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ABSTRACT

With the increase of bandwidth in computer networks, video streaming is expected to
become a common practice in various networking environments. The Internet was originally
designed to provide best-effort service to transport data without any guarantee on the end-to-
end performance. It does not make any promise about the variation of the packet delay jitter,
bandwidth, and packet loss, either. It is also more challenging for supporting video streaming
services in wireless networks that constantly suffer from quality degradation caused by

interference, channel fading, mobility, etc.

The main objective of this dissertation is to improve the overall video streaming
performance in various networking environments, such as [P-multicast in wired network and
wireless mesh networks (WMN’s), using cooperation among participants including clients and
routers. We investigate a number of key challenging issues associated with video streaming,
i.e. the reliability issue in IP-multicast, the high throughput routing metric design issue, the
server/peer selection issue, the admission control issue and peer cooperation issue in WMNSs.
We explore solutions to the above issues using a cooperative networking approach, which
includes constructing overlay Peer-to-Peer (P2P) retransmission networks and exploring

hybrid architecture of content distribution networks (CDN) and P2P networks.

The first part of this dissertation addresses the reliability-related issues in [P-multicast. We
propose a novel overlay P2P retransmission architecture to exploit path diversity. An

approach that leverages both disjoint path finding and periodic selective probing to take into

X1



account peer’s recent packet loss probability, retransmission delay and recent retransmission
performance is proposed to effectively construct an efficient and dynamic overlay peer

retransmission network.

The rest of this dissertation focuses on addressing some important challenges in video
streaming over WMN. We first investigate high throughput routing metric for video
streaming over WMNs. We propose a radio and bandwidth aware routing metric for video
streaming for WMNs. Our experimental results using a testbed show that the enhanced
routing protocol has better performance than the traditional minimal hop count based routing

protocol in terms of packet loss and network jitter.

Next we explore a Unified Peer-to-Peer And Cache framework (UPAC) for high quality
video on demand services over infrastructure multi-hop WMNs. UPAC is a hybrid approach

combining the CDN and P2P approach.

The research is divided into the following steps:

e We first study the general cooperative mesh content server selection problems in
WMNSs. A main feature of the UPAC architecture is to deploy mesh content servers
in the WMNSs so as to balance the load of the network and improve the content
availability. We propose a routing metric based cross-layer server selection scheme.
Simulation results demonstrate that the proposed scheme performs significantly better

than other common server selection schemes used in CDN.

e We then propose a novel admission control algorithm with per-flow routing in
WMNSs to select the mesh content server and transmission path. We formulate the
admission control problem with the interference constraint and investigate the

xil



optimal solution using a centralized algorithm. Because the optimal solution is NP-
hard, we propose a heuristics approach with admission control and per-flow routing.
We demonstrate that the proposed heuristics solution can achieve better overall video

streaming quality than the approaches without admission control.

Finally, a BitTorrent-like P2P approach for UPAC is proposed to further explore the
peer/server cooperation in WMNSs. In order to meet the stringent requirements on
delay and packet priority for video streaming in WMNs, we propose to use routing
layer information to select peers and manages peer/data list using an urgent data first
strategy combined with the rarest first strategy. Simulation results show that, with the
proposed P2P cooperation support, the network load is further balanced, and the

network capacity can be utilized much more efficiently.
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Chapter 1. Introduction

1.1 Motivation

Recent advances in digital video technology and the computer networks have made
streaming video in various network environments practical. Meanwhile, the requirements on
Quality of Service (QoS) and Quality of Experience (QoE) become more stringent. In earlier
years, most of the data transmitted over the Internet is text or image because of the bandwidth
limitation. Today one can easily get access to the Internet with bandwidth as much as 1Mbps
(e.g. ADSL). The rapid development of video compression techniques also helps to provide
higher definition video with lower data rate. All these technologies have made video

streaming a mainstream of communication.

According to a report released (based on one million broadband users in North America)
by Sandvine Networks [1], the Internet traffic has changed significantly each year. According
to the report, the streaming traffic generated by websites such as Youtube.com increased 5%

from 2007 and now share about 14.8% of the total broadband traffic.
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Figure 1.1 Broadband traffic in North America, 2008

Figure 1.1 shows that 43.5% of the total Internet traffic is generated by P2P applications.
Obviously, the video/audio application and P2P application account for about 60% of the
total broadband traffic. These statistics show that there is a high demand for applications

combining P2P techniques and video streaming.

Even with today’s Internet bandwidth, it is still important to find a bandwidth efficient
way to transmit the multimedia data, which consumes much more bandwidth than text and
image data. Different architectures and frameworks have been explored to further improve
the overall performance of video streaming systems, such as using IP-multicast in video
conferencing and remote learning to reduce the traffic of the network. Beyond the traditional
wired network, Wireless Mesh Networks (WMNs) is attracting more and more attention
because of its ease of deployment and good scalability. In addition, cooperative architectures
such as Content Distribution Networks (CDN) and Peer-to-Peer (P2P) networks provide an

efficient way to utilize the network bandwidth. In the CDN architecture, more servers are



involved to cooperatively work with each other to help the clients. In P2P networks, the
bottleneck problems, e.g. the flash crowd problem in traditional client/server model, are
alleviated. Peers use their spare uplink bandwidth more efficiently and the total available

resources on the network increase dramatically.

To improve the video streaming quality, transporting data efficiently is one of the key
issues. Among the existing architectures, IP-multicast (or native-multicast) is one of the
bandwidth efficient transmission mechanisms for applications where there are multiple

participants.

The reliability issue is one of the significant limitations of currently deployed IP-multicast
networks for video streaming applications. Reliability in IP-multicast scenarios is typically
more challenging than a unicast scenario since it suffers from several unique problems,
including heterogeneous client bandwidth and capabilities, bandwidth inefficiency and

NACK implosion in [P-multicast retransmission [7], and potential sender overloading.

We propose to address the reliability problem using cooperative networking. In the IP-
multicast scenario, all the participants in one multicast group are receiving the same set of
data. The peer who is suffering packet loss problem can ask for retransmission from either
the sender or other peers. To retransmit data from other peers efficiently, peers can construct
a cooperative retransmission overlay. The strategy we propose to construct such an overlay is
to locate some good peers which are in good receiving status and can provide the needed data
in time. In IP-multicast scenarios, the peers with disjoint path from the sender are good
retransmission peers for each other. To find good retransmission peers, “tracert”, a simple

Internet tool, can be used to estimate the path disjoint peers. In the mean time, probing



strategies can also be used to find good peers dynamically. The detail of the proposed work

will be discussed in Chapter 3.

Although IP-multicast is a bandwidth efficient mechanism to transmit real time video data
over the Internet, there are high demands of accessing the Internet and receiving multimedia
streaming more conveniently, especially in cities. Wireless mesh networks meet these
requirements because they are low cost, fast and flexible in deployment and easy to extend to

areas where wireline deployment is economically infeasible.

Significant progress has been made in deploying 802.11 based WMNs to provide the last-
mile accessibility for the Internet users. More than 200 wireless municipal mesh networks
(muni-mesh) have been deployed or are being set up worldwide, e.g. Google’s WiFi muni-
mesh network in Mountain View, CA, and MetroFi’ mesh network in Portland, OR. Figure

1.2 shows a typical WMNs topology in living area.

Figure 1.2 A Typical WMNs



Why WMNs are getting so popular? The reason lies in several properties of WMNSs. The
nodes in WMNSs can automatically organize into a network and maintain their mesh
connectivity. WMNSs are resilient and easily expandable. Individual nodes can be quickly set
up and become involved in the network. Those properties make WMNs easy to deploy and
cost effective for various application scenarios, including residential, office,

campus/community/public access network, and military/public safety.

There are two types of WMNs: client-mesh networks and infrastructure-mesh networks
(infrastructure WMNSs). Client-mesh networks or ad hoc networks are formed by client
devices with no infrastructure required, wherein each node plays the same role and
participates in packet forwarding. In contrast, infrastructure WMNs consists of mesh access
points (MAPs)/routers and client devices. The MAPs are interconnected via wireless links to
form a multi-hop backhaul infrastructure. One or more MAPs connect to the wired network
and are referred to as the gateways. Generally a MAP has two or more radio interfaces. One
radio interface is an access interface, which is for network access of clients. A second radio
interface is a relay interface, which is for routing and data forwarding. Client devices, e.g.,
laptops, dual-mode smart phones and personal digital assistants (PDAs), associate themselves
with a nearby MAP to access the WMNSs. They do not participate in packet relay or routing
process. A client device sends (or receives) packets to (or from) it’s associated MAP. Packet
delivery in the WMNs is handled by the MAP through a backhaul routing protocol. In this

dissertation, we focus primarily on the infrastructure WMN:ss.

In wireless networks, high throughput transmission path is essential for real time high data
rate applications, e.g. video streaming. The path established between two nodes may go

through several relay nodes. Due to interference in wireless medium, the path capacity



decreases rapidly as the hop count increases [11]. Furthermore, the large hop counts elevate
the chance of wireless signal interferences thus negatively affect other established
connections (cross interference) and reduce the overall system capacity. However the hop
count is not the sole factor that determines the path quality. The quality of a radio link
depends on the received radio signal strength, the packet loss rate, the contention among
nearby nodes, link data rate, and traffic load on the link. 802.11 radios support multi-rate
adaptation based on link quality. A multi-hop high rate path may be capable of achieving
better throughput and shorter delay than a single hop low rate path. How to provide scalable,
high quality media streaming services over WMNSs is a challenging problem. In addition, the
routing protocol and routing metric are critical design factors for performance optimization in
WMNs. Many routing protocols e.g. AODV [12], DSR [13], and OLSR [14] have been
developed. However, because those routing protocol is not designed for video streaming over
WMN:g, it is necessary to design a routing algorithm that takes the link load, link quality into
account to support video streaming over WMNSs. Furthermore, because of the low throughput
problem of multi-hop path in 802.11 networks, the intuitive way to reduce the effect is to
distribute the heavy traffic load throughout the network and reduce the chance of multiple
relay and multi-hop for the end clients. Some strategies include caching at MAPs and using
cooperative P2P overlay. To address these problems, we design UPAC, which is a hybrid
solution using the CDN and P2P networks. In UPAC, there are mesh content servers and
clients. Mesh content servers construct the CDN and all the servers and peers construct the
P2P overlay. Each participant works cooperatively to improve the overall video streaming

quality of the whole WMN .



In summary, the challenges in designing the framework for video streaming over WMNs
include: to find a good routing metric for multimedia delivery in WMN and maintain a good
path from time to time; to find a good server/peer selection strategy that can help to reduce
the impact of interference and improve overall video streaming quality in terms of low end-
to-end delay, low packet loss ratio and high throughput; to design a P2P mechanism that is
efficient for video streaming over WMNs. One of the main objectives of this dissertation is to

address the above problems.

In addition, when we design the video streaming framework in various network

environments, we usually consider the following possible types of network related faults:

o Network Congestion: Depending on traffic within the network and the topology,

network could be congested within the network, causing longer delays or packet loss.

e Packet Loss: Since in the real time video streaming, the main transport protocol we
use is RTP which runs on top of UDP and is connectionless. It implies the packets

could be discarded during transmission due to congestion and buffer overflow.

o Long End-to-End Delay: End-to-End delay includes transmission delay, propagation
delay, queuing delay in routers and buffering delay at end client. For video streaming
application, the end-to-end delay is crucial because video playback has critical
requirement for delay. Longer end-to-end delay normally results in larger packet loss

rate.

o Transmission Error: It occurs more frequently in the wireless network environment.

Packets could be corrupted or dropped due to the unreliable wireless medium.



By considering the above issues, the main task is to develop a scalable and reliable

architecture to support video streaming.

1.2 Contribution

We explore a number of key challenges associated with video streaming over various

networks such as the IP-multicast network and WMN:Ss.

We first present an error recovery enhancement in I[P-multicast by using a P2P
cooperative retransmission overlay approach. The approach leverages both disjoint-path-
finding and periodic selective probing to take into account peer’s recent packet loss

probability, retransmission delay and recent retransmission success rate.

Specifically, the main contributions of this part include:

1) A novel overlay P2P cooperative retransmission architecture to exploit path diversity
to address the reliability and scalability of both live and on-demand IP-multicast
applications. The proposed framework is practical, scalable (in terms of multicast
session size), and easy to deploy, requiring no change to the existing network

infrastructure.

2) A novel exploitation of both path diversity and P2P network is proposed to construct a
highly distributed, robust, lightweight, cooperative overlay retransmission network to
significantly improve the retransmission performance for [P-multicast-based media

distribution.



3) Cross-layer interaction is exploited that leverages existing functions supported by the
current [P network to help construct an efficient, underlying network topology aware

P2P overlay retransmission network.

4) The proposed cooperative architecture can be further extended to bridge IP-multicast
networks and non- [P-multicast networks and provide a unified framework to address

both multicast connectivity and QoS performance.

We evaluate its performance in comparison to the traditional approach and demonstrate
the significant advantages it provides in support of the QoS performance (reliability, delay,

scalability) of multimedia applications.

Next, we focus on video streaming in WMNs. By considering the properties and
constraints of 802.11 wireless networks, we discuss and design a framework, called a Unified
Peer-to-Peer (P2P) And Cache framework (UPAC) for high quality video on demand services

over infrastructure multi-hop WMNSs.

The main contributions of UPAC include:

1) A new high throughput metric and an enhanced routing algorithm are proposed to
support video streaming in WMNs. Routing in video streaming in WMNs has more
demanding requirements than routing in other environments and a high throughput

routing metric is essential to the performance.

2) A unified cooperative framework combining content distribution network and P2P

network to address the capacity utilization issue in WMNs. The framework takes the



3)

4)

5)

6)

advantages of both the CDN and P2P network. It encourages cooperation among

participants, is practical, scalable and easy to deploy.

A routing metric based cross-layer mesh content server and path selection approach is
proposed. This approach takes both routing layer and application layer metric into
account. Simulation results show that this approach significantly outperforms other

common server selection schemes in CDN.

A general centralized admission control and server/path selection problem is
formulated and analyzed. The problem provides a solution to minimize the network
utilization given a fixed number of requests in WMNs. It considers necessary
constraints such as flow conservation, inter-flow and intra-flow interference, delay
constraint and etc. This problem formulation can be used in other data

transmission/scheduling problems in WMNss.

A heuristic solution with new per-flow routing algorithm to solve the admission
control problem in WMNSs. The solution encourages participants to cooperate more
efficiently in UPAC, and each new video streaming request will be admitted by en-
route MAPs. Only part of the requests may be admitted to improve the capacity

utilization of the WMN:Ss.

A new cooperative P2P framework designed for video streaming in WMNs. In this
framework, a device forms the P2P relationship with both mesh content servers and
other client devices. Meanwhile, the client-server relationship is established between

the device and the mesh content servers. This framework improves the scalability of

10



WMNs. In the framework, new chunk and peer selection methods that are more

suitable for video streaming applications are proposed.

Extensive simulations are performed to show the advantage of the UPAC framework.

1.3  Overview of the Dissertation

The rest of this dissertation is organized as follow:

Chapter 2 reviews the background and some important state-of-the-art works related to

this dissertation.

Chapter 3 introduces the proposed novel architecture for path-diversity P2P overlay
retransmission for reliable IP-multicast. In this chapter, an architecture overview is given first
and then we present the detailed design of different key components in the proposed

architecture. We examine the architecture performance through extensive NS2 simulations.

We address video streaming over WMNs in the next two chapters. We start with the
routing metric design in Chapter 4. A new radio and bandwidth aware routing metric which is
suitable for video streaming applications in WMN:Ss is proposed. We present the enhancement

of AODV routing algorithm with the proposed routing metric.

In Chapter 5, we first describe the overall architecture of UPAC and propose a cache
server selection mechanism. Then we formulate a problem to optimally schedule/admit the
new streaming request with minimal average network usage. We propose a heuristic solution

with routing layer admission control and a novel per-flow routing algorithm. Lastly, we
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propose P2P support in UPAC. Simulation results illustrate that using UPAC, the network

load could be further balanced and the capacity of WMNSs could be significantly improved.

Finally, Chapter 6 summarizes the major contributions of this dissertation and gives

several suggestions for future work.
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Chapter 2. Background and Related Works

This chapter presents the related works in the literature. First, the research works in IP-
multicast are discussed. Then the cooperative architectures such as CDN networks and P2P
networks are presented. Lastly the existing P2P file sharing and streaming techniques are

introduced.
2.1 IP-multicast

Traditional IP communications allow a host to send packets to another host (unicast
transmissions) or to all hosts (broadcast transmissions). IP-Multicast provides a third
communication alternative: allowing a host to send packets to a group that is made up of a
subset of the hosts on the network. IP-Multicast is a bandwidth-conserving technology
specifically designed to reduce traffic by simultaneously delivering a single stream of
information to potentially thousands of corporate recipients or homes. By replacing copies
for all recipients with the delivery of a single stream of information, [P-Multicast is able to
minimize the burden on both sending and receiving hosts and reduce overall network traffic.
Within a multicast network, routers are responsible for replicating and distributing multicast

content to all hosts that are listening to a particular multicast group [2].

There have been significant deployments of IP-multicast in exchanges and securities
trading companies, enterprises and college campuses, edge networks, and military networks
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[3]. For example, the Abilene Network in Internet-2 [4], a private network that inter-connects
most major universities in the US for the education and research purpose, fully supports IP-
multicast, and application platforms such as Microsoft Research’s ConferenceXP platform
[5] have been developed for such networks. Despite all these progresses, we are yet to see
“the ubiquitous deployment of a revenue generating native multicast infrastructure capable of
securely and robustly supporting both reliable, TCP-friendly file transfer, all manner of
streaming media, and any style of audio/video conferencing (with minimal jitter and end-to-
end delay) - all with only minimal additional router complexity, deployment effort,
management needs, or cost” [2]. The main challenges for traditional [P-multicast include
wide-area-network deployment, reliability and congestion control, state-scalability, security,
inter-domain and source discovery, etc. In the meantime, application layer multicast (ALM)
[6] that addresses the deployment and complexity issues at the cost of some performance loss
(in terms of link stress, relative delay penalty, and instability due to the nodal join and leave
activities) has been gaining popularity. Research efforts on [P-multicast continue [7] and the
concept has been revisited in both academia and industry [8][9][10]. Examples are the on-
going Automatic Multicast Tunneling (AMT) work in IETF [9], and the recent initiative in
IRTF on scalable adaptive multicast (SAM) [10] that aims to devise multicast framework that
addresses limitations of native multicast and leverage both application layer and native

techniques.

