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Abstract

This dissertation develops and analyses techniques for the control of
congestion on IP networks. The two dimensions of congestion control are explored:
1) Load Control: control of amount of traffic transmitted onto the network 2)
Capacity Dimensioning: provisioning enough capacity to meet the anticipated load
to avoid congestion.

We begin the work on load control by examining the design of Active Queue
Management (AQM) algorithms. We focus on AQMs that are based on an integrator
rate control structure. Unlike some previous AQMs, which measure congestion by
measuring backlog at the link, this structure is based on the measurement of packet
arrival rate at the link. The new AQMs are able to control link utilisation, and
therefore control and reduce the amount of queuing and delay in the network. The
rate-based AQMs can be used to provide extremely low queuing delays for IP
networks, and enable a multi-service best-effort network that can support real-time
and non-real-time applications.

In the first part of Chapter 3, this dissertation develops a new rate-based
AQM and a performance evaluation is performed comparing its performance to some
key existing AQM proposals. In the second part of Chapter 3, the deployment of the
rate-based class of AQM s is investigated experimentally and analytically, and critical
efficiency issues with TCP/IP inter-operation are uncovered and addressed. In
Chapter 4, the implementation of rate-based AQMs in multi-queue systems is also
investigated. Rate-based control is analysed and applied to a multi-class
Differentiated Services (DiffServ) scheduler, and a Combined-Input-Output-Queued
Switch.

In Chapter 5, the capacity dimensioning aspect of congestion control is
addressed by the development of analytical tools for the performance evaluation of a
multi-service link. The analytical tools predict the delay performance of traffic given
link capacity parameters, and are useful for determining the required capacity to meet
Quality of Service (QoS) requirements, such as for a convergent access link with
Voice-Over-IP and Data traffic. The analytical tool uses matrix geometric methods

and an iterative technique to solve the underlying M/G/1 queuing problem.



In Chapter 6, we re-examine the congestion signalling architecture of the
existing Internet. Currently congestion information is communicated to sources by
links dropping packets or explicit congestion notification (ECN) marking. It has
previously been shown that source-flow controlled networks with this signalling
technique optimises the global utility of sources, and posit certain fairness properties
on source rates. This thesis investigates a novel architecture for signalling congestion
on best-effort networks. The new architecture is proven analytically to be scalable
and robust. It is able to ensure stable congestion control across arbitrary network
topologies and arbitrary amounts of packet delay. The fairness properties of the new
architecture are examined analytically, and the architecture is shown to be able to
provide Max-Min fairness. Simulations are performed to examine its operation and

inter-operation with TCP/IP.
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CHAPTER

Chapter 1: Introduction

1.1 Looking Forward

The Internet arose out of an inter-connection of disparate computer systems,
and has evolved to be one of mankind’s largest engineering structures. It has grown
from connecting 562 hosts in 1983, to over 162 Million in 2002 [124], and from a
mere 193 World-Wide-Web (WWW) sites [124] in 1993 to over 38 Million sites in
2002. Not only has it grown in size, but also in diversity of the application-layer as
well as capacity and diversity of the physical-layer. Some of the major applications
that have evolved include WWW, File-Transfer-Protocol (FTP), Email, Video and
Audio streaming, Voice-over-1P (VolP), Multi-player games and e-commerce traffic.
The way the information is communicated, that is the physical-layer, has also
increased in diversity and capacity, from wire-line links that support Kilobit
capacities, to wireless systems and dense wavelength division multiplexing
(DWDM) promising multi-gigabit capacities.

The underlying protocols which constitute the Internet network have had to
scale to the dimensions of the present network, and the diversity of applications and
physical layers. The fact that the Internet actually works, despite the rapid growth
and change, is a tremendous tribute to the Internet Protocol (IP). Though it was
designed to work, it was not designed to work optimally. The size of the Internet and
increasing demands of applications are creating motivation to re-examine the
fundamental mechanisms of the Internet. Current research examines how the
performance of the Internet can be improved, as well as what the fundamental
limitations are for large-scale networks. The Internet will continue to grow, both in

size, capacity and the demands of applications as well as importance in our lives.
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(Indeed, interest already exists for an Interplanetary Internet for scientific data [31]).
Therefore a solid architecture is necessary to ensure robustness and performance of
this important infrastructure.

