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Abstract

We study and analyze segment transmission scheduling algorithms in swarm-based peer-to-
peer streaming systems. These scheduling algorithms are responsible for coordinating the
streaming of video data from multiple senders to a receiver in each streaming session and
they have not been rigorously analyzed in the literature. We first conduct an extensive
experimental study to evaluate various scheduling algorithms on many PlanetLab nodes
distributed all over the world. We study three important performance metrics: continuity
index which captures the smoothness of the video playback, load balancing index which
indicates how the load is spread across sending peers, and buffering delay required to ensure
continuous playback. Then, we propose a new scheduling algorithm called On-time Delivery
of VBR (Variable Bit Rate) streams. Our experiments show that the proposed scheduling
algorithm improves the playback quality by increasing the continuity index, requires smaller

buffering delays, and achieves more balanced load distribution across peers.

Keywords: peer-to-peer streaming; segment scheduling; multi-sender transmission
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Chapter 1

Introduction

Peer-to-peer (P2P) file sharing systems have gained tremendous popularity in the past few
years. More users are continually joining such systems and more objects are being made
available, motivating other users to join. The traffic generated by P2P systems accounts for
a major fraction of the Internet traffic today [26], and is bound to increase [34].

P2P systems were introduced keeping in mind the limitations of client-server architecture
in an Internet-scale distributed environment (such as World Wide Web). In P2P systems,
every node acts both as a client and a server and contributes by providing access to its
computing resources. It follows three main principles which provide a generic overview of

any P2P framework.

1. The principle of resource sharing: all P2P systems involve an aspect of resource shar-
ing, where resources can be physical resources, such as disk space or network band-
width, as well as, logical resources, such as services or different forms of knowledge.
Resource sharing gives applications more power and capability than can be provided

by a single node.

2. The principle of decentralization: this is an immediate consequence of resource shar-
ing. Parts of the system or even the whole system are no longer operated centrally.
Decentralization is particularly interesting in solving the problems of single-point-of

failures or performance bottlenecks in the system.

3. The principle of self-organization: when a P2P system becomes fully decentralized,



CHAPTER 1. INTRODUCTION 2

there no longer exists a node that can centrally coordinate all of the system’s activ-
ities or a database that can store all global information about the system centrally.
Therefore nodes have to self-organize themselves, based on whatever local information
is available and interact with locally reachable nodes (neighbors). The global behavior

then emerges as the result of all the local behaviors that occur.

With the increasing number of P2P file sharing systems being deployed on the Internet,
P2P streaming technology has become very popular over the past several years. Many
P2P streaming systems have been proposed in the literature and deployed in real life [40,
41,52,61,66]. Among these systems, mesh-based (also known as swarm-based) systems are
simpler to implement [2] and more widely used in practice; examples of such systems include
CoolStreaming [71] and PPLive [50]. Mesh-based systems also adapt better to network
dynamics, lead to better perceived quality [44], and incur lower maintenance overhead. The
goal of this research is to further improve the performance of mesh-based streaming systems.
Such systems typically have several main components for overlay management, allocation
of seed server resources, peer selection for forming swarms, and coordination of senders in
each streaming session. Most of these mesh-based systems employ pull-based streaming
protocols.

In particular, in mesh-based systems, a video stream is partitioned into small segments,
and segments are transmitted from multiple senders to a receiver. The receiver uses a
segment scheduling algorithm to compute the transmission schedule for each sender. The
schedule specifies which segments to send and their transmission times. The scheduling
algorithm is an important component that directly impacts the user-perceived visual quality
in the streaming session [28]. Despite the importance of segment scheduling algorithms, they
have not been rigorously analyzed in the literature. For example, works such as [6,12] only
use simulations to evaluate the scheduling algorithms. Simulations, although useful for
preliminary analysis, may abstract away many important practical details.

It is important to understand the importance of segmentation and the need for segment
scheduling. Owing to their large sizes, video objects have to be segmented. Segmentation
also enables a client to receive different portions of the same object from different senders
at the same time. Unlike file sharing, P2P streaming imposes timing constraints on the
data transfer from the senders to the receiver. This means that every segment should

have a deadline for arrival at the receiver as too many segments missing their deadlines will
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decrease the user-perceived quality. This necessitates the need for scheduling that will assign
segments to peers to decrease the completion time and efficiently utilize system resources

such as network bandwidth.

1.1 Problem Statement and Contributions

We are faced with a problem of delivering high quality video from multiple senders to a
receiver. In streaming scenarios, the entire video is not always available at every peer and it
is often inefficient to transmit the entire video from a single source peer (for example, that
could lead to overloading of the source peer). The elegance of streaming is obviously the
fact that we do not need to have the entire video downloaded before the playout begins. We
can split the video file into well defined segments, identify other peers that have the required
segments available, request these segments from those peers, receive them (including some
buffering) and play them out. This thesis deals mainly with the details concerning the
requesting of video segments from other peers.

It is important that we provide a continuous supply of the video segments once the
playout begins. If only a few segments are missing once in a while, the video quality will
still be acceptable by most standards. If too many segments are missing the video and
the audio quality will suffer and the media will not be useful. A missed segment does not
always indicate network failure (due to congestion or other problems), or unavailability of
this segment within the network. It may simply mean that the segment was not delivered
on time to the receiver, i.e., the segment deadline was missed. The main problem that we
are solving is creating a schedule that minimizes the number of video segments missing their
deadlines.

In a typical scenario, there will be several sender peers and one receiver peer. The
network characteristics of each peer, including the bandwidth of each sender peer will be
known because the system will continually estimate them. Also, the segment availability
information will be continually shared among the neighbouring peers. We assume that each
peer holds one or more sets of contiguous ranges of segments. We make this assumption
because the most common scenario for the users is to watch the entire video from the
beginning. A less typical case occurs when users scan through the video searching for a
particular piece. The above user behaviors result in the receivers requesting one or more

portions of the video of varying length. It should also be noted that most implementations,
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including ours, TCP is used as the underlying transport layer for the data transmission.
This implies that all segments will be delivered to the receivers but some of them may
arrive late. All peers, however, store all received segments including the late segments so
that they can be used for sharing in later streaming sessions. This ensures that all peers
store contiguous ranges of segments.

We will also know the network characteristics of the receiving peer and most importantly
the maximum incoming bandwidth of the receiver. Finally, we will have the details of the
media file that the receiver is requesting including the number and the sizes of segments. We
cannot schedule all the sender peers to send at their maximum bandwidth to the receiver in
case their total bandwidth is greater than the incoming receiver bandwidth and this would
flood the receiver’s network resulting in many discarded video segments.

In summary, we will have the following information:

e A set of senders;

A set of available segment ranges at each sender;

Bandwidth estimate of each sender;

e Maximum incoming bandwidth of the receiver;

A set of segments that are requested by the receiver;

Lengths of all segments requested by the receiver;
e Deadlines of all segments requested by the receiver.

The problem addressed in this thesis is called the Multi-Sender Segment Transmission
Schedule (MSTS) problem, and it can be stated as follows. We are given a set of n video
segments, S = {s1, 2, ..., sy}, with an associated set of segment lengths, L = {l1,1lo,...,l,},
and a set of segment deadlines, D = {d;,ds,...,d,}. We also have a set of m peers, P =
{p1,p2,--,pm} with an associated set of peer bandwidths, B = {b1,b2,...,by}. Finally,
we are given the set of segment ranges available at each peer. Since typically peers hold
contiguous ranges of segments, we assume that the segment range at each peer is given by
the highest segment number available. We assume that all segments with lower segment
numbers are also available at that peer. The set of available segment ranges is given by

A=A UA U---UA,. We need to create a schedule J where each segment has an
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assigned peer and transmission start time such that the segment will be transmitted to the
receiver before its deadline. Since this may not always be possible and missed segments must
be taken into consideration, we want to minimize the number of segments that miss their
deadlines. We have the additional constraint that the schedule cannot exceed the incoming
receiver bandwidth Bpax.

We assume that at the time of scheduling all of the above parameters are constant.
These parameters may change over the course of a video streaming session but we handle
this by creating a new schedule using a more recent snapshot of the system and network
state. We must make sure, however, that this can be done efficiently. The first contribution
of this thesis is to show the hardness of the segment scheduling problem by demonstrating

a polynomial reduction from the parallel machine job scheduling problem [22].
Theorem 1.1.1 Multi-Sender Segment Transmission Schedule problem is NP-Hard.

Proof: We will show that a restricted version of the Multi-Sender Segment Transmission
Schedule (MSTS) problem is as hard as Multiprocessor Scheduling (MS), an NP-complete
problem [22]. Recall, that in an instance of the MS problem, we have a set T" of tasks, number
m € Z7 of processors, length [(t) € Z+ for each t € T', and a deadline D € Z. Is there an
m-processor schedule for T that meets the overall deadline D, i.e., a function o : T — Zar
such that, for all w > 0, the number of tasks ¢ € T' for which o(t) < u < o(t) + I(t) is no
more than m and such that, for all t € T,o(t) + I(t) < D? [22]

We reduce the MS problem to a simpler instance of MSTS problem as follows. Tasks
are segments. We set the deadlines for all segments as D. All sending peers have the same
bandwidth, and each can only transmit one segment at a time. Segment lengths are set as
tasks lengths. We assume all segments are available at each peer. Now, clearly, deciding
whether a schedule exists for MSTS would solve the MS problem. O

If an algorithm takes a very long time to compute an optimal solution, it is not very useful
for the purposes of video streaming where we may need to rerun the scheduling algorithm
many times (due to changing network conditions and/or peer membership changes). Since,
we cannot afford the time to compute the optimal solution, we settle for a practical solution
with good performance.

The second contribution of this thesis is an extensive experimental study to evaluate
various scheduling algorithms in the literature [36]. We isolate the scheduling algorithm from

the whole P2P streaming system and highlight its impact on the overall system performance.
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We implement the three most common scheduling algorithms in a streaming prototype and
we deploy our prototype on more than 70 PlanetLab nodes distributed all over the world.
We use actual video streams with diverse visual content, motion complexities, number of

frames, and bit rates in the experiments. We study three important performance metrics:

1. Continuity index, which captures the smoothness or the user-perceived quality of the

video playback;

2. Load balancing index, which indicates the degree of resource sharing across the sender

peers; and

3. Buffering delay required to ensure continuous playback.

Our analysis provides insights on the functioning of scheduling algorithms, and highlights
the strengths and weaknesses of each algorithm. This is useful for other researchers working
on optimizing the performance of P2P streaming systems.

Based on our analysis, we propose a new scheduling algorithm, which we call On-time
Delivery of Variable bit rate streams (ODV), which is the third contribution of this thesis.
A key feature of the proposed algorithm is that it considers the variability in the bit rates of
encoded video streams, which is more realistic as most encoded videos have VBR because
of the different compression methods used for different frame types and the diverse visual
complexities of video frames. That is, unlike previous scheduling algorithms that typically
assume segments have fixed size computed using the average bit rate of the video stream,
our algorithm allows scheduling of video segments with variable sizes. Our experimental
results show that the proposed ODV scheduling algorithm improves the playback quality
by increasing the continuity index, requires smaller buffering delays, and achieves more

balanced load distribution across peers.

1.2 Thesis Organization

The rest of this thesis is organized as follows. In Chapter 2, we provide a brief background
on P2P systems and summarize the related work. In Chapter 3, we describe and analyze
the current scheduling algorithms. Our proposed P2P scheduling algorithm is described and

qualitatively compared to other common scheduling algorithms in Chapter 4. We evaluate
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and compare the performance of all scheduling algorithms in Chapter 5. Chapter 6 concludes

and outlines future directions for this work.



Chapter 2

Background and Related Work

This chapter provides general background on peer-to-peer (P2P) technologies and previous
work related to segment scheduling in P2P streaming systems. We start in Section 2.1
by discussing different P2P architectures and applications, leading into a more detailed
discussion on P2P streaming approaches. We discuss the strengths and weaknesses of various
P2P streaming architectures, and we describe where our work fits in. Section 2.2 describes

previous works and how they are different from our research.

