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ABSTRACT

IP multicast techniques were developed to provide a scalable architecture for the deliv-
ery of large volumes of content to multiple receivers. However, one of the significant chal-
lenges associated with multicast delivery to large audiences is providing a scalable con-
gestion control mechanism that is not only compliant with the dominant Internet transport
protocol, TCP, but also addresses heterogeneity in the network bandwidth across receivers
since receivers may have different connection speeds and different congestion levels.

In this dissertation, we propose scalable solutions for reliable IP multicast conges-
tion control which accommodate heterogeneous network bandwidth across receivers and
provide a fair share of network resources with competing TCP flows. Despite the consid-
erable works in the area of multicast congestion control, these schemes have some major
limitations; unfairness to TCP flows, non-scalability to large audiences, coarse-grained
rate change, and high design complexity. We first demonstrate that fine-grained multicast
congestion control protocol can be realized and implemented with reasonable costs and
complexity. At a high level, our STAIR (Simulate TCP’s Additive Increase/multiplicative

\Y



decrease with Rate-based) multicast congestion control algorithm simulates the property
of TCP congestion control scheme as closely as possible while imposing minimal load
on the network and minimizing the amount of control traffic. We also propose another
new approach to multiple rate congestion control that leverages proven single rate conges-
tion control methods by orchestrating an ensemble of independently controlled single rate
sessions in the design of multiple rate congestion control. The main advantages of our
protocol called SMCC are simplicity, scalability, and modular design.

In addition to our work on IP multicast, we also propose a new network architecture for
reliable content distribution using an overlay network. There has been a significant amount
of previous work in overlay multicast since unlike IP multicast, overlay multicast does not
require additional network support in the current Internet. However existing approaches
for providing both reliability and congestion control on overlay multicast impose funda-
mental performance limitations, such as dragging down all transfer rates in the system to
the rate of the slowest receiver. The ROMA architecture we propose delivers a scalable

solution that better accommodates a set of heterogeneous receivers.
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Chapter 1

Introduction

Recently the face of the Internet has seen a paradigm shift from an architecture which was
purely used for basic services such as email and the World Wide Web to one which is
being used for distributing popular content (such as new software and software updates),
sharing media (such as movies and music), and real time video broadcast. Typically, such
services are expected to support thousands of simultaneous requests from a geographically
distributed set of users. The traditional method of data transport on the Internet is unicast,
where a separate connection is established between one specific sender and one specific
receiver. Thus present unicast-based methodologies for bulk distribution of such content
to multiple users result in large overheads on both the sender and the network. In such
scenarios, a server must maintain a separate connection for each receiver, thus multiple
copies of identical content are delivered across the network. Figure 1.1 (a) illustrates this

unicast technology, where the number of identical copies of content on the physical links
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Figure 1.1: Unicast vs. IP Multicast

could be equal to the number of receivers on some shared links.

Multicast techniques were developed to provide an efficient and elegant solution for
such applications while minimizing the total bandwidth usage and server load. In Internet
Protocol (IP) multicasting, the sender sends only one copy of the content and addresses it
to the group of receivers that want to receive it. A multicast distribution tree is constructed
with only the networks and receivers that need to receive that content. A given packet,
containing a portion of the content, is delivered only once on each physical link and it
is replicated at each branching point in the multicast distribution tree (Figure 1.1 (b)).
Although multicast exhibits several advantages over unicast for simultaneously delivering
content to thousands of receivers, there are many challenges to deploy multicast on the
Internet, where a design goal of the Internet is to apportion network resources across the
users of the network without overloading the network and doing so fairly.