2.2  Content Distribution Networks

Content Distribution Networks (CDN) consists of a collection of (non-origin) servers that
attempt to offload work from the origin server by delivering content on its behalf. CDN

improves network performance and offers fast and reliable applications and services by
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distributing content to cache servers located close to users. For each request, CDN attempts
to locate a surrogate server close to the client, where “close” does not only mean the close in
physical distance, it is an abstract metric that considers a variety of criteria, i.e. physical
distance, speed, reliability, and data transmission costs. Not only based on this metric, CDN
will probably select a server based on a balance of multiple metrics, i.e., proximity, server
load (the load of servers or network paths to the servers), and an aggregate of them. For
example, a proximity-load-threshold algorithm [44] uses proximity metric to select the

nearest surrogate server, and uses a load metric to ensure that the server is not overloaded.

The servers belonging to CDN may be located at the same site as the origin server, or at
different locations around the network, with some or all of the origin server’s content cached
or replicated amongst the CDN servers. CDN acts as a trusted overlay network that offers
high-performance delivery of common Web objects, static data, and rich multimedia content

by distributing content load among servers that are close to the clients.

There are several issues to address in CDN, such as how to redirect user’s request to the
appropriate surrogate server to use the network more efficiently, and where to place the
surrogate servers in order to help to provide the best performance. To select the most
appropriate surrogate server for content routing, most current CDN systems use Domain

Name System (DNS) redirection [45] and some also use URL rewriting [46][47].

Furthermore, the server placement problem can be thought of as the CDN topology
creation problem. A well designed system should maximize the client-perceived performance
and minimize the infrastructure’s cost. In general, the server placement problem is to place M
surrogate servers among N different sites (N > M) to yield the lowest cost (widely known as

the minimum K-median problem). To help to reduce the number of surrogate servers needed
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and the size of content (replicated on them), several placement algorithms have been
proposed (such as Greedy algorithm, which incrementally places replicas, Hot Spot, which
places replicas near the clients generating the greatest load, and the Tree based replicas).
These algorithms specify the locations of the surrogate servers in order to improve the

performance with low infrastructure cost.

2.3 Peer-to-Peer Networks

According to [48], a peer-to-peer (or P2P) computer network uses diverse connectivity
between participants in a network and the cumulative bandwidth of network participants
rather than conventional centralized resources where a relatively low number of servers
provide the core value to a service or application. P2P networks are typically used for
connecting nodes via largely ad hoc connections. Sharing content files containing audio,
video, data or anything in digital format is very common. Real time data, such as video

streaming, telephony traffic, is also being transmitted using P2P technology.

2.3.1 Peer-to-Peer File Sharing

P2P system first appeared as a file sharing system. Among different P2P file sharing

systems, BitTorrent [55] and KaZaa are the popular ones.

e BitTorrent

BitTorrent has emerged as a very popular and scalable peer-to-peer file distribution
system. It has been successful at distributing large files quickly and efficiently

without overwhelming the capacity of the origin server.
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The BitTorrent architecture normally consists of the following entities:

- A static meta-info file (a “torrent file”);
- A ‘tracker’;
- An original downloader (“seed”);

- The end user downloader (“leecher”).

In the basic BitTorrent system, the meta-info file is called the “torrent” file. The
torrent file contains the filename, size, hashing information and the URL of the
“tracker”. The “torrent” is needed by anyone who wants to download the file that the
torrent is created from, and can be distributed by e-mail, IRC, http etc. The tracker
keeps a log of peers that are currently downloading a file, and helps them find each
other, and it is not directly involved in the transfer of data and does not have a copy
of the file. The tracker and the downloading users exchange information using a
simple protocol on top of HTTP. First, the user gives information to the tracker about
which file it is downloading and the ports it is listening on. The response from the
tracker includes a list of other users which are downloading the same file and
information on how to contact them. The group of peers that all share the same
torrent represents a ‘swarm’. An original downloader known as a “seed” has to be
started. A “seed” is a user that has the entire file. A downloading user that has
nothing or only parts of a file is called a “leecher”. When creating the torrent file
from the original file, the original file is cut into smaller pieces, usually 512 KB or
256Kb in size. Whenever a piece is downloaded and verified, the downloading peer
reports to the other peers in the swarm about its new piece. This piece is now

available for other peers. BitTorrent uses random first piece for users who do not

17



have any part of the file to start download, and it uses rarest first strategy to help to
maintain the availability of the wholeness of the content. It uses the tit-for-tat policy

to avoid free riders.

However, with one centralized tracker, the BitTorrent network is not very fault
tolerant. If the tracker goes down the file will no longer be available, since there are
no way the peers can know about each other. One centralized tracker also makes the

network vulnerable to denial of service attacks.

In 2005, a distributed version of BitTorrent was released. The tracker is distributed in
the sense that every client or node in the network acts as a lightweight tracker. The
solution is based on distributed hash tables (DHTs). This makes it possible to share
files with minimal resources, but no guarantees can be made with respect to

reliability.

KaZaa

KaZaa is also one of the most popular and widely used P2P systems. It has over 85
million downloads worldwide and an average of 2 million users online at any given
time. Because KaZaa has little documentations, most of the research works are based

on inferring how KaZaa works [56].

According to [56], KaZaa does not use a dedicated server for tracking and locating
content, and not all peers are equal. KaZaa has two classes of peers, Ordinary Nodes
(ONs) and Super Nodes (SNs). SNs are the more powerful peers and have greater
responsibilities. Each ON is assigned to a SN and uploads information about the files
it is sharing to its SN. This allows the SN to maintain a database which includes the
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identifiers of all the files its children are sharing, metadata about the files, and the
corresponding IP addresses of the ONs holding the files. Each SN then becomes a
(mini) Napster-like hub. In contrast with Napster, a SN is not a dedicated server (or
server farm); instead, it is typically a peer belonging to an individual user. Each
database in SNs only keeps records for files located in its direct children and it does
not track the files that are in ONs under other SNs. For each file that is shared, the
metadata includes: the file name, the file size, the ContentHash, and the file
descriptors. As part of the signaling traffic, KaZaA nodes frequently exchange the
lists of super nodes with each other. By frequently exchanging the lists of the super
nodes, nodes maintain up-to-date lists of active SNs. Peers in KaZaA mainly use two
criteria for ON-to-SN and SN-to-SN neighbor selection. One of these criteria is the
workload of the super node, and the other is based on locality, that is, nodes (both

ONs and SNs) appear to choose overlay neighbors that are close.

2.3.2 Peer-to-Peer Streaming

Both Bittorrent and KaZaa are P2P file sharing systems, in which the users only care
about the completeness of the file instead of when to receive which part of the data before a
deadline. To apply P2P systems to transmit time sensitive data, some works considered how
the BitTorrent can assist in VOD system [57][58][59]. The basic idea of [58] is to keep track
of the streaming order of the piece, and of the preferred pieces that will be played soon. The
video data is divided into three sets: a downloaded set, a download remain set (may contain
rare data) and a high priority set. Because video data has delay constraints, the most urgent
data has the highest priority. BASS [59] applies BitTorrent to the traditional VOD system

and uses the BitTorrent method to balance the load of the network. BASS introduces one
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dedicated external streaming server to help to guarantee the dada availability. If the peer
cannot get data from other peers in time, it will get data from the server. The modification to
BitTorrent is that it does not download any data prior to the current playback point. Similar to
BASS, PONDER [57] also includes a video server to assist the VOD session. The main task
of the video server in PONDER is to provide the first segment of the video file to ensure data

can be fetched in time.
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Chapter 3. Path-diversity P2P Overlay Retransmission for

Reliable IP-multicast

To address the reliability and scalability issues in [P-multicast, in this chapter, a novel,
highly distributed, and light-weight overlay peer-to-peer retransmission architecture is
proposed which exploits path-diversity by taking advantages of both IP-multicast and an
overlay network. An approach that leverages both disjoint-path-finding and periodic selective
probing to take into account peer’s recent packet loss probability, retransmission delay and
recent retransmission success rate is proposed to construct an efficient and dynamic overlay

retransmission network.
3.1 Related Works

To help address data loss in challenging network environments, forward error correction
(FEC) [15][16] and selective retransmission have been proposed to recover lost packets. FEC
introduces bit overhead in the transmission, thus should be used judiciously. There is no
efficient “one-fit-all” FEC solution in IP-multicast due to heterogeneous client channel
conditions. In addition, delay will be introduced when FEC is applied across packets to
address packet-loss. On the other hand, selective retransmission is generally considered more

bandwidth efficient, at the cost of some delay penalty. There is on-going work in IETF to
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support RTP retransmission (with the support of early feedback and more frequent RTCP
feedback [17]) which is considered to be an effective packet loss recovery technique for
reliable real-time applications with relaxed delay bounds [18][19]. Selective retransmission
can also be combined with FEC to achieve better performance, especially for reliable

multicast [7][18].

Traditionally, to address reliability, the receiver sends the retransmission requests to the
original sender who then may choose to retransmit the lost packets if deemed important. A
common problem in this approach is that it is very likely that the retransmitted packets will
go through roughly the same routes as the original packets, which unfortunately are probably
congested as suggested by the loss of the original packets. As a result, the retransmitted
packets are also likely to experience congestion and loss, especially in a bursty loss scenario.
If not done wisely, the retransmitted packets may even deteriorate the congestion condition.
In an IP-multicast scenario, there is also a scalability problem, more specifically, the request
and reply message implosion problem in supporting retransmission. Typically the
retransmitted packets are also IP-multicast to all participants who have subscribed to the
retransmission session, even though only one or few participants might have experienced the
loss of that particular packet. This would result in a waste of the bandwidth. The original
sender may choose to only retransmit (multicast) packets that are requested by many
participants at the cost of additional delay introduced in aggregating the feedbacks from
multiple participants, and of some lost packets not being retransmitted. Separate unicast
session can also be established by the original sender to convey retransmissions to each of the

requesting receivers. This, however, will significantly increase the load of the original sender.
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Switching between unicast and [P-multicast retransmission based on the number of requests

has also been considered [20][21].

Error recovery for reliable [P-multicast transport with controlled bandwidth overhead and
reduced latency through local IP-multicast retransmission has been studied in the past [20]-
[32]. Most of these previous works, however, require various degrees of static configuration,
centralized coordination [23], or router/proxy support [24] [29]-[32], which make them
difficult/costly to deploy in practice. In [25], a hop-based scope control for IP-multicast
retransmission and use of separately addressed local recovery multicast groups are proposed
to address local recovery. As discussed in [25], the hop-based scope control approach has
performance limitation when compared to global error recovery if the topology of a session is
star-shaped, and the group-scoped error recovery has more overhead on the members as well
as on the underlying IP-multicast routing. Complexity and practical deployment is again a
major obstacle. More significantly, the focus of all the above /local IP-multicast
retransmission approaches is mainly to address the bandwidth overhead issue inherent in IP-
multicast retransmission. Path diversity is not exploited in any of the above approaches. As a

result, retransmission still suffers from the congestion bottleneck on the IP-multicast tree.

Overlay networks have been considered as effective cooperative solutions to address some
fundamental and challenging networking problems. The concept has been used to build peer-
to-peer systems for file sharing, content distribution, streaming, and distributed storage, e.g.,
in [33]-[37], to address resilient routing [38] and IP security [39], to develop application layer
multicast [40] to overcome the deployment issue of [P-multicast, etc. Path-diversity has also
been exploited in the construction of some of the overlay networks, e.g., in [33][38][41] and

has shown to provide robustness in video communication applications. Given multiple paths,
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video streams can be divided into sub-streams, which can be transmitted over different paths
simultaneously. If multiple paths are disjoint, each sub-stream experiences relatively
independent packet loss and that help to improve the reliability of data transmission. Error
recovery for video streaming in application-level multicast is addressed in [42] by adding
some extra paths or “links” into the ALM tree and replicating packets along these links with
some probability, and in [43] by constructing multiple independent ALM trees to reduce the
packet loss correlation between nodes on different ALM trees, at the cost of some additional
delay and bandwidth inefficiency. In [43], only delay is used as the metric in choosing the
recovery nodes and designing the retransmission schedule which are performed before data
delivery or during the ALM tree reconfiguration. This multi-tree delay-centric approach is
mainly targeted for recovering packet loss due to node join/leave/failure (a significant issue
in ALM), but has limited performance for recovering packet loss due to network congestion,
as close recovery neighbors, even though on different ALM trees, tend to suffer from the
same network congestion problem. Note that the issues that need to be addressed to achieve
reliability in [P-multicast and ALM are quite different. For example, packet loss in ALM is a
result of network congestion, node join/leave, or node failure, while packet loss in IP-
multicast is mainly due to network congestion, which is the main issue we address in this

dissertation.

Typically, peer selection and maintenance plays an important role in a P2P system and
often is the most costly part of the system, as peers are expected to serve the bulk data. In the
first generation of P2P network, such as Napster [49], peer selection is done by a central
server, which is not scalable. Peer selection can also be facilitated by leveraging different

capacities of the nodes. For example, KaZaa [50], selects super nodes from peers which store
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some peers’ information. A popular technique is to find peers using the distributed hash table
(DHT). It assumes that all peers have the same ‘hash’ function and each content has a unique
key. Examples are Chord [51] and Pastry [52], which concern about how to find a close peer
with the requested content. They do not consider load-balancing and path quality fluctuation.
In [53], the authors present a machine learning approach such as decision tree learning for
peer selection and Markov decision for peer switching, but the online update of the rating
system is a concern and the current system does not use multi-source transmission which is
important for a P2P system. In [54], the authors present a topology-aware peer selection
scheme and dynamic switching scheme for active sender selection in a multi-sender to one
receiver streaming scenario, in which each peer will infer the topology of the network several
times throughout the session by using logical topology, available bandwidth and loss rate
(measured on a segment basis). After finding the logical topology, each receiver tries to
cluster peers with similar path to the receiver and select a subset of senders who have path
diversity to the receiver (so that they have a good aggregated streaming rate and smaller loss
rate at the receiver). Because measuring available bandwidth in such application is important
but costly, the authors also explore alternative ways to measure the bandwidth with less extra
effort by trading off accuracy. Their approach relies on some underlying P2P substrates
such as Pastry to provide, with additional lookup complexity, initial peer lists based on which

the proposed peer selection is performed.

In this chapter, an important objective is to build a light-weight cooperative retransmission
overlay, which is not designed for bulk data delivery. We propose a two-step process in
building the overlay. The first step is performed once by each receiver when it joins the

multicast session and it concerns only about inferring the logical topology. In this step, the
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receiver find the path information from the original sender to the receiver and by exchanging
the information with other peers, the receiver can preliminarily identify a subset of candidate
retransmission peers with disjoint path to the sender. The second step is to dynamically select
the “best” retransmission node from the candidate subset on the fly by leveraging measured
end-end delay and packet loss ratio through selective probing and taking into account

successful retransmission rate.

3.2 Overview of the Proposed Framework

.Sender Rtx node
& Owerlay rtx network
. .
Receiver
&
& &

& IP-multicast network
o

Figure 3.1 An overlay retransmission network architecture for [P-multicast

The basic idea of the proposed path diversity overlay retransmission is to build a very
simple overlay network among the participants of the IP-multicast session, in which each
receiving node identifies a few peer receiving nodes who, upon requests, will be responsible
for retransmitting a lost packet to the requesting receiving node through unicast. These
identified peer nodes are called retransmission nodes. The original data packets will be

delivered using IP-multicast to all receiving nodes. It is expected that in most cases the
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retransmission nodes would have received the original packets and thus could perform
retransmission upon requests. This hybrid network architecture for reliable IP-multicast

applications is illustrated in Figure 3.1.

Intuitively, the retransmission nodes for a receiver should be those end hosts that have
been recently having little problem receiving packets from the original sender (source), have
a good network connection to the receiver, and are typically closer to the receiver than the
original sender. Having little problem receiving data from the original sender implies that this
candidate node is not sharing the congested link in the IP-multicast tree with the
retransmission requesting node. Identifying peer nodes that have a more disjoint path to the
sender will help to address this issue, as will be discussed later. The quality of the network
connection between the candidate retransmission nodes and the receiver can be estimated by
the receiver, for example, based on past retransmission experience, or by periodic probing in
a streaming scenario. The quality of the network connection between the original sender and
the candidate retransmission nodes is estimated by the candidate retransmission nodes
themselves and then conveyed to the receiver upon periodic probing. When there are multiple
sending sources (e.g., in video conferencing), each receiver identifies a small set of “good”

retransmission nodes for each potential sending source.

With the identification of a small set of good retransmission nodes, a receiver can send the
retransmission request (with the original sequence number of the lost packets and some other
necessary information) to one (presumably the best one) of its retransmission nodes who
typically would have received or will receive that packet. The chosen retransmission node
then forwards the requested packet, if available, using a separate unicast RTP session to the

requesting receiver. If the retransmission nodes are chosen intelligently, the retransmitted
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packet would go through a unicast route that is different from the original congested path
along the IP-multicast tree, and thus have a much better chance of getting to the requesting
receiver reliably and timely, improving the user experience of the requesting receiver.
Furthermore, this overlay retransmission architecture provides load balancing that
redistributes the retransmission load of the original sender to other peers, making the system
much more scalable. The retransmission nodes are highly distributed without the limitation of
a regular topology, which makes the system very robust to network failure. It also addresses
the potential bandwidth inefficiency problem of the traditional approaches that use IP-

multicast retransmission.

Since the overlay network is mainly used for the retransmission purpose, the construction
and maintenance of the overlay network should be very lightweight. The traffic generated by
the retransmission is only a small portion of the overall video/audio streams. Thus it may be
an overkill to try to optimize the overlay structure as it may incur large overhead to maintain
such optimum (i.e., by dynamically changing the overlay based on the current global network
condition). Therefore, we choose to use a highly distributed lightweight overlay network.
There is no central controller. Each receiver simply picks a small set of candidate
retransmission nodes. Each receiver periodically probes its retransmission nodes. Based on
its own load, the retransmission node only accepts a limited number of overlay requests.
Therefore, the only extra traffic is generated by periodic probing. To reduce the probing
overhead, the probing interval can be chosen to be relatively large, e.g., every tens of
seconds. We show in Section 3.4 that with a small cost of periodic probing, the overlay
retransmission network can significantly improve the retransmission performance in the case

of challenging network environments with dynamic background traffic.
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3.3 Algorithm Design

In an IP-multicast scenario, data loss is mainly due to network congestion. Typically,
multiple nodes will simultaneously face the same congestion problem as they share the same
congested link. Other nodes that have a more disjoint path to the sender may not have the
identical congestion problem, therefore will have a good chance to help the nodes in trouble
to recover the lost data, potentially using some paths different from the congested one. For
example, in [41], the AS-level information is used to find alternative path. In the design, we
consider how to explore both path diversity information and periodic probing to help

dynamically identify the best retransmission candidates to recover the lost data.