2.1 Background on P2P Systems

In the recent years, P2P systems have been receiving increasing attention [16,45] due to their
ability to combine independent nodes into a shared pool of resources. A major breakthrough
occurred in 1998 when file sharing P2P applications such as Napster [16] gained tremendous
popularity. Napster took North America by a storm with millions of active users and Tera-
bytes of shared data. According to [26,55], the P2P paradigm continues to grow and its
bandwidth on the Internet has been higher than WWW for several years. Let us start,
however, by defining what a P2P system actually is.

A P2P system is a distributed network of independent nodes, called peers, where each
node contributes a portion of its resources such as CPU power, network bandwidth, data
or disk storage, to all other system nodes. A pure P2P system does not have a need for
any central servers or coordination instances [56]. Figure 2.1 shows a generic P2P system
where all peers can act as either consumers or suppliers of system resources, and other

than the different amounts of resources they contribute, nothing else separates the peers
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Figure 2.1: Centralized server-based service model.
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Figure 2.2: A P2P system of nodes without central infrastructure.

from each other. Figure 2.1, on the other hand, shows the traditional client-server model,
where we have at least two types of nodes: dedicated servers who supply resources and
clients who consume them. P2P systems provide many benefits over traditional client-server

applications, including better scalability, robustness, and cost-effectiveness.

2.1.1 Architecture of P2P Systems

P2P systems are composed of dynamically created networks where nodes can join and
leave at any time without having a major impact on the system. These dynamics of peer

participation, called churn, are an inherent property of P2P systems. This distributed
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architecture provides more scalability, since there are no theoretical upper bounds on the
number of nodes in the system and stronger overall robustness, since there is no single point
of failure.

A pure P2P system does not have clients or servers; there are only peers, which function
as clients and/or servers to other peers depending on the instantaneous system state. This
is different from traditional client-server architectures where communication always flows to
and from a central server. An example of such a traditional client-server application is the
FTP file transfer server where the clients always initiate the upload or download operation
while the server reacts to satisfy these requests.

Although various approaches were attempted, in most cases, the P2P system forms an
application layer overlay network on top of an existing physical topology, using the existing
network and transport level protocols such as IP and TCP. This P2P overlay network is
composed of all currently participating peers and it is used to provide various P2P system
services such as indexing and peer discovery.

P2P systems can generally have one of two overlay network types: structured and un-
structured. A structured P2P overlay normally has static connections and usually uses
distributed hash table (DHT) based indexing for data lookup. Conversely, an unstructured
P2P overlay has no controlled organization and no optimizations on connections. These

concepts are described in more detail in the following sections.

2.1.2 Structured P2P Systems

One of the main goals for a structured P2P system is to provide a global protocol that
guarantees successful resource route searches. This functionality requires more structure in
the overlay links that is most commonly achieved using DHTs, which assign ownership of
resources to peers. This is similar to a regular hash table assigning keys to array slots. The

following sub-section describes the use of DHTs in P2P systems in more detail.

Distributed Hash Tables

Distributed hash tables are a class of decentralized distributed systems that provide lookup
services for key-value pairs. As shown in Figure 2.3, in the case of P2P systems, the keys may
be data file names and the values may be peer locations. The important detail we should

note is that this key-value mapping responsibility is distributed among all peers and thus
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Figure 2.3: Distributed Hash Table.

churn causes very minimal disruption in this lookup service. Some of the existing networks
that use DHTs are BitTorrent (distributed tracker) [5], Kad network [32], YaCy [67], and
Coral Content Distribution Network [14].

DHTs are also used in applications that require efficient resource discovery, such as
grid computing, for the purposes of resource management and scheduling of applications.
Specifically, DHT's can be used to find resources that match user application requirements
[29,68]. Also, some more recent advances in decentralized resource discovery extend existing

DHTSs to support query routing and multi-dimensional data organization [3].

2.1.3 Unstructured P2P Systems

In an unstructured P2P system, the overlay network links are established in an ad-hoc
manner. There is no need to store the structure data because it is easy to create new
links. New peers can copy links to others from existing peers as well as form their own links
over time. Searching for resources in an unstructured P2P system, however, requires flood
queries to be propagated through the network to find as many peers as possible who may
have the required resource. The main disadvantage of this approach is that queries cannot
always be resolved since it is not practical to reach the entire network. Therefore, some

of the resources available in the network may not always be found. In terms of practical
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implications, however, popular content is usually available throughout the overlay since
more peers are likely to search for the popular resource but rare data may be more difficult
to find. Another downside of the flood searching approach is the increased network traffic
and consequently poor search efficiency.

There are three general models of unstructured P2P systems: pure, hybrid, and cen-
tralized. A pure architecture is composed only of equivalent peers, without a central server
managing the network and without a central router. Gnutella [25] and Freenet [21] are
examples of such decentralized systems. As the name implies, the hybrid architecture, is
a combination of equivalent peers and some special peers called supernodes. The role of
the supernodes is to provide some overlay network management services such as resource
lookup. Regular peers can also become supernodes depending on the momentary needs from
the network. Centralized P2P architectures require a central server for bootstrapping the
system itself and also providing resource indexing functions. This is similar to structured
P2P systems, however, peer connections are not managed by the central server and they
are still formed in an ad-hoc manner. The main disadvantage of centralized systems is
that they will not work without the central servers, which also are points of failure. The
main advantage of the centralized architecture is the improved efficiency and effectiveness
of queries because resources are indexed by the central server. Examples of unstructured,
centralized P2P systems include Napster [46] and eMule [19].

2.1.4 P2P Applications

A standalone P2P system by itself does not provide any specific practical function. In most
cases, applications are build on top of P2P systems where the P2P system provides the
application with services such as peer management, and resource searching and indexing.
The following list, although not exhaustive, describes various types of applications built on

top of P2P systems.

File Sharing

The simplest and most popular application of P2P systems is file sharing. The system
provides indexing services to allow the discovery of peers who have the files requested by
others. This type of application only stores and serves files to peers and most common

file sharing applications use unstructured P2P architectures. The reason for this choice of
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architecture is that unstructured systems are more efficient at keyword searching and are
more resilient to high peer churn. Examples of such applications existing today are Kazaa
[35], BitTorrent [5], Gnutella [25], uTorrent [62], iMesh [30], eMule [19], and Limewire [39].

File and Storage Systems

In this type of application, a distributed file system is constructed from an overlay network
of peers. The system provides functions such as access control, directory structure, data
integrity and consistency, caching, and replication. These requirements usually require
structured P2P architectures so that guarantees and efficiency of file lookup can be provided.
The advantages of such distributed P2P file systems include cost-effectiveness since the
required resources are already deployed, high availability and huge storage capacity since the
number of peers in the network can be high. Examples of such applications are cooperative
file system (CFS) [18] on top of Chord [17], OceanStore [20,51] on top of Tapestry [72] and
Past [54] on top of Pastry [53].

Distributed Cycle Sharing

Another, perhaps less well-known application of P2P systems is the distributed cycle sharing.
In these types of applications, the resource provided by the network is the CPU processing
power where peers can complete smaller parts of a larger processing process. Not all types of
problems can benefit from this approach since each problem needs to be easily decomposed
into smaller, largely independent sub-problems. Some interesting examples of these types
of applications include SETIQHome (Search for Extraterrestrial Intelligence) [57] where
the processing problem involves analyzing signals received by radio telescopes to determine
whether an intelligent life exists outside of earth. Another example is the Genome@Home
[23] project, whose goal is to study and understand human genetic information.

In each of these systems, there is a central manager that distributes the work and collects
the results from all peers. These systems are not fair because although the peers contribute
CPU power when idle, they do not get direct benefits by submitting their own computational
problems. Some systems for sharing CPU cycles among peers have been proposed, such as
CPUShare [15], and they usually use structured P2P architectures to locate peers with free
CPU cycles that can be shared by others.
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Media Streaming

Media streaming is a more recent application of P2P systems. While regular file sharing
systems can provide media content, they achieve this by first downloading an entire file
and then playing it back. Streaming systems require only a short buffering delay, in the
order of seconds, before the media playback can begin. There are many existing streaming
applications but since they are the main focus of this thesis, they will be evaluated in more

detail in Section 2.2.

2.1.5 P2P Streaming

There are two main categories of P2P streaming systems: live and on-demand. A live P2P
streaming system is analogous to a TV broadcast and implies that the streamed content
must be played back at the clients as close to real-time as possible. In this type of application
we normally have a single media stream and all clients are synchronized. An on-demand
streaming system, on the other hand, mostly resembles the playback of recorded media such
as VCR or DVD. Depending on specific system requirements, navigation functions such as
pause, rewind and forward may need to be provided. In this type of system, the clients may
individually choose the timing of the media playback and thus their streams are most likely
not synchronized. In addition to live and on-demand P2P streaming system categories, we

can also distinguish two overlay network types: tree-based and mesh-based.

Tree-based Systems

In tree-based streaming systems, we usually have a single source peer that propagates the
data stream to its children who then propagate it to their children and so forth. In the past,
IP multicast was proposed as a solution to this problem, however, due to the prohibitively
large router overhead for managing multicast groups and the complexity of transport control
for multicast sessions, this solution was never widely deployed. Instead, two approaches that
utilize an application level overlay network are used: single-tree and multi-tree streaming.
Single-tree streaming systems form trees at the application level similar to IP multicast
trees formed by routers at the network level. As shown in Figure 2.4, the root node of the
tree is the media content source server and the peers can join the tree at various levels.
The tree is structured and the peers receive data from their parent as well as send the data

to their children. Every peer is either an interior node that receives and sends data or a
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Figure 2.4: Application layer multicast tree for P2P video streaming.

leaf node that only receives data. This architecture has two major problems: (i) it is not
fair since the number of leaf nodes increases faster than the number of interior nodes, and
(ii) interior nodes may not be able to handle high-bandwidth applications such as high-
quality video due to network capacity limitations. This approach can cause scenarios where
the children of such interior nodes are limited by their parent’s insufficient bandwidth. In
most cases, the outgoing bandwidth of these children cannot be fully utilized, which can
lead to inefficient use of resources. Examples of single-tree based streaming systems include
Overcast [31] and End System Multicast (ESM) [13].

When dealing with single-tree streaming systems, we should consider two aspects: depth
of the tree and fanout at each level. The greater the depth of the tree, the larger the
number of peers for the stream to travel causing larger delays. The larger fanout, although
advantageous, is limited by the outgoing peer bandwidth. Also, it should be noted that
tree-based streaming systems have poor response to high peer churn because every time a

peer leaves the network, all of its children get disconnected from the stream. Although there
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Figure 2.5: Multi-Tree based streaming with two sub-streams and six peers.

are many algorithms for this problem [60], tree-based streaming systems still cannot recover
fast enough to handle frequent peer churn.

Multi-tree streaming systems were designed to overcome the problems with single-tree
systems [7,33]. In these types of systems, the main media stream is divided into several
sub-streams and multiple trees are formed, one for each sub-stream. Within each sub-tree,
the behavior is similar to single-tree systems. Each peer, however, has a position at different
levels within different sub-trees, i.e., a peer can be an interior node in one sub-stream tree and
it can be a leaf node in another sub-stream tree. Figure 2.5 shows an example of a multi-tree
streaming system. Multi-tree systems provide improved robustness over single-tree systems
since node failure causes only a single sub-stream to be disconnected. Also, since peers have
different positions within various sub-stream trees, most peers will contribute bandwidth to
the streaming session.

One of the disadvantages of this approach is that there is no guarantee of finding an
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optimal forest, even with sufficient capacity because it is an NP-Complete problem. Tree-
based systems were the first attempt at the media streaming problem and although many
successful applications have been deployed, they still have problems and thus alternative
solutions were proposed. A primary example of such alternative solution to the tree-based
media streaming problems are the mesh-based overlay networks discussed in the following

section.

Mesh-based Systems

In tree-based systems, every peer has one parent for the video stream (or sub-stream in
case of multi-tree) and, as mentioned before, this creates a single point of failure. If the
parent leaves the network, all of its children are disconnected from the stream making it is
extremely difficult to manage a tree with high churn. Mesh-based systems with no static
topology and a dynamic structure are an alternative. In these types of systems, any peer
can upload to and download from multiple peers simultaneously. This high peering degree
makes the mesh very resilient against peer churn. Studies have been performed that prove
the performance of mesh-based systems is better than the tree-based systems [44].