The Internet is essentially a network of interconnected queues. The most
fundamental experiences of a packet whilst traversing this network is delay and the
Internet is facing increasing packet delays. Just like the road system, the Internet is
prone to traffic congestion, which causes large queues of packets to build up inside
the network, awaiting transmission to the next link along the path. This makes it
difficult for demanding applications such as telephony, video-conferencing and
interactive games to be deployed, since they require packets to be delivered quickly,
without perceptible delay.

The area of congestion control studies how performance can be improved
when the demand for the finite transmission capacity exceeds the supply. Research
has taken two approaches to congestion control. The first approach of capacity
provisioning is about how to make the roads of the Internet wide enough to cope with
traffic demand. The second approach, of load control, investigates how the users of
the Internet can be controlled so that the demand they place on the network is within
the capacity of the network. Both of these approaches are developed in this
dissertation.

The fundamental re-examination of Internet congestion control by researchers
has involved the application of control theory, queuing and probability theory, as
well as simulation, to determine the characteristics of this large system. Not only
does this work help us understand the way the Internet works, such research
continues to uncover ‘Squeaky wheels’ in the mechanisms of the Internet, and even
predict critical weaknesses in design.

This thesis makes a number of contributions to congestion control. The work
of Chapters 3 and 4 focuses on one of the squeakiest wheels of Internet congestion
control, the active queue management algorithm, and develops recent advances in the
design of this component into a form which can be deployed in practical routers and

switches. A tool for predicting the performance of traffic, which helps in designing



links, is developed in Chapter 5. Finally in Chapter 6 a fundamental re-examination

of the way the Internet communicates information about congestion is undertaken.

1.2 Focus of this Thesis

This Thesis studies two aspects of congestion control, load control and
capacity provisioning and develops new techniques in both of these areas. There are
two parts to the work on load control. Firstly, in Chapters 3 and 4, architectures for
the application of modern active queue management (AQM) algorithms in network
equipment are developed. Secondly, in Chapter 6, Internet congestion signalling and
the resultant fairness properties are re-examined. The work on capacity provisioning
in Chapter 5 results in an analytical tool for traffic engineering of a multi-service
link.

The focus of the re-examination of Internet congestion control signalling, in
Chapter 6, stems from the fundamental question “what if the Internet had been built
differently? What other sorts of structures also allow for distributed load control with
source flow control?” The proposal examined is one possibility and results in
different fairness properties than the Internet. The proposal is derived analytically
and tested by simulation. Analysis shows that the proposed network structure is
stable and the stability is preserved over arbitrary topologies and network delays.
One of the advantages of the proposal is that, unlike the existing network, the
stability can be preserved for arbitrary topologies without having to gauge the
number of bottleneck links on the end-to-end path. Although the origins of the
proposal are as an alternative to the current IP methods of signalling congestion, it
turns out it may also be used to enhance the performance of the existing network,
especially in areas such as multi-hop ad-hoc networks. Simulations are performed to
examine the protocol’s interoperation with IP.

In the area of AQM design, in Chapters 3 and 4, this thesis bridges some
theoretical work in the field of congestion control with experimental work and
physical implementation. To bring theoretical work closer to real systems, many

results have been obtained by simulation, which allow for complexities otherwise not
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readily modelled by analysis. A network test bed for results in Chapter 3 was also
developed on LINUX-based routers. Some previously unreported results in this
thesis demonstrate that such experimental work is an essential part of research.