The construction of the overlay network topology is the most important component in the
design. In dynamic environments, periodic probing can help construct a good overlay
network. Nodes can monitor the status of a small set of other nodes and the path quality
through periodic probing to decide how to choose a neighbor in the overlay network. A basic
probing approach is to send probing packets between each pair of nodes, as is done in RON
[38], resulting in O(n*) overall probing traffic for an overlay network with a size of n.
Although this method can achieve accurate information, the probing overhead may not be
acceptable in our application scenario. In this chapter, a periodic selective probing
mechanism is used in which only a small subset of a constant size of the overlay nodes are

probed, resulting in O(n) complexity for the entire multicast group.

As discussed above, another important consideration in the design of the overlay network
is the underlying network path diversity for the nodes in the overlay. A readily available

network utility function “Tracert” is used to gather the path information to the sender for

29



each overlay node and identify nodes with disjoint path to the sender. Note that “Tracert” is
only used to help initially identify a subset of candidate peers with path diversity property.
Identification of more accurate candidate retransmission nodes is done dynamically later

through periodic probing.
We have the following basic assumptions in the design:
e All the routers support the “Tracert” function
e The exchange of “Tracert” information is effectively lossless.
3.3.1 Identify Path-disjoint Retransmission Candidates

In IP-multicast, packets flow along an IP layer tree rooted at the source. The leaves of the
tree are the receivers in the multicast session, the IP-multicast routers are the internal nodes
on the tree, and the links form the edges of the tree. A very simple example is illustrated in
Figure 3.2, where node 4 is the root, node E, F, C, G and H are the receivers, and B, D are

IP-multicast routers.

Figure 3.2 A simple IP-multicast tree
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In this structure, any packet loss along any “internal” link will result in all the downstream
nodes/receivers not receiving the packet. For example, if congestion occurs along the link
between node 4 and node B, then both node £ and node F will have the same packet loss
problem. This congestion, however, will not affect the receiving status of node C, G and H.
Therefore choosing some appropriate receiver node different from the original sender as the
retransmission node may help. A good strategy is to choose the receiver nodes with the most
disjoint path to the sender. Here two sets of nodes are defined, routers and end nodes
(including both senders and receivers). We denote the routers with capital letter “R” and

[I%4)
T

denote the end nodes with lower case for receivers and “s” for senders. Assume the root is

node s, and the receiver r e{rli=12....n}, where n is the total number of receivers in the

multicast group, and let /; be the loss probability of the link /,, from node a to node b

along the IP-multicast tree.

In Figure 3.3, each dash line represents potentially more than one links in the tree. For a
pair of nodes including a receiver node »; and one of its potential retransmission candidates,
node r3, k;3 denotes the number of links from node s to node R;, n;31s the number of links
from node R; to node r;, and m;; is the number of links from R; to r;. When r; experiences
packet loss, 7; would try to identify a candidate retransmission node that has the highest
probability of receiving that packet. The problem can be formulated as finding a “good” node
g with the maximum probability P(g=1|r,=0), where ;=0 means 7, loses the packet and g=1

means g receives the packet.
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Figure 3.3 Finding a retransmission node with the most disjoint path to the sender

Let P B = H (1-P, ) be the probability of successful transmission along

I, €{links from 4—> B}

all the links from a node 4 to another node B. We know that for 73,
P(r,=1]r, =0)=PSRI Per3 [1 —Perl 1/[1 —Psrl | ER))

If for each particular receiver i and each of its potential retransmission candidate j, the
values of kj, m; and n; can be determined, and then the retransmission candidates with the
best disjoint-path can be identified. For this purpose, we use a common tool “Tracert” that is
readily available in most, if not all, network systems. At the beginning of the multicast
session, the active/joining receivers will send a “Tracert” request to the original sender to
collect the information about the unicast route to the sender and then send it to others through
the IP-multicast channel. We assume there is no packet loss during this route information
exchange phase, so each node will have the information about the path and hop count to the

original sender of all or sufficient number of active participants, and k;, m; and n; can be
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determined. Denoted c; = k;+n;;. Let’s assume that £, is the same for each link and can be

ab

denoted as P. Then we have

_ —\— k;; +my; m;; +c;; Cij
P(r,=1r=0)=[(1-P)* ™ -(I-P)" S ]/[1-(I-P)*]  (3)
so for r;, it is necessary to identify j= argmax(P(r,=1|;;=0)) . In the simulation, to simplify the

problem, the number of unshared links normalized by the total number of links on the path

from the sender to the receiver is used to estimate this probability.

Note that “Tracert” collects the information about the unicast route to the sender, which
may be different from the route on the IP-multicast tree. Nevertheless, this is sufficient for
our application as only approximate route information is necessary to determine an initial set
of path-disjoint nodes. In addition, periodic probing is also employed to dynamically
determine the retransmission node, making the accuracy of route information less critical.
Another important consideration of using unicast “Tracert” is that it is supported by all

routers, making the proposed system more practical and deployable.
3.3.2 Integrated “Tracert” and Periodic Probing

“Tracert” allows each end node to know the approximate path to the sender, and by
exchanging this information with other peers, a receiver can find good retransmission
candidates with a more disjoint path. This will increase the probability of successfully
retransmitting the lost packet to the receiver. However, as will be shown in our simulation
results, “Tracert” alone is not sufficient to effectively solve the reliability problem. When the
network load is more or less static, using retransmission node with the most disjoint path can

perform well where a peer that does not share the same congestion problem as the receiver
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will typically be chosen. However, since the network load will typically change over time,
there is also a high probability for a node with a disjoint path to have different congestion
problems at the same time. In this case, it is difficult to tell whether the chosen retransmission
peer, although with a good disjoint path, has the packet the receiver requests for. The only
way for the receiver to judge whether the chosen retransmission node is performing well is to
calculate its retransmission success rate, which is the ratio of the number of successful
retransmissions to the total number of retransmission requests. If the chosen retransmission
peer is not performing well, this ratio will decrease quickly and based on this the receiver
could make a decision to switch to a different retransmission candidate. This adaptive method
can help to identify a good retransmission candidate eventually, but it is a passive approach
with a cost of delay. For delay-sensitive multimedia applications, this may not provide

satisfactory performance.

If a receiver is periodically updated about the status of other peers through unicast
probing, it can identify a good retransmission candidate more quickly and accurately, because
from periodic probing a receiver can know the delay and packet loss information of other
peers, which are important for choosing a good retransmission candidate. But periodic
probing alone also has some limitations. First, periodic probing only provides the peer’s
recent past information. If a receiver’s close neighbor has no problem receiving data before
congestion occurs, the receiver will most likely choose this close neighbor as the
retransmission candidate as the retransmission path from this close neighbor is short.
However, this close neighbor may share a number of common links on the IP-multicast tree
with the receiver, therefore experiencing the same congestion problem as the receiver.

Second, probing overhead is a concern that may limit the system’s scalability.
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From the above discussion, we know that “Tracert” can help to identify a set of
retransmission candidates with good disjoint path, but has limited performance when the
network load is more dynamic. Periodic probing can perform well when the network is more
dynamic, but cannot exclude close neighbors on the [P-multicast tree from being selected as
the retransmission node in a timely manner. Therefore, a hybrid approach that integrates both
“Tracert” and probing will get the benefits of both. It will help to identify a good set of
retransmission candidate nodes by excluding close neighbors on the IP-multicast tree, and

adaptively and timely choose a good retransmission node in a dynamic environment.

3.3.3 Reducing the Probing Overhead - Selective Probing

In an overlay network with n nodes, a full scale unicast probing will gather more accurate
information. However, the probing overhead will be O(n”). There are ways to reduce the
probing overhead in overlay networks. For example, in structured peer-to-peer systems [82],
a node maintains connections to O(logn) neighbors. Each node periodically probes its
neighbors and replaces the neighbors that are in bad receiving states. Thus the overall
probing overhead is reduced to O(nlogn). In the proposed overlay network, the main
objective is to help retransmit the lost data for the requesting node. So to avoid incurring
significant probing overhead, the construction/maintenance process of the overlay should be
very lightweight. In fact, for each node, it is not necessary to maintain a long list of
retransmission candidates. Each node could periodically probe only a small subset of the
nodes in the overlay network. For example, it can randomly select C nodes as the probing
targets, and as a result, the probing overhead is reduced to O(n). In the proposed solution,
instead of randomly selecting the probing targets, the node selects the targets by considering

the frequency that the target node appeared in its candidate retransmission nodes list. More
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specifically, a node always chooses C best (based on the previous performance) candidate
retransmission nodes to probe, because typically these nodes have a better chance to be a
good retransmission node. Other candidates will be probed much less frequently. As a result,
the best candidates are updated with a unicast probing overhead of O(n) for the entire overlay

network.

3.3.4 Design of the Hybrid Scheme for Retransmission Node Selection

In this section, we describe in more detail the distributed algorithm to build the light-
weight overlay retransmission network. The process of building the overlay network mainly
concerns the selection of the best retransmission nodes for each receiver. Once the
retransmission nodes are determined, RTP unicast channels can be established directly
between each receiver and its retransmission nodes. The algorithm is run at each receiver so

that each receiver can dynamically determine its own retransmission nodes.

Based on previous discussion, the best retransmission candidate should satisfy the

following conditions:

1. Use less shared IP-multicast path with the retransmission requesting node.

2. Not too “far away” from the retransmission requesting node, which means the
retransmission path in the overlay should satisfy the delay constraint of the

multimedia application.

3. Has better receiving status than the retransmission requesting node, so that it has a

high probability of having the packets that need to be retransmitted.
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The information obtained through “Tracert” can be used to determine condition 1 and use
the Round Trip Time (RTT) between the receiver and the original sender and the RTT
between the receiver and the retransmission candidate to determine condition 2. Finally,

condition 3 could be enforced by considering the packet loss ratio (PLR).

In each RTP IP-multicast session, each receiver in the multicast group can easily measure
the RTT between itself and a particular original sender, as well as the packet loss ratio of the
data it receives from that sender. Only the very recent RTT and packet loss ratio that reflect

the current network condition are of relevance. Let us define rr7/as the RTT between sender
J and receiver i as measured by receiver 7, and prr/ as the packet loss ratio observed by

receiver i for the data sent by sender ;.

As discussed previously, at the beginning of each multicast session, peers will exchange
their “Tracert” information. After gathering the “Tracert” information, each receiver k could

calculate, for a particular sender j, the probability P(i=1/k=0) denoted as pt_i according to

Eq.(3.2), where i is the potential retransmission candidate. Based on this information, a

subset of peer nodes can be identified to serve as the initial candidate retransmission nodes.

In addition, each receiver will periodically probe through unicast a subset of other
receivers about their receiving statistics with respect to the original sender. Once a node
receives a probing packet, it will send its own measured RTT and packet loss ratio with
respect to the original sender back to the probing node. For example, if node 1 receives a

probing packet from node 2 for sender 3, node 1 will send r77? and pLr} to node 2. Node 2

will also measure the unicast delay between node 1 and 2 in the probing process. For the

retransmission purpose, the receiver should be more concerned about the delay between the
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retransmission nodes and the receiver as opposed to the delay from the original sender to the
retransmission node. With all the periodically updated probing feedback, each receiver can

determine a good retransmission node.

The best retransmission node is chosen using the following strategy.

For node £, the retransmission node for sender j is

PLR/
PLR/

RTX] =arg min{A*(a R v p

: +B*F(PT,/)\T(/G}) (3.3)
i=1,2,3... i#k RTT}»j J ‘ ‘

and 4+B=1,a+p=1, r77; | and PLR/ _.
RTT] PLR] ~

where function £ is to calculate the normalized p1, /, and is defined as F(x) = (1 - x)”, where y

is set to 1 in our experiments, gr77 and prz/ are the normalized R77T and PLR respectively
RTT/ PLR]

for node i with respect to sender j, which are not greater than 1 as nodes with larger RTT or

PLR are not considered as good candidates, 4, B, a, and f are the weighting factors, and ¢: is

the success rate of retransmitting packets from node i to node k&, which is initially set to 1.

After node i is chosen by node & as the retransmission node, g will reflect the quality of the

retransmission path between node i and node & and also reflect how well node i receives data
from the original sender. The choice of the function 7 will be determined by the system
design and it could be a polynomial function. We use the linear function as the 7 function in

our simulations. If ¢/ is low, it means that either node i often does not have the data that

node k requests for, i.e., it probably also has a packet loss problem, or the path between node

i and k is bad such that the retransmitted data from node i cannot reach node k. In fact, g: is

more important in the decision process than the normalized R7T and PLR, as in some cases,
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two nodes that are physically very close to each other and are in the low level of the IP-
multicast tree are likely to face the same congestion problem. We need to be able to avoid
these nodes being retransmission node of each other. This situation can be avoided by
considering both the degree of path disjoint and the retransmission success rate. Because
those physically close nodes will have similar packet loss pattern, when congestion occurs,
although the normalized R7T and PLR collected in the last probing could be good enough,
the retransmission success rate will decrease dramatically because that node most likely does
not have the packets requested to be retransmitted. Using Eq.(3.3), this problem can be
successfully addressed very quickly. Because the decision will be frequently adjusted based
on the performance of the selected retransmission node at a finer scale and on the periodic
probing feedback from others at a coarser scale, it can address any potential faulty decision

and switch to better retransmission nodes quickly.

3.3.5 Additional Design Considerations

Although the focus of this proposed work is not on system implementation, it is

worthwhile to discuss a few additional design considerations here.

Retransmission session and synchronization: A separate unicast session is used to send the
retransmission packets for each receiver, a good strategy that has been discussed sufficiently
in [18]. As a matter of fact, we can exactly follow the recommendations made in [18] on the
retransmission payload format, association/synchronization of a retransmission stream to its
original stream, use of the retransmission payload format with the extended RTP profile for
RTCP-based feedback (including retransmission requests) [17], congestion control, and other
considerations, keeping in mind that the retransmission session is between the receiver and

the retransmission node, as opposed to the original sender.
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Dynamic join and leave: When a new node joins the multicast session, it will send a
“Tracert” request to the original sender. As soon as it receives the reply, it will send the
results through the IP-multicast session. Other nodes who receive this message will reply
with their own “Tracert” results through unicast. In a multicast session with size of n, this is
an overhead of O(n) unicast operations plus one IP-multicast operation per joining node, and
is done only once when the node joins. If overhead is still a concern for large n, then two
strategies can be employed to reduce the unicast operations per joining node. One is random
reply, with a probability depending on n resulting in a constant number of total replies, from
existing nodes to the joining node. The other is to only let those existing nodes who deem,
based on the information they have (e.g., path diversity or delay), that they might be a good
node to reply to the joining node. When a node leaves the session, those who have selected
this node as a retransmission candidate will detect it in the periodic probing process and will

replace it with another good node in their candidate set.

A sudden increase of the number of users may cause the flash crowd phenomenon which
often occurs in a traditional client-server network, and may still present a problem in a pure
P2P broadcast network, although less severe. In the discussed scenario, a new user only
needs to send “Tracert” once to the sender. The bulk data is delivered via more stable and
efficient IP-multicast. So potential bandwidth bottleneck caused by the “Tracert” packets is
not a significant issue here. In a normal P2P situation, according to coolstreaming [79], the
peak joining rate is about 150/minute (or 2.5 nodes per second) in a system with 15000 users.

So the “Tracert” packet processing complexity and communication overhead is not an issue.

Peer finding: Typically, NAT/firewall is a significant problem for a P2P streaming

system. However, unlike pure P2P system, the availability of [P-multicast channel makes
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peer finding an easy job, as each new joining node will declare its existence by sending a
message, e.g., its “Tracert” information, to the IP-multicast group. It will also learn the
existences of other peers through their feedback message (e.g., in “Tracert” exchange). The
limited uplink bandwidth in an asymmetric network does not pose a significant issue here
either as the bandwidth requirement for retransmission is significantly smaller than regular

data packet delivery.

3.4 Simulation Results

In this section, we evaluate the performance of the proposed path-diversity overlay
retransmission mechanism. First, we will compare the performance of the proposed
architecture based on “Tracert” only, periodic probing only, and the hybrid of them, against
the traditional approach. Then in a large dynamic topology with random burst background
traffic, we study the relationship between the probing interval and the performance and
overhead introduced by periodic probing so that a good probing interval can be determined.
We then show that selective probing will save significant probing overhead without

degrading the system performance noticeably.

In all simulations, the delay constraint for the retransmission (referred to as the
retransmission deadline, which starts from when a packet loss is detected) is set to 400 ms to
reflect a moderate real-time requirement, and retransmitted packets that do not arrive within
the retransmission deadline will be treated as lost packets. We only consider the case of
performing only one retransmission per lost packet. This is to focus our experiments on the
effectiveness of the proposed retransmission mechanisms. Based on the tests using random

transit-stub (TS) graphs of size up to a few hundred nodes, we empirically identified a good
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set of parameters in Eq.(3.3), i.e. A=0.75, B=0.25, o =0.3 and B = 0.7, which performs better
than any other choices we tested. When the deviation of o and B is 0.1 and the deviation of A
and B is around 0.25, the deviation of the effective packet loss ratio is observed to be within
5% of the lowest effective packet loss ratio observed in the tests, which suggests that the
performance is not very sensitive to the choice of the parameters. Unless otherwise specified,

the periodic probing interval is 10 seconds.

3.4.1 Performance of “Tracert” and Periodic Probing

We use the network simulator2 (NS2) [80] with some add-on codes to implement our
protocol. The test topology is a transit-stub (TS) graph created by Georgia Tech GT-ITM
network topology generator [81]. Figure 3.4 shows one of the test topologies which we use
here for ease of demonstration purpose. Results for a larger network with more dynamic
background traffic will be presented in Section 3.4.2. There are 40 nodes including the
routers. Most of the link capacity is 1 Mbps and some of them are 2 Mbps. The propagation
delays of the links range from 5 ms to 50 ms. The queue in the router can buffer 50 packets
by default. The packet drop policy used in the routers is Droptail. In our tests, there are eight
nodes joining the multicast group and two of them are data senders. In particular, node 11
and node 7 both send data to the multicast group, and therefore act as both a sender and a
receiver. Other active nodes, i.e., nodes 3, 6, 8, 10, 12, 13, serve only as receivers. Each of
the two senders, node 11 and node 7, sends a CBR (constant bit rate) video to the multicast
group. The bit rate is 400 kbps. From the 9th second, there is a CBR (about 1.8 Mbps)
background traffic on the link between node 1 and node 0 that has a bandwidth of 2 Mbps,
which is a main path in both of the two sender-based IP-multicast trees. For node 8, the path

from sender 11 in the IP-multicast tree is 11226>12>0>9->8, which includes the
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congested link. For node 10, the path is the same except the final link. But for node 3, the IP-
multicast path from node 11 is 11226>1->17->3, which does not include the congested

link.

® , ®
" @ Lost Packet * @ RES

A

Figure 3.4 One of the test topologies with 40 nodes. “R” and “S” represent receiver and
sender, respectively. “Falling dots” below node 1 represent packet dropping at node 1 (for
both RTP packets and background traffic packets). Other small dots on some of the links are
multicast RTP data packets.