Some of the central functionality within mesh-based system is the mesh formation and
maintenance. In most cases, trackers are used for getting an initial list of peers and for
contacting some of the active peers. Once links to a sufficient number of peers are formed,
the data exchange can start. In order to deal with churn, peer lists get refreshed periodically
or alternatively trackers can be contacted to get an updated list of active peers. When a
peer leaves the overlay network gracefully, it notifies its neighbors so that it can be replaced
immediately. In the case of a peer crash, the keep-alive messages that peers send to their
neighbors will time out, notifying the peer that its neighbor is no longer available.

In order to start a streaming session, a peer must select a group of its neighbors to
download data from. This group is usually selected based on criteria similar to the following:
(i) resource availability at both ends, i.e., the number of connections, bandwidth, CPU and
memory usage, (ii) connection quality, delay and data loss rates, and (iii) content availability.
Once a group of peers has been selected based on the above criteria, data exchange can
commence. During the data exchange, the media is divided into segments and the receiving
peer will request various segments from different peers. The segments are likely to arrive

at the receiver out of order and therefore they must be buffered before they can be played
back.
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There are two main methods for distributing media content: push and pull. In push-
based distribution, peers push media content to their neighbors but since no parent-child re-
lationships are defined, the push method may propagate redundant segments. In pull-based
distribution, peers exchange buffer maps, i.e., segment availability, and use this information
to create efficient schedules for data exchange. This thesis focuses on this pull-based data
exchange and specifically examining the effects of different segment scheduling algorithms
on the resulting stream quality. The following section examines some previous research on

the different approaches to the segment scheduling problem.

2.2 Related Work

A recent measurement study on PPLive [50] reports that users suffer from long start-
up delays and playout lags, and suggests that better segment scheduling algorithms are
needed [28]. The main goals of scheduling algorithms in P2P streaming systems are to
achieve a target quality of service and balance the load on peers. Constructing optimal
segment schedules to maximize the video quality, however, is computationally complex (NP-
Complete) and therefore, many P2P streaming systems, such as [1,47,71], resort to heuristic
algorithms for segment scheduling. The authors of [47] propose to randomly schedule seg-
ment transmission. The authors of [71] assume that segments with fewer potential senders
are more likely to miss their deadlines, and propose to schedule the segments with fewer
potential senders earlier. The authors of [1] describe a weighted round-robin algorithm
based on senders’ bandwidth. Unlike our algorithm, none of these algorithms considers the
segment scheduling problem with VBR video streams.

The authors of [8] formulate an optimization problem to maximize the perceived quality,
and they solve it using an iterative descent algorithm. The authors of [70] define a utility
for each segment as a function of the rarity, which is the number of potential senders of
this segment, and the urgency, which is the time difference between the current time and
the deadline of this segment. They then transform the segment scheduling problem into a
min-cost flow problem. These algorithms, however, are computationally expensive and can
not be used in real-time streaming systems in which peers typically have limited resources to
solve these optimization problems. Therefore, we do not consider these algorithms further
in this thesis.

Several other works are also related to the segment scheduling problem, but they do
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not directly solve it. The authors of [6] propose a P2P system that measures the time
required to download the entire video from a number of senders and uses this information
to choose senders from a large group of potential senders. The authors of [2] propose using
network coding to bypass the scheduling problem among small blocks belonging to the same
relatively large segment. However, employing network coding may impose higher processing
overhead on peers, which may require special hardware to speed the decoding process [59],
and is not easy to deploy. Finally, several segment scheduling algorithms, such as [38], have
been proposed for tree-based systems. They are, however, not applicable to mesh-based
systems, in which peers have no knowledge on the global network topology.

The ultimate requirements of a P2P media streaming system are a continuous, high
quality playback, a low buffering delay, and a balanced utilization of system resources.
Streaming parameters such as the number of senders and the streaming bit rate can have
a dramatic effect on the system performance and it is essential to evaluate their effects.
As we will demonstrate in Chapter 5, these parameters can have significant effects on the
scheduling algorithm performance. In some cases, the choice of the scheduling algorithm
can affect the playback quality by 25% and change the buffering delay 50 times.

Very few existing systems compare their scheduling algorithms to the existing ones or
even provide clear justification for their scheduling algorithm selection criteria. Even real-
life systems such as CoolStreaming [71] and PPLive [50] fail to compare their scheduling
algorithms with others. Although few papers do compare the scheduling algorithms, their
experiments are limited to computer simulations [70] and no Internet experiments have
been performed. To the best of our knowledge, no thorough empirical analysis of various
scheduling algorithms has been performed and validated using either real life deployments
or the PlanetLab environment.

It should also be noted that there currently exists no framework for comparing schedul-
ing algorithms. The development of a P2P scheduling algorithm comparison system can be
fairly complex and different design decisions can all have effects on the resulting schedul-
ing algorithm performance. This implies that comparing scheduling algorithm by using
independently developed systems can be quite inaccurate so it is advantageous to develop
a framework that strictly concentrates on comparing the relative performance of different
scheduling algorithms. Such frameworks can aid the evaluation of the effects of the stream-
ing parameters such as the number of senders and the streaming bit rate. Our system,

as described in Chapter 5, is an implementation of such a framework. It greatly improves
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the speed and quality of our research by providing an efficient deployment, testing and
evaluation process for new scheduling algorithms. We shall now describe the advantages
and disadvantages of various segment scheduling approaches, starting with one of the most
popular P2P streaming systems, CoolStreaming [71].

The DONet [71] protocol, used by CoolStreaming system, is one of the strongest proto-
cols that has been tested and deployed in the real world. It is a data-driven overlay network
and its fundamental aspects are that every node periodically exchanges data availability in-
formation with a set of partners, and retrieves unavailable data from one or more partners,
or supplies available data to partners. It is easy to implement, since it does not require
having to construct and maintain a complex global structure. It has proved to be efficient,
as data forwarding is dynamically determined according to data availability. It is robust and
resilient, as the partnerships enable adaptive and quick switching among multiple suppliers.

DONet proposes a member and partnership management algorithm, and a rarest first
scheduling algorithm. The control overhead and transmission delays are kept low. The per-
formance of the simulation and the algorithm has been evaluated extensively on PlanetLab.
The real implementation called CoolStreaming was released May 30, 2004 and had over
30000 distinct users. The implemented algorithm was deployed in real life and usage statis-
tics were provided hence the popularity of the product. The streaming quality results were
given based on both the PlanetLab tests and real-life deployments. This protocol employs
a simple rarest-first scheduling algorithm that is fairly easy to implement.

A few negative aspects of the DONet protocol were the failure to mention the reasoning
for choosing rarest-first scheduling algorithm. This work failed to mention if any other
scheduling algorithms were considered while performing the simulations. There was also
no account of how bandwidth and deadlines were estimated. There was only an indication
that videos streamed were CBR and there were no comparisons with other algorithms to
indicate the performance evaluation of the scheduling algorithm used. The results specify
the continuity index for the overlay network but metrics that measure distribution of the
load among the supplier peers was not included. Nevertheless, this is one of the most
important works to date and serves as a solid basis for comparison against other algorithms.

As mentioned earlier, another interesting solution models the scheduling problem as a
min-cost network flow problem [70] where two potential solutions are proposed: a global
optimal algorithm and an approximate distributed algorithm. The global algorithm is not

practical since it requires global knowledge of the entire overlay network. The distributed
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algorithm is the global algorithm’s practical version that makes some approximations based
on local assumptions. These two algorithms were compared to DONet, Round-Robin, and
Chainsaw (random) algorithms using computer simulations.

When determining the block priority, the proposed optimal algorithm combined both
rarest-first and earliest deadline factors. Some of the positive aspects of this approach lie in
the fact that it employs a theoretically optimal algorithm and it also provides an efficient
heuristic algorithm that the experiments have proven superior to others.

The negative aspects of this work include the usage of a complex algorithm that is not
easy to implement. Also, only a computer simulation was performed and the algorithms
were not tested in a real-life system like PlanetLab. There was no mention of the real goal of
the scheduling, i.e., to minimize the number of missed segments and the real user behavior
was not taken into account. This solution failed to show the effects of different number of
senders and the maximum streaming bit rate in the simulations was only 500 Kbps.

According to [71], the DONet algorithm has a continuity index of approximately 0.98
when streaming 500 Kbps with 4 or more senders but this work claimed that the DONet
algorithm only reaches approximately 0.80 continuity index when streaming at 500 Kbps,
which shows an inadequacy of this computer simulation. There was no in-depth analysis of
the streaming sessions and important performance metrics such as fairness index or sharing
index were not mentioned.

Another interesting work, focuses on transmission scheduling of the media data for
a multi-source streaming session and it realizes a sophisticated scheduling scheme, called
fixed-length slotted scheduling (FSS), which results in minimum buffering delay [37]. FSS
employs variable length segments whose size is determined based on the bandwidth at which
each segment is transmitted.

The negative aspects of this work are that it is claimed that the P2P system is self-
growing since the requesting peers can become supplying peers only after they receive all
the data [37] but this is not true because a peer does not require all the data to become
a supplier. This approach uses buffering delay as the only performance metric, however,
buffering delay is not as important as other metrics such as quality and continuity index,
which were not mentioned.

Another problem is that keeping the buffering delay at a minimum does not always
result in the best streaming experience. It was indicated that FSS schedules the video seg-

ments really close to their deadlines to minimize the buffering delay. This is an impractical
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evaluation and if this scheduling scheme was applied in practice, it would likely not deliver
quality streams. It has been observed from PlanetLab experiments that due to network
fluctuations, the bandwidth estimates change frequently and this could have a detrimental
effect on the performance of FSS. Finally, this work did not include any real-life experiments
or even computer simulations.

The Network Coding (NC) technology, used to achieve maximum data flow in a network,
has also been used as the basis for some scheduling algorithms. One example is the generic
buffer-assisted search (BAS) scheme that improves partner search efficiency by reducing the
size of index overlay [12]. This scheme is used to create a novel scheduling algorithm based on
Deadline-Aware Network Coding (DNC) to fully exploit network resources by dynamically
adjusting the coding window size. The extensive simulation results shown, demonstrate that
BAS can provide a faster response time with reduced control cost as compared to the existing
search methods. Also, DNC improves the network utilization and provides high streaming
quality under different network conditions. This approach models the scheduling problem
as a network flow problem and carries out its scheduling scheme with that assumption.

The positive aspects of this work include that fact that segment schedules are created
based on more than just local decisions. This solution also claims that Round-Robin algo-
rithm, smallest-delay model, and a rarest first, pull-based gossip (PGA) model use simple
heuristics whose local decisions make inefficient use of network capacities. An optimal net-
work coding algorithm is presented along with a distributed protocol. Strong theoretical
proofs of the algorithms have been depicted and it has been proven that DNC and NC algo-
rithms outperform PGA with respect to network throughput (average number of segments
a peer receives per second). The negative aspects of this work are that it fails to address to
VBR videos and it assumes each segment to have a uniform one second long play-out time.

There are also a few practical concerns regarding the implementation of the NC algorithm
for streaming. It was noticed that the system needed to use more peers in order to fully
distribute the segments, i.e., the senders need to receive data from other senders and pass
it to the receiver. In the simulation, all links had a bandwidth of 3 Mbps or more, while
the streaming bit rate was only 500 Kbps. Given theses parameters, even streaming from a
single sender would likely produce great results without even challenging the system. There
was also an absence of an in-depth analysis of the scheduling algorithm, i.e., there was no
mention of the effects of streaming bit rate and different number of senders on the algorithm

performance.
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It was observed that after 700 seconds, the missed segment ratio for PGA and DNC was
estimated to be the same and thus once the system achieves stability, DNC no longer provides
an advantage over PGA. In addition, experimental results showed that the buffering delay of
DNC is only a slight improvement over PGA. The buffering delay of DNC is approximated
to be between 1 to 2 seconds, whereas PGA has a buffering delay of approximately 3 to 4
seconds (after system warm up).

The authors of [48] describe a receiver-driven streaming component that works with
existing media streaming clients. This Local Proxy Stream Server (LPSS) is a commercial
product installed on the client machine that handles the multi-sender streaming while the
client streams the received content to the local media player. It implements a tracker that
manages all other peers currently streaming the same content. This tracker maintains the
global state about all the nodes in the system and can store entire media files.

