greater than 1 exists, it suffices to
show that 7 increases from 1 to « for @ €[6", 7 /(D +1)] and that the right-hand side of
(A.4) is increasing in r for r>1. From (A.5), we may conclude dr/d@ >0 for
6 [0, 7 /(D+1)], since sin(DO) >sin((D +1)8) and cos(DO) —cos((D+10)>0. So r
increases from 1 to o for @ €[@°, 7 /(D +1)]. Further, differentiating the right-hand side

of (A.4) with respect to » shows that the right-hand side of (A.4) is increasing in r for

r 21, tending to /2 when r is large. Thus, a root of modulus greater than unity exists for

which 8e[0", 7/(D+1)] when a>2sin(@ /2). This proves second part of the result.
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This appendix provides detailed results obtained from simulations of the NSF network

described in section 5.8.

The following table provides simulations results for each link of the NSF network studied
in Chapter 5. The results provided are from 10 independent replications. 99% confidence
intervals are also given. Although the traffic pattern is not the same in all replications, we

note on Table C.1 that some links are constantly congested while others tend to be

underloaded.
Average load Maximum load
Link (Gbhps) (Gbps) Blocking probability
switch0 — Edge0 57.5+0.33 59.2+0.16 1.10x10° + 2.97x10™
switchQ — switchl 26.6 +4.82 27.8+4.97 0
switchQ — switch2 30.5+5.8 32.0+5.94 0
switch0 — switch?7 56.1+£0.43 58.3+0.22 2.31x10* £ 1.21x10*
switchl — Edgel 57.8+0.15 59.3+0.15 1.23x107 +2.22x10™
switchl — switchO 37.6 £3.77 39.1+3.93 0
switchl — switch2 25.2+3.92 29.0+3.76 0
switchl — switch3 39.5+4.28 41.1+436 0
switch10 — Edge10 58 +0.28 59.3+0.23 1.25%x10™ + 4.28x10™
switch10 — switch12 33.8 +4.65 39.9 + 4.94 0
switch10 — switch13 41.8+3.81 43.8+4.11 0
switch10 — switch7 57.2+0.32 58.5+£0.31 6.77x10* £ 3.69x10*
switch10 — switch9 257+ 4 33.3+4.21 0
switch11 — Edgell 58.2+0.22 59.6+0.21 1.65%107 + 3.66x10*
switchll — switchl2 143+ 4.12 15.8 £ 4.66 0
switchl1 — switch13 30+5.89 32.0+5.89 0
switchl1 — switch5 533+4.2 55.5+4.29 2.07x107° + 4.17x10°
switch12 — Edge12 58.1+0.15 59.4+0.15 1.38x107 + 1.85x10™
switchl2 — switch10 19+ 431 21.4+4.84 0
switch12 — switch11 27.6 +4.99 33.4+6.42 0
switch12 — switch8 22.3+498 24.4+5.32 0
switch13 — Edgel3 58.1+0.13 59.4+0.11 1.39x1073 £ 2.15x10*
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Average load

Maximum load

Link (Gbps) (Gbps) Blocking probability
switch13 — switch10 49.7+5.76 51.2+5.83 1.54x107 + 3.35x10
switch13 — switch11 14+ 2.71 17.5+ 431 0
switch13 — switch8 42.9+42 44.9 £ 5.02 0
switch2 — Edge2 57.7+0.23 59.3+0.23 1.16x107 £ 3.78x10™
switch2 — switchO 32,9+ 5.66 34.4+ 582 0
switch2 — switchl 27.8+3.96 30.6 £4.76 0
switch2 — switchS 52.8+4.15 55.2+4.08 1.73x107 + 3.10x10°°
switch3 — Edge3 57.8+0.27 59.2+0.18 1.21x107 +4.18x10*
switch3 — switchl 48.1+£4.01 50.2+4.13 5.10x10° + 1.66x10®
switch3 — switch4 49 £ 4.55 50.7 + 4.64 1.96x10 + 6.37x10°°
switch3 — switch8 55.4+1.57 57.6+1.21 1.37x107* £ 1.05x10™
switch4 — Edge4 57.9+0.27 59.3+0.19 1.31x10° + 3.52x10™
switch4 — switch3 54.1+4.79 55.9+4.77 1.05x10™* + 9.54x107
switch4 — switchS 51.7+5.37 53.5+5.35 2.73x10° £ 4.27x10°°
switch4 — switch6 352+5.18 37.0+5.45 0
switch5 — EdgeS 57.9+0.24 59.4+0.18 1.43x107 + 3.78x10™
switch5 — switchl1 53.3+4.31 55.5+4.23 2.85x107 +£4.55x10°
switchS — switch2 55.8+1.25 57.9+0.90 1.49x107* £ 1.29x10™
switch5 — switch4 45.5+ 5.69 47.2+5.79 7.70x107 +2.50x10°°
switchS — switch9 40 +3.82 41.5+3.93 0
switch6 — Edge6 57.8+0.21 59.2+0.14 1.19x107 + 3.26x10™
switch6 — switch4 48473 50.1+7.41 3.58x107 £ 1.16x10¢
switch6 — switch7 424 +829 44.1+8.52 0
switch7 — Edge7 57.9+0.26 59.1+0.17 9.89x10™ + 3.29x10™
switch7 — switch0 44.8+5.87 47.0+6.09 5.13x10° £ 1.67x10®
switch7 — switch10 56.8+0.27 58.2+0.24 2.87x10* £ 1.12x10™*
switch7 — switch6 52.3+3.82 54.0+3.82 3.78x107 £ 5.71x10°°
switch8 — Edge8 58.1+0.18 59.5+0.13 1.59x107 + 3.78x10*
switch8 — switch12 23+4.23 242+ 4.49 0
switch8 — switch13 38.5+4.43 39.9+4.62 0
switch8 — switch3 56.4 +0.38 58.4+0.23 3.02x10™* +1.13x10™
switch9 — Edge9 58+0.27 59.5+0.21 1.65%107 + 4.28x10™
switch9 — switch10 32.1+£3.26 33.4+3.28 0
switch9 — switchs 37.7+4.16 39.1 +4.33 0

Table C.1: Simulation results for each link of the 14-node OBS network
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Table C.2 presents the results of 10 independent simulations of the NSF network. The
second column contains the maximum load on a port. The port carrying the maximum
load is not the same in all replications. However, it is always a port connecting an OBS
switch to an edge node. The third column presents the overall blocking probability of the
OBS network, computed from all the bursts injected into the network. The last column
contains the maximum blocking probability observed in a link. This often corresponds to

the link that has the highest traffic rate (second column).

Load, most congested Overall blocking Maximum blocking
port (Gbps) probability probability for a link

Replication 1 58.3 4.93x10™ 2.29x10°
Replication 2 58.5 4.97x10™ 2.16x107
Replication 3 58.3 431x10™ 1.80x10°
Replication 4 58.2 4.47x10™ 1.79x10°
Replication 5 58.2 4.71x10™ 1.70x1073
Replication 6 58.4 4.66x10™ 1.96x10°
Replication 7 58.4 4.96x10™ 2.10x10°
Replication 8 58.3 5.21x10™ 1.96x10°
Replication 9 58.1 436x10™ 1.59x107
Replication 10 58.4 5.18x10™ 2.41x103
Mean and 99%
confidence interval 58.3+0.11 4.76x10™* + 3.5x10° 1.94x10°3 + 2.6x10™

Table C.2: Traffic load and blocking results for 10 independent simulation replications of the NSF

network