3.4.1.1 Performance of Periodic-Probing-only based Overlay Retransmission

We first compare the proposed periodic probing based overlay retransmission approach to

the conventional approach that performs unicast retransmission from the original sender.

As shown in Figure 3.5, the congestion occurs at about the 9th second when the

background traffic starts to take effect. With the conventional retransmission approach, the
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effective packet loss ratio decreases to some extent, but is still as high as 10%. We can see
that the periodic probing based overlay retransmission performs much better than
retransmission from the original sender. In addition, if a physically close neighbor is selected
to be a retransmission candidate because of its previous good receiving state, the measured
retransmission success rate can help to address this problem by allowing another good
candidate to be chosen. In Fig. 3.5, we observe a small peak for the periodic probing based
overlay retransmission approach at the beginning of the congestion. This is because initially
node 8 took node 10 as a good retransmission candidate because prior to congestion, node 10
was in an excellent receiving condition and is also close to node 8. Then within a short time,
node 8 was able to detect that node 10 had problem too, thus changing the retransmission
node to node 3 who was really in a good receiving condition. This demonstrates the

adaptability of our algorithm in choosing the best retransmission node.
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Figure 3.5 Effective packet loss ratio of node 8 for the conventional retransmission and
the periodic probing based overlay retransmission.
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3.4.1.2 Performance of “Tracert” Only based Overlay Retransmission

It is observed that in most cases, physically close neighbors have little chance to be a good
retransmission node of each other, because they share most of the IP-multicast path and
typically face the same congestion problem. Probing only based approach can avoid choosing
such neighbors as retransmission candidates as discussed above, but it may take a couple of
seconds for the receiver to detect the problem and correct it. We evaluate the second strategy,
i.e., to choose the nodes with the most disjoint path to the sender to be the retransmission
node. By taking “Tracert” results into account, the receiver can initially identify a least
correlated node in terms of packet loss, so as to avoid the close neighbor selection problem in

the first place.

Fig. 3.6 shows that, with “Tracert”, node 8 will choose the path-disjoint node 12 as the

retransmission node. From the figure, we can see that the initial peak diminishes.
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Figure 3.6 Effective packet loss ratio of node 8 for the periodic probing based and the
“Tracert” based overlay retransmission.
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3.4.1.3 Performance of Hybrid Overlay Retransmission

We evaluate the impact of dynamic traffic on the performance of different approaches. To
simulate dynamic traffic, another traffic is injected at the 15™ second on link 2032, which
will greatly affect the receiving state of node 12. Apparently, node 12 is not a good candidate
any more. If only “Tracert” is used, node 8 will still treat node 12 as a good candidate until it
detects the problem based on the retransmission success rate. If only periodic probing is
used, it cannot overcome the close neighbor selection problem. If we integrate probing
information with “Tracert”, it can dynamically determine an overall best node as the
candidate retransmission node, since it will avoid the close neighbor selection problem based
on the “Tracert” information and select a node with disjoint path that has good receiving
state. For this particular example, node 8 will choose node 3 as the best candidate. Fig. 3.7
shows the effective packet loss rate of node 8 for different approaches. It can be seen that the
hybrid approach is very effective in finding a good retransmission node. The effective packet
loss rate is reduced to almost zero. The “Tracert” only based approach, on the other hand, is
not able to adapt to the dynamics of the network sufficiently. When the second background
traffic takes effect at the 15™ second, the performance suffers. Although the receiver did
detect the problem based on the retransmission success rate and switch to other candidates, it

has difficulty in finding a good retransmission node in a timely manner.
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Figure 3.7 Effective packet loss ratio of node 8 for different approaches when background
traffic is more dynamic.
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Figure 3.8 Average effective packet loss ratio for all nodes for different approaches when
background traffic is more dynamic.

Fig. 3.8 shows the average performance for all nodes in the multicast group. We can see
again that “Tracert” only based approach cannot adapt to the network dynamics well. The
periodic-probing-only based approach suffers from the close neighbor selection problem

discussed before. In fact, it may even perform worse than the conventional approach
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occasionally as shown around the 10" second. On the average, the hybrid approach performs

the best as it takes both path diversity and dynamic receiving status into account.

We also observe that when the retransmission is from the original sender, the average
delay introduced by retransmission is 332 ms. With the hybrid overlay retransmission, the
average delay introduced by retransmission is reduced to 145 ms. In summary, the simulation
results show that our proposed retransmission architecture can significantly decrease the

effective packet loss ratio, at the same time significantly reduce the retransmission delay.
3.4.2 Scalability and Probing Overhead

In order to better understand the performance of our proposed architecture, we do several
tests to show (1) the proposed architecture works well for large scale topologies with more
dynamic traffic; (2) appropriate probing interval can be determined to achieve a good
performance without excess probing overhead; (3) selective probing can be used to save the

periodic probing overhead without sacrificing the performance.

In the following tests, GT-ITM is used to generate a 500-node TS topology. The average
degree of each node is 1.9. In these tests, there are 40 nodes joining the multicast group and
two of them are sending data to the group. The simulation runs for 100 seconds. The links’
delay is distributed uniformly from 1 ms to 20 ms, the backbone link bandwidth is 10 Mbps,
and the bandwidth of edge/last links is distributed from 1 Mbps to 2 Mbps. We use distance
vector for IP-multicast routing and shortest path for unicast routing. To simulate the
dynamics of the network, we randomly generate 400 exponential burst background traffics by

NS-2, each traverses two randomly chosen nodes and has an average bit rate distributed from
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500 kbps to 5 Mbps. The random background traffic is injected starting from the 5™ second,

and its duration is Gaussian distributed from 1 to 100 seconds.

3.4.2.1 Performance in a Large Topology with more Dynamic Traffic
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Figure 3.9 Average effective packet loss ratio for all nodes for different approaches in a
large topology.
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Figure 3.10 Average retransmission (only received retransmitted packets are considered
here) delay for all nodes for different approaches in a large topology.
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Figure 3.9 and Figure 3.10 shows the average performance of the proposed hybrid
approach for the large topology compared to the traditional approach that performs
retransmission from the original sender. We can see that the hybrid approach again
significantly outperforms the traditional approach, and can recover about 85%-90% lost
packets on average with only one retransmission attempt. This result demonstrates that our
proposed architecture can scale well in large networks. We also observe that the average
delay introduced by retransmission is reduced from 361 ms for the conventional approach to

238 ms for the hybrid overlay retransmission.

3.4.2.2 Determine the Appropriate Probing Interval

In general, more frequent probing will gather more accurate information about the
network dynamics, but at the same time, it will incur more overhead which will impose more
stress to the links and potentially may worsen the system performance. Based on the above
simulation setting, we set the probing interval to be 2 seconds and 10 seconds respectively to

study the retransmission performance.

Figure3.11 shows that the smaller probing interval has similar performance as the 10
seconds probing interval. However, the probing overhead is about 5 times as large. Our
experiments show that a probing interval of 10 seconds is a reasonably good choice to
achieve good retransmission performance. The overhead introduced is negligible compared

to the multimedia data traffic.
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Figure 3.11 Performance comparison between different probing intervals in hybrid
overlay retransmission

3.4.3 Selective Probing

As discussed in Section 4.3, with a constant number of C probing targets, the receiver can
randomly select C nodes in the multicast group to probe. This random probing may not be
efficient as it may probe the bad candidates therefore missing the chance to probe more good

candidates. The basic idea in selective probing is to give the current best candidates more
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weights when selecting the probing targets. Each receiver will maintain a sorted
retransmission candidates list and exclude those nodes whose delay does not satisfy the delay
constraint (see Eq.(3.3)). In each probing period, the receiver selects several (6 in the
experiments) best candidates to probe. For other candidates, to get their updated information,

the probing interval is 3 times as long as the probing interval of the best candidates.

Figure 3.12 shows that selective probing, with much less probing overhead (i.e., only 6/40
of that of full scale probing), can achieve similar performance as the full scale probing. In
addition, in scenarios with more dynamic random background traffic such as in this example,
selective probing outperforms random probing significantly with the same probing overhead.
In all three cases, the proposed hybrid scheme is used, with the only difference being the

probing method.
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Figure 3.12 Performance comparison of selective probing, random probing, and full scale
probing.
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3.5 Summary

In this chapter, a novel path-diversity overlay retransmission architecture for IP-multicast
based multimedia applications is proposed. In this architecture, peers are helping each other
to retransmit the requested data that is difficult to get from the original server. A readily
available network utility function “Tracert” is used to help identify the path disjoint
retransmission nodes, and periodic probing is employed to adaptively and more accurately
identify an overall good retransmission node. A hybrid approach that exploits both has been
shown to achieve the best retransmission performance. Furthermore, to save the probing
overhead, the receiver can use selective probing to probe only a subset of the candidate
retransmission nodes who have the highest probability to be a good candidate. Simulation
results show that it can significantly improve the reliability, delay, and scalability of IP-

multicast based multimedia applications.
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Chapter 4. Efficient Routing for Video Streaming Over

Wireless Mesh Networks

High throughput path is essential for video streaming over multi-hop wireless networks. In
WDMNS, the performance highly depends on the quality of the wireless links. To explore the
high quality video streaming service in a cooperative manner, it is necessary to first look into
the routing layer in WMNSs, which has its own unique characteristics and is different from the
wireline networks. This chapter proposes a radio and load aware routing metric that can help

to select high throughput path for video streaming in WMNSs.
4.1 Overview

In WMN:ss, a single-hop or multi-hop path needs to be selected to forward data packets
from a source node to a destination node. The routing protocol and routing metric are critical
design factors for performance optimization in WMNSs. They need to be carefully chosen
especially when transmitting high rate streaming data, such as video. Many routing protocols
such as AODV [83], DSR [84], and OLSR [85] have been developed. The implementation in
this dissertation is based on the AODYV because of its efficiency, maturity and also because
AODYV will be the basis of the default routing protocol in the emerging IEEE mesh network

standard IEEE 802.11s [90].
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Several public domain AODV implementations such as AODV-UU [86] and AODV-
UCSB [87] exist. They are similar in that they both use a user space daemon in cooperation
with kernel space functions. In addition, AODV-UU implemented several other features such
as multiple interface support and a basic gateway. But the problem is that all of these
functionalities are based on the traditional AODV protocol, which presents the following

issues:

First, the minimal hop count is used as the routing metric. The path with the minimum
number of hops is selected to forward the data packets. However, minimal hop count paths
do not take into account the link transmission rate, link quality and available bandwidth along
the path. It has been shown that this metric is not efficient in many situations because it tends
to include lossy and unstable radio links with a long physical span, incurring a number of
retransmissions and a low physical layer data rate. Many radio transmission systems, for
example IEEE 802.11 radios, adapt the physical layer data rate depending on the link quality
so the transmission rate will be reduced greatly when the distance is large. Selecting a path
with minimum hops may actually result in poor throughput and delay as well as reducing the
efficiency of the network utilization compared with selecting a path with more hops but
better link quality. In this chapter, we propose and describe an implementation of a radio and

bandwidth aware metric to improve the routing performance.

Second, there is route discovery delay in AODV. AODV is an on-demand routing
protocol using a Route Request (RREQ) and Route Reply (RREP) mechanism to establish
the route between the source and destination. The route discovery is activated by the source
only when the source wants to transmit data. Although the on-demand routing protocol may

reduce the routing overhead, it incurs route discovery delay and the data have to be buffered
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at the source to wait for an established path. The route discovery delay is even more
detrimental when an active path breaks or a station is handed over from one mesh access
point to another. In our implementation, we propose a method to reduce the route discovery

delay while still able to discover the best route.

Third, in the traditional AODYV, once a route is selected to be the best path, it will
probably be kept in use until it fails/breaks. But in a real environment, this route may no
longer be the best route, because of changes in the network topology, routing metric, etc., and
because other better paths may become available. So we need a mechanism to re-discover the

up-to-date optimal route.

Finally, there is no mesh proxy function in AODV. To use mesh access point to work as a
gate for the clients associated with it, a more flexible mesh proxy function is needed at mesh
routers/access points. Only the mesh access points need to run the routing protocol. They
should support all kinds of clients/stations that are not equipped with the routing functions
and do not have knowledge of the mesh networks. The mesh access point with the proxy

function should maintain the route for each station that is associated with it.

Consider the above factors, we design a radio and bandwidth aware metric to improve the
routing performance. The metric captures the impact of various aspects of wireless links in
mesh networks. The value of the link metric may change frequently due to dynamics of mesh
networks, which may lead to route instability. A quantization method is also proposed to
maintain the route stability while achieving quick response to the changes of link state and
network topology. Furthermore, in order to improve the performance, several enhancements
for the AODV routing protocol are implemented, including (1) a new method for processing

RREQ messages and generating RREP messages so that the best path can be discovered

56



without incurring significant route discovery latency. (2) Periodic maintenance to discover
the most up-to-date optimal path. In addition, a proxy function in mesh access point is
implemented so that the stations can access the mesh through the access point without any
modification to themselves. Using the prototype, it will be shown that the video quality can

be significantly improved over the traditional minimal hop based routing protocol.

4.2 Related Works

To improve the traditional hop count metric, in [88], a metric called "expected
transmission count" (ETX) has been proposed. The ETX estimates the expected number of
MAC layer transmissions needed to successfully deliver a packet through a wireless link. The
path with the lowest sum of the ETX's of all links along the path (the path with the lowest
ETX cost) is selected. The ETX captures the effects of packet loss rates on a link but does not
take different transmission rates and the available bandwidth of the links into account. A
metric called "expected transmission time" (ETT) has been proposed to improve the ETX by
considering the differences of link transmission rates in [89]. The ETT of a link is defined as
the expected MAC layer duration for a successful transmission of a packet on the link. The
cost of a path is the sum of the ETT's of all links along the path. The ETT takes the impact of
different link transmission rates into account. However, it does not fully capture the impact of
the traffic load and the available bandwidth of the link as well as the interference in the

networks due to the shared medium.
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4.3  Metric Design and Routing Algorithm Enhancement

4.3.1 Radio and Bandwidth Aware Routing Metric

The unique characteristics of mesh networks and streaming video support, such as the
shared nature of the wireless medium and flow-type traffic pattern impose unique
requirements on designing routing protocols and metrics. A new radio and bandwidth aware
routing metric is designed to fit these requirements. The metric captures the impact of various
aspects of a wireless link in mesh networks, including the radio transmission rate, loss rate,
traffic load and available bandwidth of the link as well as the interference due to the shared
medium in the networks. The value of the link metric may change frequently due to dynamics
of link quality and traffic load, especially when the traffic load on a link is considered in the
metric, which may lead to route instability. It is important to ensure the route stability with
good routing performance even in the face of rapidly changing link quality and load
variations. Therefore a method is also proposed to achieve quick responses to link state and
network topology changes while maintaining the route stability by quantizing the routing

metric.

Let 7,, denote the protocol overhead at the medium access control and physical layers,
and L denote the test packet size. Given a radio transmission system, 7, is a constant, for
example, 185us for 802.11a radio and 699us for 802.11b radio [90]. The size of test packet L
can be a pre-configured constant, for example, 8224 bits. Furthermore, let R denote the link
bit rate at which the node transmits a packet of the standard size L under current channel
conditions. The link bit rate depends on the local implementation of the link rate adaptation.

Let E, denote the packet error rate if the node transmits packets of the standard size L at the
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transmission bit rate R. E, can be measured and estimated by a node in the mesh network
locally. Let p denote the load/utilization of the channel that is related to the available
bandwidth on the channel. The weighted radio and bandwidth aware (WRABA) routing

metric for a radio link can be calculated as

WRABA = (T, + Ly 1P 1 @.1)
R 1-p 1-E,

where W;(p) is a weight function, depending on p. Some possible forms of W;(p) are
(1) Wp)=1

In this case, all links are weighted equally.

1 P =Py
M(P)=1K1 pPo <P < Pmax
2) ® P > Pmax

In this case, links with channel load less than p,are weighted equally. Links with channel
load between p, and p,,,, are weighted with an integer K;. Links with channel load greater

than p,,., are not considered in the path selection because their cost is infinite.

The WRABA link cost function represents a composite routing metric, which takes the
radio resources consumed by sending a packet over a particular link and the load/available
bandwidth on the link into account. Both the link quality and load varies so the value of
WRABA changes frequently. I[f WRABA is used directly as the routing metric, the path may

change frequently, leading to route instability. In order to achieve quick response to the link
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state and network topology changes but also to maintain the route stability, a quantized
version of WRABA is used as the link cost function. The quantized WRABA (QWRABA)

can be in the form of

Ceiling M xWRABA/ Q) Ceiling M xWRABA/ Q) <M (42)

OWRABA=
M+l CeilingM xWRABA/ Q) > M

where M is the number of quantization levels and Q is the quantization factor. Generally, the
system designer can choose a suitable O depending on some targeted tradeoffs of route
stability and network response time to link state and network topology changes. In order to
use a limited number of bits (a fixed size field) to represent the value of QWRABA, the value

of QWRABA can be truncated to M+1 if it is larger than M+1.

A node can estimate the load of the channel to each of its neighbors. One possible method
to estimate the channel load is to use the channel busy time. Due to the shared nature of
wireless channels, the channel busy time is defined as any time when any node within the
interference range performs transmission on the channel. When a node uses the channel to
transmit a packet, this channel is busy and other nodes within the interference range cannot
simultaneously transmit using the same frequency. If another node attempts to transmit
during this busy time, a collision occurs and the transmitted packets of both nodes suffer
errors. If the estimated channel busy time is 7, during a measurement period 7, the
channel load is p = T}, / T,. Channel busy time is the time during which either the physical
carrier sense or network allocation vector (NAV) indicates channel busy. When the
QWRABA link cost metric is used, the path with the lowest total sum of the QWRABA of all

links along the path is selected. In the implementation, we add a new field called Pcost in the
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routing table. The RREQ and RREP messages in the AODV are also extended to include a

metric field to carry the metric information.

4.3.2 AODV Enhancement

AODYV enhancements are implemented in this prototype. A new method for processing
RREQ messages and generating RREP messages is proposed so that the best path can be
discovered without incurring significant route discovery latency. Periodic route maintenance

is also implemented to adapt to the up-to-date optimal path.

The route discovery latency is especially detrimental when an active path breaks or a
station is handed over from one mesh access point to another. To reduce the route discovery
latency, in one mode of the traditional AODV operation, an intermediate node with a valid
route to the destination node may respond to the RREQ with an RREP message. The RREP
message is sent back to the source node in unicast and establishes a forward route to the
destination node. If a flag in the RREQ is set, this intermediate node also unicasts a
gratuitous RREP to the destination node so that the destination node learns the route to the
source node. However, in the traditional AODYV, if an intermediate node generates a RREP
(because it has a valid route to the destination node), it discards the RREQ. With this
approach, although the source node can find a route to the destination node more quickly, the
best end-to-end route may not be found because the route cached in the intermediate node
may not be the up-to-date best route to the destination. The metrics of the path may have

changed due to the dynamics of wireless networks, making the cached route less desirable.