The experimental approach of this thesis has uncovered a result for AQM
design that theoretical work had overlooked, that ECN capable flows must be split
into a separate queue from non-ECN capable flows for optimal delay and loss
performance. The result of this work is an architecture for the implementation of
rate-based (RB) AQM algorithms for networks with ECN and non-ECN flows.

Contributions of this Thesis to load control include the application of RB
AQMs to multi-queue systems. Previous work has looked at the AQM algorithm in
isolation, as controlling a single queue. Here, RB AQMs are applied to DiffServ
scheduling algorithms with multiple queues as well as Combined-Input-Output-
Queued switches. This brings the application of modern AQMs closer to
implementation.

There is a large body of theoretical work on AQM in literature that explores
the control-theoretic aspects of flow control. Various works investigate the stability
properties, transient performance, and optimal structure of AQM design. Rather than
adding to the populated area of control analysis of congestion control, this thesis
examines the architectural aspects of AQM design. The rate-based (RB) AQM
integral (1) controller is identified as a key structure for future AQM design; other
possible structures such as a proportional integral controller (P1) are considered as
descendents from this basic form. By basing the work in this thesis on the basic rate-
based Integral AQM structure, the work in this thesis can leverage off new results in
AQM designs. This thesis takes the approach of developing the architectures for the
application of the RB AQMs, rather than focusing in detail on the RB AQM
algorithm itself, which will continue to evolve.

The work on capacity provisioning in Chapter 5 looks at the other dimension
of congestion control, that of providing adequate capacity so that congestion does not
occur, or at least, has predictable and limited impact on performance. To facilitate
this, an analytical tool is developed for determining the delay performance of packets

in a multi-service environment. Such a tool models packet delay performance given a



certain capacity, and is therefore useful for finding if this capacity is adequate for a
given QoS requirement. Matrix-geometric techniques, stemming from work of
Marcel Neuts, are applied to solve this queuing problem. This work serves as an
adjunct to work on multi-service links in Chapter 3, where load control techniques

were developed for a DiffServ link.

1.3 Subdivision of this Thesis by Chapter

Chapter 2: Background on Internet Congestion Control. In this chapter, the two
aspects of congestion control, load control and capacity provisioning are introduced.
The Internet source flow control model of load control is explored. The TCP
algorithm is described as a specific example of source flow control, and the general
system of source flow control as a utility optimisation problem is introduced. Active
queue management (AQM) is introduced as a computational element in the utility
optimisation problem, and the broad aims of AQM design are listed and discussed.
Current AQM designs are described, along with their shortcomings. Different
fairness criteria for source rate allocation, asides from utility optimisation, are also
introduced. The issue of TCP unfriendly flows is introduced, and some policing
schemes for mitigating this problem are described. The future implications of

Capacity provisioning as a method of controlling congestion are explored.

Chapter 3: Rate-Based Active Queue Management. This chapter investigates the
design of AQM algorithms from a structural perspective. A background on the
control theoretic issues of AQM design is given, and the design of different classes
of AQM algorithms is discussed. The class of rate-based (RB) AQM algorithms is
explored. A new RB AQM algorithm is introduced and its performance is compared
to several key AQMs by simulation. Some control theoretic properties of this
algorithm are discussed. The deployment of RB AQMs in a network with ECN and
non-ECN capable source algorithms is analysed and an important consideration in
the optimal deployment of the RB AQM class of algorithms is uncovered
analytically and experimentally. A new structure for the deployment of RB AQMs in

networks that allows improved loss and delay characteristics is presented.
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Chapter 4: Rate-Based AQM in Multi-Queue Systems. In this chapter, structures
for deployment of RB AQM algorithms in multi-queue systems, such as DiffServ
and a Combined-Input-and-Output-Queued (CIOQ) Switch are developed. A
technique for deployment of RB AQM with DiffServ replaces the existing Weighted-
Random Early Detection (WRED) AQM, and enables low latency links. Simulation
studies of WRED and RB-AQM based DiffServ are performed. Also a structure,
which only requires one AQM per output port, for implementing RB-AQM in a
CIOQ switch is developed. This replaces the existing tail-drop queue management in
latest CIOQ switches and provides the same benefit of low latency. Analysis of

transients and simulation of performance is performed on a model of such as switch.