This approach uses a Block Scheduling Algorithm approach where bandwidth estimates
are computed using synchronous exponential averaging. The streaming starts with a Round-
Robin assignment, which assumes that every sender has the same bandwidth, and the
scheduling algorithm attempts to minimize the request load on servers. Also, the scheduling
algorithm follows an earliest deadline first pattern until it finds a potential miss (based on
the bandwidth and load estimates, and block deadlines). When that happens, it attempts
to perform a connection swap, which means reassigning the currently unassigned segment
to another sender at an earlier time and taking the other segment from that peer. This is
an NP-Complete problem but it can be approximated using a simple heuristic approach. If
the heuristic approach fails, a block splitting strategy is adopted where a large block stuck
with a slow connection is divided into smaller blocks, which can be downloaded in parallel.
This may help in some situations but it also results in a higher HT'TP overhead and thus
should only be used as a last resort. Block splitting techniques are performed recursively
until a feasible assignment is found.

The positive aspects of this work are that HTTP is used as transfer protocol, which
makes it easier for integration with the existing infrastructure. Unlike web servers, however,
no media streaming peer system is as widely available in a wide-area setting. A practical
approach has been taken here by using the existing media servers over HTTP and RTP. Also,
real prototype implementation, deployment, and experiments have been carried out using
PlanetLab. The experiments carried out show the effects of different number of senders and

different video bit rates but they are not reflected upon by using standard metrics such as
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continuity index.

The main negative aspect of this solution is that since its protocol uses HTTP for
transferring data, it incurs a lot of overhead. This overhead may be reduced if the block size
is increased but larger block sizes result in reduced efficiency of scheduling. Also, only CBR
videos are considered and no comparison has been made to other scheduling algorithms.
There has only been one comparison and that has been with BitTorrent [5], which is clearly
not a stream scheduling algorithm. The block scheduling algorithm used is not new; it
reflects an earliest deadline first approach with a few additions such as connection swapping
and block splitting.

The above works, although most significant, were not the only approaches to the schedul-
ing problem and many other solutions have been proposed. Some interesting algorithms,
such as [69], split the video streams into quality layers and ensure that the scheduling algo-
rithm is aware of the quality layers so that it can give the base layers a higher priority to
provide a minimum quality for most users. Peers with sufficient bandwidth have the option
of taking advantage of the higher quality streaming layers. Some scheduling algorithms per-
form a deeper analysis of the video stream and focus on giving priority to frames, which (if
missed) would case the most distortion to the resulting video [58]. This algorithm increases
the priority of such critical frames when creating the segment schedule. Other works were
less than creative in their proposed solutions such as [6] where efficient scheduling of video
segments is simply ignored. Instead, a naive algorithm is proposed where the fundamental
concept is to simply calculate the time required to download the entire video from a number
of nodes and use it to set the delay. Many solutions mainly address the overlay construction
problem but fail to describe an efficient scheduling algorithm. Finally, some works are un-
clear in the description and analysis of the scheduling details such as segment assignment,

CBR or VBR video type, and fail to mention any simulation or prototype results [65].



Chapter 3

Analysis of Existing Scheduling
Algorithms

In this chapter we analyze current scheduling algorithms, namely Round-Robin, Random,
and Rarest First that we use as a basis of comparison against the ODV scheduling algo-
rithm. We also introduce schedule trace graphs in Section 3.2, which are tools for visually
representing the results of a streaming session. We then use the schedule trace graphs to
describe the behavior of the current schedule algorithms in more detail in Sections 3.3, 3.4

and 3.5.

3.1 Introduction

During a video streaming session, the receiving peer receives video segments from a subset
of active peers in the network. Before the actual streaming session can start, a video seg-
ment assignment, also called a schedule, must be created so that each sender knows which
segments it is responsible for transmitting. Although the master schedule, created by the
receiver, contains the schedules for all senders, individual senders only need to know their
own schedules. An efficient segment assignment is one of the major factors determining the
quality of the video stream and in this section we describe several existing scheduling algo-
rithms that will be used as a basis for comparison with our proposed scheduling algorithm.
These algorithms include the Round-Robin, Random, and Rarest First.

The Round-Robin and Random algorithms were chosen because many of existing P2P
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streaming systems and prototypes still use these naive algorithms. Such systems tend to
focus more on overlay construction and content availability broadcasts than on the schedul-
ing problem and these algorithms are the easiest to implement. They serve very well to
establish a basis for comparison against the more advanced scheduling algorithms.

The Rarest First algorithm was chosen because it is the scheduling algorithm of the
CoolStreaming/DONet [71], one of the first P2P streaming system to attract over 1 million
clients. This scheduling algorithm is still in use, as part of CoolStreaming, as the base
technology for live IPTV programs launched by Roxbeam Corporation jointly with Yahoo
Japan, in October 2006. It is very useful to see how our algorithm compares against Rarest
First, a sophisticated scheduling algorithm that has been deployed in a real life deployment
scenario for several years.

The advanced scheduling algorithms, such as Rarest First and ODV, utilize the band-
width estimates from each sender to the receiver during the schedule creation. In networks
such as the Internet where bandwidths are dynamic and heterogeneous, the frequency of
sending updated schedules is clearly a trade off. Sending schedules at lower frequency results
in a slower adaptation to the changing network conditions, while sending them at higher
frequency introduces higher communication and computational overhead. For most practi-
cal considerations, this computational overhead is negligible for all algorithms presented in
this thesis. See Chapter 5 for details.

As mentioned in Chapter 2, most of the current scheduling algorithms estimate the size
of each segment by assuming a constant bit rate. This is quite accurate for the CBR videos
but in case of VBR videos can lead to inefficient schedules, missed segment deadlines, and
ultimately lower quality of the playout. To the best of our knowledge, the ODV is the only
algorithm that takes the bit rate variability into consideration when creating a schedule.
See section 4.2 for more details.

The rest of this chapter describes the various scheduling algorithms, which we use to
compare against our ODV algorithm, as well as the tools used for this comparison. One of
the most effective qualitative tools are the schedule trace graphs, described in section 3.2.
Also, to further demonstrate each algorithm, we present a sample scenario of scheduling a
10-segment video clip. In this scenario, we arbitrarily select typical streaming system values
to merely illustrate some major characteristics of each scheduling algorithm. We assume
that each segment has a constant size of 50 KB and the average video bit rate is 400 kbps.
We also have 3 senders, with respective bandwidths of 400 kbps, 240 kbps, and 160 kbps.
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Since each segment has a constant length of 50 KB, these senders take 1.25 s, 1.67 s, and
2.5 s respectively, to transmit one segment. Finally, since the average bit rate of the video
is 400 kbps, we can estimate that each 50 KB segment contains 1 second of video.

Based on these assumptions, sections 3.3, 3.4, and 3.5 describe the process that each
algorithm uses to create the schedule for this scenario, and we discuss the strengths and the
weaknesses of each approach. We also show actual streaming traces to further illustrate the

strengths and weaknesses of each algorithm.

3.2 Schedule Trace Graphs

When comparing various scheduling algorithms, it is important to gain deeper insight into
the details of their operation at the lower level so that we can understand and predict their
resulting behavior at a more macroscopic scale. In our case, it is extremely useful to be
able to examine the transmission of every video frame from the senders to the receiver.
As detailed in Chapter 5, we collect a vast amount of data pertaining to the scheduling
algorithm operation. For a more intuitive analysis, we generate graphical representations
of all streaming sessions, which we call schedule trace graphs or streaming traces. We use
these schedule trace graphs to demonstrate and explain the real-life effects of the algorithms
on the video frame delivery. In this section, we explain how to read these diagrams since
they are used in later chapters to describe the strengths and weaknesses of each scheduling
algorithm. Figure 3.1 shows a sample schedule trace graph obtained from the receiving peer
as a result of a 20-segment schedule using the Random algorithm.

The y-axis represents the video time and the x-axis represents the data offset within the
video file. The video playout is represented by the line that traverses diagonally from the
lower-left corner of the graph to the upper-right. If we had used CBR videos, the playout
would be represented by a straight line with a slope that was an inverse of the video bit rate.
In all of our experiments, however, we use VBR videos and as such the slope of the playout
line is usually not constant. In general, steeper slope represents lower bit rate portions of
the video, whereas flatter slope represents higher bit rate portions. Most schedule traces
that we will examine have playout lines with a varying slope.

Note that the schedule trace graph also contains multiple, short horizontal lines. These
lines are actually composed of data points that represent individual video frames. Each video

frame data point indicates the sequence of the particular video frame and its arrival time
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Figure 3.1: Sample random algorithm streaming trace obtained from PlanetLab experi-
ments.

at the receiving peer. Since the sender peers transmit segments composed of multiple video
frames, we see groups of frames arriving at the same time, forming the short horizontal lines.
Finally, note that the frames delivered from different sender peers have different colours.

The most important pieces of information represented by the schedule trace graphs are
the relative locations of the received video frames and the playout line. All frames below the
playout line have met their deadlines whereas all frames above the playout line missed their
deadlines. Note that this does not take the buffering delay into consideration. Buffering
delay would essentially move the playout line higher on the graph, ideally into a position
just above all the received video frames. In our experiments, we assume no buffering delay
as we are more interested in the relative performance of the scheduling algorithms and not
the absolute values of the continuity index.

In the sample trace graph in Figure 3.1, we can see that sender peer 1 is slow and all of
its transmitted video frames have missed their deadlines. Sender peers 2, 3, and 4 are faster
and all their video frames have made their deadlines. We can clearly see that schedule trace
graphs are effective tools for presenting and analyzing the behavior of scheduling algorithms,

because they provide visual feedback of the streaming session characteristics.
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|Peer BW/Segment | 1 [ 2 | 3 [ 4 | 5 | 6 [ 7 | 8 | 9 | 10 |
400 kbps 1.25 s 2.50 s 3.75 s 5.00 s
240 kbps 1.67 s 333 s 5.00 s
160 kbps 2.50 s 5.00 s 750 s

Table 3.1: Sample round-robin algorithm schedule.

3.3 Round-Robin Algorithm

Round-Robin is most likely the simplest scheduling algorithm. When creating a schedule,
it assigns every consecutive segment to the next sender in a sender list. Once we reach the
end of the sender list, we start from the first sender again. We continue in this manner until
all segments have been assigned to the candidate senders. Every sender will have the same
number of segments assigned and no preference is given to any peer based on the bandwidth
estimate, reliability, or any other factors.

Simple Round-Robin schedulers, which assign equal portions of responsibility to all
participants, are still widely deployed for their simplicity but are not suitable for Internet
streaming applications because of bandwidth heterogeneity. They are suitable, however, to
serve as a basis for comparison against more sophisticated scheduling algorithms such as
Rarest First and ODV. The obvious advantage of this algorithm is that it is very simple
and fast. Its main disadvantage is the fact that it does not take the network conditions into
consideration and that usually results in inefficient schedules.

We now describe the Round-Robin solution to the sample scheduling scenario introduced
in section 3.1. First off, no calculations are necessary and all segments are evenly spread
among all candidate sender peers. The resulting schedule is shown in table 3.1. All entries
in the table indicate the expected arrival time of each segment, which is based on the sender
bandwidth estimates.

We see that peer 1 (400 kbps) is assigned segments 1, 4, 7, and 10, peer 2 (240 kbps)
is assigned segments 2, 5, and 8, and peer 3 (160 kbps) is assigned segments 3, 6, and 9.
The advantage of this algorithm is that we achieve the highest degree of load balancing
among the peers, i.e., all peers are assigned an equal number of segments. Also, this degree
of load balancing is always guaranteed. The disadvantage here is that although all peers
are assigned equal number of segments, the faster peers that can handle a higher load will
tend to be underutilized whereas the slower peers can be over-utilized. This usually leads

to missed deadlines on segments assigned to the slower peers since they may not have the
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Figure 3.2: Streaming trace for the sample round-robin schedule.

capability to handle the assigned/expected load. Figure 3.2 shows the schedule trace graph
for this sample schedule. We can see that in this example, the Round-Robin algorithm
does quite well as most of the video frames are below the playout line, thus meeting their
deadlines.