In order to discover the best route without incurring significant route discovery latency,

we enhance the AODV in our implementation. When a source node S wants to discover the
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route to a destination node D, it broadcasts a RREQ with the destination node D specified in
the destination list and the metric field initialized to 0. The RREQ message contains a new
flag 'F' for each destination node. The source node sets the flag 'F' corresponding to the
destination node in the RREQ when it initiates the RREQ flooding to discover a route to the
destination node. Each node may receive multiple copies of the same RREQ that originated
in S and traversed a unique path from S to the node. When a node receives a RREQ it creates
a route to S or updates its current route if the RREQ is fresh enough and is traversed through
a route that offered a better metric than the current route to S. If a route is created or
modified, the RREQ is also forwarded (re-broadcasted). Whenever a node forwards a RREQ,
the metric field in the RREQ are updated to reflect the cumulative metric of the route to the
RREQ’s source from that the forwarding node. During the RREQ flooding, the first
intermediate node with a valid route to the destination node responds to the RREQ with an
RREP message if the flag 'F' is set. The RREP message is sent in unicast towards the source
node and thereby quickly establishes a temporary forward route to the destination. Thus, the
source node can use this temporary forward route to send data packets with low route
discovery latency. Furthermore, instead of sending a unicast gratuitous RREP to the
destination node, the first intermediate node changes the flag 'F' in the RREQ message and
forwards (re-broadcasts) the updated RREQ message downstream towards the destination
node. The reason to change the flag 'F' (after the RREP message is sent) is to suppress any
RREP messages from subsequent intermediate nodes for the destination. Along the route
traversed by the RREQ message, only the first intermediate node with a valid route to the
destination node replies with a RREP for this destination node. Since the flag in the RREQ
has been changed, the downstream intermediate nodes would not respond to this RREQ and

only propagate it even if the downstream intermediate nodes have a valid route to the
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destination node. The RREQs eventually reach the destination node. The destination node
can select the best route based on the end-to-end metrics and send a new RREP back to the
source node to establish the best route between the source node and the destination node. If
the best path is different from the temporary forward path that was established via the RREP
from the intermediate node, the source node will switch to the best path once the best path is
established. Note the difference between our method and the traditional AODV is that the
RREQ continue to be forwarded after the intermediate node sends the RREP. Therefore the

best path can be discovered in our proposed way.

Due to the dynamics of a wireless environment, it is possible that the initial best metric
route established may become worse or other routes may become available that provide a
better end-to-end metric. However the traditional AODV protocol continue to use a
discovered route until it fails/breaks, which results in performance degradation, especially
with a long-term video streaming session. Each active source node sends a periodic RREQ
message (maintenance RREQ) for the destination(s) that it is communicating with.
Maintenance RREQs enable the nodes to adapt to the changes in the network conditions and
help maintain the best metric routes between nodes. The time between two consecutive
maintenance RREQs is referred as a refresh-round. Route-maintenance is driven by the
source node and the rest of the nodes do not need to do any special processing of control
packets during the route maintenance phase. Specifically, processing of maintenance RREQs
is the same as processing of the RREQs generated during the route discovery phase. Note that
the flag 'F' is not set at the source in the maintenance RREQ so the intermediate node will not

respond the maintenance RREQ with the RREP and only propagate it even if the intermediate
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node has a valid route to the destination node. The reason is that a valid route from the source

to the destination has existed at the route maintenance.

In some cases, when a RREQ propagates through the network, a node that already has the
best metric route to the RREQ originator may learn lower quality metric routes to the
originator before receiving information through the current best metric route. Hence, a cache
may be used to improve route stability by not immediately switching to a worse metric route
than the best-known route. It allows a good route to continue to be used for a period of time
when a RREQ message that would normally propagate along the best path is lost or when a
new worse metric RREQ is seen before the best metric RREQ is seen during a particular
refresh round. Note that the source node can generate one RREQ per destination, and to
reduce control traffic in the network, it may generate one RREQ and include multiple

destinations.

4.4  Experimental Results
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Figure 4.1 Experiment setup
The experimental results are gathered from the following setup as shown in Figure 4.1.

The testbed is composed of 5 nodes to form a basic mesh network. Each of nodes is within
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the transmission range of other nodes. There are four nodes running the enhanced AODV
routing algorithm at the IP layer and node 4 also works as a proxy to provide the access to the
mesh for the laptop (node 5). The relay nodes are equipped with two mini-PCI 802.11a/b/g
wireless interfaces. All of the nodes use Linux OS with the kernel version 2.6.9. Among the
mesh nodes, we create an 802.11b network in channel 1. For simplicity, we manually
configured the link rate of each link used by the mesh nodes. The link rate between the video
server (node 1) and the proxy node (node 4) is set to be 1Mbp/s, the rates of the link between
node 1 and node 2 and the link between node 2 and node 3 are both set to 5.5Mbp/s, and the
rates of the link between node 1 and node 3 and the link between node 3 and node 4 are both
set to 11Mbp/s. In our initial implementation and experiments, we only take the impact of the
link rate into account and do not consider the traffic load and link loss rate. These factors will
be investigated in the future. The station associates with the proxy in an 802.11a network
using channel 40. The media file we use is an MP4 file compressed by H.264 codec with a

frame rate of 24 frames/s and the average data rate is about 950kbp/s.

The laptop (node 5) starts a streaming request to the server from 0 second and we will turn
on node 2 at around 50 seconds and turn on node 3 at around 70 seconds. The whole

streaming session will last 120 seconds. The route refresh interval is set to be 10 seconds.

Figures 4.2 and Figure 4.3 show the total packet loss number and jitter experienced at the
receiver within the test period, respectively. The red line shows the status when we just use
the traditional AODV algorithm, and once the video streaming session is started, it would
keep using the one hop link 1<->4. We can see that during the streaming session, because the
average video data rate is close to the available link rate and the required link rate for the

video streaming will actually be higher than the available link rate 1 Mbps at most of the test
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time due to the protocol overhead and variable video bitrate. There is a continuous data loss

in the session and the jitter is very large so the video quality is poor.
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Figure 4.2 Accumulated packet loss number vs. time in two cases
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Figure 4.3 Inter frame jitter vs. time in two cases

The blue line shows the status that we turned on the relay nodes in the middle of the video
streaming session. When we turned on node 2, in the next routing refresh period of the

server, the server sends out the refresh RREQ and at this time, the cost of the two hops path
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1<->2<->4 will be better than the one hop path 1<->4, then the server changes the route to
node 4 by selecting node 2 as the next hop. In this path the effective link rate could be around
2.75Mbp/s that is higher than the data rate required by video streaming. We can see from
Figures 4.2 and Figure 4.3, after node 2 was turned on, the accumulated packet loss number
did not increase and the jitter in the receiver side also dropped significantly. It showed the
low-cost two-hop path is much better than the high-cost one-hop path. In addition, after we
turned on node 3, the route will be switched to 1<->3<->4 because it has the lowest cost.
Because the previous route is already good enough to transmit the video, we do not expect to
see much improvement in packet loss number or jitter. This test showed that the minimum
hop count route will not be a good metric in route selection. Using radio and bandwidth
aware metric is more reasonable and with periodic route maintenance, applications can
always try to maintain the best route available to improve the quality of services and the
whole network throughput. Besides these, the proxy node can provide a flexible and easy
way to access to the mesh network for those stations which do not need to run the routing

protocol.

45 Summary

In this chapter, we describe the design and implementation in a prototype for video streaming
over wireless mesh networks. A radio and bandwidth aware metric is proposed and compared
with traditional minimal hop count based routing metric. The metric captures the impact of
various aspects of a wireless link in WMNS, including the radio transmission rate, the loss
rate, the traffic load and the available bandwidth of the link as well as the interference due to
the shared medium in the networks. The value of the link metric may change frequently due

to dynamics of the link quality and the traffic load, especially when the traffic load on a link
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is considered in the metric, which may lead to route instability. It is important to ensure the
route stability with good routing performance even in the face of rapidly changing link
quality and load variations. A quantization method is proposed to maintain the route stability
while achieving quick response to the network dynamics. Furthermore, in order to improve
the performance, several enhancements for AODV routing protocol are implemented. In
addition, a proxy function in mesh access point is implemented so that the stations can access
the mesh through the access point without any modification to themselves. The initial
Experimental results show that the traditional minimal hop count based routing protocol is
not suitable for video streaming in the terms of packet loss and network jitter. The routing
metric and enhanced routing algorithm we proposed performs much better than the tradition

AODY routing algorithm.
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Chapter 5. Video Streaming in Infrastructure Wireless

Mesh Networks

Multimedia streaming over multi-hop Wireless Mesh Networks (WMNG) is a challenging
research topic. WMNs have a number of advantages including ease of deployment, no cable
cost, automatic construction among mesh access points (MAPs) and self-maintained
reliability. Since WMNSs differ from Mobile Ad Hoc NETworks (MANET) in that the MAPs
are stationary and not power-constrained, and they can provide mesh cache services, they are
more suitable for high data rate services such as video streaming. It is more difficult to do
streaming over WMNSs than that over the wireline Internet. There are many reasons for that,
and one of them is that the wireless link quality fluctuates from time to time. The wireless
link quality depends on the received radio signal strength, the packet loss ratio, the link data
rate, the traffic load on the link, and the contention among nearby nodes which reduces the

throughput of multi-hop path greatly as the hop count increases.

In this chapter, we propose UPAC, a unified P2P and cache framework for video on
demand over the infrastructure WMNSs. One of the main goals of UPAC is to explore the
cooperation among all the participants including mesh content server and streaming peers. In

general, the MAPs in UPAC have the capability to cache selective content, and each MAP
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and client in the system is willing to cache content and cooperates with others for content

exchange.

5.1 Related Works

To date, most of the progresses in WMNs are focusing on providing last-mile accessibility
for Internet access [60][61], and the capability for streaming services over WMNs has not
been well explored. Research works to improve the performance of multi-hop wireless
networks have also been done at different layers. High throughput routing metrics are well
researched [62][63], and the performance of existing transport protocols and new transport
protocols have been studied [64][65] to improve the throughput of the multi-hop wireless

network.

Multimedia streaming is one of the applications with the most demanding requirements
for network capacity and path quality because of its delay-sensitive, loss-tolerant and high
quality requirements. Research on video streaming over multi-hop wireless network includes
the following categories: application layer processing, transport layer enhancement, cross-

layer design, cache placement/replacement and overlay cooperative approach.

Some of the previous works focus on cross-layer adaptation design or centralized multi-
user resource allocation [66][67]. In [68][69], for the case of single receiver, the authors
propose schemes based on path diversity and MDC to improve the robustness of the video
reception, but few of them show the scalability, capability and video streaming performance
with a large number of clients within a given size of WMNSs. Few consider the cooperation
among clients and servers either. In WMNSs, One of the key tasks of mesh routers is to relay

packets for the end clients. The relay cost could be very large, hurting the scalability and
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capability of the whole WMNs [70]. In multimedia streaming applications, the problem could
be more severe because of the high data rate and the long duration of the application. In [71],
the authors describe a bandwidth estimation algorithm to perform admission control over
multi-rate wireless mesh networks. However, the authors did not describe how the route

change of each flow will impact the entire routing process.

In [73], the authors describe a TCP-friendly transport protocol for ad hoc networks, and
the idea is to use the end-to-end network measurements to detect the wireless network
behaviors. However, in 802.11 wireless network scenarios, it is not sufficient to use only end-

to-end metric without considering the lower layer information.

In [72], the authors propose a media-aware rate allocation algorithm that adjusts the video
rate based on both video content and network congestion. According to the link state
information, the video sender can change the video rate. This scheme considers the cross-
layer information of the application layer and the routing layer. In [74], the proposed cross-
layer design considers different control parameters across different layers, e.g., applications,
networks, medium access control and physical layers. The algorithm tries to maximize the
decoded video quality in multi-hop wireless network. However, most of these cross-layer
approaches do not consider the cooperative potentials of MAPs and clients, thus cannot fully

explore the capability of WMNSs.

To use the cache capability of the MAPs, some of the research works tried to address the
cache placement/replacement problems in WMNs [75][76]. Although the cache
placement/replacement problems have been well studied in the wireline networks, the
strategies used in wireless scenarios are different from those in the Internet. In [75], the

authors proposed CacheData, CachePath scheme and a hybrid approach which explores the
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strategy of caching data on the transmission path only. In [76], the authors present the sub-
optimal solution for caching in multi-hop wireless networks by caching data at a limited
number of nodes across the network, considering the trade-off between caching overhead
cost and access latency. With these caching strategies, the system performance is improved in
terms of throughput and access latency. But these approaches do not fully consider the mesh

topology in today’s WMNSs and are lack of peer cooperation.

The works about P2P streaming over WMNs include [77][78]. In [77], the collaboration
among peers is studied. The authors use the scalable video coding to design cross-layer
optimization strategies which allow efficient adaptation to varying channel conditions and
available resources. However, this approach requires extra control overhead and the dynamic

path update is not considered.

In [78], the authors studied peer-to-peer streaming over WMNs, in which a central server
is used to find the best route from each client to other peers that minimizes the received video
distortion. This approach requires the central server has the knowledge of the complete

network connection status, which is difficult in dynamic wireless environments.

In summary, although significant progress has been made for video streaming over multi-
hop wireless networks, there still lack works on cooperative caching and peer collaboration
by considering the lower layer information, and the capability of the WMNs for video
streaming applications are still not clearly understood. One of our contributions in this
chapter is to propose a framework in which cache servers and clients are collaborating to

improve the overall video streaming performance in WMNS.

72



5.2 Design of the UPAC Framework

In this section, UPAC, a unified P2P and cache framework for video on demand over the
infrastructure WMNSs is described. The framework employs both CDN and P2P techniques.
UPAC has the following characteristics: (1) In UPAC, a client device can concurrently form
a P2P relationship with MAP content cache servers and other peer devices as well as a client-
server relationship with MAP content cache servers. (2) The MAP content cache server in
UPAC supports both content streaming and P2P data downloading/fetching. It is important to
note that the scheduling schemes for content streaming and P2P content fetching are
different. The content streaming requires in-order delivery of streamed content. The P2P
content fetching may use a different policy of dissemination among the peers. (3) Server and
peer selection schemes with the consideration of cross-layer metric are performed. (4)
Distributed admission control algorithm with per-flow routing is proposed. (5) Further
improvement for streaming is implemented e.g. periodical path maintenance and
complementary streaming from cache servers. One of the basic goals of UPAC is to use the
cooperation among cache servers and peers in an interference aware manner to reduce the
impact of the long and unreliable path so as to improve the overall streaming quality of

WMNE.

We assume that the MAPs use 802.11 radios to construct the wireless mesh backhaul
infrastructure. Selected MAPs in the mesh network have the capability to cache.
Alternatively, content servers are co-located with selected MAPs in the WMN:Ss. In the rest of
this chapter, we simply call MAP content cache server, or the content server co-located with
a MAP as mesh content server. The mesh content servers in the framework play two roles:

VOD streaming server and peer. As a VOD server, a mesh content server can stream video to
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the clients as requested. As a peer, it is a downloading peer in P2P networks. The mesh
content server supports two scheduling schemes, streaming and downloading. The video
streaming requires in-order delivery of streamed video data. P2P downloading may use a
different dissemination policy, e.g. to maximize the data availability among the peers. Client
devices, if available in the mesh, also serve as best-effort peers to further reduce the
consumption of network resource on the path from the source to the sink, and balance the
network traffic load. A device can form a P2P relationship with mesh content servers and
other peer devices. Meanwhile, it establishes a client-server relationship with mesh content

SCrvers.
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Figure 5.1 A unified P2P and cache server system for video streaming over WMNSs.

Figure 5.1 illustrates an infrastructure WMNSs. It consists of MAPs/routers and client

devices. The MAPs are interconnected via wireless links to form a multi-hop backhaul
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infrastructure. One or more MAPs connect to the wired network and work as gateways.
MAPs participate in routing and data forwarding too. Due to the two functions of access and
relay, a MAP supports two types of wireless network interfaces. The access interface
provides network access for client devices, while the relay interface is used to construct the
wireless multi-hop backhaul and relay client’s traffics to the destinations. In general, the two
interfaces work on non-overlapped channels to avoid interference with each other. A mesh
client device (e.g., laptop or dual-mode smart phone) associates with one of its nearby MAPs
to access the mesh network. It does not participate in the packet relay and routing process.
The device simply sends (or receives) packets to (or from) the associated MAP in the same
way as what it does in a single-hop WLAN. The rest of the packet delivery is handled by the

MAPs through the backhaul routing protocol.

It is assumed that there is a main content server as the original content source. The main
content server may reside outside or inside the WMNSs. Many schemes have been proposed to
download the content to the cache servers. It is assumed that content is delivered to the mesh
content servers located in the WMNs through mechanisms such as off-peak hour’s delivery.
It is necessary to pay attention that the mesh content servers are the MAPs with the capability

of cache or co-locating with a content server.

The mesh content servers are placed according to the policy that each mesh client device
can access at least one mesh content server within a few hops, because each mesh content
server will serve some parts of the content to the nearby client devices and the hop count
should be as small as possible. This is especially true in a single radio WMNs since the hop
count affects the available bandwidth and the delay significantly. WMNs use the shared

medium. In a shared medium, a flow may interfere with itself during data forwarding from

75



one hop to the next and also interfere with other neighboring flows. In UPAC, we assume

that the mesh content servers are placed appropriately.

In this framework, to incorporate the P2P downloading, the clients try to retrieve the video
content through P2P overlay as much as they can while the servers devote their resource to

stream the urgent data and provide better QoS.

The content file is divided into multiple equal-size segments which are denoted as clips.
The playback time of the start of a clip minus a time delay D is defined as the deadline of this
clip, i.e. the deadline of a clip is the time D before the playback time of the start of the clip. D
is a parameter related to the network transmission and processing delay. For a different clip, a
client device may have different mesh content servers and peers. The client looks each clip as
an independent file and obtains the clips in their original order before their deadlines. By
dividing the large file into clips, the client device can adapt to dynamic network conditions
and topologies better. Different mesh content servers may cache different content or different
clips of the same content. For each clip, a client device discovers the mesh content servers
either in a centralized scheme via the main content server or in a distributed way, and then a
primary server and a secondary server are selected. Different mesh server discovery and

selection schemes will be described and compared in Section 5.5.

For P2P data fetching, similar to BitTorrent, a tracker module is used. A P2P tracker
module can be hosted on a MAP or a mesh content server, or it could be an entirely separate
device. It provides the P2P network directory service for the client devices. The P2P tracker
for the content or content clip is known in advance by the client devices through
configuration or other means. Each peer updates their status periodically with the P2P tracker

so that the P2P tracker maintains the up-to-date information of the peers in the P2P network
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for the content clips. It should be noted that each mesh content server can run the P2P
protocol and serve as a peer as well. Once its P2P fetching for a content clip is activated, a
client device first issues a query to the P2P tracker. The P2P tracker sends reply messages to
the client device. The reply messages contain a set of the peers that can provide the content
requested by the client device. Then the client device establishes peer relationships with the

selected peers to fetch/provide content to itself and other peers.