Chapter 5: Multi-Service Network Provisioning. In this chapter an analytical
performance evaluation of a two class DiffServ link is made. Whereas in Chapter 4,
load control techniques for DiffServ were developed, this Chapter develops the
capacity provisioning aspect for such links. A model of a voice and data convergent
access link is developed to determine the performance of low priority data in the
presence of high priority voice connections. This model gives the queuing
performance of data traffic and is useful for capacity provisioning. Matrix geometric
techniques are employed to solve this queuing problem and an iterative procedure to

evaluate the results is developed.

Chapter 6: A New Congestion Control Architecture. In this chapter, the Internet
architecture for signalling network congestion is re-examined. The Internet uses
packet dropping or ECN packet marking to communicate the intensity of congestion,
and this locks the network into certain fairness properties that are discussed in
Chapter 2, such that the network always optimises the global utility. In this chapter, a
new method of signalling congestion for a best-effort network is proposed, which
results in Max-Min Fairness. Steady-state analysis is performed to determine its

fairness properties, and stability and robustness are studied analytically. Transient



conditions are also studied by simulation. Inter-operation of the new protocol with

TCP is explored.

1.4 Contributions of this Thesis

In this section the key contributions of this thesis are summarized. They are not

listed in order of importance, but in order of appearance in this thesis.

The work in Chapter 2,3 led to publications of [1] [2] and [3]. The contributions

in Chapters 2,3 can be summarized by the following points:

1.

Design of new active queue management (AQM) algorithm GREEN. Unlike
many previous AQMs which measure packet backlog at a link to determine
congestion (backlog-based), GREEN measures the packet arrival rate at the
link (rate-based).

Simulation study of GREEN and comparison of several leading backlog-
based and rate-based AQM proposals.

Experimental implementation of rate-based AQM in LINUX-based router.
Discovery, through experimental implementation and analysis, of the low
latency efficiency collapse phenomenon. This occurs from the deployment of
rate-based AQMs in the present Internet that has both ECN and non-ECN
capable sources.

Design of ‘congestion-notification-splitter’ congestion control component to
allow deployment of rate-based AQMs (such as GREEN or REM) in current
Internet with heterogenous sources that are ECN and non-ECN capable. This
component prevents low latency efficiency collapse, and makes it possible to
have the maximum amount of packets receive minimum loss and minimum

delay.

The work in Chapter 4 led to publications of [4] and [5]. The contributions in

Chapter 4 can be summarized by the following points.
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6. Development of architecture for rate-based AQM controlled DiffServ link.
Algorithm design which couples class-based scheduling to rate-based AQM
control, making low-latency DiffServ links possible.

7. Simulation study of rate-based AQM DiffServ, and comparison with existing
backlog-based AQM DiffServ link.

8. Development of architecture for rate-based AQM controlled combined input-
output queued Router/Switch.

9. Simulation study of rate-based AQM CIOQ Router/Switch and comparison
with existing backlog-based CIOQ Router/Switch architecture.

The work in Chapter 5 led to publication of [6]. The contributions in Chapter 5

can be summarized by the following points:

10. Analytical performance evaluation of a two-class DiffServ link. This work is
particularly for capacity provisioning of convergent access links which carry
voice and data traffic.

11. Application of matrix-geometric results to evaluation of multi-service
network problem. Application of recent iterative techniques to solve M/G/1

queuing problem.

The work in Chapter 6 led to publications of [7] and [8]. The contributions in
Chapter 6 can be summarized by the following points:

12. Re-examination of Internet congestion control signalling, and proposal of
alternative inter-networking signalling architecture called MaxNet. MaxNet
is a distributed and state-less source flow control based scheme for rate
allocation which can achieve Max-Min fairness.