Let us now examine some streaming traces from PlanetLab experiments. Figure 3.3
shows a couple examples of the Round-Robin algorithm in action. Figures 3.3(a) and 3.3(b)
show successful schedules from 4-sender traces. In Figure 3.3(a), although most frames
sent by peer 4 miss their deadlines, we can see that a small buffering delay would solve
this problem. Peer 4, however, is the slowest peer and a more efficient scheduling algorithm
would not assign it as many segments. Figure 3.3(b) shows that the Round-Robin algorithm
is capable of producing efficient schedules. Only few frames miss their deadlines in this
example and a very small buffering delay would fully compensate for this.

Figures 3.3(c) and 3.3(d) show failed schedules from 3 and 5-sender sessions. Figure
3.3(c) shows a 3-sender trace where the indiscriminate assignment to senders without con-
sidering the bandwidth results in 1/3 of the segments missing their deadlines. In order
to compensate for all the late segments delivered by peer 1, we would need to use a large
buffering delay. Also, if we consider the pattern of the frames sent by peer 1 and compare

it to the playout line, we see that they have different shapes (or create lines with different
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Peer/Segment || 1 [ 2 [ 3 | 4 | 5 [ 6 [ 7 | 8 | 9 [ 10 |
400 kbps 1.25 s 2.50 s
240 kbps 167 s 3.33s | 5.00 s
160 kbps 2.50 s 500s | 750 s 10.00 s 12.50 s

Table 3.2: Sample random algorithm schedule.

slopes). As such, we would need to increase the buffering delay by a larger amount that
would move the end of the playout line over the last segment sent by peer 1. Figure 3.3(d)
shows a very similar pattern to Figure 3.3(c) except that in this case, we are dealing with
5 senders and two of them are unable to deliver their frames on time. Once again, a more

efficient scheduling algorithm would avoid assigning segments to those two peers.

3.4 Random Algorithm

A perfect example of the Random scheduling algorithm is the Chainsaw scheduling algorithm
[47]. In this scheduling algorithm, every segment is assigned to a random sender from the
sender list. Similarly to the Round-Robin algorithm, no preference is given to any sender
based on bandwidth or reliability estimates. In most implementations, the random seed is
based on system time, resulting in pseudo-random schedule. This algorithm is very simple
and much like the Round-Robin algorithm, it serves as a basis for comparison against other
scheduling algorithms.

The advantage of this algorithm is that there is a chance of an efficient segment as-
signment and the changing network conditions usually do not affect the performance of the
algorithm, making it rather stable. The main disadvantage is that the probability that the
resulting assignment will be anywhere close to an optimal schedule is relatively low.

We now describe the Random algorithm solution for the sample scheduling scenario
introduced in Section 3.1. In the example schedule shown in Table 3.2, the slowest peer
is assigned the most segments, which results in a very inefficient schedule. This is further
confirmed by the schedule trace graph for the sample schedule shown in Figure 3.4. We can
clearly see that all segments from peer 3 are above the red playout line and thus miss their
deadlines.

Let us now examine some streaming traces from PlanetLab experiments. Figure 3.5
shows some examples of the random algorithm in action. In Figures 3.5(a) and 3.5(b) we

can see that it is possible for a random algorithm to come up with an efficient schedule. In
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Figure 3.4: Streaming trace for the sample random schedule.

Figure 3.5(a), we have 2 very fast senders (peers 1 and 2), 1 fast sender (peer 3), and 1 slow
sender (peer 4). The segment assignment is such that that peers 1 and 2 get most of the
early segments, peer 3 gets some segments in the middle of the trace, and the slowest peer
4 only gets 2 segments near the end of the trace. This schedule is quite efficient for this
session and all the segments meet their deadlines. Similarly, in Figure 3.5(b) we have an
efficient schedule produced by the random algorithm. Peers 1, 3, and 4 are fast and they are
assigned most of the segments. The slower peer, peer 2, just happens to get right segment
assignment such that it is able to deliver all its segments on time.

On the other hand, Figures 3.5(c) and 3.5(d) show inefficient schedules created by the
random algorithm. In Figure 3.5(c), the random scheduler assigns most of the early seg-
ments to the slowest sender (peer 1), resulting in all those segments missing their deadlines.
Figure 3.5(d) shows a trace where most of the segments are assigned to the slower peers
(peers 1 and 4) where as the faster peers get only a few segments assigned. This clearly

results in most of the segments missing their deadlines.



CHAPTER 3. ANALYSIS OF EXISTING SCHEDULING ALGORITHMS

1680 :
— Playout
* Peerl
1675 Peer 2
+ Peer3
D - Peer4 -
o 1670F
£
|_
]
S 1665+ —
>
1660

1 L
655 166

166.5

167 167.5

Video Offset (MB)

(a) Successful random algorithm schedule.

1710

— Playout
+ Peerl

Peer 2
+ Peer3
+ Peer4

1705f

iR

~

=}

S
:

Video Time (s)
=
()]
o]
a

1690

1685 75 75.2

75.4 75.6 75.8

Video Offset (MB)

(c) Failed random algorithm schedule.

34
735 w
—Playout
+ Peerl
730 Peer 2
+ Peer3
D + Peer4
o 725¢
E
'_
o
S 720¢
> —
715¢ T
710 90 90.5 91 91.5 92 92.5
Video Offset (MB)
(b) Successful random algorithm schedule.
330 :
—Playout
+ Peerl _
3207 Peer 2 1
+ Peer3
@ - Peer 4 -
o 3107 1
E -
'_
2
5 300} 1
>
290¢ 1
280 ‘ ‘
29 29.5 30 30.5
Video Offset (MB)

(d) Failed random algorithm schedule.

Figure 3.5: Random algorithm streaming traces obtained from PlanetLab experiments.
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3.5 Rarest First Algorithm

The CoolStreaming algorithm is an implementation of the rarest first scheduling algorithm
used by the CoolStreaming/DONet peer-to-peer system [71]. This heuristic algorithm first
calculates the number of potential suppliers for each segment (i.e., the partners containing
each segment in their buffers). The claim is that segments with fewer potential suppliers
are more difficult to meet deadline constraints and as such the algorithm determines the
supplier of each segment starting from those with only one potential supplier, then those
with two, and so forth. In other words, the rarest segments get scheduled first. If there
is a segment with multiple potential suppliers, the supplier with the highest bandwidth is
selected [71].

The main advantage of this algorithm is that it tends to assign more segments to the
fastest peers, which also tend to be the most reliable peers. The disadvantage is that in
many cases this scheduler will reduce to streaming from a single host even though there may
be multiple partners available. In large scale systems, this may lead to overloading of the
faster peers. Also, this algorithm relies on the absolute values of the bandwidth estimates
when determining whether a sender has enough available time to transmit a segment. Since
bandwidth estimates are rarely 100% accurate, algorithms that rely on relative ratios of
the bandwidth estimates instead of absolute values tend to achieve better performance and
create better load sharing schedules. Another problem with relying too much on the absolute
bandwidth estimate is that abrupt changes in bandwidth or congestion of the connections
with the fastest peers may result in many segments missing their deadlines.

Let us now describe the Rarest First algorithm solution to the sample scheduling scenario
introduced in Section 3.1. The schedule produced by the Rarest First algorithm for our
sample scenario is shown in Table 3.3. We can see that the resulting schedule is not fully
balanced because the fastest peer is assigned the most segments, while the slowest peer is
assigned nothing. A more efficient algorithm would at least try to utilize the slowest peer
since it most cases it could efficiently deliver at least one segment. Figure 3.6 shows the
resulting streaming trace for this sample scenario. We can clearly see that this schedule
is not optimal as many segments are close to missing their deadlines. Although a small
buffering delay would take care of this problem, the point is that the algorithm did not find
a schedule that allows for as much network fluctuations as possible and if anything changes

with the peer whose bandwidth estimate was the fastest at the time of scheduling, there
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|Peer/Segment | 1 [ 2 | 3 [ 4 | 5 | 6 | 7 | 8 [ 9 | 10 |
400 kbps 1.25 s 2.50s | 3.75s | 5.00s 6.25s | 7.50s | 8.75s | 10.00 s
240 kbps 1.67 s 3.33 s
160 kbps

Table 3.3: Sample rarest first algorithm schedule.
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Figure 3.6: Streaming trace for the sample rarest first schedule.

is good possibility that most segments will miss their deadlines. Basically, although the
segment assignment seems efficient, it does not leave much room for error.

Let us now examine some streaming traces from PlanetLab experiments. Figure 3.7
shows several examples of the rarest first algorithm in action. In Figures 3.7(a) and 3.7(b) we
have two examples of efficient schedules created by the rarest first algorithm. It is important
to note, however, that in both those cases, there were 5 potential senders available, yet the
scheduling algorithm mostly used only one of them. As mentioned before and as evidenced
from the Rarest First solution to our sample scenario, this is one of the characteristics of
this algorithm.

Network fluctuations are common in the Internet and sometimes the link with another
peer slows down and/or gets delayed. Figures 3.7(c) and 3.7(d) show exactly such occur-
rences. In both cases, at the time of scheduling, Peer 1 was the fastest sender and most

segments got assigned to it. At run time, for whatever reason, the network communication
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Figure 3.7: Rarest first algorithm streaming traces obtained from PlanetLab experiments.

gets delayed and as a result there are many segments that miss their deadlines. The lesson
for other scheduling algorithms that can be drawn from these failed schedules is that we
should not rely too much on a single peer in a streaming session and instead try to utilize all
available resources to an appropriate degree. This is one of the characteristic of our ODV

scheduling algorithm described in Chapter 4.



Chapter 4

Proposed Scheduling Algorithm

In this chapter, we introduce our proposed scheduling algorithm, ODV. In Section 4.2 we
describe how ODV provides VBR-specific handling of video data. Section 4.3 defines the
ODV algorithm itself and schedule trace graphs are used to provide more detail insight into
its behavior. We conclude in Section 4.4 by proving the polynomial bounds for space and

time complexity of the ODV algorithm execution.

4.1 Introduction

The primary objective of a scheduling algorithm is to create a schedule such that all re-
quested video segments are delivered to the receiver before their respective deadlines. If
that is impossible to achieve (given insufficient resources), we want to minimize the number
of segments missed and minimize the buffering delay required. We also have two secondary
objectives. We want to make efficient use of the bandwidth and avoid transmitting segments
before they are required because there is no guarantee that they will even be used. Finally,
since we do not want to overload any of the senders, we need to make sure that the load is
balanced across all available resources.

The proposed On-time Delivery of Variable bit rate (ODV) algorithm assigns each seg-
ment to a particular sender at a specific transmission time slot. Unlike in other scheduling
algorithms, under the ODV algorithm the sender for each particular segment is selected
partially based on the current estimated load of that sender. The estimated load of a sender
is the amount of work (time spent transmitting segments) that the sender has already been

assigned by the schedule. The amount of work that a particular sender will need to perform

38
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in order to transmit a segment depends on the segment size and the sender’s bandwidth.
We predict the load of each sender by temporarily assigning the next scheduled segment to
each sender and we select the peer with the smallest predicted estimated load as the sender.
This ensures that the load is shared among all senders.

In situations where senders do not have all segments available, we must make sure that
we do not commit a sender who is the only one that can deliver particular segments to do
work delivering other segments, which could be delivered by other senders. Therefore, when
determining the appropriate peer to deliver a segment, we must also consider the number
of potential senders for that particular segment. It is usually more difficult to meet the
deadline of a segment that has fewer potential suppliers. For this reason, the algorithm first
calculates the number of potential suppliers for each segment and the segments with least
potential suppliers are scheduled first. That is, the segments with one potential supplier
are scheduled first, then segments with two potential suppliers, then three and so on. This
part of the algorithm is similar to the Rarest First algorithm but this is a potential area
of improving the algorithm in the future because it is not always necessary to schedule
the segments with the least potential suppliers first. It is possible to change the segment
scheduling order (from the order of the number of potential suppliers) and still create an
efficient schedule where all segment deadlines are met.

Another characteristic that improves the ODV scheduling algorithm over all others is
the support for VBR videos. The details of this characteristic are described in the next

section.