Because of the limited number of peers, scarce network and processing resource, and the
dynamic that each peer may experience in WMN:ss, there is no guarantee that the client device
can get the data in time from other peers. The client device can request the first N content
clips (N > 1) streamed from one or more mesh content servers to ensure that the data
requested by the client device is available and the startup delay is minimized. The client
device requests the first clip (clip i=/) from the primary mesh content server selected by its
first clip. If the primary mesh content server becomes unavailable, the client device will
immediately request the first clip from its selected secondary mesh content server. Then the
client requests the second clip (clip i=2) from the primary/secondary mesh content server
selected by its second clip. This process continues until clip i (i=N) is received from the

primary/secondary mesh content server of clip i.

Meanwhile, the client device requests and fetches other clips of content (i>N) from its
peers and tries to use peer resources as much as possible. For the P2P data fetching of each
clip in UPAC, a mechanism similar to the BitTorrent system is used. The clip is further
divided into smaller chunks or sub-clips. These small chunks are exchanged (fetched or
provided) among the peers. Within one clip, an example policy is that the rarest data chunks

are first fetched from the peers. In our framework, an urgent data first policy combing with
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rarest data first policy is used for P2P data fetching. We discuss this in more detail in Section

5.7.

If the content in a clip cannot be fetched from peers before its playback deadline, the
client device requests the missing data from its primary mesh content server directly. Then
the primary mesh content server streams the missing data to the client in order. Furthermore,
if the primary mesh content server becomes unavailable, the client will immediately request
the missing data streamed from its secondary mesh content server. The secondary mesh

content server streams the missing content data to the client device.

In general, a mesh content server has three main tasks. First, a mesh content server is
responsible for streaming the first NV clips of the requested video content to the requesting
client device. Second, a mesh content server provides complementary streaming for missing
data before the playback deadline of a clip. Third, the mesh content server serves as a P2P
seed for content data. When a client device requests content using P2P technique, the client
device takes some time to discover the peers, establish routes to the peers, locate and
download the desired content. In real time applications, a long startup delay is not desirable.
In addition, there is no guarantee that other peers have the requested content data. Therefore
the mesh content servers are used to stream the first V clips of the content data to the client so
that the startup delay is reduced. Each clip of content should be fetched before its playback
deadline with the above P2P technique. Once the playback deadline of a clip is reached, no
P2P fetching of the playback clip is allowed since the newly downloaded data can be
outdated. Instead, the client device requests complementary streaming of miss data in the clip

from the mesh content server because complementary streaming provides the content data in
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its original order with less latency. Complementary streaming helps the client device get the

data which cannot be fetched in time from other peers.

Note that a client device only associates with one of the MAPs and does not participate in
routing within the infrastructure WMN. The client device sends the peer-request packet to its
peers via the MAP that the client device is associated with. When the MAP receives a peer-
request packet, or any packet destined for a peer, the MAP discovers, establishes, and
maintains the best route to the peer on behalf of the client device using an on-demand or

proactive routing protocol based on the destination address in the peer-request packet.

To facilitate cross-layer design for improving P2P data fetching performance, we
implement a proxy at each MAP. The MAP informs the associated client device of the path
cost to the peers of client device and whether the peer is associated with the same MAP as the
requesting client device. Therefore, the client device has the path cost information to each of
the peers with which the client device can establish communications for the purpose of
exchanging content. When a client device fetches data from its associated peers, the client
device gives higher priority to the peers associated with the same MAP or with better path

cost.

5.3 Problem Formulation for Server and Path Selection

One of the important issues that affect the video streaming quality in WMNs is the
interference within the networks. There are inter-flow and intra-flow contentions around each
MAP. To support high quality streaming services, it is very important to select proper

servers/peers and path that can reduce the impact of interference. In this section, we
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formulate the server and path selection problem in WMNSs and a heuristic solution will be

proposed in Section 5.5.
5.3.1 Overview

A wireless mesh network can be represented by an wundirected connected

graph G=(V,E), where V is the set of wireless nodes in the network, which includes
gateway (GW), MAPs and mesh clients, where gateway is the connection between the mesh

backhaul and the Internet. In graph G, all the nodes belong to} ={v,|i=12,...N}, and
E={e;|v,v;eV} is the set of wireless links. The set of MAPs is denoted
as  V,={,0]i€gV, |} and the set of  clients is denoted

asV. ={v.(i,)) i€V, |.j€V,. |}, whereV,, UV, =V . We assume there are a fixed number

of video servers that locate at the MAPs all over the WMNSs, and the set of servers is Vs

( VseV, ). The set of clients associated with MAP 1 is denoted as
Ve(@)=4{ve (i, j) | v (i, j) associated with v, (i)} . For each link e, , we denote the capacity of

the link as C;, and the link error rate aserr; .

The path from mesh content server i to client j can be defined as:

Pa(i,j)= Y e,-K,(i,j), where K, (i, j) = (5.1)

e, €k

1 e, isonthe pathi— j
0 e, is not on the pathi — j

In WMNSs, each MAP has two interfaces, one is the relay interface for the backhaul

connection and the other is the access interface for the clients to associate with this MAP.
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To avoid inter-cell interference, we assume the neighboring MAPs use orthogonal
channels for access interface. Then there are two kinds of interferences in the network. They
are interference between MAPs and the interference among clients associated with the same

MAP. For the relay interface of each MAP, if there is a constant transmission range 7, and a
constant interference range [, , where I, > a-T, (a >1,usually >2), then an interference

free transmission between node i and node j must satisfy the following constraints:

1) node i and node j are communicating through the same channel, 2) their Euclidian

distance DIS, is less than the transmission range 7, and 3) any other node k with

DIS,, <1, or DIS, <I, must not transmit any data when node i, j are communicating with

each other.

These constraints are strict in order to achieve a collision-free scenario. According to
these definitions and constraints, the interference model for the backhaul of WMNs can be

modeled as a conflict graph G'(JV',E"), in which the vertices are wireless links and are
denoted asV'=E={e, |v,v; €V} . To generate the edge set E’, we will draw an edge

between two vertices if these two wireless links cannot be used simultaneously.

For example, a connected graph and the corresponding conflict graph are shown in Figure

5.2 and Figure 5.3 respectively.
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Figure 5.2 Example: original topology

el

Vi

Figure 5.3 Example: conflict graph for the original topology

In this graph, there is no edge between e;, and e4s, which implies they are not interference

with each other and they can transmit data simultaneously.

Because the interference happens only between neighbor edges in G’, the neighborhood

o : B L
nodes in G’ of node ¢, is defined as Ne,:, ={e, | ., is neighbor of e}

For video streaming applications, there is a minimal requirement for the link resources to
guarantee the QoS. Because of the existence of the interference from the intra-flow and inter-
flow contention, for a given network, the path needs to be carefully selected to minimize the

effect of contention.



Next, we will discuss the link utilization and path assignment constraints in 802.11
wireless networks. In this discussion, we consider CBR traffic with a constant data

rate R =17*S, where S is the size of the packet and I is the number of packets sent per
R . . . . . .
second. We cannot use E as the link consumption ratio, where C is the link capacity,

because the protocol overhead in the 802.11 MAC layer plays an important role in bandwidth
consumption. For any single hop transmission without RTS/CTS, the transmission time for a

single packet with size S can be written as:

T, o+ - + 5 (5.2)
c c

sifs hmac oh

=2T

PKT + Tdifs + Tbackuff + T, +T

plep

where S is the size of the packet, and 7, r, ,T..,T . T andT,

backoff >~ plcp > * difs > " sifs T ack hmac are the time for

retransmission back-off, transmission of physical layer header, DIFS, SIFS, ACK and MAC

layer header respectively.

The total air time/second used by this flow will be / *7,,,, which is also the link

utilization ratio of this flow.

We define a flow from server i to client j as f; and f; (e, ) as the traffic of flow f, on

linke,, . We define f(e,)as the aggregate traffic of all flows on linke, , and then we

Vv 2

have f(e, )= z fi(e,) . We also denote the total outgoing flow from node u as

iels,jele

S = Z fie,)-K,(G,j) and the total incoming flow to node v

€ €5 (1)
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as f. = (e )-K (i, ), where S(u)is the set of the outgoing links from node u and
*V z j;j( uv) uv ] g g

e, €D(v)

D(v) is the set of the incoming links to node v.

If we assume that the packet size for all flows is the same, denoted as S, we can also

define the air time of f;, on linke,, to be

SUy) _

uv

S
T,(f;)=TorW,v,i, ) =T, + 7:’/’+C_ , where 7T, is the radio protocol

v

overhead and C, is the capacity of the link e, .

We assume each packet has a delay constraint 7 , which is related to the network
transmission delay, queuing delay and the playback buffer time. If the average queuing delay
at mesh router is defined as Q, then the delay constraint can be written as

ST () K, G D+ 1K, G )I-D*0<7 (5.3)

ey ek e, €E

Within the scope of our discussion, it is assumed that there is no multi-path routing exists.
That means there is no flow splitting at each MAP. Once the decision of the server and path

selection is made, the flow always originates from the server to the client follow the same

path. This constraint can be written as Z K

uv
epeS(u)

(i,j)<1. For flow f, at each MAP, only

one edge is selected for the next hop.
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5.3.2 Problem Formulation

In UPAC, there are |V | streaming servers and |V, | streaming clients. In order to

achieve the goal of admitting the maximum number of concurrent streaming sessions under
certain QoS requirements, each server will serve the clients through optimal selected path and
each client will use an optimal selected server. The problem then becomes to finding an
optimal server selection and path selection algorithm that, for a certain number of clients, the
overall link usage for all the flows can be minimized. For each streaming request, not only
the path, but also the best server for the request is selected. Because the future client joining
is unknown, the residue resources of the network needs to be maximized or the overall
network resources usage needs to be minimized at any time if more clients need to be
admitted in the system. In other words, for a given number of clients, we need to minimize
the overall usage of the network resources subject to certain constraints. For any mesh router

node m , we define A(m) as the set of clients associated with mesh router m . For any
node c that is not on the WMN backhaul, M (c) is the mesh router that node ¢ is associated

with. We denote f

souce

(m) as the aggregate traffic generated by servers associated with mesh
router m and f  (m) as the aggregate traffic that will end at client associated with mesh

router m. Given a static WMNSs, the network resources are fixed. All the network resource
consumption is generated by traffic and interference. For a fixed number of flow requests

from clients, the overall objective will be:

min 37 L6 (54)

€ ek uv

Subject to:
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fsink (u) = Z f; j

JeAGNVe
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> f.=0
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f(e,)=0 Ve eFE
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Constraint Eq.(5.5) states that for any flow, it has to use and only use one server.
Constraint Eq.(5.6) states that any flow will be end at the requesting client. Constraint
Eq.(5.7) states that for each flow, at each intermediate node except source and sink, the flow
is balanced. In, constraint Eq.(5.8) and Eq.(5.9), for any mesh router, the aggregate traffic

generated from the server co-located with the mesh router is defined as f

ouree() and the
aggregate traffic going to the clients associated with the mesh router is defined as

J... () respectively. Constraint Eq.(5.10) is the flow conservation constraint at each MAP.

Constraint Eq.(5.11) and Eq.(5.12) state that there is no traffic going to a server and there is
no traffic generated from a client. Constraint Eq.(5.13) guarantees that there is no negative
flow on any link. Constraint Eq.(5.14) guarantees that in the backhaul, within the interference
range for any link, the accumulated link usage cannot exceed 1. Constraint Eq.(5.15) is the
constraint of access link usage, which means that within the interference range of any access
link, the total link usage ratio is less than 1. Constraint Eq.(5.16) is the single path constraint,
which means that the traffic does not split at any MAP. Constraint Eq.(5.17) is the delay

constraint for each flow.

By solving this problem, under all the constraint, we can achieve an optimal solution for a
given number of streaming requests. The solution is the optimal for all the streams to select
the optimal server and path. When the number of streaming requests is increased, the system
will recalculate the optimal solution. Once an optimal solution is not feasible, we can say the

capacity of the network is reached.
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5.4  Solving the Mixed-Integer Programming Problem

In the last subsection, we formulated the problem of server and path selection with a
centralized control. By solving the problem, the system could obtain the optimal solution
under interference constraint, flow conservation constraint, delay constraint and etc. This

problem is a mix-integer programming (MIP) problem which is known to be NP-hard.

Generally, a mixed-integer programming is the minimization or maximization of a linear
function subject to linear constraints. More explicitly, a mixed-integer programming with n

variables and m constraints has the form:

g += mimimize CTx

subjectto Y = A&x = uF Mowm Ay omout om Ay om ot

where x; € £, ¥jisindex.

There are several common approaches to solve the problem:
e Branch and Bound

Branch and bound is the most widely used method for solving integer programs. Sub-
problems are created by restricting the range of the integer variables. For binary
variables, there are only two possible restrictions: setting the variable to 0, or setting

the variable to 1. More generally, a variable with lower bound 1 and upper bound u
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will be divided into two problems with ranges 1 to q and g+1 to u respectively. Lower
bounds are provided by the linear-programming relaxation of the problem: keep the
objective function and all constraints, but relax the integrality restrictions to derive a
linear program. If the optimal solution to a relaxed problem is integral, it is an
optimal solution to the sub-problem and the value can be used to terminate searches

of sub-problems whose lower bound is higher.

e Branch and Cut

For branch and cut, the lower bound is provided by the linear-programming (LP)
relaxation of the integer program. The optimal solution of this linear program is at a
corner of the polytope which represents the feasible region. If the optimal solution of
the LP is not integral, this algorithm searches for a constraint which is violated by
this solution but not by any optimal integer solutions. This constraint is called a
cutting plane. When this constraint is added to the LP, the previous optimal solution
is no longer valid and a new optimal solution will be generated. The new solution is
different and might provide a better lower bound. The iteration of cutting planes is
break until an integral solution is found, or it becomes impossible or too expensive to
find another cutting plane. In the latter case, a traditional branch operation is

performed and cutting planes are searched on the sub-problems.

It is important to understand that in a worst-case scenario, the time required to solve
integer optimization problems grows exponentially with the size of the problem. For instance,
we assume that a problem contains n binary variables, the time required to solve the problem

in the worst case may be proportional to 2". It is obvious that 2" is huge even if n is a
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moderate value. In practice, this implies that we should focus on computing a roughly

optimal solution quickly but not locating an optimal solution.

The branch and bound method is used to solve the problem formulated in the last section
with a certain relaxation of the termination criterion. The result of some certain test cases will

be presented in the Section 5.6.3.

5.5 Heuristic Solution for Admission Control

The optimal solution requires a centralized control to select the server and the path for
each streaming request at any given time. The system will recalculate the solution whenever
there is a new streaming request. Due to the computational complexity of the MIP problem, it
is impossible to get an optimal solution in real time. To solve this problem in the real time
scenario, we propose a heuristic solution based on a distributed admission control algorithm

with per-flow routing.

In the following, we first discuss the general server discovery and selection schemes to
determine the general server selection strategy. With this basic strategy, we implement the
distributed admission control algorithm with per-flow routing to improve the overall system

performance.

5.5.1 General Server Discovery and Selection Schemes

Before the admission control algorithm is further discussed, we first describe several
server discovery and selection schemes for video streaming in WMNs. We compare the
following schemes. The first two schemes are used in the wireline CDN networks and the

rests are schemes we propose.
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Centralized scheme with server load as the selection metric (Centralized-Load

Scheme).

In this scheme, a client device sends a request to the main server. The main server
selects a primary mesh content server and a secondary mesh content server to serve
this client device. It informs the client device of the selected mesh content servers.
The two mesh content servers with the least load or the least number of client devices
being served are selected for the client device as the primary mesh content server and
the secondary mesh content server, respectively. This mechanism does not require the
client device to have information about the server load and the path quality between
the client and the server. However, it requires the mesh content servers to report their

loads to the main server periodically.

Overlay scheme with end-to-end delay as the selection metric (Overlay-Delay

Scheme).

In this scheme, the main server sends a list of candidate mesh content servers to the
client device after the main server receives the request from the client device. The
client device measures the end-to-end delay to each candidate mesh content server
using probing packets. The client device selects the mesh content server with the
minimum end-to-end delay as the primary mesh content server, and the one with the

second least delay as the secondary mesh content server.

Distributed scheme with hop count as the selection metric (Distributed-HopCount

Scheme).
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In this scheme, the client device floods the WMNs with a mesh content server request
message for a content clip. Each mesh content server with the requested content clip
sends a server reply to the requesting client device. Note that the client device is
associated with a MAP and does not participate in routing. However, with the
underlying routing protocol, the mesh content servers have information about the hop
counts between themselves and the MAP with which the requesting client device is
associated. There may be multiple paths available between the mesh content server
and the MAP. Only the path with the minimum hop count is selected and used by the
routing mechanism. Each mesh content server uses its routing layer information and
informs the client device of its minimum hop count to the client’s associated MAP in
the server reply. The client device selects the mesh content server with the least value
of the minimum hop count as the primary mesh content server and the one with the

second least hop count as the secondary mesh content server.

Distributed scheme with a routing metric as the selection metric (Distributed-Routing

Metric Scheme).

The WMNs may use a routing protocol with a specific routing metric. For example,
the load-aware routing metric we proposed in Chapter 4 and the expected
transmission time (ETT) are this kind of mesh routing metrics. In the comparison, we
use ETT due to the public recognizing of this routing metric. We mentioned before
that the ETT for a link L is defined as the expected MAC layer duration for
successfully delivering a packet over the link. ETT;= (1/(1-e;))*s/r;, where ¢, is the
packet loss rate, 7; is the transmission rate of link L, s is the standard test packet size

(e.g. 1000 bytes). The cost of a path p is simply the summation of all the links along
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the path of ETT. The ETT metric captures the impact of packet loss and the link data
rate on the performance of the path. The path with minimum ETT cost is used by the
routing protocol. In the Distributed-ETT mesh server selection scheme, a cross-layer
approach is employed. Similar to the Distributed-HopCount scheme, the client device
floods a mesh content server request message over the WMNs. Through the
underlying routing protocol, the mesh content server obtains the ETT cost of the best
path from it to the MAP with which the client device is associated. The best path is
the path with the minimum ETT cost. Each mesh content server uses its routing layer
information and informs the client device of the ETT cost of its best path to the MAP
with which the client device is associated in the mesh content server reply. Then the
client device selects the mesh content server with the least value of the ETT cost as
the primary mesh content server and the one with the second least path ETT cost as

the secondary mesh content server.