13. Analytical steady state evaluation of MaxNet. Proof of Max-Min property of
MaxNet for homogenous sources. Unlike the Internet, which has been shown
to maximise global utility, MaxNet is shown here to result in Max-Min.

14. Analytical study of MaxNet stability and robustness properties. Proof that
MaxNet is stable and robust for arbitrary network topologies and network

delays.



15. Proof that unlike the Internet, MaxNet does not need to gauge the number of
bottleneck links on the transmission path of a source to achieve stability for
arbitrary networks topologies.

16. Verification of MaxNet through Fluid-flow simulation. Simulation study of
MaxNet in transient conditions.

17. Simulation study of Inter-operation of MaxNet with TCP/IP when MaxNet is
used as an IP encapsulation protocol.

18. Analysis of congestion signal communication efficiency of MaxNet and

Internet.

A patent, registered both in the USA and Australia was generated from the work
in this thesis [9]. Throughout his PhD candidature, the author also contributed to the

publications [10] and [11] which were not reported on in this thesis.
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CHAPTER

Chapter 2: Background on Internet Congestion
Control

2.1 Introduction

The area of Internet congestion control was baptised in 1986-1987 when the
then ARPANET suffered ‘congestion collapse’ [57]. Congestion collapse had been
predicted by Nagel [89] in 1984. Congestion collapse occurs when mounting levels
of traffic result in high packet loss inside the network, such that few or no packets are
actually delivered to their destination, yet each link is highly loaded.

The initial response to ARPANET’s congestion collapse problem was to
increase the capacity of the network. This helped temporarily, but the ARAPNET
continued to suffer congestion collapses until a strategy to control the load of packets
entering the network was developed. In 1988 Van Jackson enhanced the famous
Transport control protocol (TCP) [57] so that the transmission rate was responsive to
the level of network congestion. TCP was made to reduce the rate of transmission of
hosts when it sensed the network load was nearing congestion collapse. Since the
introduction of this enhanced TCP, congestion collapse did not reoccur.

This history of the Internet reflects the two fundamental approaches to the
problem of controlling congestion in networks 1) Capacity Provisioning and 2) Load
control. Since Congestion collapse occurs when the load of packets placed onto the
network exceeds the network’s capacity to carry the packets, the capacity
provisioning approach is to ensure that there is enough capacity to meet the load. The
load control approach is to ensure that the load of packets placed onto the network is
within the capacity of the network. Capacity provisioning is achieved either by

accurate performance analysis and traffic modelling, or the brute force approach of
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over provisioning. There is a range of load control strategies for networks, from
connection admission control schemes through to best-effort flow control as on the
Internet.

As is evident from the ARPANET experience, economic and technical
reasons limit the capacity provisioning approach as a sufficient solution to the
congestion control problem. Provisioning for peak loads is an expensive proposition,
and in any case, it may not always be possible to anticipate what the peak load will
be. Therefore, load control has a permanent role in the congestion control in
networks. In this thesis, we will develop the areas of Internet congestion control by

developing load control as well as provisioning techniques.

2.1.1 Load control mechanisms

When the capacity available is less than the demand for capacity, load control
is the critical element which determines how many packets are allowed onto each
link of the network, who gets to send them and when. This controls the quality of
service (QoS) metrics such as bandwidth, latency and jitter experienced by users.
There are a number of load control mechanisms, and these can be classified by the
type of QoS guarantees they can deliver.

At one end of the spectrum are the connection admission control (CAC)
schemes, such as the Resource Reservation Protocol (RSVP) [4]. Such schemes
require the network to maintain information about each connection and arbitrate
whether connections are admitted or rejected so that the connections that are
admitted can be absolutely guaranteed their required bandwidth for the duration of
the connection. When the load of requested connections is increased beyond the
capacity of the network then some new users will be rejected in order to maintain the
bandwidth guarantees made to already admitted users. CAC is good for honouring
bandwidth supply contracts that specify minimum rates. The IntServ proposal [122]
uses RSVP signalling protocol to extend Internet functionality to include CAC.
However, CAC schemes on the Internet are not widely deployed and it is believed
they cannot scale to widespread use [93] due to the amount of per-connection

information required inside Internet routers and switches.