4.2 VBR Support

We have not seen an algorithm that directly claims to support VBR videos. Previous works
that even include this level of detail, merely estimate the data length of a constant duration
segment by using the average bit rate of the entire video. In order to be able to accurately
calculate the data length of each segment, the scheduler would need to have access to the
video trace information, i.e., the metadata describing the frame and segment sizes for a
particular video. This introduces the problem of distributing this trace information to
the potential receivers, however, distributing this trace information to peers is not difficult
because the trace data is very compact compared to the video itself. For example, the length

of trace data can be compacted to 10 Bytes per video frame whereas the frame length can
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vary from 100 Bytes (for low quality videos) to 12 KB (for high quality videos). So the trace
data for 100 frames would require 1 KB. Depending on segment availability, it would make
it rather efficient to piggy back the trace information with data packets. To further compact
the trace information, instead of sending the frame information to the receiver, we could
simply ask the senders for segment-level trace information. For example, we would like to
know the segment sizes for 120 1-second segments starting at some offset in a particular
video. The response would be 120 times 2 bytes (a 2-byte field is sufficient to describe the
segment data length) resulting in 240 bytes of trace information for 2 minutes of video.

One option could be to store the trace files in dedicated servers or peers and send requests
to those servers/peers to create a schedule for a particular scenario. This would add some
overhead because the receiving peer would need to outsource its scheduling.

Another option could be to still store the trace files in dedicated servers or peers but
we would not send scheduling requests to those machines. Instead we would simply request
the trace information for a portion of the VBR video. For example, a 5-minute long VBR
video would not require a great amount of bandwidth to transmit so this approach could
be practically feasible. This way, the receiving peer would have all the information required
to create an efficient schedule for a VBR video.

The problem introduced in both of these scenarios is the need for distributing the trace
information or a way of transmitting accurate deadline estimates. This increases the com-
plexity of the system but also this could be an optional component. If available, the scheduler
would use the trace information to create more accurate schedules for VBR videos; other-
wise, it would default to using segment deadline estimates based on average video bit rates.
As we will later see, however, using the trace information during the scheduling results in
more accurate schedules.

Consider Figure 4.1 that shows the graphs of 1-second segment sizes for 2 high quality
videos used in the experiments. The red line indicates the average bit rate estimate for the
entire video whereas the blue line indicates the actual segment sizes for the 1-second video.
In all instances where the actual segment sizes are larger than the estimated ones, the risk
of inefficient scheduling increases. This is because we could assume that, for example, each
1-second segment has the size of 55 KB whereas the actual sizes of 1-second segments for
this particular video portion vary between 70 and 80 KB. In some cases, as evidenced by
the graphs, the difference between the actual and the estimated segment sizes could be as

high as 400%. So even with accurate bandwidth estimates, the segment assignments would
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Figure 4.1: Variability of segment sizes in video streams.

likely lead to missed deadlines since the segment sizes were underestimated.

4.3 ODV Algorithm

A high-level pseudo code of the proposed scheduling algorithm is shown in Fig. 4.2. This
algorithm is executed by the receiver in a streaming session. As mentioned before, the
receiver collects segment availability information from potential senders, which is usually
obtained by exchanging buffer maps among peers. In addition to segment availability, the
buffer maps include the size of each segment. The segment size can easily be computed
by parsing the headers of the encoded video stream. Alternatively, the segment sizes could
also be stored in a small meta file associated with the video. We notice that including the
segment size in the buffer maps adds negligible overhead compared to the video traffic. For
example, current scheduling algorithms use at least one field to indicate the availability of
each segment. In our algorithm, we use the same field, but include the size of the segment if
it is available and zero otherwise. A 2-byte field is sufficient to store the size of the segment
in our algorithm. For a scheduling window of 30 segments, i.e., 30 seconds of video data,
segment sizes need only 60 bytes which is indeed negligible compared to the video data that
is in order of, at least, several kilo bytes. The ODV algorithm also estimates the bandwidth

of each peer based on the history of the connection between the receiver and that peer.
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After collecting the needed information for a scheduling window, the algorithm computes
the expected delivery time tyg for each segment s when it is assigned to each one of the
potential senders p. Then it chooses sender ps; that will deliver segment s at the earliest
delivery time t.q. In this assignment, the algorithm begins with the segment that has the
fewest number of potential senders, similar to the Rarest First algorithm. However, unlike
the Rarest First algorithm, the ODV algorithm does not simply select the sender with
the highest bandwidth and enough available time. Rather, the ODV algorithm considers
the current utilization of each peer, util(p), to estimate the expected delivery time of each
segment and achieve the ultimate target of on-time delivery of video data.

The ODV algorithm takes a couple ideas from the Rarest First algorithm but it also
introduces several changes, which as we will see in Chapter 5 results in better performance.
Much like Rarest First, the ODV algorithm schedules segments with fewest potential suppli-
ers first but when selecting a sender from a group of potential suppliers, it does not simply
select the sender with the highest bandwidth and enough available time. Among multiple
potential suppliers, the sender that can deliver a segment at the earliest time is selected.
Thus, the ODV algorithm may actually assign segments to slower peers before fully satu-
rating faster peers, if the slower peers will deliver them earlier. This algorithm thus benefits
from the Rarest First algorithm’s idea of giving preference to the faster senders while it also
achieves better resource sharing by utilizing the slower senders.

Let us now work through an example of how the ODV algorithm creates a schedule.
In our sample scenario, introduced in Section 3.1, we have 3 sender peers with respective
bandwidths of 400, 240, and 160 kbps. Segment 1 is assigned to peer 1 because it can deliver
it within 1.25 sec. Segment 2 could be delivered by peer 1 at 2.5 sec, 1.67 sec by peer 2,
and at 2.5 sec by peer 3 - since peer 2 can deliver it at the earliest time, it gets assigned
segment 2. Segment 3 could be delivered by peer 1 at 2.5 sec, peer 2 at 3.33 sec, or peer 3
at 2.5 sec. Both peer 1 and peer 3 could deliver segment 3 at 2.5 sec but peer 1 has a higher
bandwidth estimate so it gets assigned segment 3. We continue to process all 10 segments
in this manner to arrive at the resulting schedule shown in Table 4.1. The schedule trace
graph for this scenario is shown in Figure 4.3 and if we compare it to the graphs for the
other algorithms, we see that the ODV algorithm creates most space between the segment
delivery and the playout line.

We now examine the streaming traces, shown in Figure 4.4, from the PlanetLab exper-

iments to illustrate the real-life behavior of the ODV algorithm. In Figures 4.4(a), 4.4(b)
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ODV: On-time Delivery of VBR streams
1. for n = 1 to senderCount
2. foreach s in potentialSegments|n|
3. // segment s with n potential suppliers
4. ps = @ // selected sender
5. ted = Nimaz // earliest delivery time
6. foreach p in suppliers|s|
7. // potential senders p for segment s sorted by bandwidth
8. t, = size(s) / bandwidth(p) // tx time
9. tq = util(p) + t, // delivery time
10. if (tg < teq)
11. bs =P
12. teda = tg
13. end if
14. end for
15. util(ps) = util(ps) + (size(s) / bandwidth(ps))
16. assignSegment(s, ps)
17. end for
18. end for
Figure 4.2: Proposed segment scheduling algorithm.
| Peer/Segment H 1 | 2 ‘ 3 | 4 | 5 | 6 | 7 ‘ 8 9 10 |
400 kbps 1.25s 2.50 s 3.75s | 5.00 s 6.25 s
240 kbps 1.67 s 3.33 s 5.00 s
160 kbps 2.50 s 5.00 s

Table 4.1: Sample ODV algorithm schedule.
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Figure 4.3: Streaming trace for the sample ODV schedule.

and 4.4(c) we have three examples of efficient schedules created by the ODV algorithm. The
first thing we should notice is that the ODV algorithm tends to use most (if not all) of the
sender peers when assigning segments. The fastest senders will still get most of the segments
but the slower senders will be utilized much more than by the Rarest First algorithm. We
should also notice that there is usually a relatively large room for error, as evidence by the
time between the playout line and the arrived segments. Figure 4.4(d) shows an example of
a failed schedule. Again, the communication with another peer can sometimes get slower
and/or delayed and that is exactly what happened with peer 2 in this case. As a result
there may be some segments that miss their deadlines. This can be handled, however, using
different techniques such as buffering delay.

We should note another important difference between the ODV schedule traces and all
other schedule trace graphs. In the case of the ODV scheduler, the segment size is variable
whereas for all other scheduler, the segment size is uniform. The reason is that the ODV
scheduler includes the VBR support as described in Section 4.2. It is possible to add the
VBR support to other scheduling algorithms but in all our experiments, only the ODV
algorithm had the advantage of using VBR, support.
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Figure 4.4: ODV streaming traces obtained from PlanetLab experiments.
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4.4 Space and Time Complexity Analysis of the Algorithm

The following lemmas show that the ODV scheduling algorithm is efficient, i.e., it runs in

polynomial time and space.

Lemma 4.4.1 If the number of sender peers is given by p and the number of segments is

given by s, then the time complexity of the ODV scheduling algorithm is bounded by O(p3-s).

Proof: At a quick glance, the segment scheduling part of the algorithm contains 3 nested
loops. The iteration over the sender counts (line 1) will visit p elements. The first nested
iteration over the segments with a specific number of suppliers (line 2) will visit at most s
elements. The sorting of the senders for each segment by bandwidth (line 6) will take at
most O(p-logp) (when using merge sort). Finally, we need to iterate over this sorted list of
potential senders. This iteration will visit at most p elements. All other calculations occur

in constant time. This gives us the following time complexity:

T=0(p-s-(p-logp+p))
= O(p® - 5 - logp) (4.1)
=0(p’ - s)

Therefore, the ODV algorithm executes in polynomial time and is bounded by O(p? - s).
O

Lemma 4.4.2 If the number of sender peers is given by p and the number of segments is

given by s, then the space complexity of the ODV scheduling algorithm is bounded by O(p-s).

Proof: In Figure 4.2, the first task in the ODV algorithm that requires space is the
iteration over the segments with n potential suppliers (line 2). Since n < s, we will need
at most an s by p matrix for this data structure. We also know that we have p senders
and thus there will be at most p schedules. Every schedule contains the list of segments
assigned to that particular sender and their corresponding transmission start times. Since
every schedule requires at most O(s) space and we have p schedules, we need at most O(p-s)
to store all schedules. Thus, aside from some constant temporary local storage, the total

space requirement for the ODV scheduling algorithm is:
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(4.2)

Therefore, the ODV algorithm executes in polynomial space and is bounded by O(p - s).
O



Chapter 5
Experimental Evaluation

In this chapter, we present our extensive evaluation and comparison of all segment scheduling
algorithms examined in this thesis. We describe the experimental setup on the PlanetLab
testbed in Section 5.2. Section 5.3 provides the algorithm comparison metrics such as
continuity index, balance index and buffering delay while Section 5.4 displays the aggregated

results obtained from the PlanetLab experiments.

5.1 Introduction

The experiments were performed on the PlanetLab testbed and the setup of the experiments
is described in Section 5.2. As detailed in that section, diverse video streams were used
with varying number of senders, varying location of receivers, and four different scheduling
algorithms were evaluated. For each algorithm, more than 500 different experiments were
conducted and the average results of these experiments are reported.

As mentioned earlier, most related work focuses on overlay construction and sender peer
selection in P2P streaming systems, while neglecting the data scheduling aspect. This thesis
focuses exclusively on the scheduling part of a P2P streaming system, and thus the goal
of our experiments is to compare the performance of the scheduling algorithms presented
in Chapter 3 and Chapter 4. Our experiments do not, however, cover overlay construction
nor sender peer selection. The tasks of constructing the overlay network and the sender

selection are performed manually during the experiment setup.

48
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Figure 5.1: Global PlanetLab sites [49].

5.2 PlanetLab Setup

PlanetLab is a global research network created to support networking research. Since 2003,
over 1000 researchers from industrial labs and academic institutions have used PlanetLab
to develop new technologies for various applications such as distributed storage, network
mapping, P2P systems, distributed hash tables, and query processing. As shown in Fig-
ure 5.2, PlanetLab currently consists of 1039 nodes at 487 sites. Each research project is
given virtual machine access to a subset of the nodes [49].