In addition, a client device treats each clip of content as a separate file to adapt to the
dynamic network conditions. The client device discovers and selects the primary and
secondary mesh content servers for each clip independently. During the serving time of each
content clip, if the primary mesh content server becomes unavailable, the client device will
switch to the secondary mesh content server to obtain the content data. Meanwhile the client
device will re-initiate the server discovery and selection process using one of the above
schemes to identify a new secondary mesh content server. Simulation results (Section 5.6)
show that the Distributed-Routing Metric Scheme outperforms all other schemes and will be

used as the basic sever selection method in UPAC.
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5.5.2 Admission Control and Per-flow Routing

In the last subsection, several server selection schemes are proposed and the performance
comparison will be presented in the simulation Section 5.6.3. It is observed that the routing
metric based server and route selection algorithm performs better than traditional centralized
scheme and the schemes used in CDN. It is also shown that the distributed solution with ETT
as the routing metric performs the best among all the schemes. In this subsection, admission

control 1s introduced for UPAC.

In WMNs, it is possible that several streaming session flows go through the same path and
the capacity of the wireless link is reached very quickly. Any incoming streaming request
will become a burden for the network and severe packet loss may happen. All the new
streaming flows will impact the quality of the existing video streaming sessions as well.
Therefore it is necessary to let the MAPs perform the admission control. The MAPs will
monitor the current local link load and determine whether to admit new streaming requests.
With the admission control, in a heavy-loaded local network which reaches the capacity
already, the new streaming requests will be denied and the quality of the existing streaming
sessions is protected. By using the admission control, the network load is distributed further

so that more streaming requests can be supported through the whole WMNSs.

In the original AODV routing algorithm, there is no flow information stored by each
MAP. In the proposed enhanced AODV with admission control, each MAP stores the
information of the video flows passing through the node. As we discuss in Section 5.3, the
total traffic cannot exceed the network resource within the interference range. More formally,
if the up/down traffic usage around a MAP is considered, the routing algorithm can use the

interference Eq. (5.14) in Section 5.3 as the admission control criteria. In the enhanced
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AODYV, each MAP should maintain a flow table to record the information of all the flows
passing through the MAP. The information includes the unique ID of the flow, the source
destination, amount of reserved bandwidth and the flow status. Each flow entry has a life-
timer and all the entries are soft state. They can be automatically deleted if the timer expires.
The status can be one of the three values: requesting, reserved, and activated. The extra
information fields added to the routing protocol help distribute the topology and flow
requirement information to each MAP, so that MAPs can make an admission decision. Upon
a receiving ARP request, the source node broadcasts a route request (RREQ) to its neighbors.
Four fields are added to the AODV messages and they are “Flow ID”, “Rate”, “Packet Size”,
and “Bupsiream” Which specifies the link rate used by the previous hop. Buypsiream 15 0 at the
source node since it is the first hop. Bypsiream 15 used by the next-hop node to calculate the
aggregate link utilization required by the requesting flow. Based on the received RREQ, each
intermediate node calculates the aggregate link utilization introduced by the transmissions
over the last two hops and the next hop. This aggregate link utilization of the flow Ulypager
(aggregate link utilization) is checked against the interference constraint denoted in Eq.
(5.14). If the requirement can be met, then the node forwards (i.e., re-broadcasts) the RREQ
message. It also inserts an entry into its Flow Table, recording source, destination and Flow
ID, It fills in the ‘‘reserved bandwidth” field with U,pager and sets the status to ‘‘Requesting”.
If the requirement cannot be satisfied, then the node silently discards the RREQ. Although in
this way, it under-estimates the aggregate channel utilization introduced by the flow, it is
used as the first pass to filter certain non-qualified routes. Upon receiving the route request,
the intended destination sends back a route reply (RREP) if the available bandwidth is large
enough. Note that multiple copies of RREQ might arrive along different paths to the

destination. To increase the possibility of discovering a qualified path, the destination sends
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back a RREP for each copy of the RREQ. The same four fields added to RREQ are added to
RREP. At each forwarding MAP node, the admission control is performed. Each forwarding
MAP node calculates the aggregate utilization. Consequently, by summing up the aggregate
link utilizations calculated during the RREQ and RREP phases, a MAP node can get updated
total link utilization Uypager 0f the requesting flow and make admission decision using
Eq.(5.14). If satisfied, RREP is forwarded to the next hop and this soft-state reservation is
reflected in the Flow Table as ‘‘Reserved” for the status field. Only after the occurrence of
the first data packet of the flow, nodes update the status of the corresponding entry to
““‘Activated”, which means the indicated bandwidth that is actually in use. Although nodes
make reservations during the RREP phase, the route may not be established successfully due
to a variety of reasons, e.g. link failures and a decision of using a different route by the
source. Therefore, reservations must be maintained as soft-state and are deleted when the
associated timer expires. Specifically, each entry is associated with three timeout values:
route-reply timeout, data start timeout, and activity timeout. The route reply timeout is used
to remove an entry from the Flow Table if a node only receives a route request, but does not
receive the corresponding route reply in time. The data start timeout expires if a node
received a route reply for a reservation, but did not receive any data frame from the source
within this period yet. The activity timeout is used to keep track of flows which have not
transmitted any data frame for a long period of time. Besides the Flow Table, the routing
table in each router node will also be updated. For each Flow ID, there will be an entry. In the
original AODV, each MAP node manages the routing table for each (source, destination)
pair. With admission control enabled, it is possible that there exist different paths for the
same (source, destination) pair. If there is no flow information in the routing table, the route

will become unstable whenever a new flow joins. It is necessary to differentiate different
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flow IDs with the same (source, destination) pair. With per-flow routing, on each MAP, each
flow has its own specific route entry and the route for each flow should be maintained
specifically. One concern of per-flow routing is the overhead introduced. But the routing
process is done at the initial stage of each request or at the periodical route maintenance
stage. Compared with the amount of video data transmitted, the additional overhead is

negligible.

5.6 Simulation Results for Server Selection and Admission Control

In this section, we present simulation results to demonstrate the efficacy of the proposed
server discovery and selection scheme discussed in Section 5.5.1 and the distributed

admission control algorithm with per-flow routing presented in Section 5.5.2.

5.6.1 Server Discovery and Selection

In this subsection, we compare different server selection schemes.

In the simulations, the impact of multi-server vs. single-server is investigated. The
performance of the server selection schemes described in Section 5.5.1 is compared. The
impact of the periodical route maintenance that can keep the up-to-date route is also studied.
In this simulation, we add two more schemes, one is the single server scheme and the other is

the distributed routing metric scheme with periodically update.

Network simulator 2 (NS2) is used for the simulation. The routing algorithm is AODV-
UU with periodical route maintenance. A 10 x 10 grid topology with 100 mesh router nodes
is used. Each mesh router has one streaming client. The distance between neighboring nodes

in the horizontal and vertical direction is 80 meters. For each node, the transmission range is
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set to be 130 meters so that each node can talk directly to all the direct neighbors. Carrier
sensing range is set to be 260 meters. The transmission rate between nodes is determined by
the distance. The transmission rate between the vertical and horizontal neighbors is 54Mbps,
and that between the diagonal neighbors is 36Mbps. There are five servers in the simulation.
The main server is in the center of the grid and other servers are located in the corners. Each
video stream is sent as a CBR traffic flow with a bit rate of 400 kbps and a packet size of

1460 bytes. In this simulation, each MAP has one streaming client.

Figure 5.4. Simulation topology for server discovery and selection

Figure 5.5 shows the results of the packet loss ratio for six schemes, (1) single content
server, e.g. only the main server in the center of the grid; (2) five mesh content servers with

centralized-load scheme for primary and secondary server selection; (3) five mesh content
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servers with overlay-delay scheme for primary and secondary server selection; (4) five mesh
content servers with distributed-HopCount scheme for primary and secondary server
selection; (5) five mesh content servers with distributed-ETT routing scheme for primary and
secondary server selection; (6) five mesh content servers with distributed-ETT routing

scheme for primary and secondary server selection and periodical route updates.

Figure 5.5 shows the average packet loss ratio for all the streaming clients. There are only
about 20 sessions can be supported without severe packet loss if there is only one server. By
adding 4 mesh content servers, there are more streaming clients can be supported. In the
common CDN schemes, e.g. scheme (2) and scheme (3), the number of clients can be
supported is only about 30 to 40. Figure 5.5 also shows that the cross-layer approaches
(distributed-HopCount and distributed-ETT) have significantly better performance. The
schemes using routing layer metric perform better than the traditional CDN approaches. The
main reason is that the routing layer metric reflects the real status of the wireless network
better than the end-to-end approaches in the traditional CDN approach. The scheme using
ETT as routing metric outperforms the scheme using hop count as routing metric. This is
because ETT takes the link load, error rate into account which can reflect the wireless link
better for the video streaming applications. In addition, because the wireless link is varying
from time to time, with periodical route maintenance, the performance could be further

improved and there are up to about 70 sessions can be supported.

99



Average Packet Loss Ratio vs Number of Sessions
_=&=Single Server
=&=Centralized-Load
== Overlay-Delay
=3é=Dist-Hop Count
== Dist-ETT no refresh
=0—Dist-ETT with refresh

0.1

0.09

0.08

0.07 A

0.06 A

0.05 1

0.04 1

0.03 1

Average Packet Loss Ratio

0.02 1

0.01 A

0 4

0O 5 10 15 20 25 30 35 40 45 50 55 60 65 70 75 80 85 90 95 100

Number of Concurrent Sessions

Figure 5.5 The packet loss ratio vs. the number of concurrent video sessions in the WMNs
for different sever selection schemes
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Figure 5.6 The end-to-end delay vs. the number of concurrent video sessions in the
WMN:s for different server selection schemes.

Figure 5.6 shows the average end-to-end delay for the above six schemes. The scheme in
which the client selects the server using ETT with periodical route update also performs the
best. In these simulations, the route refresh interval is set to be 10 seconds and the overhead

caused by the route refresh is not noticeable.
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The simulation results show that, for the high bandwidth-consuming and delay-sensitive
video streaming applications, the distributed routing metric scheme performs best in selecting
the best server and path. The total number of client can be supported is increased and the

capacity of the WMN:ss is further improved for video streaming applications.

5.6.2 AODV Multi-Channel Extension

In the previous simulation, each MAP has one client, and the multi-channel property has
not been stated. In this subsection, the multi-channel extension of AODV-UU is presented. In
WMNs, it is necessary to make the MAP work at different orthogonal channels at the same
time, e.g., one channel for backhaul relay and one channel for local client access. To reduce
the interference between the access channel and the relay channel. Because current
implementation of NS2 does not support multi-channel assignment, we extended the NS2
using Ramon’s approach [91] to support multiple channels. However, the solution in
Ramon’s approach is only for DSR routing algorithm and is not suitable for AODV algorithm
which is the default routing algorithm in WMN:Ss. In order to enable AODV-UU to support
the multi-channel model of NS2, we made some necessary changes to AODV-UU. With the
multi-channel support, the relay channel and the access channel of mesh routers can be
assigned to be orthogonal to reduce the interference. By reducing the interference, the

wireless link resources can be further utilized.
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Figure 5.7. A typical mobile node structure in NS2

Figure 5.7 shows the original architecture of a MobileNode in NS2. Each node in the
model has a chain of modules emulating the different protocol stack entities that any host
would have in the real life: “Link Layer", “MAC Protocol", “ARP", “Interface Queue" and
“Network Interface". In this model, each node has only ONE chain of module, which means
at any time, each node can be assigned to only one shared wireless channel. In this case, in

any single simulation session, all the wireless nodes can only use one single channel and each

link will interfere with each other.

To address this problem, in Ramon’s approach, there are multiple “chains” created, shown
in Figure 5.8. Each node would have as many copies of the original chain of entities (the one

shown before) as many interfaces it has. In addition, the single module which is not repeated
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is the “Propagation Model". Because the assumption is to work exclusively with IEEE 802.11
networks, in which nodes could use more than one channel at the same time. In these

circumstances, it is reasonable to use a single propagation model.
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Figure 5.8 The multi-channel extension for mobile node in NS2

To support this multi-channel model in AODV-UU, for each outgoing packet, the routing
agent should decide on which channel the packet should go. We modified the AODV-UU by

adding a dispatcher module and some necessary interfaces for low layer components.

In all the rest simulations in Chapter 5, we use this multi-channel feature in all the nodes.
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5.6.3 Admission Control With Per-flow Routing

In this subsection, we first show the numerical results for the centralized admission
control by solving the problem formulated in Section 5.3. We solve the MIP problem with
optimized problem solver for a topology of 49 mesh routers. To get the optimal solution,
when each client joins and sends a request to the main server, the centralized controller will
recalculate the server and path selection solution for all the active flows to guarantee that
there is no interference among the flows and all the flows satisfy all the constraints in Section
5.3. The results show the maximum number of concurrent streams that can be supported by

the WMN:s.

Then, the results of the heuristics solution are shown and compared with the optimal
solution in terms of maximum number of supported concurrent streams, the average end-to-
end delays, the average packet loss ratio and the average throughput of each streaming

session.

In the experiments, a 7 x 7 grid topology with 49 mesh routers is used. Each mesh router
has 10 mesh clients associated with it. In total, there are 490 wireless nodes through the
whole simulation. Each mesh router works as a gateway for each of its clients and has two
802.11 channels on it. 802.11a/g is used to simulate the wireless radio. The channels for
mesh backhaul links and for the access radio of each router are non-overlapping channels,
and there is no interference between them. The distance between neighboring nodes in both
the horizontal and vertical direction is 80 meters. For each node, the transmission range is set
to be 130 meters so that each node can talk directly to all the direct neighbors. Carrier sensing
range is set to be 260 meters. The transmission rate between nodes is determined by the

distance. The transmission rate between the vertical and horizontal neighbors is 54Mbps, and
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the transmission rate between the diagonal neighbors is 36Mbps. There are five servers and
the main server is in the center of the grid and other servers are located close to the corners.
The delay constraint is set to be 300ms for each flow and there is no queuing delay in the

numerical analysis. The common setting of parameters for 802.11 a/ g is in table 5.1.

Table 5.1 Common parameters for 802.11 a/g

Parameters 802.11a 802.11g
Ttor Yus 20us
Thiep 20us 20us
Taiss 34us 28us
Tsiss 16us 10us

CWiin 15 15

In Figure 5.9, the feasible optimal solution for the maximum number of concurrent video
streams in different settings is shown. All client requests are random and the solutions satisfy
all the constraints so that interference free is guaranteed. In Figure 5.9, when there is only the
main server, the maximum number of concurrent streams is 29, and with 3 servers, the
system can support 73 concurrent video sessions, and with 5 servers, the optimal solution can

support 105 concurrent video sessions.
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Figure 5.9 Maximum number of supported concurrent sessions

From Figure 5.10 to Figure 5.18, the simulation results in three cases with different
number of servers are shown. In each case, three different scenarios are compared, which are
the optimal solution, the distributed ETT server and path selection scheme without admission
control/per-flow routing, and the distributed ETT server and path selection scheme with
admission/per-flow routing. In the distributed ETT solution, the client selects the server
according to the routing layer metric (ETT). In the previous subsection, this solution
outperforms other overlay or distributed solutions. Recall that the distributed ETT solution

without admission control does not explicitly consider interference around routers.

Figure 5.10, Figure 5.11 and Figure 5.12 show the average packet loss ratio, the average
end-to-end delay and the average throughput for all concurrent video session respectively.
The x axis is the total number of concurrent video sessions. These figures show that using
distributed ETT selection scheme, without admission control, the system can establish about
53 video sessions. After about 15 sessions have started, the average performance decreases

dramatically in terms of packet loss ratio, end-to-end delay and throughput. Without
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admission control, the route establishment is in a best-effort way and the system cannot
support most of the requests. In the scenario with admission control, the system can support
about 25 video sessions and the total number of admitted video session is about 47. With
admission control, some of the streaming requests will be denied and only the request that
will not cause severe burden to the network will be admitted. Even with admission control,
there is still packet loss and long end-to-end delay. This is because the admission control
mechanism estimates the interference around the MAP itself only and there is a gap between
the accurate interference and the estimated one. More accurate estimation will cause more

traffic overhead within the network.
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Figure 5.10 One server case: the packet loss ratio vs. the number of concurrent video

sessions with/without admission control
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Figure 5.11 One server case: the end-to-end delay vs. the number of concurrent video
sessions with/without admission control
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Figure 5.12 One server case: the throughput vs. the number of concurrent video sessions
with/without admission control

Figure 5.13 to Figure 5.15 demonstrate comparison of the optimal solution with the
distributed ETT solution with/without admission control in the case of 3 servers. In this case,
the optimal solution can achieve 73 video session established without any performance
degradation. The distributed ETT solution without admission can admit up to 90 sessions but

only support about 30 sessions. With admission control, the system can admit about 58
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sessions and support about 38 sessions which is also outperforms the scenario without

admission control.
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Figure 5.13 Three server case: the packet loss ratio vs. the number of concurrent video
sessions with/without admission control
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3 Servers Case: E2E Delay vs Number of Sessions
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Figure 5.14 Three server case: the end-to-end delay vs. the number of concurrent video
sessions with/without admission control
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Figure 5.15 Three server case: the throughput vs. the number of concurrent video sessions
with/without admission control

Figure 5.16 to Figure 5.18 demonstrate the results of the case of 5 servers. Similar to the
above two cases, in this case, the optimal solution can achieve 105 video session established

without any performance degradation. The distributed ETT solution without admission
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control can admit up to 102 sessions but only support about 50 sessions. With admission

control, the system can admit about 80 sessions and support about 65 sessions.
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Figure 5.16 Five server case: the packet loss ratio vs. the number of concurrent video
sessions with/without admission control
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5 Servers Case: E2E Delay vs Number of Sessions

0.5 1 == No Admission Control
045 1 _a_ With Admission Control

0.4 imalSoluti
0.35 Optimal Solution

0.3
0.25
0.2
0.15
0.1
0.05

Average End-to-End Delay (s)

31
36
41
46
51
56
61
66 -
71
76
81
86
91
9%

101

Number of Concurrent Sessions

Figure 5.17 Five server case: the end-to-end delay vs. the number of concurrent video
sessions with/without admission control
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Figure 5.18 Five server case: the throughput vs. the number of concurrent video sessions
with/without admission control

The overall numbers of admitted session and the number of supportable session are shown

in table 5.2.
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Table 5.2 Comparison of results with admission control, without admission control and
the optimal solution

Supportable/admitted Optimal Solution | Without Admission Control | With Admission control

1 server 29/29 15/53 25/47
3 servers 73/73 30/90 38/58
5 servers 105/105 50/102 65/80

These results show that the interference in WMNs is crucial to the performance of the
network and will affect the real capacity of the network. Providing video streaming services
in a best-effort way is not suitable for WMNs. To further utilize the network capacity, it is
necessary to schedule each video streaming request. Optimally select server and path will
cause expensive computation complexity. To solve the problem heuristically, we can
incorporate an admission control algorithm with per-flow routing at each MAP. The
admission control algorithm takes the interference around each MAP into account. To
estimate the accurate interference around a MAP will cause a significant number of
communications among neighboring nodes. The potential overhead and delay is not
negligible. In our proposed heuristic solution, although it under-estimates the complete
interference, it considers the intra-flow interference and the interference generated by other
flows from the same MAP. In this way, the overhead and delay is reduced dramatically. In
addition, to achieve admission control at each MAP, it is necessary to differentiate different
streaming request with the same source and destination. In this way, the route for each video

flow is stable and is not affected by route change of other flows. Simulation results show that
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the enhanced routing algorithm with admission control achieves significant better results than

the solution without admission control.