At the opposite end of the load control spectrum is the best-effort network.
Unlike a CAC based network, the best-effort network does not need information
about each connection to be stored in the routers and switches on the data path,
because there is no resource reservation for a connection. The best-effort network
sees each packet transmitted as independent of any other packet. The sources
themselves decide how much they should send and on the Internet the sources are
predominantly TCP/IP. All requested connections are admitted, and the available
capacity is shared between the connections. As a result, no explicit guarantees can be
given about the bandwidth available to each connection. However, the simplicity of
the network infrastructure is compelling, since there is no concept of connection
within the network, only the ability to forward packets is required of the network.
This simplicity is a key reason for the success of IP networks.

Somewhere between CAC and best-effort networks, are flow aggregate
schemes such as DiffServ [26] [10] [29]. With DiffServ, although individual
connections are given no guarantees of minimum bandwidth, classes of connections
are given minimum bandwidth guarantees. The bandwidth allocated to each
connection within a class is essentially made by a best-effort mechanism, and each
connection with a class competes for bandwidth. However, the aggregate of
connections within the class is guaranteed a minimum bandwidth in the presence of
other classes in the network. Such aggregate schemes require only a small amount of
state information in the network, such as the relative bandwidth assignment between
the classes, and this state information is proportional to the number of classes.
Although not offering the per-connection guarantees of CAC systems, they allow the
network operator to give important applications some protection from less important

flows. We will discuss DiffServ in detail in Chapter 4.

2.2 TCP/IP

By far, the most dominant load control paradigm on the Internet is source
flow control. The dominant source flow control protocol on today’s Internet is TCP.
In [116] measurements of traffic at core routers indicate that about 95% percent of

traffic volume on the Internet is generated by the Transport Control Protocol TCP
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source algorithm. The remaining traffic is UDP (about 4%) and ICMP. There are
various versions of TCP, including Reno [112, 113], SACK [82] and Vegas [18]. The
most widely deployed version is TCP Reno. This modern version of TCP stems from
the first congestion controlled TCP, TCP-Tahoe, as described by Jackobson and
Karels [57].

The congestion control behaviour of TCP protocol is important to the
techniques developed in this thesis and we will detail the congestion control
mechanism of TCP in this section. The key function of TCP is to provide a reliable
connection for the application layer across an unreliable best-effort network. TCP
provides a number of guarantees to the application layer: (1) delivery of data (2) in
order delivery of data and (3) error free delivery of data. These guarantees are
achieved by error detection, buffering and retransmission. However, in the case of
congestion collapse, none of these guarantees can be met. The congestion control
mechanism in TCP is in place to protect the integrity of the network and prevents
congestion collapse.

To ensure the integrity of the network, TCP is designed with the
“conservation of packet principle”. This principle demands that, in equilibrium, a
packet must be removed from the network, for a new packet to be placed onto the
network. The intuitive argument to explain this principle is that a successful delivery
of a packet frees the network resources for the delivery of another packet. To support
this conservation principle, TCP has a window based flow control.

Window based flow control limits how many packets TCP is able to transmit
onto the network which have not been acknowledged as having been received. As
shown in Fig. 2.1, only the amount of packets which fit into the window are allowed
onto the network, and packets generated by the application which do not fit, wait at
the source. TCP sends acknowledgement packets from the destination for packets
received successfully. Once the acknowledgement for a packet is received at the
source, the acknowledged packet and the acknowledgement packet are removed from
the transmission window, leaving room for the transmission of the new packets

awaiting transmission.