Our experiments involved approximately 70 different PlanetLab nodes, which were uni-
formly spread throughout North and South Americas, Europe, Asia, and Australia. As
shown in Figure 5.2, most of the PlanetLab nodes are located in North America and Eu-
rope. We only used a subset of all PlanetLab nodes to provide large geographical distances
between each node in order to stress the scheduling algorithms. If we had used nodes very
close to each other with abundant bandwidth, all algorithms would likely yield similar per-
formance and we would not be able to uncover the unique characteristics of each algorithm
that would surface in realistic resource-scarce environments. We segregated our PlanetLab

nodes into 10 groups and we conducted a similar set of experiments within each node group.
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We have developed a prototype P2P streaming system, in which we implemented all of
the four segment scheduling algorithms analyzed in this thesis. Every active PlanetLab node
ran a copy of the prototype system, which was capable of acting as a sender, a receiver, or
both. We executed numerous tests to rigorously evaluate the performance of each algorithm.
For every algorithm, we varied the number of senders from 2 to 6 and for each chosen
number of senders, we used a diverse set of five variable bit rate (VBR) video streams,
which we obtained from [63]. Table 5.1 summarizes various characteristics of these video
streams and as the table shows, the chosen video streams have quite heterogeneous visual
content, bit rate, motion, number of frames, and file sizes. This was done to create realistic
evaluation scenarios. In total, we had 25 test cases with different videos and number of
senders. Furthermore, every test case was repeated at 22 different PlanetLab nodes acting
as receivers. Therefore, more than 500 experiments were conducted on PlanetLab to evaluate
each of the four algorithms considered in this thesis. Every data point in the graphs shown
in Figures 5.2 - 5.7 is an average of the 22 test cases mentioned above.

To manage such number of experiments, we designed an administrative interface to con-
trol all nodes from a central test driving application. The test driving application also
controls numerous test parameters, including: receiver node, sender nodes, video stream,
scheduling algorithm, segment duration, and number of segments in a schedule. This appli-
cation also collects detailed statistics and information about the experiments, and it stores
them in structured XML log files. The collected data about each streaming session includes
receiver hostname, current bandwidth estimate, timestamp, segment number, and segment
length. This information is collected after all segments in a schedule have been received.
This approach allows us to analyze all experimental data offline.

All nodes were controlled using the plDist PlanetLab script [24]. This script was used
to install and configure java 1.6.0 as well as install, upgrade, start, and stop the prototype
application. Since there were approximately 70 PlanetLab nodes used in the experiment,
manual configuration would have been very inefficient. Using the plDist script made the
setup easier.

Once the test parameters are specified, the test driver contacts the receiver’s node ad-
ministrative interface and the receiver node initiates a test run. Each test run spawns a new
thread within the prototype program so that in theory multiple test runs could occur at
the same time. During our experiments, however, we limited the test runs to one at a time.

Since this prototype does not implement a complete P2P system, all senders are specified
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Video Name Size Frame | Mean Bit Description

(MB) | Count | Rate (kbps)
South Park 26 30334 170 Low-quality, simple animation
Alladin 200 89998 440 High-quality, medium-complexity animation
Starship Troopers | 270 89998 600 High-quality movie, low frame variability
Formula 1 190 44998 840 High-quality, medium frame variability sports video
Soccer 500 89998 1100 High-quality, high frame variability sports video

Table 5.1: Video streams used in the experiments.

explicitly for each scheduling test run. Since we are only evaluating the scheduling algorithm
performance there is no need for the additional overhead and complexity. We also assume
that no nodes are allowed to enter or leave the sender group during a test run. In a real-life
system, where churn is expected, if a peer left the network during a streaming session, we
would simply invoke the scheduling algorithm again to recompute the schedule using the
updated peer membership information. In the course of a test run, the receiver first creates
a schedule for the next segment window of the requested media file. The segment win-
dow size, specified by the test driver, is the number of segments considered for the current
schedule where the duration of each segment is also specified by the test driver. During
some preliminary experiments, we executed a relatively small set of test cases using window
sizes of 10, 20, and 40 segments and found no major differences in the relative algorithms
performance. Although the effects of using different window sizes should be examined in the
future in more detail, our extensive experimental results focus only on the effects of varying
video bit rates and number of senders, while keeping the segment window size at 20. Once
the schedule is created, the receiver node creates a streaming session and each sender is
delivered its respective schedule, i.e., the segments it is expected to transmit. Once a sender
node receives a schedule, it creates a new thread that handles the segment transmission and
the streaming session begins.

While the receiver node is receiving the media segments, the bandwidth estimates for
each sender are continually updated. Once all the nodes in the requested schedule have
been received or the segment window has almost expired (for 1 second segments and a 20
segment window size, this would occur after 20 seconds), a new schedule is created and the
same process is repeated. Once a schedule session is finished, the results captured by the
receiver are sent back to the test driver. The test driver then displays the results in text
form as they become available and these results are also stored as XML log files at the test

driver’s location. The current implementation of the test driver does not provide a graphical
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display of latest results. In all experiments, the same test was executed for each scheduling
algorithm one after another so that the network conditions were as similar as possible for
each algorithm’s test run.

The test case results include meta data such as the media file, first and last segments in
the current window, and scheduler type, in short all the meta data required to recreate the
test case. The main part of the test case results, however, are the expected (as scheduled)
and the actual (as received) segment traces. Once this data is stored at the receiver, it can
be analyzed offline and we can look for various insights in the data when we graph and
compare the different algorithms. We can see these graphed results and their comparison

discussion in Section 5.4.

5.3 Performance Metrics

5.3.1 Continuity Index

Playback continuity is a primary objective for a streaming application and thus we use
it as a basis of comparison between the Round-Robin, Random, Rarest First, and ODV
scheduling algorithms. To evaluate continuity, we define the continuity index as the number
of frames arrived before or on its playback deadline over the total number of frames; the

exact formula is shown in Equation (5.1).

f

ftotal 7

Continuity Index = (5.1)

where f is the number of video frames received before or on the deadline, and fiyq is
total number of video frames.

From the definition, we can see that lost frames and late frames are treated the same
way. Late or dropped frames cause glitches in the video playback and may cause the scene
to be frozen. Since in all our experiments we used a reliable transport layer (TCP), there
are no lost frames; only late frames.

Many previous works [70,71] use some measure of the playback continuity such as our
continuity index. The few papers that do mention the continuity index calculation, use seg-
ments instead of frames for these calculations. Using segments for calculating the continuity

index leads to lower accuracy of the real playback continuity. In most cases, segments are
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composed of many frames and it is quite possible for a segment to miss its deadline even
though some of the frames contained within this segment have arrived on time. In essence,

using segments for playback continuity calculations is not as accurate as using frames.

5.3.2 Balance Index

The load balancing metric, referred to as the balance index, attempts to describe the relative
utilization of each sender peer in a streaming session. As opposed to the continuity index
and the buffering delay, which are client side metrics, the balance index is more of a system
metric indicating the relative loads assigned to different peers. It should also be noted that
when we calculate the balance index, we use the segment counts as a basis for calculations.

We propose the following Equation (5.2) to compute the balance index:

P

Balance Index =1 — Z
i=1

Sq

- %‘/bzrﬁaxv (52)

Stotal

where s; is the number of segments received from peer 7, S;q is the total number of
segments received from all peers, P is the total number of peers, and biim is the maximum
peer delivery ratio deviation for P senders.

Let us examine some of the terms in Equation (5.2). The term s;/Syq is the ratio
of segments delivered from peer ¢ and 1/P is the ratio of segments delivered by any peer
in a perfectly balanced scenario. The absolute value of the difference between these terms
measures the deviation of the segments delivered by peer ¢ from an ideally balanced delivery

ratio. Let us now turn our attention to Eq. (5.3) that describes the term bil

P

bifmx = Z

j=1
where s1 =1, s, =0for2<k < P,and P > 2.

This term is essentially the sum of the peer delivery ratio deviations from an ideally

2
= (5.3)

Sj—

‘:2_

balanced delivery ratio in a scenario where all segments have been delivered by one peer.
When we divide the sum of all peer deviations in Equation (5.2) by the term bi . we
are essentially normalizing this sum’s value. We subtract the result from Equation (5.2) to
indicate that high balance index implies high load balancing and a low balance index implies
low load balancing. In other words, a balance index of 1.0 indicates that all peers contributed

equally to the streaming session, and a balance index of 0 indicates that all segments were
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received from only one peer. Any value in between, indicates an intermediate level of sender

utilization.

5.3.3 Buffering Delay

Buffering delay is an important characteristic of any P2P system. In our experiments,
we compare the algorithms based on the amount of buffering delay that would have been
required to achieve a continuity index of 1.0, i.e. the buffering delay required to receive
all segments before their deadlines. Recall from Figure 3.1 and the related discussion that
buffering delay moves the playout line up on the graph so that more frames are located
below it. That implies that those frames are ready for playout as indicated by the playout
line.

Most related research takes buffering delay into consideration when evaluating their P2P
systems. Some scheduling algorithms [37] are actually designed with the goal of minimiz-
ing the buffering delay. No other works, however, consider buffering delay in addition to

continuity and balance indices, i.e., they focus solely on the buffering delay metric.

5.4 Performance Results

As described in Section 5.3, we consider three important performance metrics: continuity
index, load balancing across peers, and buffering delay. The following sections present and
analyze our experimental results for all four scheduling algorithms with regard to the above

performance metrics.

5.4.1 Continuity Index Performance Results

The continuity index captures an important angle of the user-perceived video quality, which
is the smoothness of the rendered video streams. In Figure 5.2, we plot the continuity index
computed for different scheduling algorithms using the considered five video streams, which
have the average bit rates of 170, 440, 600, 840, and 1100 kbps. Different subfigures represent
different number of senders in each streaming session. A few observations can be made on
this figure. First, the Random and the Round-Robin algorithms have roughly the same low
continuity index. This is because they do not consider the characteristics of peers and the

network conditions in assigning segments to senders. The performance of these algorithms
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Figure 5.2: Continuity index vs. streaming rate for varying number of senders.

gets worse as the bit rate of the video increases. For example, in Figure 5.2(c), with four
senders the continuity index is around 0.7 for videos with average bit rates of 840 kbps.
This means that, on average, 30% of the frames miss their playback deadlines and the user-
perceived quality will suffer significantly. As the bit rate increases, the importance of the
scheduling algorithm becomes more apparent as there is more video data to be transmitted.

The second observation on Figure 5.2 is that our proposed ODV algorithm consistently
outperforms the Rarest First algorithm. For example, in Figure 5.2(c), the ODV algorithm
achieves a continuity index of about 0.85 for high-quality video streams (with bit rate of
1100 kbps) with four senders, while the Rarest First algorithm achieves only a continuity
index of 0.7. In addition, as shown by all subfigures in Figure 5.2, the gap between our
ODV algorithm and other algorithms increases as the bit rate of the video increases, which
is expected in future P2P streaming systems as users continually demand better quality
and higher resolution videos. Therefore, our proposed algorithm will yield even better
performance for future P2P streaming systems.

As another observation, we should note that the streaming bit rate is inversely propor-
tional to the continuity index. This effect is independent of the number of senders and the
scheduling algorithm used. This makes perfect sense since as we increase the streaming bit
rate, we have more data to transfer in the same amount of time and this obviously gets
progressively more difficult. We should also observe that different scheduling algorithms

respond differently when the system is under progressively increased stress. We can see that
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at lower streaming rates all algorithms produce similar results whereas at the higher stream-
ing rates, the choice of scheduling algorithm starts to make a difference and the Rarest First
and ODV algorithms outperform the Random and Round-Robin algorithms by a greater
margin.

As a final observation on Figures 5.2 and 5.3, increasing the number of senders generally
improves the continuity index, which is intuitive as more senders bring in more streaming
capacity. These effects of the increasing number of senders are most evident at higher bit
rates. We can see this clearly by comparing Figures 5.3(a) and 5.3(e). In Figure 5.3(a) the
difference between the continuity index values for a 2-sender session and a 6-sender session
is about 10-15%, for any algorithm. Also, at this lowest streaming bit rate the relative
performance results for all scheduling algorithms are similar, i.e. the characteristics of the
Rarest First and ODV algorithms do not become fully evident. In Figure 5.3(e), however, the

difference between the 2-sender session and the 6-sender session is approximately 30-35%.