5.7 Peer-to-Peer Support in UPAC

As discussed previously, UPAC is composed of CDN and P2P overlay networks. The
original data is provided by the main content server which may locate around the gateway or
outside the mesh network or from some cache content servers within the WMNs. Actually,
these servers function as “permanent seed” in a P2P network. All the streaming data should
be fetched from the servers initially. After the stage of fetching-from-server, peers form a
P2P overlay network and dynamically maintain such an overlay and exchange data

efficiently.

In UPAC, a similar framework to BitTorrent is used and the new core features that are
suitable for P2P streaming applications are implemented. In the general architecture, there is
a known server, the tracker, for each different video session. By using the tracker, the P2P
search problem is leveraged, and the tracker is not involved in content distribution, so there is
no the bottleneck problem. One assumption in UPAC is that each participant is willing to

share the content with others and there are no free riders.

As we know, chunk and peer selections are the key strategies that affect the P2P
performance. We discuss in detail about the chunk and peer selections in our system. Figure

5.19 shows the general chunk and peer selection diagram.

115



RF_chunk_set
MUF_chunk_set - -

D

ata to'be Requeste

Interested Not

Beginning End Interested

Curr_req_ptr

request_pipeline To

request

rarest _buff

Delete|from

|
playback buff

= To play

|
Low Threshold
High Threshold curr_playback_ptr

Figure 5.19 Chunk and peer selection diagram

5.7.1 Chunk Selection

In the BitTorrent algorithm, the chunk selection uses the rarest first strategy. The chunk
whose availability is the lowest throughout the network is selected first. This algorithm can
help to improve the availability of the content (saving the content that is dying). However,
BitTorrent is a P2P file sharing system and it does not consider anything about the delay-
sensitive data and have no time constraint for data downloading. In this case, the data could
be downloaded without caring about the order, and the rarest chunk always has the highest

priority. But for P2P streaming application, a streaming-centric framework, the video data
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has to be played according to the timing order. The rarest first strategy is not suitable for
UPAC. An efficient chunk selection algorithm is to make sure the selected chunk satisfy the

video playback requirements.

UPAC uses the “most urgent first” (MUF) strategy with help of the rarest first strategy.
We assume each peer has a limited size of playback buffer due to the consideration that most

P2P streaming applications today do not use hard disk but only use memory.

There are two sets of data, MUF chunk set and RF chunk set (Rarest First). Figure 5.19
shows that when the effective data buffered in the playback buffer exceed a high threshold,
which indicates that the buffer has enough data to play at this time, the chunk select strategy
switch to the rarest first. The playback buffer also has a low threshold. When there are
chunks which are not received and the playback of the chunk is close, these chunks become
the most urgent chunks and will be retransmitted again with the complementary streaming
that will be described later. By using the help of rarest first strategy, the late joined client can
help the client who starts the streaming earlier since the rarest first strategy does not require

the data to be delivered in order.

To illustrate how the chunk selection scheduling works, the following terms are defined:

MUF chunk _set: is the most urgent chunk queue in which each unit is ordered by
sequence number.

RF _chunk_set: is the rarest chunk queue.

request_pipeline: requests have been sent but not received in which each unit is ordered
by sequence number, once received, the unit will be delete from this

queue, otherwise, remains in the queue until timeout.
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recv_rarest_buff: receiving buffer for the rarest chunk queue.

playback buff: chunk playback queue in which each unit is ordered by sequence
number.

curr_req ptr: the chunk whose request is sent out, the chunks between this and the
head of the pipeline are already requested but not received chunks;
the chunks after this are those who have not been requested yet.

curr_playback_ptr: the chunk is being playback right at the time.

The pseudo-code for chunk selection scheduling is in table 5.3.

Table 5.3 Chunk selection scheduling

Algorithm 1 Chunk selection scheduling

1: initialize MUF_chunk_set, RF_chunk_set, request_pipeline,

2: recv_rarest buff, playback buff

3: threadl: while tmp<head of request pipeline < curr_playback ptr+low_threshold
4: if tmp < curr_playback ptr

5: request_pipeline ->dequeue

6: else

7: resend request for tmp

8: endif

9: thread2: while request pipeline is not full

10: if curr_recv_ptr - curr_playback ptr > high_threshold

11: && recv_rarest_buff is not full

12: select chunk from RF chunk set to request pipeline
13: else

14: select chunk from MUF_chunk_set to request_pipeline
15: endif
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5.7.2 Peer Selection

Once a peer joins a video streaming session, it first gets a peer list from the tracker and
tries to find good peers according to the peer selection algorithm. In each update interval, the
peer will update the peer list from the tracker and add the new peers to its own peer set. There
are two kinds of peer selection schemes in UPAC, one is to select the cache server and the
other is to select the client peer. Each peer maintains an “interested” peer set and others are in
an “uninterested” set. Peer only sends request to the other peers in the interested peer set.
Peer A is interested in peer B when peer B has the chunk which peer A does not have and
will request eventually. In the BitTorrent algorithm, there is a choke algorithm which is used
in UPAC because it is assumed that each peer will be cooperative in UPAC and no free riders
exist. In the interested peer set, there is an active peer set, and a peer only sends streaming
request to the peer in the active peer set. Selected cache servers are in the interested peer set.
Cache servers in good condition are always in the active peer set. Peer selection metric could

be end-to-end delay or routing metrics, e.g., hop count and ETT.

At the beginning, if the peer cannot identify the active peer set in time, the peer sends the
first several chunk requests to the best cache servers. For each peer, it will update the active

peer set periodically. The pseudo-code is shown in table 5.4
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Table 5.4 Peer set update

Algorithm 2 Peer set update

if active peer set has been decide
: foreach peer in active peer set
10: if selection metric > metric_threshold || effective chunk lost rate > lost_threshold

1: get peer set from tracker

2: probe new peer

3: if remote peer is probed && remote peer does not have chunk needed
4. put remote peer into not interest peer set

5: else

6: put remote peer into interested peer set

7:  endif

8:

9

11: delete from active peer set

12: put into not interested peer set

13: put the next peer in peer set into active peer set
14: else

15: sort active peer set

16: endif

17: else

18: sort peer set

19: set active peer set according to selection metric

20: endif

In summary, unlike the P2P file sharing approaches in the Internet, e.g. BitTorrent, the
peer selection and management for video streaming in WMNs has more stringent
requirements on delay and packet priority. The rarest first strategy is not suitable for video
streaming application any more, especially in WMNSs. A new hybrid strategy of the most
urgent first and the rarest first is proposed. In this strategy, the data is divided into different
priority sets. The data whose playback timestamp approaches the current playback time has
the highest priority to be requested. The rarest first strategy is activated when most data is not
urgent so that the later-joined node can help to contribute in content distribution. In addition,
in UPAC, there are two kinds of peers. The mesh content servers and the client peers. Peers
are managed in different peer sets. The mesh content servers work as a seed and are always in

peers’ “interest peer” list. By dynamically update the peer list, the P2P mechanism can help
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to further balance the load of the network and improve the network capacity utilization. The

P2P support in UPAC is demonstrated to be suitable for video streaming over WMNs.

5.7.3  Simulation Results for P2P Support

In this section, the simulation results show the improvement with P2P support in UPAC.
The results demonstrate that with P2P architecture in UPAC, the overall performance of
video streaming improved significantly in terms of packet loss ratio, end-to-end chunk delay

and throughput.

A 7 x 7 grid topology with 49 mesh routers is used. Each mesh router has 10 mesh clients
associated with it. In total, there are 490 wireless nodes through the whole simulation. Each
mesh router works as a gateway for each of its client and has two 802.11 channel on it.
802.11a/g is used to simulate the wireless radio. The channels for mesh backhaul links and
for the access radio of each router are non-overlapping channels and there is no interference
between them. The distance between neighboring nodes in the horizontal and vertical
direction is 80 meters. For each node, the transmission range is set to be 130 meters so that
each node can talk directly to all the direct neighbors. Carrier sensing range is set to be 260
meters. The transmission rate between nodes is determined by the distance. The transmission
rate between the vertical and horizontal neighbors is 54Mbps, and that between the diagonal
neighbors is 36Mbps. There are five servers and the main server is at the center of the grid
and other servers are located close to the corners. According to [65], turning off RTS/CTS
handshake results in a statistically significant improvement in throughput, delay and delay

jitter especially for connection with few hops.

121



We use AODV-UU with multiple channels support in NS2. In the popular P2P streaming
applications in the Internet, the video rate is about 300 kbps to 600 kbps. The memory used
to buffer data is normally about 30 MB. The data rate is set to be 400 kbps and a packet size
of 1400 bytes. The video file size is set to be 100 MB and the chunk size is set to be § KB. In
each peer, the active peer set size is set to be 5. The playback buffer size is set to be 10 MB
which can buffer about 200 seconds of 400 kbps video. The recv_rarest buff is set to be 5

MB. The low_thresh is set to be 2 second and the high thresh is set to be 20 seconds.

In the simulations, several streaming schemes are compared and we use the following

short names for them in the figures.

M _O: Main server only mode. In this mode, there is no server selection. The path

selection is based on hop count in traditional AODV. There is no P2P support.

S D:  Servers only mode using end-to-end delay. In this mode, there are 5 servers and
the server selection metric is end-to-end delay. The path selection metric is hop

count. There is no P2P support.

S N _E: Servers only mode using ETT. In this mode, there are 5 servers and the server
selection metric is ETT. The path selection metric is ETT. There is no P2P

support;

P N _E:P2P mode using ETT. In this mode, there are 5 servers and the server selection

metric is ETT. The path selection metric is ETT. There is P2P support.

Figure 5.20 to Figure 5.22 show that adding P2P support into the system significantly

improves the system performance. In Figure 5.20, the average chunk loss ratio is much
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smaller with P2P support than other scenarios since most of the data is transmitted from close
peers. In Figure 5.21 and Figure 5.22, the chunk end-to-end delay and throughput are
presented. A chunk is an aggregation of data packets and is the basic transmission unit in P2P
protocol. The performance of the scheme with P2P support, in terms of both chunk delay and
throughput, has the best performance among all the schemes. With P2P support, there are

more clients can be supported over the whole WMNSs.
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Figure 5.20 Average chunk loss ratio vs the percentage of active peers
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Figure 5.21 Average end-to-end chunk delay vs the percentage of active peers
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Figure 5.22 Average throughput vs the percentage of active peers
In summary, WMNs is a shared medium network, interference will impact the
performance of the network significantly and make the capacity of the network limited. To
further improve the capacity utilization of the network, one of the keys is to reduce the
impact of the interference and to improve the availability of content for the high data rate
applications e.g. video streaming. With the P2P support in UPAC, it extensively increases the
content availability, therefore, the overall better paths are selected which significantly reduce

the impact of the interference on the backhaul of the WMNSs.

5.8 Summary

This chapter proposes a unified peer-to-peer and cache framework for high quality video
on demand services over infrastructure multi-hop WMNSs. First, the architecture of the
framework is proposed. One of the main ideas of UPAC is to use cache servers to cooperate

with streaming clients, so that the content can be further distributed over the whole network.
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Second, the server and path selection metric from routing layer is proposed and compared
with other traditional server selection schemes. In WMNs, the inter-flow and intra-flow
interference affect the quality of wireless link and the quality of data transmission. To reduce
the impact of the interference among video flows and increase the number of video flows that
can be supported by the WMNs, in UPAC, an admission control mechanism is then proposed
which takes the interference and other video streaming constraints into account. The
admission control mechanism let the MAP to make admission decision for each new
streaming request. In the admission control mechanism, to manage each video streaming
request individually, it is necessary to use per-flow routing to differentiate different flow
requests with the same source and destination. Simulation results show the improvement of
system performance using admission control. More concurrent streaming requests are
supported with lower packet loss ratio, lower end-to-end delay and higher throughput. To
further study the cooperation within the WMNs, the P2P support is proposed. The P2P
system in UPAC groups the data into different priority sets and uses the most urgent data first
strategy combined with the rarest first strategy. Simulation results show that with P2P
support, video data is shared and transmitted within close peers and the stress of the backhaul
of WMN:s is reduced. In this cooperative way, the performance of UPAC increased greatly

in terms of scalability and reliability.
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Chapter 6. Summary and Future Works

In this chapter, we summarize the major contributions of this dissertation and propose

possible future works for video streaming over WMN:Ss.
6.1 Summary

In this dissertation, we propose frameworks and architectures in both [P-multicast and
WMNS s to improve video streaming performance using cooperative networking. Best-effort
network is effective enough to support data applications due to their tolerance to large delay
and delay jitter. However, its lack of special effort to deliver packets in a timely manner
makes it extremely challenging to support delay-sensitive video streaming applications. With
the cooperation among all participants, the load of the network could be further balanced, the

errors could be recovered more efficiently, and the delay could be reduced significantly.

First, we propose a novel path-diversity overlay retransmission architecture for IP-
multicast based multimedia applications. The key idea is to find peers with disjoint path from
the original sender at low cost and construct a cooperative retransmission overlay. A common
network tool “tracert” is used to help to identify the path disjoint retransmission nodes and
periodic probing is used to maintain more accurate sets of retransmission nodes. Furthermore,

to save the probing overhead, the receiver can use selective probing to probe only a subset of
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the candidate retransmission nodes who have the highest probability to be a good candidate.
By building such a cooperative overlay network, the overall reliability of IP-multicast is

improved.

The idea of using help from peers to improve video streaming quality could be used in
other network environments as well, such as the WMNSs. The research work of the capacity
utilization of WMNSs has not been well addressed before. The fluctuation of wireless links,
channel fading and low throughput of multi-hop path will all affect the capacity of multi-hop
wireless network especially for high data rate and delay-sensitive applications. When we
design the video streaming services in WMN, it is necessary to consider an efficient routing

algorithm to maintain the good paths and use the hybrid CDN and P2P networks efficiently.

In Chapter 4 and Chapter 5, we present the key issues in improving video streaming in
WMNSs. UPAC, a unified P2P and cache server framework, which use both the advantages of

the CDN and P2P network is proposed.

First, a new routing metric and an enhanced routing algorithm are proposed. Traditional
ad hoc networks use the minimum hop count as the routing metric when the data transmitted
is not delay-sensitive and high bandwidth demanding. However, in video streaming over
WDMN:ss, a longer path with high end-to-end throughput may be a better choice than a shorter
path with low throughput. The routing metric we proposed takes the wireless link load, error
rate into account and can help to choose better path for video streaming in wireless networks.
The enhanced routing algorithm helps to maintain the best route periodically. Simulation
results show the proposed routing metric perform much better than traditional hop count
based routing metric, and the periodically route maintenance can help maintain a better route

from time to time.
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Second, the mesh content server discovery and selection problem is further explored by
comparing several server selection schemes. We propose and compare several approaches to
select the mesh content servers to establish the end-to-end routes between the client and the
selected servers. Simulations results show that the routing metric based server selection
scheme significantly outperforms other common traditional schemes used in CDN. The
proposed scheme increases the number of clients that can be concurrently served in the

infrastructure WMNSs and improves the received video quality.

The other major contribution is the admission control algorithm with per-flow routing. We
formulated a centralized admission control and streaming scheduling problem with necessary
constraints in WMN:Ss, e.g., the interference constraint, the flow conservation constraint, the
delay constraint etc. The formulated problem is an MIP problem which is known to be NP-
hard. Therefore, we propose a heuristics solution to solve the problem in a distributed way. In
the proposed solution, each MAP on the potential streaming route makes admission decision
based on the accumulated local link utilization. Meanwhile, the per-flow routing algorithm is
used for each streaming request to get its own specific route between the client and the
server. Simulation results demonstrate the improvement of the overall video streaming
performance in terms of less packet loss, shorter end-to-end delay, higher throughput and

higher number of concurrent supported video sessions in WMNSs.

Cooperating P2P techniques in streaming over WMN:ss is a challenge work too. There are
several difficult problems, e.g. multi-hop throughput, peer interference, and channel
allocation etc. On the other hand, the benefits of using P2P are also obvious. Peers can help
to reduce the path length and to increase the content availability over the whole WMNSs, so

that the end-to-end delay is reduced and the throughput of streaming applications is
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increased. Therefore we proposed a BitTorrent-like P2P framework for video streaming over
WMN:Ss. It is necessary to notice that the video streaming through P2P is different from the
file sharing through P2P. The strategy we proposed is the most urgent data first strategy
combining with the rarest first strategy. In addition, the proposed chunk selection and peer
selection mechanism help to achieve the effective P2P cooperation for video streaming.
Furthermore, the cooperative P2P networks help to balance the load and increase the
availability of content in WMNSs. Simulation results show that with the P2P support, the
capacity of WMNs for video streaming applications has been significantly improved in terms

of throughput, end-to-end delay, packet loss ratio and number of concurrent sessions.

6.2 Future Works

As described in Chapter 5, a BitTorrent-like mechanism is used to enable the P2P ability
of the framework. However we should notice the important changes from BitTorrent system.
First of all, unlike the BitTorrent system, the streamed data is not fetched randomly or using
rarest first strategy. In the streaming application, the data have different priorities, and the
most urgent has the highest priority. An optimal data request scheduling algorithm can help
to use the network resource more wisely and improve the video playback experience. Second,
because of the broadcast nature of the routing algorithm, we can improve the routing
algorithm so that the route establishment can be achieved with the content discovery at the
same time. To improve the routing algorithm, one of the options is adding messages of
content discovery into the route request and the route reply packets. Then, the content
discovery can be achieved distributed and the discovery overhead can be reduced. Third, the
new generation of WMNs will enable multi-radio and multi-channel communications. For

mesh routers, the basic way is to use one radio for the client access and the other radio for the
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backhaul relay. Furthermore, because 802.11b supports 3 channels and 802.11a supports up
to 12 channels, we can use more than one non-overlapping channel in the backhaul. To use
multiple non-overlapping channels simultaneously, the challenges are how to allocate the
proper channel to maximize the overall throughput for each peer, how to reduce the end-to-
end delay and minimize the overall interference. It is worth investigating the channel
assignment and scheduling algorithm. Achieving this feature will reduce the interference

among links of the neighbors dramatically.
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