Fig. 2.1 TCP Window Based Flow Control
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The window size w limits how many packets the TCP connection can have in
flight in the network; including acknowledgement and data packets. This effectively
controls the TCP throughput. The packets, by convention known as segments of data,
have a maximum segment size MSS. If we consider that there are w packets in transit
at time t, then after one round-trip-time (RTT) at time (t + RTT), these packets
would be delivered to the destination and acknowledged at the source and w new
packets would be in the network. Therefore the transmission rate of the TCP source,

in bits per second, can be described by:

w-MSS
RTT

T=

(b/9) 2.1)

The window size is controlled by TCP so that the transmission rate is
matched to the most severe bottleneck, either the network or the receiving host’s
ability to consume the information. The actual window size is the minimum of the
network’s capacity to transmit, cwnd, and the receiver’s capacity to receive

information, awnd:

w = min (cwnd,awnd) (2.2)

In practice, awnd is seldom the limiting factor, and the network is typically
the bottleneck. Therefore we can assume w=cwnd. However, the question remains
how TCP knows what the network capacity is. For a source to fully utilise the
available capacity, w should be set to the bandwidth delay product of the bottleneck

capacity of the end-to-end connection. In this way, TCP fills the ‘pipe’ between the
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source and destination with packets. However, the best-effort Internet does not
provide any explicit information about the available capacity between hosts.

TCP is able to gauge the available capacity by loading the network with
traffic. TCP increases its transmission rate above the capacity, which causes backlog
and packet loss to occur. The TCP source detects loss by sensing that the lost packets
have not been acknowledged. When packet loss is detected, TCP knows it has
exceeded the capacity, and reduces its rate. This increase/decrease cycle continues
throughout the whole connection time to ensure TCP is fully utilising available
capacity, and not exceeding network capacity.

TCP has two key modes of operation with different mechanisms for
increasing and decreasing the window; 1) slow-start and 2) congestion avoidance.
TCP begins the connection with window size of 1, and uses the slow start algorithm
to increase the windows size until the first packet loss is detected. After the first loss,
TCP uses the congestion avoidance mode to increase and decrease the window size

about the operating point.

Fig. 2.2 TCP Congestion Control By Control of Window
Slow Start Congestion Avoidance
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In the counter-intuitively named slow-start mode, TCP increases the window
size by 1 for each acknowledged received, which results in a very fast exponential
growth of the window size. The slow-start mode is intended to bring the window
size, and therefore the transmission rate of TCP, quickly to roughly the correct value.

Once the window size grows over the bandwidth delay product of the transmission



path, packet loss will inevitably occur in the network, and then TCP switches to the
congestion avoidance mode when the first loss is detected.

In congestion avoidance, TCP increases the window size by a factor of
1/cwnd for every packet acknowledged. However, for every packet loss, the window
is decreased by a half. This additive-increase/multiplicative-decrease (AIMD)
algorithm was first introduced in [58] and added to TCP by Van Jacobson in [57]. An
important property of the AIMD mechanism is that it results in equal capacity
sharing at links between TCP sessions [20] which traverse the same end-to-end path.

A further mechanism which occurs when there is catastrophic transmission
failure is called Retransmission Timeout (RTO) [17]. Whenever TCP sends out a
packet, it starts a timer. If the acknowledgement of the packet sent is not received
with a certain time, a timeout occurs. TCP adjusts the time allowed for an
acknowledgement in view of the RTT of the network. When a RTO occurs, it is a
sign of very heavy congestion or link failure. RTO timeout should be rare, and when

it happens, TCP reduces the congestion window to 1 and restarts in slow start.

2.3.1 Rethinking Best-Effort Networks

In the previous section, we started the description of best-effort networks
with the specific example of the Internet’s TCP protocol. In this section we will show
that TCP is in fact a special case of a more general framework for best-effort
networks as described by Kelly in [64].

To introduce Kelly’s framework for describing best-effort networks, we will
provide an example of how bandwidth allocation in a best effort network compares
to bandwidth allocation in a CAC network.