In today’s Internet, network paths will get congested when the demand for bandwidth



exceeds available bandwidth and a router with a congested link simply discards packets
when congestion occurs. The dominant transport protocol in the Internet, the Transmission
Control Protocol (TCP), was specifically designed to provide a reliable content delivery
over the Internet even if packets are dropped or corrupted. The original specification of
TCP included a mechanism for reliable content distribution and window-based flow con-
trol, which limits the number of sending packet to prevent overflow of the receiver’s data
buffer space. TCP congestion control was introduced in the late 1980°s by Van Jacob-
son [24] after early TCP implementation induced a congestion collapse, which occurs
when the network is so overloaded that it is only forwarding retransmissions. The basic
strategy of TCP congestion control is to force the sender to reduce the transmission rate
in response to detection of packet loss, where congestion is the most common reason for
packet loss in the network. TCP congestion control mechanism is considered as addi-
tive increase multiplicative decrease (AIMD), where the sender increases the transmission
rate linearly to take advantage of any additional bandwidth that becomes available and de-
creases the transmission rate suddenly and significantly in response to congestion. TCP’s
congestion control allows receivers sharing the same bottleneck path with similar round-
trip times to get the similar throughputs and this mechanism is one of the critical factors
in the robustness and stability of the Internet, where TCP constitutes 90% of all traffic in
today’s Internet.

Although TCP provides good mechanisms for reliable content distribution with con-

gestion control, TCP’s abrupt rate change in response to a single packet loss does not



satisfy the requirements of some applications such as streaming applications, which re-
quire smooth rate changes. Such applications do not employ congestion control currently
and the growing numbers of these flows will have heavy impact on the Internet. This re-
sults in the need for the design of new transport protocols to meet specific requirements
for such applications while providing congestion control. These new transport protocols
should employ congestion control to prevent the network being overloaded, and congestion
control for these applications should not be more aggressive than TCP flows. Multicast
also has to provide congestion control which shares the network resources with competing
TCP flows. However, due to large numbers of receivers with heterogeneous and diverse
network characteristics (for instance bandwidths, latencies, and loss rates), congestion
control is one of the significant challenges associated with multicast delivery.

We enumerate issues in providing efficient and scalable solutions for reliable content
distribution to multiple recipients, with a primary focus on challenges which arise due to

the highly heterogeneous nature of today’s networks.

e Congestion control scheme should consider each receiver’s congestion level. While
single rate congestion control schemes provide a simple solution by transmitting at
a rate for the receiver with the lowest expected throughput, this approach does not

scale to large sets of receivers with heterogeneous available bandwidths.

e TCP congestion control uses the receiver’s feedback to detect congestion. In mul-
ticast, a receiver may send feedbacks to the sender by either sending acknowledg-

ments (ACKSs) for received packets or sending negative acknowledgments (NACKs)



for packets which were detected to be lost. If congestion control scheme relies on
receiver’s feedbacks, then a scalable solution for feedback implosion should be em-
ployed since the sender may receive simultaneous feedback messages from large

numbers of receivers.

e The throughput of each receiver along a path should not exceed the throughput that
TCP would achieve along that path. When the throughput of multicast receiver is
similar to the throughput of TCP, this congestion control mechanism is called TCP-

friendly.

e The number of control messages sent by receivers to accomplish congestion control

should be minimal to reduce the load on the sender and the network.

e The congestion control scheme should not be affected by the number of receivers to

provide scalability.

This dissertation proposes scalable solutions for reliable multicast congestion control
which accommodate heterogeneous network bandwidth across receivers and provide a fair
share of network resource with competing TCP flows. The primary set of target applica-
tions are applications requiring reliability and high bandwidth, such as the delivery of large
files.

The now standard technique of layered multicast, which employs several multicast
groups to transmit content at different rates, has been employed as a building block to

address heterogeneity in end-to-end bandwidth across receivers [37]. This technique en-
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Figure 1.2: Layered Multicast

ables each receiver to adjust its reception rate according to its current network conditions,
independent of other receivers. A receiver must join a group using IGMP to receive data
delivering to a particular group, and it may increase the reception rate by subscribing to
additional multicast groups, often called layers. The decrease of reception rate is done
through unsubscribing from the layers, i.e. leaving multicast groups. This technique al-
lowing different rates across receivers is called multiple rate multicast congestion control.
Figure 1.2 briefly shows how the sender maintains multiple layers and each receiver re-
ceives different reception rate based on its subscription level. In this figure, receiver 3
would receive the traffic at 4Mbps by subscribing to 3 layers while the reception rate of
receiver 2 would be 2Mbps. A receiver may increase the receiving rate by subscribing
to a new multicast group and may decrease the reception rate by unsubscribing from a
multicast group.

Several schemes for multiple rate congestion control using layered multicast have been