5.4.2 Balance Index Performance Results

The results for the load balancing index of all algorithms is demonstrated in Figures 5.4 and
5.5. As expected, these figures show that the Round-Robin and the Random algorithms

achieve a high load balancing index, which is almost 1.0. This is because these algorithms
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make all senders contribute equally without regard to the quality of the streaming session or
the capacity of the senders. While the load balancing is a desirable property, it should not be
used to sacrifice the ultimate goal of achieving good streaming quality. That is, a reasonable,
not too skewed load balancing index is acceptable as far as the quality is not compromised.
Figures 5.4 and 5.5 show that our proposed ODV algorithm significantly improves the load
balancing index beyond that of the Rarest First algorithm. The Rarest First algorithm
stresses the fast peers too much by saturating them with segment requests first before
allocating any requests to slower peers. This results in a very skewed load distribution on
peers, which may discourage peers from contributing resources. Our algorithm, on the other
hand, does not ignore slower peers and assign to them the segments that they can deliver
on time. This in turn reduces the load on faster peers and results in more balanced load
distribution across all peers. Finally, from looking at the load balancing index results in all
subfigures, we can infer that this metric is quite independent of the streaming bit rate and
the number of senders. The load balancing index is an intrinsic property of the scheduling

algorithm and it is not affected by the experiment variables.

5.4.3 Buffering Delay Performance Results

Figures 5.6 and 5.7 show the effects of the scheduling algorithms on the buffering delay
required to achieve smooth playback of the videos, again with different number of senders
and for various video streams. These figures show that the Round-Robin and the Random
algorithms require substantial buffering delays. On the other hand, the proposed ODV and
Rarest First algorithms require much smaller buffering delays, less than 10 seconds in all
cases. The buffering delay is decreased to below 3 seconds by increasing the number of
senders to six as shown in Fig. 5.6(e). The results in Figures 5.6 and 5.7 also show that
our ODV algorithm always produces smaller or the same buffering delay as the Rarest First
algorithm.

When examining the results for the Round-Robin and Random algorithms, we can clearly
see that increasing the streaming rate leads to greater buffering delays. This is consistent
with previous results and again, stems from the fact that at higher bit rates we are transfer-
ring more data, which requires more time. The trends for both these algorithms are exactly
the same, i.e., independently of the number of senders, the buffering delay increases with
an increasing streaming bit rate. In all cases, the Round-Robin algorithm outperforms the

Random algorithm but we should also note another interesting trend related to the relative
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Figure 5.4: Balance index vs. bit rate for variable streaming rate sessions.

performance of these two algorithms. In streaming sessions with less senders, the perfor-
mances of these two algorithms are really close. In streaming sessions with more senders,
there is a larger difference between the buffering delay required when using the Random
algorithm and when using the Round-Robin algorithm.

Let us now examine the results for the Rarest First and the ODV algorithms shown
in Figure 5.6. First off, we clearly see that the buffering delay required for these two
algorithms is significantly smaller than the values required for the Round-Robin and Random
algorithms. We also see that, although not as clearly defined and prominent, the buffering
delay also increases with higher streaming bit rates for these two algorithms. We can see
that the ODV algorithm generally results in smaller buffering delays than the Rarest First
algorithm but this difference is not very prominent in most cases. Although, as mentioned
in Section 5.4, our results are based on large number of aggregate data,

there are more anomalies

we can see that there are more anomalies in the case of buffering delay than in the cases
of the balance or continuity indices. This could be the result of the buffering delay being a
more sensitive characteristic of the system to network fluctuations. To alleviate this effect,
we will need to perform more experiments in the future to collect larger quantities of data
so that the average will show smoother trends.

Let us now turn our attention to Figure 5.7 and look in more detail at the effects of
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different number of senders in a streaming session on the amount of buffering delay required.
When we examine the results for the Random algorithm, we realize that it is hard to notice
any sort of a regular trend. It seems that number of senders in the streaming session does
not have a significant effect on the buffering delay when using the Random algorithm. This
is somewhat similar in the case of the Round-Robin algorithm but we do start to notice
some smaller trends in this case. This is more evident at higher streaming bit rates where
the buffering delay starts decreasing with an increasing number of senders. This trend is
more visible in Figures 5.7(d) and 5.7(e) than in Figures 5.7(a) and 5.7(b). Again, the
Round-Robin algorithm outperforms the Random algorithm.

As for the Rarest First and the ODV algorithms, in general, we observe that the ODV
algorithm requires smaller buffering delays, although this difference is not very significant
in most cases. The trends for these two algorithm are somewhat similar to those of Round-
Robin and Random algorithms with regard to the effect of increasing the number of senders
at lower bit rates as compared to the effects at higher bit rates; more senders definitely
decrease the buffering delay. This stems from the fact that both these algorithm use band-
width estimates and more efficient segment assignments to actually take advantage of the
extra senders available. Again, even at higher streaming rates, there are a couple of anoma-
lies in the data indicating that the buffering delay is more sensitive to external factors such

as network fluctuations than the continuity and the balance indices.
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Chapter 6

Conclusions and Future Work

6.1 Conclusions

We have experimentally analyzed three existing segment transmission scheduling algorithms
in P2P streaming systems: Round-Robin, Random, and Rarest First. Our analysis was
done by implementing a prototype P2P streaming system and deploying it on more than
70 PlanetLab nodes distributed all over the world. We conducted over 500 experiments
with different video streams and number of sender peers. We measured media streaming
performance metrics such as continuity index, load balance index, and buffering delay for all
algorithms. Our analysis confirms that the segment scheduling algorithms have a significant
impact on the user-perceived visual quality in P2P streaming systems. Several lessons were
drawn from our analysis. For example, we showed that the Rarest First algorithm may
overload fast sender peers while leaving the slower ones underutilized, which may lead to
small continuity index and could also discourage peers from contributing resources to the
P2P streaming system.

In addition, we proposed a new segment transmission scheduling algorithm, which we
call On-time Delivery of VBR streams (ODV). ODV considers the variable nature of video
streams, and tries to maximize the number of segments that meet their deadlines by as-
signing them to peers that will deliver them earlier. Our extensive PlanetLab experiments
showed that ODV results in a continuity index that is 35—40% higher than Round-Robin
and Random algorithms, and 20-—25% higher than the Rarest First algorithm. Our results
also show that the buffering delay for ODV is only up to 8% of the time required for the

Round-Robin and Random algorithms, and, on average, is about only 40% of the time
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required by the Rarest First algorithm. Furthermore, the ODV algorithm achieves much
better load balancing index than the Rarest First algorithm: up to 5 times improvement
is observed in our experiments. Therefore, our proposed ODV algorithm not only provides
better video quality, but also yields more efficient utilization of the peers’ resources, which
in turn enhances the stability and scalability of a P2P system.

We mention above that our proposed scheduling algorithm, ODV, uses VBR video meta
data during the scheduling process. As described in Chapter 4, under the ODV algorithm
the sender for every segment is selected partially based on the current estimated load of each
sender. The estimated load of a sender is the amount of work that the sender has already
been committed to by the schedule and this amount of work depends on the segment size
and the sender’s bandwidth. In order to be able to accurately calculate the length of
each segment, the scheduler is provided with the VBR video meta data that describes the
frame and segment sizes for a particular portion of the video. This aspect of the ODV
algorithm can be easily transferred to other scheduling algorithms such as Rarest First.
Our method for VBR support during segment scheduling can thus easily enhance other
scheduling algorithms and existing P2P streaming system.

Aside from these direct contributions, we have also devised a scheduling algorithm com-
parison framework that uses many more performance metrics than existing work. This
algorithm comparison framework allows us to analyze in detail the strengths and weak-
nesses of each scheduling algorithm, both quantitatively and qualitatively. Our quantitative
analysis, shown in Chapter 5, provides graphical results of all our experiments, and is the
source of the performance differences mentioned above.

Our graphical tools for qualitative scheduling algorithm comparison, called streaming
traces or schedule trace graphs, allow detailed analysis of every streaming session. When
comparing various scheduling algorithms, it is important to gain deeper insight into the
details of their operation at the lower level so that we can understand and predict their
resulting behavior at a more macroscopic scale. In our case, it is extremely useful to be able
to examine the transmission of every video frame from the senders to the receiver. We use
the schedule trace graphs, described in detail in Section 3.2, to demonstrate and explain the
real-life effects of the algorithms on the video frame delivery.

Finally, we also created an algorithm testing framework that improves the automation
and efficiency of new scheduling algorithm development. This framework includes a test

driving application, which is an administrative interface that allows researchers to manage
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a large number of experiments from a central location. This test driver also enabled us to
create and execute various test cases while allowing control over test parameters such as
the receiver node, sender nodes, video stream, scheduling algorithm, segment duration, and
number of segments in a schedule. Our framework also handles the collection and storage of
experiment data that allows us to create graphical representations and consequently analyze

the results offline.

6.2 Future Work

The work presented in this thesis shows many promising results. There are, however, many
areas of this research that can be enhanced in the future. The current prototype P2P
system was reduced to a scheduling testing framework. In future research, however, it
would be interesting to perform the algorithm comparison on a complete P2P system that
includes components such as constructing the overlay network, node membership, and sender
selection. In a complete system, we could analyze the interaction of the scheduling algorithm
with the other components of the system. In our current experiments we used 70 different
PlanetLab nodes but we could use more nodes in order to examine the macro effects of the
local segment scheduling decisions.

Another possible area of algorithm comparison improvement is to examine the algorithm
behavior under more stressful conditions. For example, instead of using a single receiver
within a streaming session, we could let all nodes act as senders and receivers simultane-
ously. Although this capability was built into our P2P prototype application, we did not
actually make use of this functionality in our test cases. We also saw that the strength
of the algorithm was demonstrated the most at higher streaming bit rates. In our current
experiments, the highest streaming bit rate used was approximately 1100 kbps but for the
sake of algorithm comparison, we could use even higher bit rates.

Many other scheduling algorithms have been devised for P2P streaming systems and we
only used three existing algorithms as the basis for our comparison. There is no reason not to
implement many of the other existing scheduling algorithms to see how their performance
compares against the others in a system where, aside from the experiment parameters,
the scheduling algorithm is the only variable. Along the same lines, there is no reason
not to develop and experiment with more, new scheduling algorithms. Since evaluating a

scheduling algorithm has become mostly an automated task within our testing framework
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and prototype system, it would not be difficult to try other scheduling approaches.

Our current experiment variables include the scheduling algorithm, number of senders,
and streaming bit rate. We graphically demonstrated their effects on the performance
metrics in Chapter 5. There were, however, two other experiment parameters that stayed
constant in all experiments; those parameters were segment window size and segment dura-
tion/size. Segment window size is the size of the scheduling window in terms of the number
of video segments during a single algorithm execution. The window size used for all exper-
iments presented in this work is 20. However, it would be interesting to see whether the
window size itself has any significant effects on the performance metrics and behavior of the
system in general. One obvious effect would be that with increasing segment window size,
the scheduling would occur less frequently and thus the peer bandwidth estimates would
be more likely to decrease in accuracy. This could in turn lead to inefficient schedules and
ultimately affect the performance metrics and user-perceived video quality.

Segment duration is the length of time included in one video segment used by the
scheduler. In our experiments, we used segment duration of one second. This constant was
arbitrary and once again, it would be interesting to determine its potential effects on the
rest of the system, including the performance metrics. Another interesting aspect regarding
the segment duration is that it is not necessary to keep it constant through the system or
even within a streaming session. The scheduling algorithm could very well use fine-grained
control over the segment duration in order to optimize the scheduling process. Using a
constant segment duration is definitely a disadvantage because it prevents the scheduling
algorithm to reassign resources to different senders at a fine scale.

During the analysis of existing algorithms and the proposed algorithm ODV, in Chap-
ters 3 and 4, we mentioned that only ODV uses the VBR video meta data during the
scheduling process. It would be interesting to determine whether using the VBR video
meta data has any significant effect on the system and the resulting performance metrics
when it is used a variable for testing of each algorithm.

Our testing framework could include several useful enhancements such as graphical dis-
play of near real-time scheduling results. Although, this feature would require extra test
driver application development, the near instantaneous feedback could potentially enhance
the algorithm design process since the researcher would not need to wait for feedback.

Finally, one weakness in our current prototype system is that any changes to the schedul-

ing algorithms require redeployment of new application binaries. With the help of plDist
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scripts this process is mostly automated, it is caused by the lack of maturity of the proto-
type application. We should be able to enhance the prototype system to potentially accept
the scheduling algorithm binary files themselves as part of the test case execution. Such
dynamic, run-time behavior would provide our testing framework with greater flexibility

and simplified deployment of new functionality.
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